PHASE LAYERI NG APPARATUS AND METHOD FOR A COVPLETE AUDI O SI GNAL BACKGROUND
OF THE | NVENTI ON The present invention relates to a nethod and
appar at uswganiestEbl i shing a substantially conpl et e audi RCBUSpGaI04840d
especially to a method and apparatus for redeem ng information froma

di screte audio signal to reconstruct, or produce, a substantially whole,
virtually ommi-directional sound event. 21Sound exists as pressure and

it st or bEHAS BTy ERENED A A A TS KN RS MR E b e Bu 3 S MPLETE g,
and the like. The vibration of AREDIGUNHGSOAEce causes the formation or

pattern of waves. The waves radiate in every direction, e.g., three
di rensionally, omi-directionally. spherically. It is these nobving waves

that are heard as sound. 3] There are three commonly neasured
conponents of any sound PEsKUREUNPLYneNEYNVIRYTI@®Nde, and phase, when a
reference is avail abl e. 4] Since the birth of electronic audio

signals the goal has been to capture, store, and reproduce an exact replica
of the origilhal dGendesewententivnsuiabesac wayetltddadndtdpeatatistienatabtisingt tel |l the
di fference between the reproduction and the original. 5] An

el ect r gmbsGardudl QombBRadudi $siandilue etddciang 18k @edthd Carilabiab)t WhRa&vasi ati ons
represent all Ssound information as ‘a code. W've | earned how to unwfap nuch

of the: ' [ o roat i ' ‘ ' | code
R R R e R
dynam c. range _enj.oyed today. Phase is one major conponent of sound that
inc|udggﬁngPEE%HP%%&K8§§%%F$HF?W all of the coupling of the spatial and

tenporal information elenments of sound that has not been reproduced by
2] Sound exists as pressure and velocity in a medium such as air. Sound begins

with a mechanical disturbance, such as a voice, slamming door, bow across a violin string,
and the like. The Vébratién of the sound source causes the formation or pattern of waves,
The waves radiate in every direction, e.g., three dimensionally, omni-directionaily,
spherically. 1t is these moving waves that are heai‘d as sound.

3] There are three commonly measured components of any sound pressure:
frequency, amplitude, and phase, when a reference is available.

4] Since the birth of electronic audio signals the goal has been to capture, store,
and reproduce an exact replica of the original sound event in such a way that the listener
cannot tell the difference between the ;éproduction and the original.

5] An electronic audio signal is a fluctuating electric quantity whose variations
represent all sound information as a code. We've learned how to unwrap much of the
frequency and amplitude information portions from the signal code with a high amount of
fidelity, enabling the wide bandwidth and broad dynamic range enjoyed today. Phase is one
major component of sound that includes representing essentially all of the coupling of the
spatial and temporal information elements of sound that has not been reproduced by

1



conventional neans with significant fidelity. As a consequence,
conventional ly reproduced audio signals to this point have been nconpl ete.
6] An ide#iC zompiiese audi o signal would be one in which atir/isoumdisios
conponents are fully opened, transmtted, and reproduced w th equal

fidelit i ncl udi ng frequency, anplitude and phase Such a signal would al so
el CTROUTEREERS T EOHEE et I ol s ot e BURRE 0B G torn U et al |
directions, three dinensionally, ornni-directionally, spherically, rather
t han as2why sgnyytq hsdwpltdese Bicgrnagomplee. 7] Because exi sting,

i nconpl ete audi o signals can provide high fidelity duplication for only
sonme conponefit s (Aneduenuyplardudnpligtlde)lddl @oeuna;hisouihdoreipioatiation has
heretofore been limted to a two di nensi onal perspective. Prior art

met hodsare SMBNoRSe S tRHGARRANIE, rePloBBdsdalith @Rl MaklitQUsc Bl O8agsepnd

techni ques, and beyond, offer signal processing enhancenent et hods and

appar at ﬁpﬁtnaé 2 $hadie s Bnedi 4 %ema%gfe%n@iaahédiﬂaglé HodQhe 8{@%& | $8d

nat ur al occurring spatial “and tenpor I nf orfra n. ese I'rmtations
leave the original sound. event content elepents |acked y Within the
s onal SgaEe e HdE By B3 YGRS ot Caner L
neverthel ess still, contained inside the signal. The present inve on s a

met hod "aHET H3pab ST BFOIPRISEUEIE 49 subst anti al |y conpl ete audi o si gnal
not through the introduction of artificial elenents, but by opening, or
unf ol di ng, tHe i Morpwtdxoninghatgmpiptidudivovgnabasinpeevidhihgdefidaity hi n t he

audi o signal . 8] There are multiple uses of the word "phase. -

Gener al dupseath fohénll eshie phapshents (Begicdichasd hegntdde bt @Ankofouhhe nost part
to either the idea of proper 'phasing of speakers, or the term'absolute

phase' 6 od8SniHAE h&efBkE hes pﬁaﬁwgamﬁa@ﬁ{ena%ﬂﬁg}efs afphase, that are
l'y, de gyed d

i nportant are nonaural phase, where, typical sounds are applied

to one t ars..simul t.aneousl.y. Prior art shows extensive k in the
oy e o PREL T A R T R ana s ko GRS G R IR st b vauflence
in the Fth,l ngth fromone ear to another. But the idea of phase as a
def i ni r?g °E Pﬂéﬂiég BIPLRS FIGACIRT Gt hodn 80 BRAREHET 1Oyt e Se8ie8ed O s@RPeRsEe WO
2011/ 031953PCT/ US2010/ 048406

artificially for otherwise naturally occurring spatial and temporal information. These

limitations leave the original sound event content elements locked away within the signal
code: lost, hidden, buried, closed off, folded under, but nevertheless still contained inside the
signal. The present invention is a method and apparatus for producing a substantially
complete audio signal, not through the introduction of artificial elements, but by opening, or
unfoiding, the information that, until now, has been hidden within the audio signal.

8] There are multiple uses of the word “phase.” General use of the term phase in
audio has been hmited for the most part to either the idea of proper ‘phasing’ of speakers, or
the term “absolute phase’ to describe a maker’s product. Other aspects of phase that are
important are monaural phase, where, typically, delayed sounds a;re applied to one or both
ears simultaneousty. Prior art shows extensive work in the area of binaural phase, which
refers to a time delay due to the difference in the path length from one ear to another. But the

idea of phase as a defining characteristic of sound is not generally discussed. Nor are
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-measurenents general ly provided. Phase herein is concerned with the rules
of hearing as a constructive process. That is, the brain takes data com ng
to it frowdiwel/earss and applies rules and functions to brGEASA10/048406
representation of the sound. These rules invalve conplicated nmechanical,

bi ol ogi cal, and neurol ogi cal processes that are unhelievably subtle and
conpl exDeasurementiIengiyy g’?‘“’é . tP%éi?S’Ieir‘JéQ 't 6°“ccﬁ{§‘eﬁr"@§‘e‘h‘f FHEL ERSEERS 2habl es
sound to be rendered through a signal to the ear, in a way which is

subst antanairieiivie meres s NGt shidibbeaif fakas de coming ivdf ramdbsedrcand/amlies raei at i ng
sound in a way that s simlar and |ike that of the original captured,

t r ansm dridefdnctams ecouitledrepeserdati obranisai@sido T hefe tufie imeded aedpigatad waves
fromthe ear to the brain conpletes the hearing process. It -is believed

that phas@ahRal BRI10gHSSInAGekiofigical Prdcheabiat hieinb@iidvesleabee titecddsteni ng
experience wth substantial accuracy. The present invention uses phase to

provide a li tiengéha%,tapjt%gh%%ttgmen&e%ﬁﬁwe% eh{ﬁ%s s!-oﬁ?@?daﬁéjreﬂaf:@%i ng

substanti al | ndi st 1 ngui I romthe original event. 0] Phase
[ I | at i e of . S, I i nst,. f ' l.. |
acoust 1 BeBgEAr e il Y P prse et iroRRRaly By Beeh i e and <A Thi s

is inportant since in a normal |istening experience, whether a single (or
nono) SCEHHIC qventy WdEtias goundrin miyayi thitds sinyrarad like Ent alsthe pagaw! capraed.
recorded, the recorded signals represent the phase relative to information
about tthesmatdr degcsighaiusd ail rankeidswoat!itenreofived eoumiorayphtme thwbartorid t i pl e
m cr ophones are used, the phase relative information for each recorded

si gnal HrsinWBhgUeestiBe héiging @8ddeb 0Nt BfbetiBecdihar ERBOREh ehiadihy BnkOintthe sour ce
as well as the acoustics of the space in which the recording takes place.
Thus, oaﬁsﬁﬁg;_@&ree&%termé LiiePhif g&&h@f?&&@ﬁﬁ shEHEALQuATOTRPBRYLS iSiang) . by

summing their outputs together, or one can record discrete signals for
sur.r.ound, sound appli.cations. | eneral . .the th of.a

i gnal FroREenie BEEEE AT e S RO hER B Rt Ml TG RR A Sl SPUAREISTy ¢ ne

l'istenin environnﬁnt will be uniquely different for each signal. Wile a

si gni f il ‘g?ﬁngé‘fspél?if: REshpeEENakTERted t o enhance the recorded signals for

l'i stening environments, inclusive of head-related transfer functions and

digital sigri8l prbesssiphgardacrenceuer of dueciglal peaiest berfarcnensigor. fthe

illusion of a different space, it is virtually inpossible to separate the

| i st enatousfit everith eclataugizbcs itfuehbeal isphekd tinme whi phcd HEhis ungortanthéaed.

However, since one can acconplish gradual cross-overs in physical space by

pl aci ngy AUbihAlieep PRK BTNt ikehek QQMg]d R nSAIT <8N it Rchhi-hoaRgIHgRN ecord

signals with nmultiple mcrophones, it is also possible to use the original

si gnal sfoﬂal‘??‘sturgﬁl% st%:t%%, LOtQLARY! AP nt&%%e%f D& xgpfe%urt C[g{z]t L Ng.q5ess and

i ntroduce graduat ed cirossovers'in the recorded signa ayer these

si gnal s_t oget he ch the way th hey. woul.d be |ayered,.in the physica
space. ipagineyou Mo fsbPEd MRtk A0hg oot X el o U S R 1S

pur pose of describing the present .invention, various terns, including phase
| ayer i HYCTophRiss afeifed-dBe phase lativedpfoppetionfongash regerded pighaldt Biqye tyhaduat ed
crossovers are enpl oyed herein. 12] If any sound conponent is

di st or pedtidr ofthe nscrophgienaltiforrte addrcs aundll cotipanantiss mite beacafif ect ed.
Therefore, what affects phase, anplitude or frequency, may affect all.

13] St emaopheficerdsuited Bacn Thef feetcin apdmdngse Mmdro@oinsd wd dredt@bur e. The
stereo effect produces a 'phantom nage' that appears as if sound is coining

from sQRWAGKHE: {iBnd N SARLEE HRETMBER, IYRIRE €500 SREAKSHSsAMER s fract .
nothing is there. It is an"illusion.” The basis for defining the quality in
a stereqQ. temis. N _ tom.i i e L . e a

Feal | st obaagt Sahe Pl bR A R e BBl e e o
called the "sweet spot." That is where.the soundsta e generated t he
stereo“@?@@éﬁﬁgﬁﬁaG@%@“@ﬁbﬁeﬁﬁ@5ﬁ$PﬁEﬁﬁﬁmﬁﬁéﬁ?SWFWH%G%IFHEWﬁ¥H%ﬁE¥Stener
experiences a "you are there" virtual reality. The soundstage breaks apart
when t waqrels ddireent ppiassh signgi it a sigailipaiatioghes bel eHarieddoepkance o t he
left, or right, away from where the phantominmage is taking place. Once
out si diéxetrdrerdviesetnaspot [istthee ehhigsinents, sxogone dWisid-consdrensfbasedicaudi o
equi pnent in use today is based on a stereophonic sound standard.
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WO 2011/ 031953PCT/ US2010/ 048406 14] There are several kinds of
signal processors used in audio electronics. One type is designed to solve
probl ens W828WIEIB®d with the environnent, such as a graphifdseepdauseer, and
is designed to tune a roomto a flat frequency response, so that when an

audi o syst.em pl.ays, the.roomis not. addi ng or.subtracting from.the sound.
Anot herR by X grtSn € Bt iR e Bluf LR LR L TNeGer
system and i s designed to nake fabricated recordings nade in a studio
sound &Bagef it ihegrupby BuRastiblede denardie thediling” BRET e ardstiseitthed®cail ot her
tools in their profession. 15] Anot her type of signal processor
util i zeshigstychoacbustid. thohkntguese ohaseddcapoplitthgradtaidypsobvdrow t he brain
interprets information comng to it fromthe ear. Many of these types of
psychoagoysdlispacsitgnadcips MQeBSOfRakRay & heetoistd sime hel n shicieneent ai n
problens relative to stereophonic sound primarily, and can sonetines al so
be used.d.n: FRRAPHARIL AP Ekoheld, 3ionad paRMIE GALE ARSoAS MeIdha Ut of ten
as a secondary advant age. 16] Stereophonic sound has Timtations
such as. L 1¢ (aeel. 300l -AL0Rd A wbleh. hbe phant.am e, 1946001 alped. Unlike
dtin I Ié]h a far g cf t ? e

i ve soun e audi ence cah share at one tfne, SuCh as on

m ght enjoy at a concert, stereophonic sound has limted area between two
speaker°¥elwlfé§\§ f?%gmr@%e%é m%’ii%@?ftsﬁ%}ﬂﬂl Reghae FUf t%?b@’r‘?‘%ﬁgﬁy i"’ﬁéfdphant om
sound stage. This shortcomng in stereo sound has |ead to various

devel opaeayesdde shagrladiclospeve te e ey Bendieataliatic.ohygawic ssgy@hdst age si ze and
either find ways to expand the sweet spot, or, as in the case of notion

pi cture thedipr Fouthd pundtsehf dsctihmgbixsprssdnoinvaotien, vieatseernandcswtinound
sound, elimnate the sweet spot altogether with a different technol ogy.
Hence, ppne 18frhBEHIBE iayak@ticdi0lor #erehoReNds ek didh KidndmaRl c$éghddrs
processors has been to enhance the stereophonic experience. The present

inventthmgﬁoqghmhggjted to the sweet spot, and can be experienced in any
venue, at nyytlne, and under any |istening conditions. Mreover, it works

with all audio signals and signal. pat hs-monaural , . stereo,..
oynt hosi zediel t1 TORArHER e TSl P LAt S L gl DRl sound
21) 11/ 031953PCT/ US2010/ 048406 channel, recorded and reproduced sound and
t r ansnFYRBRPCEBURY. Bsaficrede oerfare: whafratercisgrhase, RRPERIR S TE@HAF hedhi dden
and buried until the present invention. 17] One of the rules of high
fidelitfyedtslito stay faithful to the original sound event which neans, "to
hear the signal without alteration.” Hence, an aimfor design for serious
musi ¢ | i stemdng, StegedpBomBistingi ib adSeffetehasd @rdlnot eliedi higireal TirGdrbe audi o
path as the state-of the art allows. Hence, good audio is actually good
sci encerand et ipha B i8RSO ER0ds Ul Ga0RRL: AR SheWhENBthdE
applied to all audio signals. ‘Every tine an audi o signal passes through any
acoustical, chapical . or el ect.rical vipce i rei.on g creat Audi o
designg?§ﬁ&3g%mB§WP%%??)ﬁﬁggﬁﬁgﬂﬁ?qgﬁk:ﬁgwgﬁfggﬁ%%tglﬁé?ﬁ‘Eﬁﬁgfa??%ful
reproduction or fidel so that the | east conprom sed signal becones the
hi ghesPas igefsiinne gﬁéluéﬁ%’é? ARt 1 CEbitpI0 n@e‘g%i%m%‘iﬂﬁﬂg}ag%fs THeto
presevennon i s designed to convey significantly nore of the

produce a realistic “soundstage.” The soundstage takes place in what is commonly called the

“sweet spot.” That is where the soundstage generated by the sterec system produces such a
convineing phantom image that the listener experiences a “you are there” virtual reality. The
soundstage breaks apart when the listener moves outside of the sweet spot, either too far to
the left, or right, away from where the phantom image is taking place. Once outside the
sweet spot, the iltusion is gone. Most consumer based audio equipment in use today is based

on a stereophonic sound standard.



~information of the original sound event than the prior art w thout
significantly adding anything that is not already in the signal or

~ subtract i W 2AanVi3he3ig fromit. 18] The fol |l owi ng RGE/URALEEERShow
t echni ques used to enhance audio sound fields primarily in stereophonic

applications,, There are three . approaches commonly used.in the. past,

PEl Ui ng 1 P appl LSRRGV BT A PRl BT ares TT it FHOTERRRES | ¢ he
use of digital signal_ processing to create reverberant or spatial effects
to enulHPeisglesisustorpBie otlpas 2tRaRtedvEh B chreo NSt enchgs ea#PRiSnment , and
the use of stereophonic signals to add spatial effects. The present

i nvent i comalgief foprdenddsatned (6 ruomatrhempe iadlat equdpyy tdsponset frotlausied, anwhidch can
be applied to nonophonic, stereophonic, or other nulti-signal formats. It
i's not sgependent thdpesmtihgousigingfor stigFRensngRalhs saneh, camrhdRiQVE sspaech
intelligibility and many other aspects of all signal formats. 19]

U.S. PalantsNoadiubes 203320, {fh $OatSiertBlystim, anll $8GNERA (S HBr AL ADRLL

generator and stereo eXpansion processor. A nethod and apparat us may

provi de_f or. on . nmore,of . recei.vwin n_input .si.gnal.. cont ai ni n i

Fr equengibenf TG o rt S s el R e St T e ghglers

pr oduce first internediate signal containing frequencies from anong a
secondaP&ﬁg@?“ﬁ#Hﬁd%@ﬁ@“%@%ﬁﬁ=harnDnic signal fromthe first internediate
signal containing frequencies fromanong a third range, the third range of
frequenci es 18éi ng\rtfoutyisrd seasehinectiépovilizhe pseborgustarigengfues, hespdenci es;
cancel ing energy at |east sone frequencies fromanong a fourth range of

f r equengbeghefanain d hoef the dham netrpsitginddroatioh bemimypotit Sogniad cat.oMahrpdiice at

| east a portion of a left channel output signal: and canceling energy at

sone freguenek 85ptRMcBIRRGidhaf bideBssbANEC: Qéenftis@glt'@ﬁ‘&%@@vé FQmiR right
channel signal of "the input Signal to produce at |east a portion of a right

Channe!p;‘&ﬁ'ézﬁy}elﬁ%rg @@Ltére&g@ﬁc g nd%rﬁmrﬁ%ﬁﬁtcaMOmZﬁrggéal;tilige &Sgd ﬁ‘f thur is for
a matrix surroun decoder/virtu I*1 zer I ch usés Several sub-systens to
generate outputs fromthe s ut signal. A first sub-system

t put r ereo in g
oyt hegi S B8N e S5 AN B CaRt SRR B ik BY PIcAced SHESHS A cent er
i mmge between the left and right speakers in front of the listener. A
second sub- 3§kt eRi%sIPIRBES S@b@jg hapdimitgtang U uasttbe fueqt spotrEar) woirhphe
si gnal swhi ch pl aces the sound images to the sides of the listener. Athird
sub- systemmymthesiceewitcde Unglke liandowidghtwistler Bogoutdputs carasadreex pands t he
| ocations of the left and right sound inages. 21] A stereophonic
spat i atinRXRRASK 0fe 61 #IG Whnioyit b Rob@NAkieCONPENS 8bir@mand 1Rgicd i@ aRtwdexi Ng i s
shown in Hoover, U S. Patent No. 6,947,564. In a stereophonic expansion

Ci I CUi tyo LKA L ¥R reSHELSLENA! mi S gﬁtﬁl@lﬁitnrcﬁbé%o@ gf&@@m@@&ﬁ&ﬁ%&ﬁm&eﬁe bass

and treble frequencies relative to the mdrange so as to conpensate for a

m drange. freguency. boost in the,(L-R) difference signal. The stereogphonic
expancl 51t BF RN HERER R b e RSP s SR P B B S Hied by

active_.matri Xi anplifiers. . i ]
Hmtations or}%oui{ggtage size and either find ways to expand the sweet spot, or, as in the case

of motion picture theater sound, which is the basis for home theater and surround sound,
eliminate the sweet spot altogether with a different technology. Hence, one of the motivators
for developing certain kinds of signal processors has been to enhance the stereophonic
experience. The present invention is not limited to the sweet spot, and can be experienced in
any venue, at any time, and under any listening conditions. Moreover, it works with all audio

signals and signal paths—monaural, stereo, synthesized multi-channel, and discreet multi-



22] U. S. Patent No. 6,711.265 to Morris is for a centralizing of a

spatial |y expanded stereophonic audio image A stereophonic system has sum
and diff eV@ReE/BiYdal s with expanded spatial _ i nmagi ng, | BSEAVS2@HKEAS of
center audio materials nore towards the center is acconplished by

equal i Zcﬂ&ﬂn%ﬁ] Qé &Qfar{d‘regx%dﬁyég V\%}hﬁ@@}hd tJﬂ%n&&ij?tiuﬁé—@—t SR II‘I?OI'E’HEUO

decreaS|n the bass response e’increasin e trenle response of the
sum si with the red bass re i on bein acconpllshed by the use of
a gyrat %ﬁ%&@ﬁw%&f 95%%%%@“%%%?&&%&% Addi tional Iy, the
equallzatlons inthe (L |-R sum signal to reduce the si gnal at bass

f requenci es idhd ﬂ%ﬂﬂﬁhhéaéés@Héﬂsﬁ@%éyi%@Sﬁ%@bﬁ@h¥K@h@éﬁ@ﬁ@§oam%e%mwtchable
singly or in conbination between ON and "OFF" nodes. 23] In U S

Pat ent wioch 16887, 665t e Chok] wahey attenmivis” fHove dadchifndior degrmofel fgicas spat i a
effect of stereo sound or encoded sound when producing three di mensional

i mage sQuRdisd@nalisd hom-5h 8nalsh Qﬁnﬁﬁlﬁéwy%ﬂﬂﬁﬂﬁé audiB8thi R el Udas opmepat i al
ef f ect enhanC|ng portion where a signal fof enhancing Spatial effect and

di rect i,uify,0f %8&4?%}3&319&18%&%%} ogﬁegeﬁ&%a% g;d xtelas%rﬁ [&q2 Signal

for enhan0|ng a sigral conponent e stereo c anne si gna Tn a Iow

1 equony o ANGe e ub Pt oo ina e LT VEREr O e e sbut “si gnal

of the spatlal ef fect enhancing portion, the output signal of the band
enhancPﬁ?@eﬁo@%%@rﬁnﬁawqﬁ@akfr@@@@wﬁﬁkqm%aabqiﬁafpcw%mé@méwawé@ PBdig natrix
manner, so that the spatial effect of sound is inproved using a
differéﬂﬁ@u*sWoﬁw@déntﬂbBHmBEWOféﬁmﬂandtqﬁ@hWMBﬁdéﬁdhamn@Mﬁsh@nﬁﬁdﬁy
According to the patent, the spatial effect of sound can be inproved

W t houto that g leasConphioaateeics @ial Batoines Ansitiphst fiofity t tge defsentignaddngeef
Signal to Noise ratio is prevented, and t he cost - perfornance ratio for

real i zkngs §oaRali@d pREdR GhveRtios QURdiohad | CAE fgvmfjcantl mod ihd S. Patent
No. 6, 448, 8&6 to Scﬁmartz is for a controlle pﬁase cance |ng circuit and

syst en}nfo tzo ?ﬂ% Sal s?&% g\’%ﬁ#tﬁlg hqe zorgﬁv:pl §1Erﬁl{1%ztn%!{ d%ié}%pba ween a

processor’™s out cessor hase of the
pre-processed signal rticylar fre quency, range or ranges, so that a
cont r of &Y g@éﬁ%ﬁﬁﬁlﬁﬁﬁﬁﬁtgﬁﬂﬁ SHETRITAGE n%ﬁ@ﬂﬁﬁég€§§6r s effect can be
realized. In one enbodinent this is achieved by providing a gain control
circuit thal1rec5h@8§k%ﬁﬁ“§b$é%$¥$@ﬂ@“dﬁ@ﬂ¥@k@§8¢h@fmh@M@QE@gﬁ@mer|or to
it being sunmed with the processor's output. WO
2011/ 08495 3REHYSACLALPAB4RGpplications. 2BherAust thekiagproRetiee RbmNonl vid8d 27 t 0
Kl ayman teaches a stereo enhancenent system

the past, including the application of head related wransfer functions {HRTFE), the use of

digital signal processing to create reverberant or spatial effects to emulate a sound field other

than that of the listening environment, and the use of stereophonic signals to add spatial

effects. The present invention differentiates from the prior art by the method used, which can

be applied to monophonic, sterecphonic, or other multi-signal formats, It is not dependent

upon the use of stereo signals and can improve speech inteltigibility and many other aspects

of all signal formats.

19] U.S. Patent No. 7,203,320 to Coats, et al., teaches a sub-harmonic generator
and stereo expansion processor. A method and apparatus may provide for one or more of:

recelving an input signal containing frequencies from among a first range; filtering the input

6



- 26] U S. Patent No. 5,761,313 to Schott is for a circuit for inproving the
stereo image separation of a stereo signal. By using special frequency
response WEAIPUIRASEon in the difference channel of a st &EUSDHHEB406t he
stereo image will appear to extend beyond the actual placement of the

| oudsp Ihi.s C t he .di ferencg channe
respongggﬁf&gnoaf% jﬁ?ﬁéﬁgggd%%ngggéni%ﬁﬁﬁquUeﬂﬂTg ETBE6E AT sources
wer e phXS|caII noved éo t he virtual sitions. The circuit includes a
summi ng“ 35 PREGHDE £ SHU@AT)OHE Sign fé‘?tm%}? %‘“S? PETetig IR CYHINE ¢ and ri ght
stereo signals are applied, and a difference fol 1ning and human ear

equal i ZEgkeriesifreypmony sohirdrans.che this hege ofgivdiueigin best erteot shgedls ar e
applied. The outputs fromthese circuits are cross-coupled to formleft and
ri ght deawngk sewnputse of frequend2ef] cddcBindPateent a:iNeast SorbORe@RAcko fkbamks |'s for
a nmethod and apparatus for spatially enhancstereo and nonophoni c signals.

A neth@ﬁm@aqr@@ﬂ@ﬁ@ayefﬁe?ﬁmeek@%ﬁﬂakhﬂﬁmﬁﬂﬁkh%hfﬁwﬁ@ﬂenpﬁsnﬁk@pﬁﬁuéggnals
wi t hout sacrificing conpatibility wi th nmonophonic receivers. In accordance

W th qumga%gs@%a 1@fz%ﬁq§x§r%‘? oS@H?ﬂ%’FﬂE@g cé%léﬁ%l Hmeh%ﬁ'v@ &H@F}Ecz& i:‘%& ng only

two op-anps two capacitors and may et ween

enhancenent node d a bypass nod 0 enbodl S|an|f|ed stereo
enhanchEhtm eyt BE Sufke ¥ BERRS B i SRS (erT g SHLCDPE LS S channel s
as the sum of the other output channel and the nput channels. In other
enbodi REWIEE 2ideis a paBlopt & radehs chmae! p¥pehsigRbsi zed and spatial |y enhanced
according to stereo speaker crosstal k cancellation principles. In yet other
enbodi nent s 201 he Lr.2shpeot: iNce 74)9atlildlte anthancénentmstrof sumonophoni ¢ si gnal s and
stereo signals are integrally conbined into a single system capable of

bl endi BgsodeflviguCORE WHOUSeNBARE! sul-batehhaneesRi ot abm @F sRRiNnputVWO
2011/ 031953PCT/ US2010/ 048406 28] U.S. Patent No, 4,959, 859 to

Kennedy;ofl) al first Suf- %’Sé&? Sﬁlﬂl&%g(@fg RERA &lnk %ugﬁit,%ﬁjgl‘fﬂfacé‘%ﬁé H8naur alhas

29] The “convent i ona Inition an anti-p sign 'S one that
Invert ‘éedmé}r}%%ge el’[gv%eig )1d ufrht sp%rrs 1znefdont of H]e%stenel econﬁ sub- s;?s?em

synthesizes the virtual surrcund (or rear) output signals, which places the sound images to the
sides of the listener. A third sub-system synthesizes the left and right sterec outputs, and
expands the locations of the left and right sound images.

21] A stereophonic spatial expansion circuit with tonal compensation and active
matrixing is shown in Hoover, U.S. Patent No. 6,947,564. In a stereophonic expansion
circuit, the (L4+R) sum signal s spectrally modified by increasing the bass and treble
frequencies relative to the midrange so as to compensate for a midrange frequency boost in
the (1L-R) difference signal. The stereophonic expansion effect and manipulation of the signal
parameters are produced by active matrixing amplifiers.

22]  U.S. Patent No. 6,711.265 to Morris is for a centralizing of a spatially
expanded stereophonic andio image. A stereophonic system has sum and difference signals
with expanded spatial imaging. Localization of center audio materials more towards the

center is accomplished by equalization of the {L+R) sum signal. The equalization comprises

7



30] U S. Patent No 4,866,774 to Klayman is a stereo enhancenent and
directivity servo. In a stereo system having sum and difference signals

t hat are poowessedsf or stereo i mage enhancenent, apparentcdismotiaidsy of
~the stereo. sound is increased by the use of servo systens for the left and
right processed difference sjgnals Each of the left and

ri ght s‘%?F(F&%mEé@d% HUSSROg ST WALl g &Cﬁ“é”é’c%\i@g F%l? tg l‘%frPOPi’eth th gpWIRNEEE Y8 gnal R-
in and anplifies increases in the respective left or right processed

di f f er edesgedsbagh zddsctionteingrasapmpbshedrnl the peseafi payiner ¢ ptamobliedybynthesdi ng
back the anplified or directivity enhanced difference signal (L-R)pe,

( R- L) pean thénsdnce onpaitibmgl vi thewigublitdnenpirotesiserl) dirf kamenoeaesiogniad siglad B p,

(R Lip before directivity enhancenent, and then conbining it wth the input
si gnal ki ReqRnfiks idd 18 1REESEHACS 8ch) Bk 9. ﬁ@q@&ct@ a?@%ft&iabfe@%?”&uﬂt of
anpllflcatlon of the processed difference signal that is provided for
directi _ " U S. Patent No. 4,815,133 to Hi bino
teacheé%gkég%%g%gﬁggga%$%ﬁhéﬁﬁaIgg%%ratus connected to a stereophonic sound

Sound ext r ackng TELFC AP S0 GRbPaRs I et BOT TS DL ORpERERY e By

extracting a dlfference si gnal between right and Ieft i nput signals. The
di f f er engiel sifgria sEopRKEOT Fgerqdeund VIBT areruams huesrdisgnderal anagsce
signal. Each of two mxing circuits receives the right input signal, the
| ef t impumisg@naﬁmnmmammefswamdﬁmhgﬁtTﬁbﬁhéﬂé@£33§ﬁ@haﬁ&nndﬁmmgg@nmﬁmted
di fference signal to produce a left and right output. 32] U S
Pat ent ,wiNge 4+i248,;/58mhb@ifeaipadil dffect Ofd direinBP S oRald is $estideRHOANEI NY
apparat us and nethod for stereo systenms. The right signal in addition to

driving %ﬁn{o' Ahtorsp mwﬁgj‘%& emnnég@“ Q%ag%!n%%ggetﬁ%@ﬂterﬁf}éﬁﬁaﬁﬁg to the

| eft spea t si gl oh to iving t speaker is

I nverted a and tran tted to. t 3] U S
pat ont HEEg %ﬁ%@%@ftﬂélﬁﬂ}% W dbs it Rk e Ut oPBERSa I R par at us 1 or
deriving four sound signals fron1tmo sound sources. Left_ and right sound

si gnal STCABFIV SIS LNETATHART B IITHF PLrTRP evhsse HiesHitA sieirholgha s lBy phase
shifters and then supplied to separate output circuits. The |eft sound

si gnal effsctarsancirgdparigme thgheudputovgnghsisthe bhreenttapcing roondri meidhetetzot he phase
shifted right sound signal and the conbined signal supplied to a separate
out put chidrelsifnal hickaWhBedihe mightmsowndo shqgnied spasiaf &tkct bf omghia | ow pass
filter to be conbined with a the phase shifted I eft sound signal and this

conmbi nedpgivenaling ¥ aRftatal &rRpSRRBP&kBePER rfht ¢lklchannel signals.
According to the patent, the spatial effect of sound can be improved without using a
complicated circuit construction, the deterioration of Signal to Noise ratio is prevented, and
the cost-performance ratio for realizing a spatial effect of sound is improved.

24]  U.S. Patent No. 6,448,846 to Schwartz is for a controlled phase-canceling

circuit and system. The Patent describes controlling the phase relationship between a
processor’s output or portions of a processor’s output and the phase of the pre-processed
signal in a parficular frequency range or ranges, so that a controlled accentuation or
enhancement of the processor’s effect can be realized. In one embodiment this is achieved by
providing a gain control circuit that receives and selectively amplifies the input signal prior to

it being summed with the processor’s output.



34] The nethod and apparatus of the present invention reproduces a
substantially conplete audio signal that utilizes a substantial anount of

t he soundvimtmimapsion contained in an audi o si gnal s code poirtds2improved
fidelity and integrity to the original sound source. 35] In addition
to providing,a substantiall onpl ete audi o signal at any |link of the audio
chain from c%ia{k ur g;”“f@éﬁ W%@ﬁ%%&n?t%r g¥naR ks & EpeBUeHICEMeBT t he
signal, the present invention also provides a way to reconstruct a

subst antisgdnt.y conpl ete audio signal fromthe code contained within an

exi sting, (inconplete) audio signal. The principles of the present

i nvention nagsbe BEpPhet Ne &rol, Kitowschbghafortaydenitwhelhebvisk figl Gerefrono.  or
discrete, or nmultiple signals, such as stereo signals in known audi o signal
appl i cafoh QRS epdhQM driwerdd @i Bl edingQWBbal SHGRLES rdYoh &l ERNMNS ol AdhO
broadcast, live sound reinforcenent, or by the reproduced sound froma

recor di fgeeSUC Qh@giifokgg}eﬁo@oﬁ, ! ?tﬁpe'oai}‘r?a%e wpiﬂ;’aﬁg&ﬁ%’ er?%/ SQe naBhds Ry

| ayer. ona e present ention a may provi de
play

inmproved intelljgibility for_speech and. dial og, particularly advantageous
7 of e b G T B R iR S el b b € r S D ec e
mlitary, |aw enforcenment nedical, and other energency sound WO

2011/ 03FIBBPCEH WSRBXChOASATES app Hoskt hondiccridsie, if ieprooiesd weraphsieallhi gher
resol ution better dynam cs, truer tone, broader, bigger, w der space, nore
pr eci semdystawiiksvinpslgonabey. alhespeotitriatlutal ancenancngriegi éeqadetai |, are sone
of the natural byproducts of presenting the whole, open, original sound

conponedfuslidibe @b froGmIE Bk gefatth Qs Girab sio SMYMARYHed TddE 4 MENRLON

37] Accordingly, the present invention is directed to a nethod and

appar atf‘c’;ﬁ}q{n%ran@@u H?%%s e@gﬁgaggﬁwﬂt ax&&&%&ﬂgﬁe pubstant, alelas ﬁgﬁ%gs one

nore of the pro imtations and di sadvartages o e related

art. applied. The outputs from these circuits are cross-coupled to form left and right channel

outpufs,

27]  U.S. Patent No. 5,692,050 to Hawks is for a method and apparatus for
spatially enhancing stereo and monophonic signals. A method and apparatus is disclosed that
spattally enhances stereo signals without sacrificing compatibility with monophonic
receivers. In accordance with one embodiment, a stereo enhancement systeim is implemented
using only two op-amps and two capacitors and may be switched between a spatial
enhancement mode and a bypass mode. In other embodiments, simplified stereo
enhancement systems are reatized by constructing one of the output channels as the sum of
the other output channel and the input channels. In other embodiments, a pseudo-stereo
signal is synthesized and spatiaily enhanced according to stereo speaker crosstalk
cancellation principles. In yet other embodiments, the respective spatial enhancements of
monophonic signais and stereo signals are integrally combined into a single system capable

of blending, in a continuous manner, the enhancement effects of both.



- 38] An audi o reproduction apparatus and nethod uses a discrete audi o signal
source with single, or left and right, or nore, inputs to produce a

conpl et e Wodno/@igKdal havi ng an omi - di nensi onal sound t®CHUGHIKMBHYr al ity
of transducer voice coils in one or nore transducers, or froma discrete or

ot her signal,source |nto.nultiple channels of a sign A first

ot rcuit Lo Aneds SaPfstiE s SO Rireeut a Aat SV el Biathish

t herefrom coupled to one or nore of the transducer voice coils, or mxer
channelajusmaBsprietici rcuit is connected to the signal source and produces
an inverted phase output coupled to one or nore of said plurality of voice
coils, or m2dr charmmelsitiond deépriodudentahe-plinscygtag isegraht souneetetthr ough
one or nore transducers or nmxer channels. The apparatus may have a

r ef er eng@seSilgnakgetd) elkimeaupliad 1.9, bhentdisorete signal source for an phase
reference signal and an anti-phase circuit coupled to the signal source for

produci ng amggout -ofc phasensi gead 7uLRMLymARH 1 ioRal Ma&eg{eﬁ%@d Sik3naky

circuit is coupled to the discrete signal source and produces a phase

|l ayered treble signal output fromthe signal souyrce while a ba Si gha

it out tepodtist S Srs Pl b B B en G O el S8 PESRREL T
output circuit has the outputs jro€1the refergnce si gnal &ircui} and t he
ant i - pHE4&e SiGREAMSLrPATEN A H ¥ IBhT e sterepioan Fsg‘ﬁ‘élleaﬁﬁdr% £ Uang! ¥6m t he
bass signal circuit mxed to forma conposite output signal. The treble
and bassstewp fauht Bftrmay righepracesisscdedifieednee argdals ilgitp. duddp-nbad ofohe il ti pl e
signal conponents of the discrete signal source. The anti-phase circuit

m xes tahe righf terandedpogty to titakparane lefosr meh: kiepdodnsignalal codpabent sudf t he
signal source and has parallel circuit paths which invert the signals and
then mixesiskcRALAlh &le Raebiwl BRI $ighO pfoofsRed hgreatich sRAARE THtRMunt AN
audi o reproduction process includes selecting a discrete signal source and
usi ng this.signal i se 1ce,. Si i - phase
o gnal AR TE as Pl TRl SRS R R B P RS BR A
Then m xing the reference signal with the anti- e signal and the treble
signalSéﬁﬂ“@ﬁ%xﬁaggfé$bﬁ5$C?%P?Hﬁﬁqﬁm@& B@F?%eggﬁgﬁ?“§%§ﬁ§iafg?pd-’ving a
plurality of transducer voice coils, or mxer channels. Fromthese nodul es,
a substambéiard §iresonyy ethenewiging Wi ghell ceehpesit with sherigpretdenadohin Ring 5 o pe
understood that both the foregoing general description and the foll ow ng
det ai | edradekcret piticorv ofto therg tiesantunt oy emplidmtanef ekepplarsyd difterexpl anat ory
and are intended to provide further explanation of the invention as

cl ai medien4i0hitis bvidedber andavist eatntdaéntbot h the foregoi ng general
description and the follow ng detail ed description of the present invention

SRR TR T EE O e B T T e
connected to a stereophonic sound source to supply audio signais to a loudspeaker system
that has an indirect sound extracting circuit for extracting indirect sound components by
extracting a difference signal between right and left input signals. The difference signal is
phase inverted to obtain an inverted difference signal. Each of two mixing circuits receives
the right input signal, the left input signal, the left and right difference signal and the inverted
difference signal to produce a left and right output.
32]  U.S. Patent, No.4,218,585 to Carver is for a dimensional sound producing

apparatus and method for stereo systems. The right signal in addition to driving the right

speaker, is inverted and delayed and transmitted to the left speaker. The left signal in

10



- 411The acconpanyi ng drawi ngs which are included to provide a further
under st andi ng of the invention and are incorporated in and constitute a
part of tWPStHPe¥ISFi cation, illustrate enbodi nents of t RET{UMWERHSH6 and

together with the description serve to explain the principles of the
i nventign.. 42]Ln the draw ngs:. . . Fl 1 is a block diagram.of a passive
enboat ioniobt 4 e P SPERT i miecsr aanes il SrR el R oo
2011/ 031953PCT/ 1JS2010/ 048406 FIG 2 is a block diagram of an active
enbodi MBFCof the sound system of the present invention; FIG 3 is a block
schematic of the invention of Figure 2; and FIG 4A and 4B are an expanded
bl ock schenmd&fi c &f.StPmeritiNaeit 20 36fio Bilgisrfer @ multi-sound reproducing apparatus

for deriving four sound signals from two sound sources. Lett and right sound signals applied
to two input circuits are each shifted in phase by phase shifters and then supplied to separate
output circuits. The left sound signal is alsc fed through a low pass filter to be combined
with the phase shifted right sound signal and the combined signal supplied to a separate
output circutt. Likewise the right sound signal is fed through a low pass filter to be combined
with a the phase shifted left sound signal and this combined signal supplied to a separate
output circuit.

34]  The method and apparatus of the present invention reproduces a substantially
complete audio signal that utilizes a substantial amount of the sound information contained in
an audio signals code with improved fidelity and integrity to the original sound source.

35]  In addition to providing a substantially complete audio signal at any link of the
audio chain from capture, transmission or storage, to the reproduction of the signal, the
present invention also provides a way to reconstruct a substanttally compliete audio signal
from the code contained within an existing, {incomplete) audio signal. The principles of the
present invention may be applied to any known signal type, whether single, mono, or
discrete, or multiple signals. such as stereo signals in known audio signal applications, from
live transmitted sound, such as by telephone, radio broadcast, live sound reinforcement. or by
the reproduced sound from a recording, such as from a CD or MP3 player, phonograph, BVD
or Blu-Ray plaver.

36]  Additionally, the present invention also may provide improved intelligibility
for speech and dialog, particularly advantageous in telecommunications, motion pictures, and
other applications, such as military, law enforcement, medical, and other emergency sound

11



DETAI LED DESCRI PTI ON OF EXEMPLARY EMBCDI MENTS 43] Reference will now
be made in detail to the exenplary enbodi nents of the present invention

whi ch ar eVlZugBtEted i n t he acconpanyi ng draw ngs. PCT/UBA)10/T9a306

exenpl ary enbodi nents for achieving a substantially conpl ete audi o signal
according.to principles of the present invention are illustrated and

it sl oSBHHHRIPBY A O ETER By WS OdF AT REAE S BRESIVE" Or gy aPitin | e

t he second enbodi nent shows an actjve signal. As one of skill in the art

wi || appeEe wider sSnegs- ApsE @Fosisgdenypics fsg datisalshgc e delangee a9d ggyeamdgpail,
setting, or filter type. Nor are filters limted to angle, or degree, such
as 6dB,ard Qo ofli8e Batuor bZgtdBuctiof fraemnmog ¢he Whaegueroyorgetdl smgid suphnass 100 Hz
for | ow pass or 16kHz for high pass are only used as exanpl es for purposes
of desgkiopth @Bemplete audio 45atFi gure 1 of the drawings illustrates a block

di agram of a passive configuration that can operate wi th | oudspeakers
connected to an audio anplifier without an otherwi se active circuit. A
nonophoni ¢ or discrete signal source 10 applies a discrete source signal to

a first audio anplifier llg@pdikRvyeoseeeneaudiganplifier 12. Anplifier i
has its output connected to a pair of speakers 13 and 14, each having a

voi ce coil thereifuchRid 8y Mapfebdr? inehfi&Mstdide8Qd (MIRldkdaeha k pzﬁ'%s kd;S out put
connected to a pair of speakers 15 and 16, each having a voice coil therein
L b O T 3R RN R LR L ieh SR FRCIAD BI1G k08 ELE G0 SAN BLB0 DR

o)
configured as ‘oné Tou VOi ce ¢ peakers can have

any i npedance | oad desired t for this exanple each speaker is 8 ohns and
each gﬁﬁB@PP”?@§“g§KWmHWﬁEF§ﬁF”E§W6UFH al so be noted that one single
anplifier can be used in conbination with a specially designed single

| oudspeaker 3Bhvi Hg dioicpedueiansappPTrgustand sietledd egh 8 disergtd idip panadl | el
circuit connected in-phase, neaning that the anplifier 11 positive
connectiore withcomnieot kd dnd righe oposirt.iivetc rpredidecnenofletbatidio speakers 13 and
14 and the negative connection of the anplifier 11 is connected to the

negat i Y&ise R embi-oakiocRt HusdarkedhSs F3radiRto lidansd@r $660RCH1Gh beMbE leg is a
series circuit that is connected out-of-phase with the negative of speaker

15 bei pg,. . jtd.ve aof . - i Ve
speaker ETAREELED choiobl PROSI 2N APCRKR B ANk R BRIl i ve
of speaker 16.is .connected tq the positive of amplifier 12. The circuit can
al so bB“’é%n%\ Garerys 8%%’??‘?36%[]’[@}? g“fa} PRYCCHY Pee A0 PR F BEPE tﬂq@ﬁ M ot her
ways, such as using a single anplifier connected to a quadruple voice coi

| ouds peedid BrONE PRACEURIERS IPREIVEI I GUCHE BANFEY Chenpelt et SPYPORCHERE] has
the ability to control gains of each circuit |leg, and match the i npedances
of eachomeetediia the egnilsoarcsiang lpeodvaemar invEEsphzegowputRiogplce td onendepandent | y
provides the listener with the sound character of the first circuit |eg

t hat i sf eanslustienss Witdediberrahaeasiaaneiofo idpeoday tedib@esisgnal suake desi gned
to sound according to industry conpliance, or in-phase. The first and

secondmk&Es dnRdk ¥oddiahl Yiulirs 5} et claRERY THE apRhti@nal GRECHNGLLQR Of the
audi o signal such that if the Listener listens to the second circuit |eg

al one, .. it I Jr ircuit. | he sane. tine, the
ot o B DO B U Dl gisgﬁnﬁﬁ%?“%?af@%’l %‘;gmg&g’é%aéerf&gﬁéﬁfca AL S Sht, width,
and depth, yet. seem ng far. awa Conmbj ning the two circuit |egs
i mul t AHEBESS 911‘9%9%%%% g LTI £kt ‘nggdeslﬁﬁ|aet°ét-a 1B1%6° SiRgHA P Hhe sound
of the original acoustic event, recording, or reproduced transm ssion of
voi ce, Atdigpeallyor reith ggnad i el 15 Wuplsd i thedysroan tligadi spuigs andpiodeces @i gi nal
event. The first and second circuit |egs should be matched substantially in
equal @Empd iaverde tiehlearghel odrput fidre tleubstadpdiired Wiile o plseigakdignalprddmcbe
formed. If either differs significantly in anplitude, the one with

a phase layered bass signal from the signal source. An output circuit has the outputs from the

reference signal circuit and the anti-phase signal circuit and from the treble signal circuit and

from the bass signal circuit mixed to form a composite output signal. The treble and bass
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the hotter signal strength will override the other, and the total signal
wll not be optimally bal anced. WD 2011/ 031953PCT/ US2010/ 048406 Ther ef or e,
the resul ®iOny189@El will be | ess than a substantially d8ifpUweB/EEYnal , for
exanpl e, a signal that has been processed and has the effect of being based
on additio or subtraction of. | .t udes and phase, .rather th a
composi Tt Payise 2 ar S tudriel Pyt iy el BoulA Sou SReStem e e chis
enbodi ment it is assuned that each speaker is a full range speaker and that
the ci retfireleisRnakaret HE AAPIPPAITSHICEH npRg the Hdt BErpPetBahTane Ginghapiei s
being created in the physical air, and, therefore, behaves in a simlar and
| i ke megrey coroperieatsorf ity ngial sowoastidchasperiic! dihugt patlisghhipagyedie digwlpass
crossovers are not necessary in this enbodi nent. 47] On the ot her
hand, wikenh&iSinb@s el BitdlRYpakdigaale gufqerent antitptiadel opthiaVv hRgutisl rppliection
| oudspeakers, each of which may be a 2 or 3 way (or beyond) speaker system
whi ch ygualst yhchame saddint 1, ONRle & ORI QYEIE ahatink Wit Bighaidd piRLte RhAse
information, wth each having a finited radiation pattern, high and | ow
pat hs . lefine the physic ) st . [

‘Sébl%h:tlg ceg? nap:\%dta%i aﬁﬂt}%ﬁke b %‘5 %&Eg{e lé\fetrcﬁc%r ele El@.gai%%g %ﬂ)ﬁ?a and

i nf or meti on cont ai ne e signal . vari ous

| ow passes d phase.controls an active.circujt may he utilized to generate
as ubsﬁ%?cgﬁr’]%ss? S\ghHB ,1‘36@1{9%“561%%1{@?%?“?6!?&?”?@}1!‘ 1RG PaPrasHSiep &égrf}lei fier and

speakers. 48] Figure 2 shows a basic block diagramfor an active

ci rcui trebisy sigith endilie hgssesigab &t igpmisaompogishpl Bt tesi gl o dsiviged plvdbuefi ng hi gh
pass and | ow pass crossovers. By active, it is neant a circuit that

requi r esinphwer vdice opbr atmixanchanseic ohrvac theck modblene soeftortenllylvensiagnal

reaches the anplifier. The active circuit nmay be connected to the signal

sour ce aylimelifnal Smanuwheienlef ore or inside the anplifier. 49] In
Figure 2, a signal source 20 may be a radi o, CD player, np3 player, or the

i Ko Tor 11 0Bl 61 bOuTHRcho 0 1 Hdu riRlaBi Rl schMPALEREOAHEH A0 ST gnal

such as one speak 1nto a ce phone, “or “te one, or a m crophone or
a broadcast. devj ce, .or .t he I'Fe..The.si nal fron1tgg signal source 20 is
split gﬁ?%"“&ﬁ Fﬁag%ﬂ ggerrugh %#et ¥ PIETH é‘“’&g%‘? MeteF™8 %i‘rﬁg?xp 308 A8 hr ough
repeated duplication in a mxer. with splitter capabilities.
intended to provide further explanation of the invention as claimed.
40] It is to be understood that both the foregoing general description and the

following detailed description of the present invention are exemplary and explanatory and are

intended to provide further explanation of the invention as claimed.

BRIEF DESCRIPTION OF THE DRAWINGS

41]  The accompanying drawings, which are included to provide a further
understanding of the invention and are incorporated in and constitute a part of this
specification, illustrate embodiments of the invention and together with the description serve
to explain the principles of the invention.

421  In the drawings:

FIG. 1 15 a block diagram of a passive embodiment of a sound system in accordance

with the present invention:
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- WD 2011/ 031953PCT/ US2010/ 048406 50] The original or reference signa
21 is assuned to be n-phase as it conmes fromthe signal source 20.

Bei ngi n- phESBLYBIH3rel ati ve term defining the origi nal RigWapitsiihe
reference signal. This reference signal is also inconplete in that it does
not provide net r:ex &on al i dde formation i ch
remai ns fol c‘]ﬂ g {%gioc ﬁléa%g}ll O%ta 9%;; %Ilglgsc%lﬁg%thft ‘e’ ugctsy?r]fﬁrgt n'%% Rrggeg}"’h
cancel ed by bei ng out of phase or out of polarlty, with the in-phase, or
in steplV§8PRr ence signal. One duplicate of the reference signal is used to
generate a phase |ayered signal 22. 51] Phase | ayering uses a

conbi nat i on fof. B vepicel sgardc e SoERvandigaohEreust Ehengmal | er secti onal phase
shifts, (e.g. 45E, 90E) and so on to establish a substantially whol e signal
that woul d dtiGed Miase 4Bewre anegpamdedi bionk stircadititiod el ihvenplbaseé Fagueke dut - of - phase
approaches. The result is a substantially conplete audio signal that is
whol e, open, omidirectional, and nmulti dinensional, having simlar and

| i ke properties to the original sound event. Essentially, applying any
nunber or m xt uDETL HIEDE SORTPADN ek ENEs AR Y IENIBogupE N dIsabl e
phase-layered signal. In essence, phase layering is a way of providing a

substanti al Ug] comf@teeesi-ginalw ¥é fAoYin CaNTe thgxdrealynphtasgest 6n@k. The
use of a phase | ayered signal is to provide a continuity of phase relative

| nf or ”B?és@:ﬂn?vren%ﬂ%mﬁﬁ &Jﬂﬂﬁf:ﬁé@ﬂth@&&o@%ﬁﬂvdﬁmﬁv odul ar conponent t hat

| ayers in equa e reference sig 521The reference signa

21 and the se-l ayered,si into 3 Athird
or high pasgd' %J ?‘E“Pé%‘f%@ﬁ? éﬁ%/‘%bélf FViBg afg}ﬂéc‘ ‘ﬂ&/’c%ﬁ%é }?cps nor e
or less. A polarlty switch 25 sw tches olarltY phase_ from OE- 180E pri or
to sendiZhY FRIIEIGARNTERISIRE tha Hetens BIVATHRR A %Flaweéw%égﬁgbﬁcb%mze may
have a frequency below 1 kcps, nore or |ess, and al so has a OE- 180E phase
shift Eoackyhplly gnboliment sélemiarpgssﬁm i e L idsr thg BecoTHempurdipose siofwstdne hi gh
and | ow pass signals is to apply spherical angles of degrees, or phase

| ayer sactive sinat. A gt ofodidiie inhs ertbe ifdpatce fite gaauietddy a@ oy fik&hlo aaRpP- speaker
using multiple crossovers. By applying these angles, of 45E nore or |ess,

| ayer s, tnfm?&ﬁenéyogemrionbpf]ﬁelfﬂyﬁéll Noﬁé&@%@ﬂ@hﬁitézd’to%%' st &‘eo@éédL&h%ls gnal
conp05|te that provides a virtually spherical acoustic signal. The

resul t?aye B oaueed ﬁh@”%ﬂﬁ?&%&@f LRG) s% L&d arn0eng r%”f%f%r ;%ﬁ?gr sound

when p hrough any a exi'sting au I'6" systens.

contro rovi ded because thi M/substa tially conplete audio
si gnal Qk fﬂg}gggﬁa%%%& #%W@Wi%sn’cghﬁ?rpﬁﬁsl@ Aesrdaio%hhet her any ext er nal

signal input_is, _in fact, actually in phase, or out of phase. Standard

audi o syst e doFusre hatdearyemngs éh)é@at%a bigek diagram a2 phate canfigisnieces.

The present invention enabl es detection of phase differences and allows for
a neastni qug dpegite Wih lowlsatakes qohaseed gemtaufiioccatsldier without an otherwise

active circuit. A monophonic or discrete signal source 10 applies a discrete source signal to a
first audio amplifier 11 and to a second andio amplifier 12. Amplifier 11 has its output
connected te a pair of speakers 13 and 14, each having a voice coil therein to form a first
circuit leg. Amplifier 12 has its output connected to a pair of speakers 15 and 16, each
having a voice coil therein to form a second circuit leg. Each leg of the circuit can also be
configured as one loudspeaker having two voice coils. The speakers can have any impedance

load desired but for this example each speaker is 8 ohms and each circuit leg is 4 ohms. It
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53) The m xed signal fromthe m xer 23 is applied through a phase reversal
swwtch 28 and to an anplifier 30 to drive a | oudspeaker 31 A circuit in
accordance with the principles of the present invention nmay be incorporated
into hardware or can be enbodied in a stand-alone integrated circuit and
may be refornul ated mat hematically, enabling construction of software to
produce a substantially conplete signal. This ac ve open signal can be

pl aced between the output of a signal source, such as a CD player at one
extreme, othoatd dsa b wysest that puersdnale epbiigtcan bemsebingatdlingtos vath an opposite

t , It ci . | k J i it [ 1 ul h
cxireme. 18,.ca],be apoll e Louerle a5 B ool tin @ cellular phone or
meani ng, at thepfr 1‘?1@% cigéﬂxgilcg%?ltah&rﬁieﬁiQﬁéui{é{o@ﬁ@&& inﬁ;‘g&%g?ﬁxﬁ%égﬂq@ﬂﬁﬂl 41.—93“ ons

bet ween the output 0 source an e 1 np ier,

splitter, ghpithe 1hipk&tive conecti®fh chhdled 1S tHeSpRithk @6 knReRRMBL hfh Of the
active circuit of £|gure 2 for stereo signals for unfolding, recovering,

and r eveal ipagkerhi Yden! dand thenegdivs patricalion sfpbe tumalifiely hiagiconnard tothver
acoustic information contained in audio si%nals. Fi gures 4A and 4B toget her
i |1 ustr at enegatisy @ndedtianloédotl weikest hbingt i4e 18¢ sedsad eirpwibiog ipf s@iqgeireuis,
adding a nophoni ¢ hem sphere circuit. . 55] _Referring to Fjgure 3,
the i nput BRdgETsgEs SRLSERRE &b Erbccativs of weghiail Shainegracstedive and
negative pol arit ) r - l.eq 4 ' , ein the
180 erc SRaf i i e B A SRR LY PRl il llIFNE e

right stergQuiphpet 18 The $eeANRRFLEMKEOI AR caiMlctdd € ih3SsithRe radpput: of the
l eft signal anplifier 36 i's applied to a |l eft m xer 40, while the output of

t he right TErpkichit ein 38 bscadivnectgddnthiaing tighfirstandiesecddd cildes 16@fih and ri ght
outputs fromthe anplifiers 36 and 38 are applied to a m xer 42 where the
si gnal s arctheswvayeduelnes tshieg s singledogilignntonapyed ede gendbade vaid ceil ebl e
circuits. The summed signals_are sent .through the bass circuit having a | ow
pass filt é?ud@rae%gwsﬁ%gwb W)Couh%tﬂréﬂ%@%%}%# e I kagdhsEliyo an

Bl £ AR AR S A R AT R 55

the trebl %in%lé GHinkePRE ieg of Figure 1 independently provides the listener with the sound
character of the first circuit leg that is consistent with the character of the way audio
signals are designed to sound according to industry compliance, or in-phase. The first
and second legs individually of Figure 1 provide partial reproduction of the audio signal
such that if the listener listens to the second circuit leg alone, and without hearing the
first circuit leg at the same time, the listener thinks the sound is distant, having greater
spatial height, width, and depth, yet seeming far away. Combining the two circuit legs
simultaneously reproduces a substantially complete audio signal. The sound of the
original acoustic event, recording, or reproduced transmission of voice, music, or other
audio, is heard substantially as in the original event. The first and second circuit Jegs
should be matched substantially in equal amplitude in order for the substantiaily
complete signal to be formed. If either differs significantly in amplitude, the one with

the hotter signal strength will override the other, and the total signal will not be

optimally balanced.
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~which is parallel to the bass circuit path, and in which the sumred signa
is applied to a high pass filter 46 (such as 1000 Hz) and has a polarity
adj ust i ngVapIBIEE 47 and an adj ustable gain anplifier 2AS/aAL/E8%6 f or

- tuning. The output phase of the treble path can have different settings but

as sho | eads .t he reference. phase 90 rees to provide one phase |ayer
ani oh 1 DekSER Lk s B e T BF £ r B 0 A CH T Ghe SATxGF ARG

out put phase of the bass circuit can_have different settings but as shown

| ags t RENAETAT RHOESHRRSE Sy AgbhatdhF 8EECto g viage csidienn. phadeartgies. The
out put of the bass circuit is connected to the left mxer 40 and to the

ri ght minpditudes andposgiratieptian agbmpakine anplit 61 srbstabalhnebriffetA astiersemal.

hem sphere circuit applies the left input 35 signal through a buffering
anpl i f iTens.52 teandmbbéinfehoits dsepuied At sicginabaldeh iougi ran bk ecdragd amplief i er

53. The left stereo signal is subtracted fromthe right stereo signal

(Si gnaleirkuiRls difdr eSSRARE & BAL fhelBPINEuRd sARG! ik DeRYlr jverting
anplifier 55 and is%ﬁgvfpass fiItng% (-1618§§€h%§€@hgu%?¥?g?m% réh?¥ 56
and fedq.tq {i vol.tage cont kol | ed,. Lifiers 59 and to m xer 61. The

out put CFr St RS Bor @RGSR L ECURTRN Y B e 2R b e P F g

| nput %7 si gnal frpnybufterjngwg lifier 53 is subtracted fromthe |eft

st er eo §¥@ﬁ§‘mﬁ§P&d§%sﬁpﬁfvﬁﬁ Ry nagessaydn £his SMGASIEF Y nver ti ng anplifier
58 in a parallel WO 2011/ 031953PCT/ US2010/ 048406 path to the left signa
and is | ow pdbs 4 thepddr pante péEn Byingexisting evdieiegeininen6 sl hagingonnect ed
to the linked voltage controlled anplifier 59 and to m xer 63. The

buf f er imidtidepidbpeakers3ats oAlvirhcoapbed 2dir Baedyl r beydnbesgeakarsye3m, which 58]
The gain of these two, filtered, difference signals (Signal L-R and Signal
R-L) camalig hat usli@shal Brobarals! ikt fupng: cﬁgzgﬁghaée-ﬂ%fom@ﬁdsr@%%af:ﬁ amihhe left
stereo signal in the nmixer 61 (defined as Signal Rmx) and Signal RL, in a
paral |l e].: : t f i ' oy ' . 62 (defined
e & gy R g RS, ST R rll e AR S PR A REs b G

m xer 41 and the. output of .the Lm x m.xer IS . lied tq.the m xer 40.
The | ef "6 e oRUHE seBlautuprinker- dBu o Brattoiiieh ard log

signal, the bass circuit signal, and Lm x output to produce the phase

| ayer eBPSPEFANdARAHEN Bl GETE greit mThée piilirad teersee gisyhgintiadlysuimied in

m xer 41 with the treble circuit signal, the bass circuit signal, and the
Ri ni x outipuallit phpricducenal hethpagdificayed egaikdrght channel out put signal .

59] Turning to Figure 4 of the drawings, a nore detailed schematic bl ock

di agr am has4gjonbFines Agicwe lsiseriaociaid cranepae akveClifcGHifbiScenkAiaggor dance
with principles of the present invention.

substantially complete audio signal including high pass and low pass crossovers. By active, it
1§ meant a circuit that requires power to operate and is connected in line before the signal
reaches the amplifier. The active circuit may be connected to the signal source itself, or
anywhere before or inside the amplifier.

491  in Figure 2, a signal source 20 may be a radio, CD player, mp3 plaver, or the
itke for listening to music, or a live voice or live reproduction signal, such as one would
speak into a cell phone, or telephone, or 2 microphone or a broadcast device, or the like. The
signal from the signal source 20 is split into duplicates of itself using a splitter or other

means, or through repeated duplication in a mixer, with splitter capabilities.
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60] The input circuit 65 has left and right inputs 35 and 37 connected to a
pola switch 66 that is connected to gain anplifiers 35 and 38 and is set up
to provi d¥0@81ABIYY switching of the input signal based RFE/UHE1EBISHGI on of
the switch 66. .The switch 66 is linked so it reverses polarity of both

channel s pr i cally simultaneousl set the ' Absolute Phase' of the
audi 0 si gnalag.bt] afheyongéﬂ%}jﬂ OGS Sﬁn@&?}gﬁsﬁ@eg H’G’%‘t méf?%rat?:%f‘stl?ﬁ?%esagﬁ%ﬁ”i ed to
both a Fre_bl e circyit 67 and a bass circuit 68, Left and right signals are
sunmed PHoENE siike g Being in-phgseds @ HANG TG deipie PRerguwheaaiagi| fr om
the mxer 42 is filtered through a two pole filter 46 with the -3dB point
at 1000eferense pighalr iTihys refgireneh sigfaliipveptiscari@etsiigntalt it foenectgssdry 2 nEitlerde i s a
control amplifier for mxing in bass from+0dB to +6dB. In the bass circuit
68, thdostnmedhsigradisd of iddantih@rmhnes, WiZchareniihd fRdeow ik eghiganiwy pol e
filter wwth the -3dB point at 100Hz. There is a polarity switch 44 to

i nvert ;then st @RahcrhaNes eSSaLY bandik dzﬁ\é@hh&{@ﬂ&réﬂt of polhBfy, Wil Qi n bass
from-rQdB to +6dB. 62] " A stereo hem sphere circuit 70 uses the

B
right eft sig r ' , Lts hr. h bufferin
R L R T R A S T
| egs, with . the |npu ignal frombuffering anplifier 52 being inverted in
anpl i f;g@?seé%yeé SiE‘ﬂ?ﬁrﬁZd with the signal fromanplifier 63 in a nixer 56 to
get a L-R si %nal . The signal frombuffering anplifier 53 is inverted in
anpl i fi er 641hnd Paasemexkrivigtbestdeenshigaain érioneraavgitiaké @i80B2togathat weh 57 to
get a R-L signal. The inverted signal fromanplifier 55 is filtered with a
| ow paggafidd se@ionabprand siisis adk USRBINE) whd Bo bh nkedaVoJH 268 s &Rl had
Amplifiers (VCAs) %9. The inverted signal fromanplifier 58 is filtered
wth aJ : Il rer. .60 I | | i th |inked VCA 59. The outputs
of the® '%%stﬂééﬁ%{% O%hg{/“él?? téeg%g'gér:%ﬁi ? #g?}sa%gjlo%%ﬁ 'pl}‘fb%%r%?e?tﬁ'ee%\}lh&%al from
amplifier 7 su;ﬁgﬂed vyith tge signal fromanplifier 52 in mxer 61. The
out put “PRBHNEHpI % JeER!t P2 UGSl FORPIHE fRECStaBLENat 1 ool PPE iRy anpl i fi er
53 in mxer 62. The signal frommxer 61 is fed into swtch 73 and the
si gnal dfreasionas st mei-dignepgignalohayia smilpg andrhke propewies & Gaalicfimbinumiixer 61
is sent to the output circuit 75 m xer 40 and to the nonophoni ¢ hem sphere
Ci r cui tva80. EFhetidiyt pedlyilp any ninxedr @2nixsurs efithesomivhied cachpidtieciviicptotiuced m xer
41 and to the nmonophonic hem sphere circuit 80. Qutput of mxer 40 is

connect @ehbiOptis¥ &yl @ AUt PWksehbe, dhdsOML P e B2 WA XS prddiding .connected to a
vari abl e output 77.
substantially complete signal without canceling the in-phase signal. The use of a phase
layered signal is to provide a continuity of phase relative information, or otherwise concealed
information, as 2 moduiar component that layers in equally with the reference signal.

52]  The reference signal 21 and the phase layered signal 22 are sent into a signal
mixer 23. A third or high pass signal 24 represents any point of frequency above 1 keps,
more or less. A polarity switch 25 switches polarity or phase from OE~180E prior to sending
the signal to the mixer 23. A fourth or low pass signal 26 may have a frequency below 1
keps, more or less, and alse has a 0E~180E phase shift control 27 prior to sending to the
mixer 23. The purpose of the high and low pass signals is to apply spherical angles of

degrees, or phase layers, to what might otherwise be flattened out by a typical amp-speaker

using multiple crossovers. By applying these angles, of 45E, more or less, layers of phase
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64] The left stereo signal input fromanplifier 36 is sumred with the
treble and bass circuit output signals and with the m xed signal from

anpl i fi er w®L201H03136er 41 to produce the phase | ayered | ebCrelanneis4ont put
signal. WD 2011/ 031953PCT/ US2010/ 048406 65] The right stereo

signai nput .from anplifier 38 is su dwith treble and bass circuit output
oi gnal o BRI T REPTRRENY SPBRIE PHEH ERRICPTIFGR 6Bt RO feaace tale phase

| ayered right channel output signal. . 66] If the switches 73 and 74
are pl atBEITH WEBHEPHGATC Ths aesultnp eersodygd signat i bretrpsphiated asbeingonni xer 73
is inverted in the inverting anplifier 81 and the output of the hem sphere
m xer 62nprgvednwend eden playaibrasghgnpmpl &l Eeisti®P audibeyvségnaGidtabphisaverter 81
is inverted again in inverting anplifier 83 and the inverted signal of

i nvert efop83] inSy bB peIvidRd rR@akAhi NS §18%taBdallT BempRY®eR e sishanatiuisam
anplifier 83 is fed to the mxer 85 and m xed wth the signal frominverter

82 and the, Qi fza@%reﬁaeqmtw%&ehmham'Jn&ie%er@ﬁesk%afx fluiQ ﬂ?q&@; aﬁﬁalgm m xed

with the I'nverted signa rominverter 8 _ si gna romm xer 86

is inverted in amplifi 8 and. the output of mxer 85 js inverted in

anpl i f iRy Oﬁih"g%ﬁlﬁ%g@%m& a@‘ﬂ%ﬂ BB Prr ot FageRee %ééig@&mc%%ﬂlﬂﬁea | ow
pass fiL%er 90 and sent to the |inked voltage controlled anplifier 91. The

i nver t sHITRERERAI THE SRRSEMpIYSRIeT cgpics deiesaeal Pimse derandes wipabews farter 92
and sent to the linked voltage controlled anplifier 93. The VCA 91 out put

i s i nventadiintoahfsirirdlp@ve @Bscadehtfisdiiomt o a m xer 94 and mixed with the
signal frominverter 81. The signal is then inverted in anplifier 98 and
applied to t33¢ swWHeohixé@siamd flvente riiQert IRisnipyBES thé @ndoKbke TherQuipuds of
VCA 93 is inverted in anplifier 96 and fed into a m xer 97 and mxed with

the si gRahdhs GMAYBKLED B2vd Realgnal: 15 ARabuik ﬂy&rc&)&%ni:@géfmhéfi er 100
and applied to the switch 74 and hence to the mxers 40 and 41. 67]

Th ' ' ; i | .1 h at, i f | ef d.righ
0 U Rl T 1 SRl o0 08, o bebhyandarh o

i nput s "as ri'ght i npu = 1;
Bass circuit output = 2: and the stereo or nono, hem sphere output = 1.
6] RePSHPTHE TN ERGiE R ﬂlﬂ%@%ﬁ‘aéf‘é“ggnblfmfiﬁgatﬁ?regté%%wVWﬂzaﬁ chi des
sel ecting

construction of software to produce a substantially complete signal. This active open signal
can be placed between the output of a signal source, such as a CD player at one extreme, or at
a teleport transmitting station to satellite at an opposite extreme. It can be applied to work as
a cireuit in a celtular phone or elsewhere. This present method can be employed actively, at
the A-Chain, meaning, at the front end of the signal process, such as in applications between
the output of a signal scurce and the input of the amplifier, splitter, or the like.

54]  Figure 3 is a block schematic of the active circuit of Figure 2 for stereo signals
for unfolding, recovering, and revealing, hidden and buried spatial, spectral, dynamic, and
other acoustic informarion contained in audio signals. Figures 4A and 4B together iliustrate a
more detailed block schematic of the circuit of Figure 3, adding a monophonic hemisphere
circuit.

55]  Referring to Figure 3, the input stage receives at Jeast one audic signal having

a positive and negative polarity. Shown here as an example is a stereo signal, wherein the
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a discrete signal source (35 and 36) and produci ng an in-phase reference
signal fromthe input circuit 65. An inverted phase signal is produced from
the refer@lcdiBidgea@l in the stereo 22 hem sphere circuiRCT70S1000/p¢8a¢tuce an
out - of - phase signal with the reference signal. A phase |ayered signal is
produced.fromthe reference signal in the trebl ircuit 67 which may have
D ohaseln el th e SPerol- b an Moip Bt degrBede ielisiiedd PAYErat oi gnal
is also produced fromthe reference signal in the bass circuit 68 which may
have a PHa%Ee] Qggiyplike b el B¢ erew Filyphislt spams amplifigtde gprides tomnisftphase

| ayered signals can |l ead or lag the reference signal by 90 degrees or by 45
degr eesmoier ¢arnvibie thetutpot e phlasendliéadd hg annbaghicngigthenixef ét.eibeledi gnal .
bet ween 0-180 degr ees. 69] It should be clear at this tine that an

audi o re@raduchben fSysthe mipiisicheBnnprigdue eshwaite b k@i deBera tvd Libhal |y
omi -di rectional and open sound from an audi o signal source, enabling an

ot her wi §€ . §hABH R Phne isHEHER! S8 %%g%e@m%a@@%d trElﬂg Becdifkanskanigded 060,18

substantially conplete audi 0 si However t present invention I's not

to be ¢ tr ‘ lim.ted . he for ho hich. t e _consi dered
11 st r St rob R ant bRl Bl [ PR TR SR B P PBREr ent bo
those skilled in the art that rious nodifications and varjations can be
made i PAHEY prewesid ip 0 SRAOR" msiowhgfgﬁﬂam 1HES HHE ARIE HEPSISTEF P U C3kope of
the invention. Thus, it is intended that the present invention cover the
nmodi fi dgtisehior amdng/ari ations of this invention provided they come within
the scope of the appended clains and their equivalents. CLAI M

561  The summed signal from the mixer 42 is aiso applied to the treble circuit path,

which is parallei to the bass circuit path, and in which the summed signal is applied to a high
pass filter 46 (such as 1000 Hz) and has a polarity adjusting ampiifier 47 and an adjustable
gain amplifier 48 available for tuning. The output phase of the treble path can have different
settings but as shown leads the reference phase by 90 degrees to provide one phase layer
which is applied to both the left mixer 40 and the right mixer 41. The output phase of the
bass circuit can have different settings but as shown lags the reference phase by 90 degrees to
provide another phase laver. The output of the bass circuit is connected to the left mixer 40
and to the right mixer 41 through a pair of gain amplifiers 50 and 51. A stereo hemisphere
circuit applies the left input 35 signal through a buffering amplifier 52 and the right input 37
signal through a buffering amplifier 53. The left stereo signal is subtracted from the right
stereo signal (Signal L-R} in a separate path in mixer 54 and is put through an inverting
amptifier 55 and is low-pass filtered (-16kHz) in the filter circuit 56 and fed to linked voltage
controlied amplifiers 59 and to mixer 61. The output from the amplifier 52 is also coupled to
the mixer 61.

571 The right input 37 signal from buffering amplifier 33 is subtracted from the

left stereo signal (Signal R-L) in mixer 37 and through an inverting amplifier 58 in a paralle!
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An audi o reproduction process conprising the steps of: selecting a discrete

si gnal source; produci ng a reference signal fromsaid sel ected
di scret e WDgnHEI®3EGr ce for produci ng an out put of an i nPHRASEIPEHEPEeNCe
si gnal ; produci ng an inverted-phase signal fromsaid sel ected

di screte,si a{ source for producing a f. u%,ot.a ol-arity-inverted
Si gnal S Bae g A piac8 o Eyar iRy R e Wi 8 s bl L eaE B
substantial |y instantaneous change in phase qof said_dLscrete‘sL%nal sour ce,
and  the lipkediingageoqiplee MBRALRSISIGHAI™ AHET St d FAUEFTPS 2TPRlErted 2PRase
signal and said phase layered signal to forma conposite output signal for
t he r epropadtiremlysd tswoundr 63.2. The audi o reproducti on process in accordance
with claiml in which the step of producing a phase | ayered signal includes
produci ng a 38hasdhayeied thesehle, Sigadldifisecha jphraseSayer R hasSgsiignal for
produci ng phase | ayered treble and bass signals.
can be adjusted in parallel, and Signal L-R subtracted from the left stereo signal in the mixer
61 (defined as Signal Rmix) and Signal R-L. in a parallel path, subtracted from the right
stereo signal in mixer 62 (defined as Signal Lmix). The output of the Rmix mixer 61 is
applied to the right mixer 41 and the cutput of the Lmix mixer 62 is applied to the mixer 40.
The left stereo signal is summed in mixer 40 with the treble circuit signal, the bass circuit
signal, and Limix output to produce the phase layered left channel output signal. The right
stereo signal is summed in mixer 41 with the treble circuit signal, the bass circuit signal, and
the Rmix output to produce the phase lavered right channel output signal.
597  Turning to Figure 4 of the drawings, a more detailed schematic block diagram
has combined active stereo and monophonic circuits in accordance with principles of the
present invention,
601  The input circuit 65 has left and right inputs 35 and 37 connected 1o a polarity
switch 66 that is connected to gain amplifiers 35 and 38 and is set up to provide polarity
switching of the input signal based on the position of the switch 66. The switch 66 is linked
so it reverses polarity of both channels practically simultaneously, to set the *Absolute Phase’
of the audio signal.
61]  The outputs from the input circuit are applied to both a treble circuit 67 and a
bass circuit 68, Left and right signals are summed in the mixer 42. In the treble circuit 67,
the summed signal from the mixer 42 is filtered through a two pole filter 46 with the -3dB

point at 1000Hz. A polarity switch 47 inverts the signal if necessary. There is a control

ampiifier for mixing in bass from +0dB to +6dB. In the bass circuit 68, the summed signals
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3. The audi o reproduction process in accordance with claim 2 including

m xing left and right inputs of said selected discrete signal for producing
sai d phas®ICa3er&d®%r ebl e signal and said phasel ayered bd$/&526W418406 MCSLLP
4. The audi o reproduction process in accordance with claim3 in which said

produce |l arity-inverted phase signal, s, created.i ar al | cikcuits,
bron - orele et Mg iehe BRRR o L RPhE P pBRE & b O ' e
audi o reproduction process in accordance with claim4 i ich the step of
produci’hg P§g’i”83’ PB4 - YR ENE é@nﬁlwg§%53§?a§1ﬁ%d { LF&’F]LRP@%T OE?'% SRS dhd
conmbining a left mnus right signal and a right mnus left signal for a
pol ari t3as§ foertled tol&d8. signal . 6. The audi o reproducti on process in
accordance with claim5 in which each parallel polarity-inverted phase
signal is cadipl edh tere Heimipddrevotchade wwenthe olghegchdadnplsighe®from the idyuc audi o
reproducti on process conprising the steps of: selecting a discrete signal

sour ce Rl ksingusiheumelechadifdiser glessi gnal source; applying the selected
di screte signal source to a first circuit having an in-phase signal output;

appl yi ng theﬁS?teLgﬁltse%gng%p%&reeclh%uﬁiﬂ%ﬁ% géﬂHélﬁﬁgesE gzitf} tﬁeeﬁlg{?%i&ia'i Uit having a

pol arity-inve i gnal” output; applying el'ecte I'screte signal
source .tq.a thirﬂ,cj ui.t having a phase layered signal. out wherein the
third e SpRRErareE naia rase MRIEFh SRS D ERPRT ng. an
i nst ant aneous or substantially instantaneous change in phase to the
di scr eti@difighdd sbipies S0 ghectadmil ARG Thesigny A Sulpyinesaepldior OR& first,
second and third circuits to produce an audi o output signal for driving a
t r ansducented tihemphijergricdd cimgeduditiothe oiamd! frawi antplipleas?id myrer 8d tcgnpdient s.
8An audi o reproduction process in accordance with claim7 in which the step
of L signal, The inverted signal from amplifier 55 is filtered with a low pass filter 56 and is

adjustable with linked Voltage Controlled Amplifiers (VCAs) 59. The inverted signal from

amplifier 58 is filtered with a low pass filter 60 and is adjustable with linked VCA 59. The

outputs of the VCAs 59 are inverted with amplifiers 71 and 72 and the signal from amplifier

71 summed with the signal from amplifier 52 in mixer 61. The output from amplifier 72 is

summed with the output from buffering amplifier 53 in mixer 62. The signal from mixer 61

is fed into switch 73 and the signal from mixer 02 is fed to switch 74. The stereo signal from

mixer 61 is sent to the output circuit 75 mixer 40 and to the monophonic hemisphere circuit

80. The output from mixer 62 is sent to the output circuit 75 mixer 41 and te the monophonic

hemisphere circuit 80. Qutput of mixer 40 is connected to a variable output 76 and output of

mixer 41 is connected to a variable output 77,

64]  The left stereo signal input from amplifier 36 is summed with the treble and

bass circuit output signals and with the mixed signal from amplifier 61 in mixer 41 to

produce the phase layered left channel output signal.
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~applying said selected discrete signal to a third circuit includes applying
said signal to a phase |layered treble circuit and to a phase | ayered bass
circuit. WRNESLLP193. An audi 0 reproduction process i n acsgrdenoa4sdoth cl ai m
8 including the step of adjusting the phase of the output signal of said

Phase L orer o oo oL 0 R USRS Bt ™
signal circuit coupled to said discrete signal source for producing an
i n- phas@criPERSHEENF grdvith shombsd sigpebiemnigmifgnal icppéeietthe st ed to sai d
di screte signal source for

layered right cha;mel output signal,

66]  If the switches 73 and 74 are placed in monophonic mode, the output of the
hemisphere stereo mixer 73 is inverted in the inverting amplifier 1 and the output of the
he1njéphere mixer 62 is inverted in inverting amplifier 82. The signal from inverter 81 is
inverted again in inverting amplifier 83 and the inverted signal of inverter 82 is inverted
again in inverter 84. The inverted signal from amplifier 83 is fed to the mixer 835 and mixed
with the signal from inverter 82 and the output from inverting amplifier 84 is fed to mixer 86
and mixed with the inverted signal from inverter 81. The mixed signal from mixer 86 is
inverted in amplifier 88 and the output of mixer 85 is inverted in amplifier 87. The inverted
signal from amplifier 88 is passed through 2 low pass filter 90 and sent to the linked voltage
controiled ampiifier 91. The inverted signal from amplifier 87 is passed through a low pass
filter 92 and sent to the linked voitage controlled amplifier 93. The VCA 91 output is
inverted in amplifier 95 and fed into a mixer 94 and mixed with the signal from inverter 81.
The signal is then inverted in amplifier 98 and applied to the switch 73 and hence to the
mixers 40 and 41. The output of VCA 93 is inverted in amplifier 96 and fed into a mixer 97
and mixed with the signal from iﬁverter 82. The signal is then inverted in amplifier 100 and
applied to the switch 74 and hence to the mixers 40 and 41.

671 The output circuit 75 mixes the signals in the ratios for left and right inputs
as follows: Left and right input = 1; Treble circuit cutput = 1; Bass circuit ouiput = 2; and the
stereo or mono hemisphere output = 1.

68}  Referring to Figure 4A, the process of the present invention includes selecting
a discrete signal source (35 and 36) and producing an in-phase reference signal from the i.nput

circuit 65. An inverted phase signal is produced from the reference signal in the stereo
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producing a polarity-inverted signal fromsaid discrete signal source;

a phase-layered treble signal circuit coupled to said discrete signa

sour ce foWwWOplodwa?itg a phase-|l ayered trebl e signal by arednssmmt/essewus or
~substantially instantaneous change in phase of said discrete signal source;

a phase-| ayered bass siqgnal circujit.coupled to said discrete signal source
For oy dHUEHTS B0t Sy apeh bR S Bar By B Pherioah 60y o brise
substantial |y instantaneous change in phase of said discrete signal source;
and  layered Hgnut prggueadiieun tthec@tgﬁwr@a stggat wehe treblacicyit ormdidhdnrelarence
signal circuit and fromsaid phase inverting signal circuit and fromsaid
phasel ayeseidading Blegesirgralsigonl igudbd degaerd. fA pimss &ivdrgphagel aydroedothass si gna

to forma conposite output signal. Il.The audio reproduction systemin
accor dange tw efer&leaisiindOnithe Witk ehcsabglwdithtiy BiveGUitasd Rebindes: @rdviaer for
m xi ng sai d i n-phase reference signal, said polarity-inverted signal, and

sald_Phasgr pKenedoubehbe Plofak. Avd.8ald.RNas %Ay el hase,a) gngl pho form

a conposite output signal. _ , e audi o repraoduction system
accor d%'a(%i%gx\"geg QI‘ l%lz 2 gf‘:g]f%esl o c\:(xvrr)“bg Qet%g Iarcljy Bﬁaasg ?eading or lagging the reference signal.

between 0-180 degrees.

69] It shouid be clear at this time that an audio reproduction system has been
produced which provides a virtually omni-directional and open sound from an audio signal
source, enabling an otherwise standard, incomplete audio signal, to be transformed into a
substantially complete audic signal. However the present invention is not to be construed as
limited to the forms shown which are to be considered illustrative rather than restrictive.

70] It will be apparent to those skilled in the art that various modifications and
variations can be made in the present invention without departing from the spirit or scope of
the mmvention. Thus, it is intended that the present invention cover the modifications and
variations of this invention provided they come within the scope of the appended claims and

their equivalents.
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inverting signal circuit includes an inverter circuit. 13The audio
reproduction systemin accordance with claim 12 in which said phase-|ayered
trebl e and phase-| ayered bass signal circuits each includes an inverter
circuit. | 4The audio reproduction systemin accordance MiE$k.Fel aim 13 in
whi ch said discrete signal source includes left and right signal inputs.

15. The audi o reproduction systemin accordance with claim 14 in which said
di screte signal source left and right signal inputs are coupled to a m xer
to produce a conbi ned signal coupled to said phase-layered treble and bass
circuits. I8TH¥Saudi o reproduction systemin accordance with claim15 in
whi ch said phase inverting signal. circuit has a pair of parallel circuits

each conbi ning the discrete signal source left and right signals.
I An audio reproduction process comprising the steps of:

selecting a discrete signal source;

producing a reference signal from said selected discrete signal source for producing
an output of an in-phase reference signal;

producing an inverted-phase signal from said selected discrete signal source for
producing an output of a polarity-inverted signal;

producing a phase layered signal by an instantaneous or substantially instantaneous

change in phase of said discrete signal source;
and
mixing said reference signal and said polarity-inverted phase signal and said phase

fayered signal to form a composite output signal for the reproduction of sound.

2. The audio reproduction process in accordance with claim 1 in which the step of

producing a phase layered signal includes producing a phaselayered treble signal and a

phaselayered bass signal for producing phase layered treble and bass signals.
3. The audio reproduction process in accordance with claim 2 including mixing left

and right inputs of said selected discrete signal for producing said phaselayered treble signal

and said phaselayered bass signal.
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17. The audi o reproduction systemin accordanceclaim 16 in which one of
?a:d phase inverting signal circuit parallel circuits has a left - right
ilter and the other has a right - left filter. 18. Th | O
ﬁﬁ‘eﬂgﬁj sai d

reproduction systemin accordance with claim17 in whic
phasel ayered parallel circuit is connected to a voltage controlled
anplifier.

4. The audio reproduction process in accordance with claim 3 in which said produced

polarity-inverted phase signal is created in parallel circuits, each circuit combining the

discrete signal left and right inputs.

5. The audio reproduction process in accordance with claim 4 in which the step of
producing said polarity-inverted phase signal includes producing and combining a left

minus right signal and a right minus left signal for a polarity-inverted phase signal.

6. The audio reproduction process in accordance with claim 5 in which each parailel

polarity-inverted phase signal is coupled to a linked voltage controlied amplifier,

7. An audio reproduction process comprising the steps of:

selecting a discrete signal source; splitting the selected discrete signal source; applying the
selected discrete signal source to a first circuit having an in-phase signal output; applying
the selected discrete signal source to a second circuit having a polarity-inverted signal
output; applying the selected discrete signal source to a third circuit having a phase layered
signal output, wherein the third circuit generates the phase layered signal output by
applying an instantaneous or substantially instantaneous change in phase to the discrete
signal source; and combining the signal outputs from the first, second and third circuits to

produce an audio output signal for driving a transducer; thereby producing audio sound

having phase layered components.

8. An audio reproduction process in accordance with claim 7 in which the step of
applying said selected discrete signal to a third circuit includes applying said signal 1o a

phase layered treble circuit and to a phase layered bass circuit.
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9. An audio reproduction process in accordance with claim 8 including the step of

adjusting the phase of the output signal of said phase layered treble circuit and phase

layered bass circuit.

10, An audio reproduction system comprising:

a discrete signal source;

a reference signal circuit coupled to said discrete signal source for producing an

in-phase reference signal;

a phase inverting signal circuit coupled to said discrete signal source for

producing a polarity-inverted signal from said discrete signal source;

a phase-layered treble signal circuit coupled to said discrete signal source for
producing a phase-layered treble signal by an instantaneous or substantially instantaneous
change in phase of said discrete signal source;

a phase-layered bass signal circuit coupled to said discrete signal source for
producing a phase-layered bass signal by an instantaneous or substantially instantaneous
change in phase of said discrete signal source; and

an output circuit coupled to the outputs from said reference signal circuit and

from said phase inverting signal circuit and from said phaselayered treble signal circuit

and from said phaselayered bass signal to form a composite output signal.

il The audio reproduction system in accordance with claim 10 in which said output
circuit includes a mixer for mixing said in-phase reference signal, said polarity-inverted

signal, and said phase-layered treble signal and said phase-layered bass signal to form a

composite output signal.
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12 The audio reproduction system in accordance with claim 11 in which said phase

inverting signal circuit includes an inverter circuit.

13. The audio reproduction system in accordance with claim 12 in which said

phase-fayered treble and phase-layered bass signal circuits each includes an inverter circuit.

14. The audio reproduction system in accordance with claim 13 in which said discrete

signal source includes feft and right signal inputs.

15, The audio reproduction system in accordance with ¢laim 14 in which said discrete
signal source left and right signal inputs are coupled to a mixer to produce a combined signal

coupled to said phase-layered treble and bass circuits.

16. The audio repreduction system in accordance with claim 15 in which said phase

inverting signal. circuit has a pair of parallel circuits each combining the discrete signal

source left and right signals,
17. The audio reproduction system in accordance with claim 16 in which one of said

phase inverting signal circuit parallel circuits has a left - right filter and the other has a right -

left filter.

18. The audio repreduction system in accordance with claim 17 in which each said

phaselayered parallel circuit is connected to a voltage controlled amplifier.
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