APPARATUS AND METHOD FOR A COVPLETE AUDI O SI GNAL [1] This application
is a continuation-in-part of Application Serial No. 12/585,411 filed

Sept enberwbdp122008%7 which is hereby incorporated by refecensernionne
entirety as if fully set forth herein. BACKGROUND OF THE | NVENTI ON

[2] The present invention relates to a nethod and apparatus for
establishing a substantially conplete audio signal and especially to a

nmet hod and apparatus for redeemng information froma discrete audi o signal
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velocity in um su ch.as. air nd.begi n

i st ur bance, BRI TR Es debamHg 4ot OpARplciBe SeaN I B85 ng,
and the like. The vibration of the sound source causes the formation or
pat t er rfiled Sgrfgiaber Hpd0QGa yddchyis Bpisbi incarroyaed brrefeisngeon itsengrety anif ddly

di nensionally, omi-directionally, spherically. It is these noving waves

t hat arset foethrhdreais sound. [4] There are three comonly neasured
conponents of any sound pressure: frequency, anplitude, and phase, when a
reference is avail able. [5] Since the birth of electronic audio

signals the goal has been to capture, store, and reproduce an exact replica
of the original sound evBMCKGROUWND HMEMEIINMENTEON i st ener cannot tell the
di fference between the reproduction and the original.

[002] The present invention relates to a method and apparatus for establishing a

substantially complete audio signal and especially to a method and apparatus for redeeming
information from a discrete audio signal to reconstruct, or produce, a substantially whole,
virtually omni-directional sound event.

[003] 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 vibration of the sound source causes the formation or pattern of waves.
The waves radiate in every direction, e.g., three dimensionally, omni-directionally,
spherically. It is these moving waves that are heard as sound.

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

[005] 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 reproduction and the original.

[006] 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



[6] An electronic audio signal is a fluctuating electric quantity whose
variations represent all sound information as a code. W've |earned how to
unw ap mmwb 2012/ 7f requency and anplitude informati on pomrttisensg/oteooen t he
signal code with a high anount of fidelity, enabling the w de bandw dth and
broad dynam c range enjoyed today. Phase is one nmajor conponent of sound
that i . e i : i I . i t spati al
and ¢ erptvo BB B ERASRRL Bbleterflns enlinh B B dine e by
conventional neans w.th significant fidelit As conseqguence,
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[7] An ideal conplete audio signal would be one in which all sound
conpone&Rnsergopalimeany vahehgdticant delify: A @ coaprguprgsr eryeRENALY Fersednged
fidelity, including frequency, anplitude and phase. Such a signal would

al so bewidpdiigtalstguhis paink avertwen itvemplétgi nal sound event; e.g., radiate in
all directions, three dinensionally, omi-directionally, spherically,

rat her than [867]exA$ideRiGconpi@BRLIED 8ighhloNak18 bd@ne in which h8]lsoBeLasgnexdsst i ng,
i nconpl ete audi o signals can provide high fidelity duplication for only
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apparatus that are designed to conpensate artificjally for otherw se
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| eave the original sound event content elenents | ocked away within the

si gnal rebdethan asexisthigddeamplpigrsigndls dol osed of f, fol ded under, but
neverthel ess still contained inside the signal. The present invention is a
met hod and gpP8Ir Bassudeaispingducimgie® andivst g@iats cah lpyovideipikk fidelatydi o si gnal ,
not through the introduction of artificial elenents, but by opening, or

unf ol di iglicdtiea by I&he eAmphiRints (@R ihdncH AN alBRBELIT sBLAIQBu t hin the
audi o signal. [9] There are nmultiple uses of the word "phase."
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to eith e | proper I ng spea he term ' absol ute
phase' t%hd scribe a ma er'ﬁy ro%uctcI Q her as %pts faﬁhase t%»t ar
i mpor t AT A e SHOAA AT PARHS N &) ‘Eas‘i’&“éélfrf‘i){ﬁ dBF‘éft/)tg oY “at*e dppl i ed
to one or both ears sinultaneously. Prior art shows extensive work in the
ar ea ofoffsr ﬁlgg@ldyro?ﬂqggg enlgrerpent methods and apparatus that are designed to compensate

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

unfolding, the information that, until now, has been hidden within the audio signal.

[009] There are multiple uses of the word “phase.” General use of the term phase in
audio has been limited 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 are applied to one or both

ears simultaneously. Prior art shows extensive work in the area of binaural phase, which



WO 2012/ 094277PCT/ US2012/ 020016 refers to a tinme delay due to the
difference in the path length fromone ear to another. But the idea of
phase as woaefzmiirg characteristic of sound i s not generalrius2adizeecwsced. Nor
are neasurenents general ly provided. Phase herein is concerned with the
rules of hearing as a constructive process. That is, the brain takes data
com ng jt f , I r ti ui
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representation o ese ru I nvarve conplica nmechani cal ,

bi ol ogi.cal ,. and neur al ogi cal processes that are bel i evaply subtle and
conpl ex9cs of phasq BisT Bl Shpng danq: gty B INRaH i on,

enabl es sound to be rendered through a signal to the ear, in a way which is
subst arf¢agiepentseseialy proykied| Fhp AR é OnPynedvithderuaiasof 8oEHE aSraadi at i ng
sound in a way that is simlar and like that of the original captured,

t r ans mdongdictioe progeor dédt sothndraid taknsdats sommgad ittthem thecar \aad agpligsduleayves
fromthe ear to the brain conpletes the hearing process. It is believed

that phageuidiohfies bulldsSiep@sdnititton dfthd nabThédeyuled invebleeahspliched | i st eni ng
experience wth substantial accuracy. The present invention uses phase to
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substantially 1 ndistingui shabl m the original even Phase

is also ar ' measyre of one signal agai nst refe ce signal. In
ncoust o evalPO el B AT Y aBpiad WS AT BB BB RO e, Thi s
is inportant since in a normal |jstening experience, whether a single (or
mono)  <hipuah 2sgnalde dhaied, IH&W%WHCE Iesudrgptily indiginguishabiedrasp ,thea%rbgma?
recorded, the recorded signals represent the phase relative to infornmation
about taseusticcuetierdiitigaadwndan atwry thafdasinglar efd tikethad efrtbphogisal capewiedyul ti pl e
m cr ophones are used, the phase relative information for each recorded

si gnal trasmittequer fecortibesquadi Tiranmiddsidnhe the etaphbsueind elaats fremtthe édireo grur ce
as well as the acoustics of the space in which the recording takes pl ace.

Thus, afineBMpHIR HRAhEdr Rl rédesd. OR NORESyddOthe! fALE]s I TRNORAORAIC ifkgnal , by
summ ng their outputs togéther, or one can record discrete signals for

stereo i r r . i i . r . a

o1 gnal "ERb Rer S ACHOCREUR AR, pER NIl RoBER Fhe pEOGe BREIAL 2, 1o
listenin nvironment will be. uniquely different.for each. si |..VWile a
i oni 11 Ceneass Fonpv e isteas Gk 8 oSl <Betsare B ndheld sy Sl o
IistenLn& environnents, inclusive of head-related transfer functions and

di gi t alindipigpeaishablsdesthepriciateesdt-e artificial reverberation for the
illusion of a different space, it is virtually inpossible to separate the

| i st ener frdMtHePmsousisocsehtive measpackonerigil egnintie referende signdledr d.
However, since one can acconplish gradual cross-overs in physical space by
pl aci ngicowticiepbis, spRAKEPIEast D ihf1Berdce®BY bbiairbanml ypaye.i Thivil igtpoans se@e record
signals with multiple mcrophones, it is also possible to use the original
si gnal ihQ iBihEARLent 11xpBAQIEBY hAR AR REbib) iRl ie6RbAIAZuANARBRS and

i ntroduce graduated crgssovers in the Tecorded si'gnal and | ayer these

si gnal s.t aget her, ch_t he hat they .woul d be | ayered in_the physical
space, NI sET ole G A chEr R (aRRen MERRLG Kol i Y

pur pose of describing the present inventjion, various terps, including phase
| ayeri ﬁaf%ﬂaﬁ%@bahoay eroeiigdignals 3 theppeationoof fg lFllcé%PhtoéF'ngﬁ?Béﬁm%legr aduat ed

crossovers are enployed herein. ' ' o
microphones are used, the phase relative information for each recorded signal is unique to the

position of the microphone relative to the source as well as the acoustics of the space in
which the recording takes place. Thus, one can use multiple microphones to create a
monophonic signal, by summing their outputs together, or one can record discrete signals for
stereophonic or surround sound applications. In general, the path of a signal from the

recording through the chosen electronics and ultimately the listening environment will be



[0013] If any sound conponent is distorted fromits original form al

sound conponents may be affected. Therefore, what affects phase, anplitude
or frequewoyoizmy27af fect all. [ 0014] Stereophoni c amru$2012/020016 ef f ect ™
and does not exist in nature. The stereo effect produces a 'phantom i nage'

t hat appears as if sound is comng fromsonewhere in the center between two

st ereo . I . , I 1ng.: b I "11Jlusion." The
basi s f%ﬁ)cﬁlgg ‘lﬁlﬁfF%e\gpﬁ?é’h%u% ﬁ'y@ﬁfegl SE% eltlgaéltt g@éﬁg?ng ]ir)ese hﬁe())(\%ﬂ\c}\% {0 et%ﬁlé&%hant om
image i s able to. produce a.realistic "soundstage." The soundstage takes

bl ae. it fhaien SRy el A OhEs SREBE popéad- i iR BE Sote
soundstage‘generated by the stereo system produces such a convincing

phant orAnf gl sigaal preresying toepedte astbistal sveebsragionyfei thg illusignegfardiffpiepy)a|
reality. The soundstage breaks apart when the |istener noves outside of the
sweet spade, ites vinmnlly oopdssibletto sepueatk @fetljstaer froghthe acowatics afohe wphaee & t he
phantom i mage is taking place. Once outside the WO

2012/ 094 A e TobiRPN 1he4:Q2 ¢k vere Rice SROEan dcBemplidhushdnl tHsgohas idvbst
consuner based audi o equi pnment in use today is based on a stereophonic

sound ﬁ;hgﬁgﬁrsgace b placin% gﬁlitgl,% nek&s o ﬁe?@&ﬁ,rtﬂé sz!ﬁh@glﬁ?z ii/l{ewﬁicﬁg)?\g rgré)ﬂ ocessors

used i udi o el ectroni ype I's designed to so pro

associated,w th the environnen such as a gr i C uali.zer, and is
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system pl ays, the roomis not_ adding or subtracting fromthe sound. Another
ki nd ofeX&agjihg Infergralion gpntaped it e ﬁf@r@p@ REgCesseyiel fntipdluge g@%%teg eiwstem and
is designed to make fabricated recordings nade in a studio sound as if they
wer e r ewversdedhd iegerdedrsiding and dyaetiese tigalt togetbemnuichthreway ot hey wonldei r

pr of essi on. [ 0016] Anot her type of signal processor utilizes

psy choadedagir¢dinttRe iy sifaé spackas ednweyamobieeedistidydyahmivosheriadhe brain interprets
information comng to it fromthe ear. Many of these types of

psychoacoust[pg1Ri R ale RIrPSL DT AERrIBHENE pRBeH $:8Entidn, NaliBuSOINE i @idiAd N
problens relative to stereophonic sound primarily, and can sonetines al so
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as a secon nt a

are employed herein.

[0013] If any sound component is distorted from its original form, all sound
components may be affected. Therefore, what affects phase, amplitude or frequency, may
affect all.

[0014] Stereophonic sound is an “effect” and does not exist in nature. The stereo
effect produces a ‘phantom image’ that appears as if sound is coming from somewhere in the
center between two stereo speakers, when in fact, nothing is there. It is an “illusion.” The
basis for defining the quality in a stereo system is how well the phantom image is able to
produce a realistic “soundstage.” The soundstage takes place in what is commonly called the
“sweet spot.” That is where the soundstage generated by the stereo system produces such a
convincing 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



[ 0017] Stereophonic sound has limtations such as the sweet spot area in
whi ch the phantomimge is contained. Unlike |ive sound in which a | arge
audi ence wanomim7at one tinme, such as one m ght enjoyPpat/ts2@ene®@ié

st ereophoni c sound has a limted area between two speakers where the

audi ence nmust gather in order to experience the phantom sound stage. This
short caqm i I i to
over condFraerioR EaFPaichip. 1A% ERnbPLIRLLaMT REEAPHTRL RO R BREE, o
the sweet spot, or, as.in the case of notion picture theater sound, which
i s the Pastt e?ﬂ¥mﬁﬁﬁ@n@ﬁ@5‘gg and surround sound, elininate the sweet spot
altogether wwth a different technol ogy. Hence, one of the notivators for
devel opi ng d8913iThekg yasevraldinglsf sighalgueeasrars Hepsl ipaudioteleclppishcONe he

st ereophoni ¢ experience. The present invention is not limted to the sweet
spot, ampek caksipecderpelve pnades mssaciyted enthehe envieomynent, sech @ndgraplder any

| i stening conditions. Moreover, it works with all audio WD

2012/ 0HRATRE BhS2EL 282 @0Lbe 8 irghaks a ABCIr&E(U@NS) repRiks -suRAWH2h an SLEEO,
synt hesi zed nul ti-channel, and discreet nultichannel, recorded and

repr .OdL&g?cgmgﬁ%@th%@%ﬁlri.@ﬁa%aﬁlg%r W&gﬁégfﬁhﬂ th€ S8l 'Arjoﬂ{e?ﬁ(ﬁﬁltcif(g%{l‘ﬁbi ch has
remai ned hi dden and buried unti’l the present 1 nvention. [ 0018] One of
the rules of high fidelity is to st faithful to the orjiginal sound event
ahi cn ressigor B e St wef i frse R dd b Pgh o o e T o
design for serious nusic¢ listening, is to maintain as much signal integrity
al ong t'REPrdinas Bapain? %{gglpﬁeu%q %&légﬁff weperegpided livewaudigghemeerg st thsstdi o i s
actual l'y good science and there is no reason why good audi o cannot and
shoul d andtothse teghpini their profesisionaudi o signal s. Every tine an audi o signal
passes through any acoustical, nechanical, or electrical device distortion
is created. [AOLS]QAGesirgnsr o signakpiooedsomittlizehpsyahwasotistioftechingfues tbassl, t o

mai ntain faithful reproduction or fidelity so that the |east conprom sed

si gnal hesaEgudy 6 Hiwohe Bhaih ifl&ipldtyinfdiiRtisH Bsharttb af from SRRk ehRingédi 0
signal of the present invention is designed to convey significantly nore of
the inf i b Qd: i . W t hout

Si gni {1 T hareh O Stac Al R e b R RIPRAOE o v
subtracti anything fromit.. .100Q19] The follow U S. Patents show
Focohn, ditd Cd Bids Y seEephoh ap i RS SPPHERR 4% ¥ BB ophoni o
applications. There are three approaches commonly used in the past,

i ncl uditAgnaphenisapd disaicteonenaf aprlidtions| astvedl. Priofienas afseerRdryfslVaMRET) | t he
use of digital signal processing to create reverberant or spatial effects
to enul at e d08Bl]riereoptogictoed hahlamitatheas sofh asttbe bwedt epotrageagnwhidntient , and
the use of stereophonic signals to add spatial effects. The present

i nvent i ghan@hf ineice i dortbsed NoikenseRbiaT inaviiclDy Idrfeadténtedanisede atdhech can
be applied to nonophonic, stereophonic, or other nulti-signal formats. It

i's not fependeiloddReBhi fforst &Bcé&,%fe?é’bg%ﬁ@ bshANd aG8R d I RELYGwSREECh
intelligibility and ny” ot her aspects of all signal formats. [ 0020]

U.S. Pe}%v%nt %%fs vxghezrg ﬁiesa% ietnc(:)e I%(I)lgtt Sathe?%n g‘rldéf tot &85 hese S Llllgflt%amr {1331215 (rs:rté1§e.

Spe experienc
gener at'or "ARa St el eo expanst on processor. CACTethod and fappara

rovide_for one or nore of: , ,
P thls shortcoming in stereo sound has lead to various developments designed to overcome the

limitations of soundstage 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



WO 2012/ 094277PCT/ US2012/ 020016 recei ving an input signal containing
frequencies fromanong a first range; filtering the input signal to produce
a first iwbermadimve signal containing frequencies frompamarsgoia/ os@eeond
range; producing a sub-harnonic signal fromthe first intermedi ate signal
containing frequencies fromanong a third range, the third range of

f req“e%%n%fs ﬁﬂisg&gﬁ?ﬁ%—@%ﬁa&ﬁﬁ ?t\éleeob n%sfz9§’ n&?t?-%ﬂ%n%ﬁ“&&fdﬁ&e {fdenci es;

cancel i energ east some’frequencies from anmong’a tourth range of
frequencies froma |l eft channel signal of .the input sjgnal.to.produce at

| caat EhORABPR i ppORr AR SO e ey ol Shdain R PRRGy A
sone frequencies fromanong a fifth range of frequencies froma right
channel WiiFlyhag regpinef diddgp gpd Buggsbuntdl ghegpresputi@ventiqneast a portion of a ri ght
channel output signal. [0021] U.S. Patent No. 7,003,119 to Arthur is
for a matri {08L8]rOumaf theodeberf/high fidaity sep stalyifgithfusteshsengnalsosubewnst ens t o
generate outputs fromthe stereo input signal. A first sub-system

synt hesiiels nichis, plarbothe @%ﬁiﬁl&biﬂ@cﬂﬁ BMérativh? qlengbagesmtfbeddsmar &drionent er
i mge between the left and right speakers in front of the listener. A

second §ib: BySTREiS W hRGIL gssmhaf?%mtiﬁ@%ﬁ?%ng%@a&% phtRAE theQlddtPYE the
ges t he si A

signals, which praces the sound I des of "the |istener.

third sub-syst synt hesi zes the left and right. stereo outputs nd expands
the | ocliIEHE! BIFnHEoPERIAE AT R Eoba Sl nt R e g5 Pt

st ereophaoni c spatial expansion circuit with tonal conpensatjon and active
mat ri xi 3G9 SBHARA sheridigst s appliedto phiudie sigppls-ghenty tigran qudiosighddr eophoni ¢
expansion circuit, the (L+R) sumsignal is spectrally nodified by

i ncr eagiapyys threuPudy agausticrle bleghdnieadyns wtsictrscat ddvage) distortiontihereptedr amnde® so as
to conpensate for a mdrange frequency boost in the (L-R) difference

si gnal .dedilzeers wetle apliaititicc @x@anst distoefiére cd maindaindaithbull rapriodictoh drieleBtygnal
paranmeters are produced by active matrixing anplifiers. [ 0023] U.S.

Pat ent Nhat@heibdst 2BRpEMiEY dikial bScdn®s tRe Kighsk eIz NThOSuR taRaly 8brhylete
expanded stereophoni c audi o 1mage. A stereophonic system has sum and

giu‘;{ gr eﬁ%‘?ﬁoﬁ ! rﬁg 8t n@g?‘rétsgr\}\tgfr%g@@it@ﬁ gs FRAnkRto LTRGY BnifteRGR) mBALIfQRe OF center
information of the original sound event than the prior art without significantly adding
anything that is not already in the signal or subtracting anything from it.

[0019] The following U.S. Patents show techniques used to enhance audio sound
fields primarily in stereophonic applications. There are three approaches commonly used in
the past, including the application of head related transfer functions (HRTF), 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, stereophonic, or other multi-signal formats. It is not dependent
upon the use of stereo signals and can improve speech intelligibility and many other aspects
of all signal formats.

[0020] 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:



WO 2012/ 094277PCT/ US2012/ 020016 center is acconplished by equalization of
the (L+R) sum signal. The equalization conprises decreasing the bass
response wbi2bp/iomrreasi ng the trebl e response of the sumrcIiuse@bk/ovdond t he
desired bass reduction being acconplished by the use of a gyrator to
econonically synthesize an inductance. Additionally, the equalizations in

the (L+ HEaR t;ﬁ;ﬂf 15{158 c‘g#{fﬁgf R AbmAm i Sfinfs{_ll%g%fg HileRS ﬁ{}qnﬁlﬂ

i ncrease t e“si gna uenci es are S|ng y or
conbi nati o bet &FF" P S. . . i . S. Pat ent hb
6, 587, %%1 Ce aaflré“;}é‘teé‘?% 1ate Siga| RuEpipige fie "r“&tﬁsﬁbo%a%%%i‘é?co&?fect of

stereo sound or encoded sound when produci ng three di nensi onal inage sound
si gnal gangeppicsiuginglasubhagneiesige e the iy igtermedipgigsignal epiainial ef f ect
enhanci ng portion where a signal for enhancing spatial effect and

di r ect ifwquynaés fsgunchong aphiotitange , thathi@den grifdregueyigdrein gobowharesocaavsi gnal
for enhancing a signal conponent of the stereo channel signal in a |low

f r equerntzyow aiegecciddah & of TRiqOEidtt Bghcting: Slegiiadt I€RNRPNEMEqUencias fib@d| e
frequency range is generated, and a matrix portion mhere t he out put signal

of the SRl Houfth Ea“ﬁ% of ABARGLRY ridAY 4 le?trbhaﬁﬁ’@ %HBlmftthéf rfbfl td %Ft%dr?&”d

enhanci ng portion and the stereo channel S|gn are ca ted mat ri x
manner 0 that the rove

i r 1 or atFat b Rk R i RV PRl S e Tied eréﬁgﬂméte Ufkyftasies
Accordlng to the patent, the spatial effect of soun an_be |nproved

wi t hout{Tqi8 pRgng a Edthyrnge efEFqEFIFCé‘?ﬁ foreaﬁeﬁt f}taepelrﬁlgrtaﬂefc Wedmt 3igadlitdn of
Signal to Noise ratio is prevented, and the cost-performance ratio for

real i zipigduge gplepital postid a pght shumg! pepitrignaled. [0025] U.S. Patent
No. 6,448,846 to Schwartz is for a controll ed phase-canceling circuit and
system The[BBQHnﬁSdEaamnhe§JEBnm90bVﬁﬂ@rmher@haﬁecnﬁkmmﬂonship bet ween a
processor's output or portions of a processor's output and the phase of the

Pr e- pr Qe8s&@M irfialiné whibh BscRAEtrAULBL ydtéE@d %&Mra‘t@&ﬁﬁut@ Froh P8R recSiipdthat  a
controll ed accentuati on or enhancenent of t processor's effect can be

20121 08 KPRt TSIB 51 GHOD LB BehS *ﬂaét”afﬁ é%ﬂ%lb%ﬁoé??r SR pIace e ISt heei ves
the procoeeinest BibsnhRoosariehl et Aol e iehod voP bR doan
teaches a_stereo enhancenent
synthesizes the virtual surround (or rear) output signals, which places the sound images to the
sides of the listener. A third sub-system synthesizes the left and right stereo outputs, and
expands the locations of the left and right sound images.
[0022] 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 (L+R) sum signal is spectrally modified by increasing the bass and treble
frequencies relative to the midrange so as to compensate for a midrange frequency boost in
the (L-R) difference signal. The stereophonic expansion effect and manipulation of the signal
parameters are produced by active matrixing amplifiers.
[0023] U.S. Patent No. 6,711,265 to Morris is for a centralizing of a spatially

expanded stereophonic audio image. A stereophonic system has sum and difference signals

with expanded spatial imaging. Localization of center audio materials more towards the



system [0027] U.S. Patent No. 5,761,313 to Schott is for a circuit
for inproving the stereo inage separation of a stereo signal. By using
speci al fwequemmy27response nani pul ation in the differeneeTalsannmekoond a
stereo signal, the stereo inage will appear to extend beyond the actual
pl acement of the |oudspeakers. This is acconplished by shaping the

d' ffer C ehiter r KNR0AED1HES Bgﬁgﬁal&gﬁl@{ 5&%9& )'(}%PL A e D120 ndco%n%gsbj ected

€ sources were Sl Ca virfua posi tions

CIFCUIt i ncl.udes sunmi n d h| qu aI| ation .circuit to which
the | erdiiy i Sicamn® sPf artehing GG BN ok B v Pov i STghis ng. and
human ear ualization circuit also to which the Ieft and right stereo

si gnal sdeéllf%i pradegtionmhpanhHagcpmplisheddm theyaseeof @) $y&a1pk & cgprorpicaldssyadinsized t o
formleft and right channel outputs. [0028] U.S. Patent No. 5,692, 050
t 0 Hawka inductace a Addttivodlya it appbzraibosinftbe (Isgd sual $igna ndedocaigpe siganles and
nmonophoni ¢ signals. A nethod and apparatus is disclosed that spatially

enhanceasisstréfiRaciss SitbdoSnotbisa okt sigad i fréllé NEqEabRabictiliichyblvkinblyBephoni ¢
receivers. In accordance with one enbodi ment, a stereo enhancenent system

i's '”pk%ﬁﬁﬁhﬁﬁn%ébﬁﬁnQﬂ#Xn&W@Fppm%&8§ and two capacitors and may be

swi t ched between spatla enhancenent nDde and a bypass node. I n other

construeti nd OB bk ShsGR FRARRErCRRk s I EiTerdi F% SrRER R pu

channel and e in ut channels In other enbodlnents pseudo- st er eo

si gnal Si%“"é;‘?%f??fé)é isteaep soMpd ephencoded sPuad pdie @Eeduc g ek &H{“Eilséocnélr iBpEpeaker
crosstal k cancellation principles. In yet other enbodi nents, the respective
spat i alsoenhsiaeadnfamssigfal W sxgap¢laandy ﬁh@ﬁn@s@m&mﬂd&f@ch@ﬂn@m@@ pertiongnal s
and stereo signals are integrally conbined into a single system capabl e of
bl endi ngheré¢ 0 s@ngldbt enhaaciag spniakeffed: hed enkaivirg e pdundfif peidacaf a badd.

[0029] U.S. Patent No. 4,959,859 to Kennedy et al. is for an FM channel

separ atdn@fhciel] psitioR Whe2YSdhi @M for enhanch2038knal 6m! EQﬁBﬁ@ Bt ineRRkeA@fahfdit i on of
an anti-phase signal is one that has inverted phase (180 degrees) as

sunmar 's%gqlql Inh llgw%recf %Il(?}nltan ge $a"fof RRintainin ¢ the signal component in a middle

frequency range is generated, and a matrix portion where the output signal of the spatial
effect enhancing portion, the output signal of the band enhancing portion and the stereo
channel signal are calculated in a matrix manner, so that the spatial effect of sound is
improved using a differential component between left and right side channel 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.

[0025] 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 particular 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



[0031] 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 woaoeswerf7f or stereo i mage enhancenent, apparemCcTdise@eteoisy of
the stereo sound is increased by the use of servo systens for the left and
right processed difference signals (L-Rp, (RL)p. Each of the left and
right QS Ie ] i [l ] . sj gnal
(L7, TEEViRRe RRPEM Rl Pl 3BRR Gt st veRL i ¢ PR pligtl
processeﬁ.differe ce s# nal s. The anobunt of anplification is controlled by
f eedi nd" PERKSYRRCd R thg RIgeesorGs PYURYG vity enhanced difference signa

(L-R) pe, (R—L&gﬁ, first conparin% it wwth the processed difference signal
(L-R) p, (RL)[POIfAwpstrakian BatentNQ OB {RA M Bhyaran teashes hitpree SAANSEMENG t wi t h
the input signal (Lin, Rin) in a preselected ratio so as to control the
anount sgtemnpl i ficati on of the processed difference signal that is provided
for directivity enhancenent. [0032] U. S. Patent No. 4,815,133 to

Hi bi no t eacl[ee2m 1$.8uP4teitti}d. &, W1FI3ebh Sgh@PRAbEE LiscuGFONBEFrBink Ghedstereo

st er eophoni ¢ sound source to supply audio signals to a | oudspeaker system

that hagm,ansdafliicRch SRR &l f BELLAG ol ehud Rl XbhAChfpubAd faR¢ sound
conponents by extracting a differenc I gnal "between right and left 1 nput
signalngThe diffeﬁegcetsi nallu hase inveﬁfed 1o ob%ai% andkﬁvegtqd
differ erligeerersl‘fegcrlulgflr.le EaER O YRB ' xi ﬁrgeoérinra ur't saprpg%ref)\?)e(senfi &N g £ 4 1rlfbut
signal, the left input sjgnal, the left and right difference signal and the
i nver t siAIMERERldhe udsRpakerst Shisibasempyshedrhy shaing F@fil?f%‘iﬁflﬁﬁhann%

2012/ 094277PCT/ US2012/ 020016 |0033 ~U.S. Patent, No.4,218,585 to

Car ver Iespohgs togirdilatertBe mspdnss eoadop regted ip Hrthe smirensdvanepisecatlyr st er eo
systens. The right signal in addition to driving the right speaker, is

i nver t adowaddo del vped paritiohs. aNsnditcugdndladds hauheiihg spehige freqidieyl ef t  si gnal

in addition to driving the |left speaker is inverted and del ayed and

t ransmdgh@ehation ERGuIT lodiHicts BRAK®And right steréPQSMHls de IppIRRL SR a MPferéhcé25, 586 to
lida is for a multi-sound reproduci hg apparatus for deriving four sound

si gnal Sfoifrﬁﬁlg‘ahéi‘ﬂuﬁ%' og eﬁgﬁliz%?g% cir&li zchpg WhiR IneSOK Aty ?%ﬂt%iréo %Q{Bzﬂée %‘3 to two

i nput circufts are each I n phase by phase shitfers an

supplied to arate output circuits. The | eft soun igpal, is also fed

© hF ougrPalifby e dts FPi s St crbirenmne i@ reLatChen Bt gt “Sound
signal and the conbined signal supplied to a separate output circuit

Li kewi s&tRY%® right sound signal is fed through a | ow pass filter to be
conbined with a the phase shifted |l eft sound signal and this conbined

si gnal suppl[0828]t6.SaPsepa¥@tdedBuI5pue Haiwks in for a method 4ndG@pirafindomet hod and
apparatus of the present invention reproduce a substantially conplete audio
si gnal sph@dllylnhhhdl@Sstares Whs hvabpladni@sewil. Afmdihel SRUPPariafifsas aBElbed that

contained in an audio signals code with inproved fidelity and integrity to
the or isg-ht'i‘eﬁiy SRS 3@HoGFenals without sacrificing compatibility with monophonic

receivers. In accordance with one embodiment, a stereo enhancement system 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 realized 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 spatially enhanced according to stereo speaker crosstalk

cancellation principles. In yet other embodiments, the respective spatial enhancements of



[0036] In addition to providing a substantially conplete audi o signal at

any link of the audio chain fromcapture, transm ssion or storage, to the
r epr oductworeofoouive si gnal, the present invention al so pcoxisdes/oa0may t o

reconstruct a substantially conplete audio signal fromthe code contained
wi thin an existing, (inconplete) audio signal. The principles of the

present | q ] . .S1 0 . , t i ngl e,
rono, PR S e SRR SO LRI ELERR o HERE o M RS T
audi o si.gnal . applications, from]ive transmtted sound, such as by

ol epnol S B b auaas TRy s ST TRAr SFESRRAET or by the r apr oduced
sound froma recording, such as froma CD or MP3 player, phonograph, DVD or
Bl u- Ray pl ay89291\\HSpBatontda #PHEEPP s Kenngdyeh 65 for an M gomngl sapriptieonal | vy,
the present invention also may provide inproved intelligibility for speech
and di adpgimeeasyitgul arl y advant ageous in tel ecomuni cations, notion

pi ctures, and other applications, such as mlitary, |aw enforcenent,

medi cal , anqoo30]erheasRi@riday edRdnaph as@iphieSignAl BOneith@hoyvesetddarity,

hi gher resolution, better dynam cs, truer tone, %roader, bi gger, w der
space. JHaLE (18D BELSE) dY UGS zed RIS kMRl /ApaEL ral bal ance, and great er

detail, are sone of 'the natural byproducts of presenting the whole, open,

i ai nal h I di ' |, i
g, BT A KR AR TR 11

met hod and apparatus for an audiquSProduction system that substantially
obvi at €§MV0ndn 8RS S EM Rayd HyiEbrhETairace Heralifphie precesisd el Y889 ant ages
of the related art. As stated, the Present invention applies to audio

si gnal smaFherhapeghendesppatcat digshvty of die gieadossoand velntreased hyribpissrmif sernd

mul ti channel signals. In accordance with one aspect of the invention,
phase- |sgytemk figr ths lefisand right pole 8ve ddfeconplkhals ALAR)p, R-D)yal Eacasf exdbfri ned in
the detail ed description below In accordance with another aspect of the

i nvent i 98 right &PVR| BPnadd the %sﬁé@i've &t SR REMp@dighat (1Ngh, RDen)galn for
each of a pair of signals, such that the rati o approxi mates what is

ref er 1 o hiieBRIELRe AT BdEHRLACT &rlahy pHRELE G RrRB LTl GRL Aol ! o
signal s dare en m xed to produce a orPespondlng audi o out put signal.

[ 0039] The..gol.den ratio is, re specificall themati cal ,.constant that
o de iamairRg e <Rk PeltRbh b e Rlisdier BBl SRaneRt R oy,
where the ratio of the sumof the two quantities to the |large quantity is
equal tsienahd--Rape. R3PS Kisst|capparingiiayith thy prasesspd diffeserice ﬁlgaala@irﬁmf (R-
Nunerically, the golden ratio equals one plus the square root of five

di vi dedubyetorodintntivhty ghhasemanti andathewoahbinughewith izt inpeuads] (lappRioxinrat el vy,
1.618. Wile the golden ratio has been used by artists and mat hemati ci ans

i n choaspregldetadpatié k@msto cdhtlol the amount of amplification of the processed difference

signal that is provided for directivity enhancement.

[0032] U.S. Patent No. 4,815,133 to Hibino teaches a sound field producing apparatus
connected to a stereophonic sound source to supply audio signals 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.
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WO 2012/ 094277PCT/ US2012/ 020016 while the ratio is found in nature, it has
never been applied to the mxing of audio signals in order to reveal

ot her wi sewbi2dber47ont ent buried in those signals. PLOO%O)12/Db@16

obj ectives and advantages of the present invention may be achi eved through
an audi o signal reproduction nethod and a circuit inplenenting the audio

signal repr gﬁb‘ﬁ]i@.@. ﬁ&%ﬁoﬂo.ﬁ,’!‘l{%;s%g}tgﬁag%% had, Q'Eiﬂnéﬂs{o%f s&uh@%ﬁ%d‘ﬂ%ﬂgamng

ot her thing mxing a plura Input signals 1n order to genérate a
plurality of inter iate signals. ch of .the internediate signals are

Dt el WPERNA D8 FSTEHET S <P B PR ReUp SIS a] Bk EronFhgn Ye AneR Sl
internedi ate signal is adjusted such that the ratio of gains associated

wi t h t Heeakst.dy aaited endsdedpya and HapsnpgRé tothe ddespepledry Toe lathtigrahddi at e
signals at | east approximates the golden ratio. The gain adjusted

i nt er medidatoa ts dgnialkshd leétspeakierisipver@dhng delayaf andritansmetidad ¢hesiiginal s ar e
then m xed to produce a correspondi ng out put signal. [ 0041] The

obj ect ispegkeand advantages of the present invention nay be achieved through
an audi o signal reproduction method. The nethod invol ves, anong ot her
things, sel qeh3410 8, Phistings. 8. AiseaBlio HAHICE: BRUNAGoh S fepRRMcihk ghfardlonal s,
applying the [eft selected discrete signal to first an% second 'summ ng
circuit and applying the right selected discrete signal to the second and
Chi o SUhAFRIRERRE P S s S 88 oSt veLPhRL Rl e R e e
di screte signal and applying the inverted left selected discrete signal to
a t hi r doSHMMAPNGCIET YIS 3q cackishifted i phase RE PRRERBHErTRNG) s suPRUES to %%aarﬁig?e ri ght
sel ected discrete signal and applying the inverted right selected discrete
si gnal augput kkectifsy s"lihengtrﬁﬁumgl segnatigiatso faththronghpulowgfass tltel thibe somangdsecond
summing circuits are applied to a left output summng circuit, and the gain
of eachwitihthatphade shifted righft towadtsinial sndnhe agmbined wighali sapplifjdustaedpaneh t hat the
rati o of gains at |east approxinmates the golden ratio. The input signals to

the | efdu%}wwemt.sumng tid 1 @ isburR Sortald RedBO6LH P10 SAY e ol RIcbnditfeput
signal. The output of the third andgsecond summing circuits are applied to

a right_. t I Erculf . i . I .d right
out put i B pr UV 1EkL S s nd 1, ORI iBRS hdelRdo BlerdBhE 1) AT,
WO 2012/ 9%277PCT/U82012/020016 approxi mates the golden ratio. The input
si gnal LUREHEYFi ght out put sunming circuit are then nixed to produce a

ri ght output signal. ) ) )
[0035(1 The method and apparatus of the present invention reproduce 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.

[0036] 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 substantially complete 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, DVD

or Blu-Ray player.
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[ 0042] The objectives and advantages of the present invention may al so be
achi eved through an audi o signal reproduction nmethod that involves, anong
ot her thiwgo12mhmceti ng a di screte signal source havi ngPprCefus2anm200i1ght
signal inputs, summng the left input signal and an inverted right input
signal to produce a left-right difference signal, summing the right input
signal and Y f f1.difference
si gnal , anda[ﬁo &&&lﬁﬂmlus éhf lp gﬁtrq%g %%1 ﬁ%gtnpar &gﬁ‘gﬁs ﬂT%Ilopr olélllteqhélbﬂft

| eft+right s t hod an rcuit further involve adjysting
the gailfl FEoEhr %?lpg’rﬁag%ﬁuﬂgﬁvnﬁantégwaﬂn teehP BRI ip e MR P RGd
left-right difference signal, and adjusting the gain of the right-left

di f f er e a8Pligasipns. SHeh 3s militarkidaw epfrecoratioaedisgd. adrasharemerseary sowdmi ng
the gain adjusted left+right sumed signal and the gain adjusted left-right
di f f er exppBcagiognallsboingrochdodarity) legheraesdilwionubgiter dgnagmas, trush®ne, brbaler,at i o of
gains associated with the left+right summed signal and the left-right

di ff er ejig@rswideadpadd, rh@aptecapRlyfxhithlhsretrlifirgGbelenl bahhd@, arkdl siehar detail,t he
gain adjusted le t+r|ght sumed signal and the gain adjusted right-1eft

differ t

wher e ﬁ*?i&%gﬁé L L P R e A PR SO S | and
t he rlg&ihh %f% dlfigg nce s ghal at | east approxinmates the golden ratio.
[0043] 828R LRI MURe.Vant ages of the present invention may al so be
achi eved through an audi o signal reproduction system The system conpri ses,
anong ot her things, a discrete signal source having |eft and right signal

out puts. The systemal so ¢ i j nd third sunm ng
circuits, each having an oﬁ@%ﬁ%?ﬁiﬁéﬁéiﬁ%ﬂﬁgﬁﬁﬁ§3§ | ef t input and a right

i nput oper at y, con te to the left and right sign uts f t he

di screte si dhéfé]s% tgf)Bthg?Ivé]i“ﬁFntl%égr Iecieg o éfnil%il arlaﬂlé first,
second and third sunn1ng circuits receive a left input S|gnal associ at ed

wi t h t H& auéforrepioghetiongsigin theyfsupsiantipilly obiates ong AEMOsHRIT B Prodifins ¢he tpi ght
input of the first, second and third summng circuits receive a right input
signalhmmmﬂﬁiZmD&maR@maﬁdﬁﬂmﬂﬂﬂﬂaﬂﬂi6Aas@ﬁﬁiab@mﬁMﬂﬁwmmmnmpghmtsignm
output of the discrete signal source. The systemfurther conprises a left

i nver t efudtodnal IVEHi$ Factudes $tedebphdhRUsi gisdl gabelPid @bndphohfent il fciuA ng
circuit, and a right inverter that inverts the right input signal prior to

the fi rs?% Eum&g)r&dn'&g WItth on§ta§]#éct I)%E entl(grhﬁgﬁéslg n%%fﬁgéd%%c eveeeft
output summ ng circuit haV|ng Irst and seco |np s “connected to

rst and con res ectl and .havi n
Aol | 1 AT SN G S B AR S LSRRG S SRR e
first and _second input, the Ieft out put CIrCUIt confl gured.to produce a
| eft owpther a3pgear thrﬁfléf?Pthél 2 ﬁ@nplégemufh%%ﬂgrml 5§ %Blef’%bigé‘ihﬁ“éﬁﬁ th% g8 Q5 gnal s
at the first and second input of the left output summ ng circuit, where the
rati o chclyaf npaingogiads, eagchphatthe hsiosipgresdimatas whitgs féfersed @ridrsesotd | nput of
the left output summng circuit at | east approxi mates the golden ratio.
Si m | ardoydentrhigo, Syteteeach pajprof gaia adjusiegRignalitaptithes wiiked @ peodueiat havi ng first
and second inputs connected to the second and third summ ng circuit

out put kgl v8loYoutfididAgvi ng an anplification conponent for separately
adjusting the signal gain at the first and second input, the right output

i xing the (AT ERIRER, Aokl %’@%lﬁl%i A ShERRlealThE ol B OBEAERE' 1 O

out put .sunmm n cuit, where the ratio ai ns assoc ated th the
si gnal LYo ntﬂt}f}ss?nea}ﬁ’@e’é%‘&a&ﬂa‘/ e sBr ’h PHGhVIE {?tthﬁfat@ fh%j‘“&?@ cui t
at | east approximates the golden ratio. [ 0044 is to be understood

t hat bdbhtwheuamgtieyieithylagereaatityde seyal g thematimef the rg%lqluéwtﬁgo et ai | ed
description of the present invention are exenplary and explanatory and are
i nt endesthaller quantityd Ndmetidadly, thx gbllnatitoreqohls tohe plusvientquere rast dlfaiemred. BRI EF
DESCRI PTI ON OF THE DRAW NGS

divided by two which gives an irrational number that equals, approximately, 1.618. While

the golden ratio has been used by artists and mathematicians in choosing proportions, and
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[ 0045] The acconpanyi ng draw ngs, which are included to provide a further
under st andi ng of the invention and are incorporated in and constitute a
part of tWo01MD92012/ 094277PCT/ US2012/ 020016 speci fi cat ipom/useéiosdonat e
enbodi ments of the invention and together with the description serve to
explain the principles of the invention. [0046] In the draw ngs: FI G

1is a plipck f%% ?c{HnEifnﬁ AR ﬁ'h‘é?n?&h’ 'Bgens%/p?)rhgmd éﬂe%&‘i‘iﬁgé@'&g&o"s\’igﬁ&b%f | st

exenpl ary e fie present 1nven I"'ock

di agram of an active so ystemin rdance with a second exenpl ary
enbod rPéﬁrtareVFﬁleo%msgﬂvgé ShERbRticd iEhose PehalSs chemmt i ¢ of the bl ock

diagramin Flg o ,

] The objectives and advantages of the present invention may be achieved
through an audio signal reproduction method and a circuit implementing the audio signal
reproduction method, where the method and circuit involve, among other things, mixing a
plurality of input signals in order to generate a plurality of intermediate signals. Each of the
intermediate signals are paired with another one of the intermediate signals. The gain of each
intermediate signal is adjusted such that the ratio of gains associated with the intermediate
signals that make up each pair of intermediate signals at least approximates the golden ratio.
The gain adjusted intermediate signals that make up each pair of intermediate signals are then
mixed to produce a corresponding output signal.

[0041] The objectives and advantages of the present invention may be achieved
through an audio signal reproduction method. The method involves, among other things,
selecting a discrete signal source having left and right signals, applying the left selected
discrete signal to first and second summing circuits, and applying the right selected discrete
signal to the second and third summing circuit. The method also involves inverting the left
selected discrete signal and applying the inverted left selected discrete signal to a third
summing circuit. Similarly, the method involves inverting the right selected discrete signal
and applying the inverted right selected discrete signal to the first summing circuit. The
output of said first and second summing circuits are applied to a left output summing circuit,
and the gain of each input of said left output summing circuit is adjusted such that the ratio of
gains at least approximates the golden ratio. The input signals to the left output summing
circuit are then mixed to produce a left output signal. The output of the third and second
summing circuits are applied to a right output summing circuit, and the gain of each input of

said right output summing circuit are adjusted such that the ratio of gains at least
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FI Gs. 4A and 4B are expanded schematics for the schematic in Figure 3;
FIG 5 is a block diagramof an active variation of a sound systemin
accor dancwowntdnosire first exenpl ary enbodi ment of Fi gur @cT/usand/o20016 FI G
6 is a block diagramof a second active variation of a sound systemin
accordance with the first exenplary enbodi nent of Figure 1. DETAILED

DESCRI P et a te%?ﬁ%%?i’da‘ﬁﬁtml P@m%als to the[lg‘%{%%kt IS? 1§1r11% ecnx%{t a¥cntﬂ¥\l1 be

made |n e exenplary ment's prese I nvention, which
are illustrated  in the acconpanying draw ngs. [ 0048] Two exenpl ary
embodi MBHES 1§ FPdueEh tﬁﬂqﬁhgﬁﬁétantially conpl ete audi o signal according
to prlnC|pIes of the present invention are illustrated and di scl osed

herein. One [B0&pTherapicsiiodindenapesiet hepusssniiaventipanay e beaghirvedecond
enbodi ment shows an active signal. As one of skill in the art wll

appr ecithtosgh papedre siezngl rap@dnatonfetbad that svylvepeaoiong other dqogneslegmigta ng, or
filter type. Nor are filters [imted to angle, or degree, such as 6dB,

12dB, 1fi6iste Oilen@4@Brice i B efimiden ot K RAWISIAFYts SAhiniAY theSluf inp® sib@8) ald ahor | ow

pass or 16kHz for high pass are only used as exanples for purposes of

descri phi @R ri ight input signal to produce a left-right difference signal, summing the right input
signal and an inverted left input signal to produce a right-left difference signal, and summing
the left and right input signals to produce a left+right summed signal. The method and circuit
further involve adjusting the gain of the left+right summed signal, adjusting the gain of the
left-right difference signal, and adjusting the gain of the right-left difference signal. Still
further, the method and circuit involve summing the gain adjusted left+right summed signal
and the gain adjusted left-right difference signal to produce a left audio output signal, where
the ratio of gains associated with the left+right summed signal and the left-right difference
signal at least approximates the golden ratio. Similarly, the gain adjusted left+right summed
signal and the gain adjusted right-left difference signal are summed to produce a right audio
output signal, wherein the ratio of gains associated with the left+right summed signal and the
right-left difference signal at least approximates the golden ratio.

[0043] The objectives and advantages of the present invention may also be achieved

through an audio signal reproduction system. The system comprises, among other things, a
discrete signal source having left and right signal outputs. The system also comprises first,
second and third summing circuits, each having an output, and each having a left input and a
right input operatively connected to the left and right signal outputs of the discrete signal
source, respectively, where the left input of the first, second and third summing circuits

receive a left input signal associated with the left signal output of the discrete signal source,

and the right input of the first, second and third summing circuits receive a right input signal
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WO 2012/ 094277PCT/ US2012/ 020016 [0049] Figure 1 of the draw ngs
illustrates a bl ock diagram of a passive configuration that can operate
wi t h | oudwpealesmg27connected to an audi o anplifier w thoerCcTas2aiozions se
active circuit. A nonophonic or discrete signal source 10 applies a

di screte source signal to a first audio anplifier 11 and to a second audio

anplifi i f . i . t Ir peakers
3 and ST TR g tebal Wil oP i e CRRRSBLEE, Rty B lhe el oo
Amplifier 12 h i.ts output conpected to.a pair of speakers 15 and 16, each
havi ng SAmPESEw BHIPVERENEH vEg: Mg sk innubuhd] Per BUbt HEGUEYER HEdtof ( he
circuit can also be configured as one | oudspeaker having two voice coils.
The spe@lariehg gryerenBatdnyerisipetaidapytotamabpigrte thedist fusrmingicicakapipll e each
speaker is 8 ohnms and each circuit leg is 4 ohns. It should al so be noted
t hat orfertbérnte eysemplcomipesescalaftbatpus ednimmgoorrbit hating irstiant secopp épudd | y
desi gned single | oudspeaker having 4 voice coils. [ 0050] The first
ci r cui tcohg@tddtoahPArsehhdlecohd Ghrhing@NAeiE beguisireppasiecly @aMtaRhetdaat t he
anplifier 11 positive connection is connected to the positive connections
of - bot NyaERkR Pectip At b <G NSANHR! i iANGEAIAIARL alGcBRPhbLL er 11
is connected to the negative connhection of goth speakers 13 and 14. The
second cirecuit leg i.s aparallel circuid that.is. connected out-.of.-phase
whch ¢ e g E%en® s FhulBREd o Sroghich § b aeBooa™y SRR B A R DG
16 and the posjtive of speaker 15 connected_to the negative terninal of
anpl i f ité? £aip adjppigd siggals iaggleélrrstéaééwdi@qt &f B sfeerient e ming cHewtt i ve
termnal of anplifier 12. The circuit can al so be configured by conbining
t he fi rsherafig rafeeoinghins assediated wifh thasignaheat thafist ardissordingsi efghalei ngl e
anplifier connected to a quadruple voice coil |oudspeaker or transducer.
The confutgissanindme ¢ilduitsit teattegppraximbtguthe gbldeasatidieSiabilallys the kpst@ont r ol gai ns
of each circuit leg, and match the i npedances of each circuit leg in a

si npl e JGRPREs a 'E%%utﬁg sﬂﬁmfﬂ%&fc%jthabiﬂ@%ﬁﬁ%ﬂ@ REdoMd PERNI Efsedb®id st ener
e

wi th the sound character of t first Circuit leg that is consistent with
the char . i i gn e desy 0 .according to
| ndust o anhied A T 0 TR Bochy By SRRRER SEAREE T QLo y o
Figure 1 provide WO 2012/094277PCT/ US2012/020016 partial reproduction of
t he audi PSPBHg?r SSB%rﬁteﬁ)Bh%{JuﬁtPgtﬂh%“E‘? Eaney e 1pEand SFBOWdHEPIEe@‘Sﬁ@HEi rcuit
| eg al one, and without hearing the first circuit leg at the sane tinme, the
| i st eneTRWICHRE! ¢dbicaEpdria Prasugs 3 tight outpidvigigl @{h]éht“‘efgl%‘%f&ltioélmlﬁ@gélpﬁ , Wi dth,
and depth, yet seemng far away. Conmbining the two circuit |egs
si mul t amevaiyed egradatcestist snbetamt inght of thonphtetuepr yanming gralt, witre sound
of the original acoustic event, recording, or reproduced transm ssion of
Voi ce, thdIfiti®,of @hin®hiketiadGiith the Sigheia aethe Wiisitaan tsec@nt ¥in@s of thetripdit 6iitpgi Nal
event. The first and second circuit |egs should be matched substantially in
equal asqﬁinaihggﬁcﬂinat%g@ap Sintali§ (RURIIANGE8! | Y conpl ete signal to be
formed. If erther differs significantly in anplitude, the one with the
hotter sign rength will overri he. ot her, and.the.total signal wll
not be opt UPFY B e BhtérRF Il Ban Wt roRalEe s LPGRRR RingthEe | o
than a substantially conplete signal, for exanple, a signal that has been
pr ocesseHoOwing deiasled Hescap el bF P%éf’fﬁdn‘{?é‘&@’él sSBRIAY 89 CHHaSEY AR piFon of
anpl i tudes and phase, rather than a conposite circuit, or substantially
conpl etiateadedi to psgéafurtheherplanafon pi de drsotpmranelainedi s assumed that each
speaker is a full range speaker and that the circuit is after the anplifier
so that the conplete audio signal is being created in the physical air,
and, therefore, behaves in a simlar and |i ke manner to the original
acoustic event. Thus, BRIJEFpASK RIRTIODVOIPAEE: DRASEINGES s are not necessary
in this enbodi nent.

[0045] The accompanying drawings, which are included to provide a further

understanding of the invention and are incorporated in and constitute a part of this
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[ 0051] On the other hand, when using existing audi o equi pnent, usually
havi ng mul ti pl e | oudspeakers, each of which may be a 2 or 3 way (or beyond)
speaker swyetemryowwdirch usual |y have additi onal crossover #Crhsooedoner

di stort phase information, with each having a limted radiation pattern,
hi gh and | ow paths may better define the physical characteristics of the

acoustld e#iﬂéﬂfo%lfu?@atg g&%ﬁaiﬂf‘eﬂts‘%ftﬂ?é' V&nﬁ)nsa'ng.@%:the}- D t{l%ésgri%@&l e?{é ous

hi gh an ow passes and phase controls an acti circuit may pe utilized to
generate a subgtanti Ilgprole,.or virtually spherical, signal to the

anpl i fiBFXRIAL BeRARGPISS Of the IVenHPk->1 Wi h the passive enbodi nent of Figure
1, it is preferable, as stated above, to control the gain so that the
anpl i t ude ofl004d Inghqawengsi gnal of the first |eg and the anplitude WO
2012/ 094277PCT/ US2012/ 020016 of the out-of-phase signal of the second | eg
are subst anthI&il [lyisequddck Hogmweof a passive possd blygemoinaadvoslaeca vathbstfant i al |y
conpl ete audi o signal by enploying an active circuit that controls gain so
t hat t h&eappky eMBeSmRht MBS PreSdr@Mdlestian;e asymetric. Mre specifically, the
anplitudes of the signals are adjusted so that the ratio of one to the

ot her approagpes &hepgek W 4Atdrom MivE ol SRidRGH BB ce RlBH &R cShaand 6
are block diagrans of two active circuits that may be enpl oyed to achi eve
this purpose:. howeyer skilled in the art will appreciate that the

ci rour R gaPadmEn gt ife e ehllot 'y % hus the Speci fic cirouit
conponents, the arrangenent of the ¢ircuit_conponents, the order of the
circuit conﬁgﬁ%ﬁﬂ%?S@ﬁgmﬂﬁﬁ%éFbgFiéh%%ﬂpﬂnEﬁﬁﬁb%ents and the paraneters may
vary. 58053] FIG 5 is, nore specifically, a block diagramof an
active vari dtlerddind4B etk peydadeshématiss dor tandwmatic in Figere3:r st exenpl ary
enbodi nent of Figure 1. It will be understood that the audio input to the
exenpl ary ciHIGUbtis @bldek glittegarb ofray atxéveanriatich of $kg@malsyftedrn acsiréines wath dual

nonophoni ¢ anplifier or receiver. However, it will be further understood
that anye MRASRIONLS PEbMif&RF Bigted CRAdMy be used as an input, while the
output will normall'y be an audi o speaker or speakers. [ 0054] As

shown in Fi %ﬁg}el%ﬁ tagﬁlolcﬁféia f'ﬁngf Ia. §éc%ﬂglacﬁ%exr iaﬁ&? olfnz; tqu&fiis stérﬂoinga! n)

op-anp 10. annel “Signal i s subsequently passed to active audio

m xers or sunming circuyits 12 apd 13.. 1n this exenplary enbodi nent, the
et CHERRRINE e e eltmP R By BRedits bt or 6 enter | ng ¢ he. audi o

m xer or summing circuit 13. The right channel signal enters the unity gain
op-anp 15. Like the left channel signal, the right channel signal is

subseauent 1y, e L0t BRSBTS ARG, L B 12,
Wi th op-anp [%847%el{e%gr%ngen\ilﬁlrrilorlxgbé Q’S.déa %Jndciie?aimoxtﬁer e)?ermpslgrwmr‘]b%dfnilgn(%su (I)ft thg' =

present invention, which are illustrated in the accompanying drawings.

[0048] Two exemplary embodiments for achieving a substantially complete audio

signal according to principles of the present invention are illustrated and disclosed herein.

One exemplary embodiment shows a passive signal, while the second embodiment shows an

active signal. As one of skill in the art will appreciate, parameters are not fixed to any

specific frequency setting, or filter type. Nor are filters limited to angle, or degree, such as

6dB, 12dB, 18dB, or 24dB. Furthermore, frequency setting, such as 100 Hz for low pass or

16kHz for high pass are only used as examples for purposes of description.
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[ 0055] Each of the audio mxers or sunmng circuits 11, 12 and 13 output a
corresponding internediate signal. Mre particularly, the output of audio
m xer or Wormiang4ind 2012/ 094277PCT/ US2012/ 020016 ci r cui PCIASeE2Mm@icCr et e
L-R signal. The output of audio mixer or summng circuit 12 is a discrete
L+R signal. The output of audio m xer or summng circuit 13 is a di screte

R-L signal. 66 ]cliii 1%61 ?tl:gle 58 r%q]tlusgﬁte 2 Q& é’k%ﬁ)rﬂtof 91 ﬁsllj\%l C%tnméﬁ‘%

sumi ng Ci r si gha e ou audi o]
m xer Qo sunm ng circ are then passe i xer sunmmi ng

ci rcui tfl?ttfan?ﬁ“er i &‘}féPéSHE%%?%F%JWﬁFW g au %@Bﬁﬁ?}ﬂ’t’“ Ryt a5 ”WF‘?(er or
summng circuit 12) and the discrete L-R si gnal (i.e., the output of audio
m xer CEUYQFRUHgY A Moagphonicgr %?Céetgaggélcﬁowe Qaipplieh acipcrefe seuiserdignaldp acui t
19. [ 0056] A conplete audio signal is, in this alternative exenplary

enbodi rfiestgudacim@ifead 1 ynd sy arpebnd eadid yam@dfiensu. ngmphgeighli Imsafs ontpait di scret e
audio signals R L, L+R and L-R such that the anplitude of each of these

si gnal scotfdteal 0 fad- dfBekeRl 13t dhd el 408ach Mav o SiGIoRlee oa Rk BIngb Gl a Wikt h whi ch
it is paired in sunming circuit 17 or 19 approxinmates the golden ratio.

Prior t@[fix Cg“%mﬁhﬁéfdl'quagh’é%ﬁt A cHABTER S ERAiFY! {oedilery I8P RogsSOCT at ed
with the dis eteLRS|gna é)adjustedtoava Fue whi | ethe gai n
associ gt ed wi screte L+R si S wher e
the vanis gt vaieegtd €436 §'Gurd SRty Bre TR leE Oéihe ArfEHEbe" T ot he
golden ratio. Simlarly, prior to mX|ng|n audi o m xer or sunm circuit
19, t h&ogtewedaserg 18?%%!)693?@{ RayiRg typ yeice failR Thegipgiers a8 hays aist ’é‘éPeg

while the gain associated with the discrete L+R signal is adjusted to

appr oxilaad &dsireddut fasthit exagtple ¢deb speakaris $fohals addadecizguét lsgts seluhs-that t he
ratio of gains is equal to the golden ratio. Audio m xer or sunmng circuit
17 t hernshgeldeisattesioged thittone uingle arsplifiedlcard Be usediin bombinpasis @éth tacpedialaudi o
transducer or speaker (not shown), and audio m xer or summng circuit 19

gener atRgioAéd Qﬂngl}Gud%%q@@ﬂha%ng Wobiehcdifs, passed to an audio transducer or

speaker (not shown e of ordinary skill in the art will appreciate that
the gain of i ) be
adj usted by eﬁﬁﬂo@{en%gtanp}'lﬁﬁ%gggg |pg%%gg%1§)dg%&% ﬁecl%sdl}gfﬁhgg% %%qglln %w

Shown) o g SEREEREE!EeeTho RRRBLALF SRR AR el BB Ie 5 ©
and 14 and the negative connection of the amplifier 11 is connected to the negative
connection of both speakers 13 and 14. The second circuit leg is a parallel circuit that is
connected out-of-phase with the negative of speaker 15 being connected to the positive of
speaker 16 and the positive of speaker 15 connected to the negative terminal of amplifier 12.
The negative of speaker 16 is connected to the positive terminal of amplifier 12. The circuit
can also be configured by combining the first and second circuit legs in other ways, such as
using a single amplifier connected to a quadruple voice coil loudspeaker or transducer. The
configuration illustrated in Figure 1 has the ability to control gains of each circuit leg, and
match the impedances of each circuit leg in a simple manner. Each leg 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
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[0057] FIG 6 is, nore specifically, a block diagramof a second active
variation of a sound systemin accordance with the first exenplary

enbodi mrenwoabi1kiognire 1. Again, it will be understood thacTiuseoiawgions i nput
to the exenplary circuit of Figure 6 may be an audio signal froma stereo
or dual nonophonic anplifier or receiver; however, any nonophonic or

S B 6 Tn BE SRt [RRA %%qp/@ ik rgg%e%gfﬁcp@&agur dptigfiefifRla ¥ P

an audi’o spe er or eakers | ef t
channel g al enters the inverting uni e left channel
o onat ASrednnbuiiunRy e BiT bt ai bt i Rk uRdPuhc i b weond s <
22, 23 and 24. In this exenplary enbodi nent, the left channel signal is
i nver t égldisiang haging ng@tﬂéépﬁlgg h@ﬁﬁfe widih, adedenthd e sepmig fay AT HEPIBINEC Ui t
24. The right channel signal enters the inverting unity gain op-anp 26 Like
t he | efthe ohaanelit lsgsgumabltartehesly rginoduchan ndistagtigiytomglesubdooignt.| Yhepassed to
the active audio mxers or sunmng circuits 22, 23, and 24. In this
exenpl aoynesbme bF[Eﬁhhl adolitid dveht rBameE lor sepgdsmicecﬂ FahdMVisdibieel Widd) nRRrcanp 27

t

before entering e audio mxer or summng circuit 22. [0059] Each of
the audj.Qup- %84S, 19'he§fH@HB§%Q1tﬁh§ %yinttﬁe fig m%f’ev%ﬂfj Hifk f%tt Qﬂtse@omlfcﬁﬁ@égéd' ng
intermedi ate sighal. Mre particularly, e output of audi o m xer or

sumi n ui t audi o, m xer or
surm ng" ey HaiadBa Jodufiebg e%%%uaﬁﬁm&ﬁmge Ao PR B My S 0ARIsS eer or
sunmm ng, CIrCUIt 24 s a discrete L-R si naI Th dlscrete R-L signal (i.

t he outsgﬁm ©rbefarmes- nff ghershiffery r%ilﬁtfaeﬁlx wAmepliege. fhepneyythiihg bpiiersignal
signal (i.e., the output of audio m xer or sunming circuit 22) are then
passed striength aiib oneixige they othematichigie ¢otplougnal 28ll ndtnke aitisedlgtbelangedR si gnal
(i.e., the output of audio mxer or summng circuit 23) and the discrete
R-L si driglefode, the redufténcosigralitvildbe Bslihan misyestarniallg vomipleg: Ggmat,ubt exhplarae
passed to audio mxer or sunming circuit 31. [ 0060] A conplete audio

si gnal dighal ihAt hddibees Ffb‘é@éie&hﬁcﬁlﬁd%%é YR @ ¥EBRhAbYsc8FRAdHIIBAL or sﬁﬁﬂﬂé&l\éﬁ@f by
asymmetrically adjusting the gain of the discrete audio signals L-R, -L-R

Phose AN AR Bl LAl ?ﬁgJﬂ‘?ﬁp%g%gmkuﬁu‘?%"%‘?@éaﬁl RofiPR A sighyieach, of
e o s et T B B ik fach okt s i P g At dohf "

associated with the discrete R L signal is adjusted to G, while the gain
associ SiEHit i after theeanepldier 69 ghat @fmomp&ﬁwuqlg sigaglis being ersated in fserhasicdle val ue
of Gl and &2 are set such that the ration of gains is equal to the gol den
ratio. a8i md,ahdrgforqybelmves m aimilagandlileudameniobe ooginglimoustg @ienc ulfttus31, t he
gain associated with the discrete L-R signal is adjusted to 3, while the

gai n assgcpat asd Wk pask Bfoscivees £ @ot lecBsaiydndhis embadipiest.ed to G2. Again, the
value of Gl and & are set such that the ratio of gains is equal to the

gol den rati C[Ooﬁacbl’{’ﬂf@dﬁ?err hhd Wu@&g%‘xfs% budif e gﬁlgﬂmﬂﬁﬁﬁfaﬂ&%ﬁwﬁ | eft

out put S|gnal which is passed to an au |o tr ducér or spea%er (not
shown) , 31% leq ds Xsegzac n Ir UI a @ groaﬁt ea erosugt m ﬁ %nal
32, whi'th ts S8 an a&’ ns acer ‘or p Homn) Gie of
ordlnary the art will a ciate that t ain of each of the

di scr etl@uﬁfydbadeéaalﬁa@ cposovery thef §ﬁ§ fFé? ﬁwmaﬁénﬁ}aﬁg%mlﬁgﬁa& FrBre92 Ag
anplification conponents, such as op-anps (not shown that may be

i ncor pdimaitesorafliation p@@plarmglear@dﬁwmémwa&f baster defineathelpbysidak elhasacserissianef ng
circuits 28 and 30. [0061] It is again noted that each of summ ng

Ci r cui tthe dcouatidinf@mation Boguined %ithandle e@akl. dfhus,unith thg varioeuhipls a@8loand 31, in
Figure 6, mxes a pair of discrete audio signals, where the gains applied

to the fkechrd phavdbfrdt gnadtielchabit iR ?%e%ﬁh@@eﬁé LAEHRSPABGLAGIRAIKolH AV e
been asymmetrically adjusted so that the ratio of gains d:& is equal to

the go'oqevﬂtdaﬁ% therIIc-:glJ%fgntlﬂ{) tﬁéﬁ-ﬂ@ @er&%#aﬁ% be set to a value of 1.618

and G2 m ght set to val ue i's woul d result in aratio of

1.618. F t f th ti f bl t hat
the rati Srofiﬁﬁzﬁ%ﬁ o SN ﬁl%?ﬁ%fa‘ﬁ Rl 0 s Eﬁr%bl%.aa Rl PRYE: TRake up

each pair is within 10 percent of the golden ratio (i. apprOX|nated at

1. 618) ;SORBNEP@ gain$a Heh dhergnRIHudaef thppr- P ¢ pighal of kes lrﬁblﬁééﬁ@ Hyeanmpdijudea
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WO 2012/ 094277PCT/ US2012/ 020016 [0062] Figure 2 shows a basic bl ock
diagram for an active circuit for generating a substantially conplete audio
si gnal i nebadiry4itrgh pass and | ow pass crossovers. By &ctrivsegi2ioeoois neant
a circuit that requires power to operate and is connected in |line before

t he signal reaches the anplifier. The active circuit may be connected to

t he si [ it I i N$l apl i fher

[0063] e Risrafiate Sl or B SRR S50 0hRaRY o HBwERT RIS\

pl ayer, or the like for listening.to sic, or alive voi.ce or live

r epr odFEPICYR2 STyl GRAPISLE ByHie SR gy%’ﬁ@la%/”}%ﬁ“oacgv% girfuipahe@ntgls

t el ephone, or a m crophone or a broadcast device, or the |ike. The signal

f r om t Haisiofhal the ampledepof thesgsignalsi ang asysupdtiie aMose gecificaBy.fthgisi ng a
splitter or other means, or through repeated duplication in a mxer, with
spl i t t eemmdiypdeliof itteisemnals are adjustpd6rhpt thheator ofginead therotherfappeades shegnal 21 i s
assuned to be in-phase as it conmes fromthe signal source 20. Being

i n- phaswlden ratid,eva¢H Melefifédabodef FriuRg 3 4h@ @Odrk ldeRldifrgnadf @ dchee r ef erence
signal . This reference signal is also inconplete in that it does not

Pr ovi dei@ufiBhietlal BE oS¥foeeld 28Ik RGEBLFEL holll A thd RIRKTR UM Wi ch
remains folded wthin the original by reason of the fact that 1t Is
cancel ed by. bei ng.out of . se r t of polarity, with. the in-phase, or
g s G R R T T S B S
generate a phase |ayered signal 22, [ 0065] Phase | ayering uses a
conmbi néprrt?ﬁnﬁ?ts,i%@r%amﬁﬁea@éhq QiETHt COBPERFYET G ?446%#&?? BHCHERRMEN Sphase
shifts, (e.g. 45, 90) and so on, to establish a substantially whole signal
t hat woh¢ duobdrenf wirewit bampengowiaad thespasgmetersdnay gl i n- phase and

out - of - phase approaches. The result is a substantially conplete audio

si gnal that [0853)HdGe s iQpeite swaeificdlly echlbdndibgraanst amuctive diriagiosiobnadbyndhavi ng
simlar and like properties to the original sound event. Essentially,

appl yi ngst@myin RI@IncekyifH thé HEE eREmpIRSSEnBAih&d of echid dURSyiNYelunBéRbdEEe 2

usabl e phase-layered signal. In essence, phase layering is a way of
Eir gx;ﬁ'_tﬂgﬁf} %gfgé %@ﬂg iogth% g)éemy%th%uﬁ bPPRured KAWL 2f 230G s A1 A0 o sbhase

or dual monophonic amplifier or receiver. However, it will be further understood that any
monophonic or discrete source may be used as an input, while the output will normally be an
audio speaker or speakers.

[0054] As shown in Figure 5, the left channel signal enters the unity gain (no gain)
op-amp 10. The left channel signal is subsequently passed to active audio mixers or
summing circuits 11, 12 and 13. In this exemplary embodiment, the left channel signal is
inverted by op-amp 14 before entering the audio mixer or summing circuit 13. The right
channel signal enters the unity gain op-amp 15. Like the left channel signal, the right channel
signal is subsequently passed to the active audio mixers or summing circuits 11, 12, and 13.
In this exemplary embodiment, the right channel signal is inverted with op-amp 16 before
entering the audio mixer or summing circuit 11.

[0055] Each of the audio mixers or summing circuits 11, 12 and 13 output a

corresponding intermediate signal. More particularly, the output of audio mixer or summing
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WD 2012/ 094277PCT/ US2012/ 020016 | ayered signal is to provide a continuity
of phase relative information, or otherw se concealed information, as a
nodul ar cwoporant27vhat | ayers in equally with the referenrassegoaloie

[ 0066] The reference signal 21 and the phase | ayered signal 22 are sent
into a signal mxer 23. Athird or high pass signal 24 represents any point
of frequ S r SS. | ar | i . it ches

pol ar | e e e e A P P burp BT anBoRBE o S Shestp A 2055
fourth or lo ass signal 26 have a frequency helow 1 kcps re or

| cns, " afteresr bs R R el atodiiRe HETORe Sed | OF 2 SBRE g to 1 he
m xer 23. The purpose of‘the.hi%h and | ow pass signals is to apply

spher i cénahnhedisaetedelrseamgl (igr thgwagat phausiamixes ovmmrﬁgngcuﬁtlﬁgm ®e be
flattened out by a typical anp-speaker using multiple crossovers. By

appl yi niyscrdte $.eRamgylag§,e.,0he dBputngrnediormixess:, suhayiep sirofit phasethcopassedto a
final, substantially conplete audio signal conposite that provides a

Vi rt ualdudioshber beaimmiagustii¢ 131 FhaliscréRa £ sidhili(ng, hepugadueeshdss givar can be
appreci ated as being an inproved sound when pl ayed t hrough any and all

exi sti g «aiieifle SKSHEMS anFRRAL-AB SR ARG OL IR LS Afikihpcause thi s
new substantially conplete audi o sign I ncl'udes 'a conposite reference that
Wil r§yeahnm@9tq§g3%pg eX&F{Qﬁlkﬁk gp&rgn Ut Es i}g fact, actually in
phase, ‘SFYHE COFUbHY<E PEFEH QAP d ALY ATRIE UE RO have a reference for
determ ni ng e differences. The present invention enabl es detection of
phase di ffer[ﬁms%ﬁ?ﬁl GUf aYEo pignalis sy pitsigathsaxemglary nses e bhase
identification. ‘[Oogig The m xed signal fromthe mxer 23 is applied
t hr oughechiepérhyeasyavestyedllysagjusting 28 gamtof the discrgtpinidic sgn@doRtlo LhR s T

| oudspeaker 31. A circuit in accordance with the principles of the present
i nvent iPRudElathiee amplitnpoobdaet of tHese figndwesepaed wahe bepbridedt 8 diserae
stand-al one integrated circuit and may be refornul ated mat hematically,

enabl i nGdeoAstal WethiviciPft ispfitean Surh@im QRUAE 7rI9phRRIhA] the GORIBH €t €
signal. This active open signal can be placed between the output of a

i | h. . , . . t
Sl gna r?t%’.r B8or 5 WEiRindSn Q-ucﬁtl? enp &yo‘?rsu{%hnf?é‘ Sir &t (LR e%(a?;{r %%{)fﬁtfs{l iR

transmtting stationto sa Ite at an~ opposite can be applied
to work, .as {ﬁ%ZOl .094277PCT/ U 20@@/0%@0 6 a.circuit in a cellular phone
or el saliers L HRIESAE SURNF ot ROt PAnvbie Byt vanhe eertkdal cnai n,
nmeaning, at the front end of the signal process, such as in applications
bet weerfignabisadiusted ton valugiGnathesahe #alua AHGH med (GRpire sefsuehbanhe ratq fr |
splitter, or the liKke.

gains is equal to the golden ratio. Similarly, prior to mixing in audio mixer or summing

circuit 19, the gain associated with the discrete R-L signal is adjusted to G1, while the gain

associated with the discrete L+R signal is adjusted to approximately G2. As stated, the value

of G1 and G2 are set such that the ratio of gains is equal to the golden ratio. Audio mixer or

summing circuit 17 then generates a left output signal 18, which is passed to an audio

transducer or speaker (not shown), and audio mixer or summing circuit 19 generates an

output signal 20, which is passed to an audio transducer or speaker (not shown). One of

ordinary skill in the art will appreciate that the gain of each of the discrete audio signals R-L,

L+R and L-R may be adjusted by employing amplification components, such as op-amps (not

shown), that may be incorporated in or separate components from the audio mixers or

summing circuits 17 and 19.
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[0068] Figure 3 is a block schematic of the active circuit of Figure 2 for
stereo signals for unfol ding, recovering, and revealing, hidden and buried
spati al , wpeotwmhz77dynam ¢, and ot her acousti c i nfor mat iPom/useo2agmee i n
audi o signals. Figures 4A and 4B together illustrate a nore detail ed bl ock
schematic of the circuit of Figure addi ng a nonophoni ¢ hem sphere

3,
cireurt. Jggﬁﬂ%%] 6%6%4;0\%% iﬁc%ug ibék é’ia%lfaﬁleof‘ ”s%%nds&ﬁ%% %&&%@"o‘i’% at

| east one a S|gnal a positive an nega I've polari hown here
as an exanple is.a stereo SH9§%| wher ej n th W{eft s reo g@nal Pt 35
i s conn@BREWSt %Prﬁcéi PRGE; EIT H1s tpf emp éy ?‘?15 IMepee dg‘frﬁ - |“sW

connected to an anplifier 38. The output of the left signal anplifier 36 is
appl i edetudgrstogf tthatitheedudipinpyp|the ey siueuipef Figarer§ Ay baappudip signdg | s
connected to a right mxer 41. The left and right outputs fromthe

anpl i f ifenrs a3&rand 381 mpeopPpld atblifer ar recsieer; A3wwimer aytthenaphgmialos are sumed
and the summed signal applied to bass and treble circuits. The sunmed

si gnal digi@e SQltte Ay BB @bed RanhAKS, Whilcte foufp%t/bvﬁlgn@nia(ﬂ?fbléﬁﬁiuﬁﬂd spedkeft3 (such
as 100 Hz) where the polarity is reversed in an anplifier 44 and applied to
an ade§%@Q&:mgaln anplifier 45 that can be used for tuning. [ 0070]
The summed signal fromthe nixer 42 is also applied to the treble circuit

pat h, which al,l el A .the b rCU|t i ch. the sumred
B gnar T ag Ui o Siade e B orforhRih ' @it fheaS MobBerfh S0l ac

pol arity adj tlng a |f|er 47 and an adjustable gain amplifier 48

avai | afiPed i tEh? H&%ﬁ@l SWENplUs SHsetengy Pated £ @&Ve apdip fIEEH %have
different settings but as shown | eads the reference phase by 90 degrees to
provi deuowenghiaewts| 23y &F anh?4 hini thisgppnpledy ¢robesbmhnt, e leféthammekeégnal® and t he
right mxer 41. The output phase of the bass circuit can have different
set ti ngsvdrtet bgopsdrom5 befgee dneimeathe hedic enipdras suibyhiDPcicegyr Ble sTHeaight ovi de
anot her phase | ayer. The output of the bass circuit is connected to the

left mopghined QigANEntcds thBnvelr@iY ullly*&lin dg-atpr2@udhikethB it cithndlaighapiid i fiers
50 and 51. A stereo hem sphere circuit applies the left input 35 signal

but 1 o7 g S o7 Bl G Ly b IR 3 b BB ST RE" g
¢ E?Lﬁé@aﬁnﬁﬁb(ﬁtﬁﬁ%&mﬁx R i N T TR R LT

filter circuit 56 and fed to |inked voltage controlled anplifiers 59 and to
m xer 6. befere epigripg theraudia MEET GhPIMPNgcingvit 23. 51 so coupl ed to the m xer 61.
[0071] The right input 37 signal frombuffering anplifier 53 is subtracted
from t he | ef[003%]6fab of ilgrraldio(1Bixgrsadr sRmin)ing pireits @2, BY amh2h ottpaugh an
inverting anplifier 58 in a parallel path to the |left signal and is

| ow pas@rikbgon@in@dntern&kiig kighhl. TN bileearttdul 81, the@Ritpandf dli€ Aie ok e@miingd he

| i nked voltage controlled anplifier 59 and to mi xer 63. The buffering

ampl i figkupdoi '1ssa éls&‘ateq@‘ﬂpélgﬁl dTﬁ@QﬁtlS)ﬁ(t df%uaﬁ%nﬁ'ef(@ﬂ’ suﬁﬁmn circuil 99%2] The gain
of these two, Itered, difference signals (Signal %nd Signal R-L) can
e 201 Rl L Rps%éeh' The o 2P 3908 s Ss%g%rﬁa%gtc%@u i g&s { fiecd it st ereo
paral | el, ubtr ed f he ri stereo signal .in m xer 62 defined
as Si gr?é?rnaf_l Sefﬁté%%in {QOSF é‘ﬁ@u 9 MM Of SUrEHE)g Cé’E‘f“’ctg Fght

m xer 41 and the out put of the Lmx mxer 62 is applied to the nlxer 40.

The | efdiscstterled? sSprphéie.ithe suipieef audionmixer oMy cirkeit 22)edt ghegipagsgil to
signal, the bass circuit signal, and Lm x output to produce the phase
Iayeredmﬂehhbmhammﬁmnﬁ@tmuﬁﬁQSQEhédmahe-LH@hgnQUEBedwsmgnmbfmxhsuﬂnﬁd in
mxer 41 with the treble circuit signal, the bass circuit signal, and the
RM X OWrRufndife BFQGHUICH ahd theRids@e RAY efgﬂd (L. Ihe RBANBEhudd hhkdr o3l gnal .

[ 0073] Turnlng to Figure 4 of the draw ngs, a nore detailed schematic bl ock

di-agram,fas, QﬂPdlpsz 2AEDAN& t%ta%f%%&@f’om%ﬂﬂﬁg%‘c‘m?BI cuits In accordance

W th principres o resent 1 nvent

[0060] A complete audio signal is, in this second alternative exemplary embodiment,

achieved by asymmetrically adjusting the gain of the discrete audio signals L-R, -L-R and R-

21



WO 2012/ 094277PCT/ US2012/ 020016 [0074] The input circuit 65 has left
and right inputs 35 and 37 connected to a polarity swtch 66 that is
connect edwbaopaiom7anpl i fiers 35 and 38 and i s set up toprpT@ws2ade/pwiarity
switching of the input signal based on the position of the switch 66. The
switch 66 is linked so it reverses poI arity of both channels practically

si mul t ,

[0075] TTRA ot Snfifbas teactRE Rl SpdidRtpita ke BPBaF PR ress
circuit 7 and a.bass circuit 68. Left and. ri.gh nals are su din the
m xer 4?’21 19 Sﬁgllahgl‘? V@B%lt&% paigAn é%@%ﬂ%}h%é% §1§H OXIRYM PREOT Rer 42 is
filtered through a two pole filter 46 with the -3dB point at 1000Hz. A

pol ar i ttigwPieHo A7xingve pedio IHEeIIrGHAMING Cifiaied’s oygaimpspeiated withdbait r ol
anplifier for mxing in bass from+0dB to +6dB. In the bass circuit 68, the
sumred dsogetaRsL Sizoah it héjustes 6r G4 2whiletht ighiners extidtért with theadisonete pbiResigndlt er

with the -3dB point at 100Hz. There is a polarity switch 44 to invert the

si gnal il hdjnse@ &s@L Ywiddrel th Jatieadf COMdr @b akkSef Qich Mhat ititdratin bPgsnd ik equat0dB to
+6dB. [0076] A stereo hem sphere circuit 70 uses the right and |eft

si gnal s, ftﬁeoé?lﬁéﬁerah@ pgfrmfa’rfgc lﬂlh@)r 8 §n1§<ﬁ{gq}f Qﬂdlg "Illfﬂ;(g[r dr@gmm% E{rélﬁ{ 3, e faﬂg 3.

[0077] The hem sphere cir 70 has “paral | | egs he |nput si gnal

frombufferin bei n nvert |f ier d with
the si ghal® ”fte“g?ﬁ%g%gl?“etff%e%“gﬁaﬁsr% dg% Wgﬂo 05 thg gﬂmFé‘SSOCI wiBE si gnal
frombuffering anplifier 53 is nvertedlna lifi 64 and summed with the
si gnal dflffces%?alrr& flgnadfs ashusted %%rAsarn,ttBe yete nPﬁ-l an ?@r?é? setheh thaleg t ed
signal fromanplifier 55 is filtered with a | ow pass filter 56 and is

adj ust ablieohgaihs isicaka do sl qokige r@imt Aedip erixargy|simngng cifardy) thew gerfiees
inverted signal fromanplifier 58 is filtered with a | ow pass filter 60 and
i s ad] usiefiblugunsithall30nivaith WVpassSAl toBewudist tpmkducef oit dpeakéchAsotSHown e andiver t ed
with anplifiers 71 and 72 and the signal fromanplifier 71 summed with the

si gnal FubHRMARPbY fun8hing Zirkfit 3 ?@ﬂeraﬁés anl&\@ ﬂ%‘igﬂdl 34, VR R Pakdel €6 arl #udiS
summed with the output from burfering arrp ifier 53 in mxer 62. The signal
from mgetaRdr or speaker (not shown). One of ordinary skill in the art will appreciate that the

gain of each of the discrete audio signals L-R, -L-R and R-L. may be adjusted by employing

amplification components, such as op-amps (not shown), that may be incorporated in or

separate components from the audio mixers or summing circuits 28 and 30.

[0061] It is again noted that each of summing circuits 17 and 19, in Figure 5, and each
of summing circuits 28 and 31, in Figure 6, mixes a pair of discrete audio signals, where the
gains applied to the discrete audio signals that make up each corresponding pair have been
asymmetrically adjusted so that the ratio of gains G1:G2 is equal to the golden ratio. Thus,
for example, G1 might be set to a value of 1.618 and G2 might be set to a value of 1.0. This
would result in a ratio of 1.618. For the purpose of the present application, it is preferable
that the ratio of gains associated with the discrete audio signals that make up each pair is

within 10 percent of the golden ratio (i.e., approximated at 1.618); however, depending on the

application, this percentage may vary.
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WO 2012/ 094277PCT/ US2012/ 020016 is fed into switch 73 and the signal from
mxer 62 is fed to swtch 74. The stereo signal frommxer 61 is sent to
t he out puwoenr209417775 m xer 40 and to the nonophoni c hercsaisesie/ogioneui t 80.
The output fromm xer 62 is sent to the output circuit 75 mxer 41 and to
t he nmonophoni ¢ hem sphere circuit 80. Qutput of mxer 40 is connected to a

Va” abl e OUHQ%] | e??&?g%aﬁé becié%Ea]gfla]m £t a%%@{}%:&%]ntf? gen%gﬁéfn Q' € out put

ereo signal” input from anpli s sumred

W|th the, treble and. bass CII‘C t . signal and with the xed si.gnal
from anPifT @fllygfmiplft?ﬁ%? sigia 960115#'1855 Hap agfé)aﬁws?sgaerﬁe% e i)

out put signal . [0079] The right stereo signal input fromanplifier 38
i s sumieEeaRtACircuEEha remereh agweIdtopgiate wdtipgennerig i Enebriowi thsighd ni xed
signal fromanplifier 62 to produce the phase |layered right channel output
si gnal .reaches the[a@(8ifiEr.| The dveive wirtwihmgy B8 camictéd tarhe spdnateairdentsalinaphoni c
node, the output of the hem sphere stereo mxer 73 is inverted in the

i nver t iagwasielbefdrebr iidankk igifaut put of the hem sphere mxer 62 is
inverted in inverting anplifier 82. The signal frominverter 81 is inverted

agai n in invygpéd) rlﬁFﬁ‘%ﬂe?é Q%ﬁ%maﬁ%oﬁ@gzé Iy'Hé‘ﬁ%&l%dCE' ARk rﬁérpi)l'a}f&f befhe82 1S

inverted again i'n inverter 84. The inverted signhal froma ler 83 is fed
to the i nverter, 82 and the out put
From 1 e on WD AF S bl Rt RHEH Suca GeBRvPHE®: vert e
si gnal fromlnverter 81. The m xed signal from m xer is inverted in

anpl i fi€F88GhEr! kwnwrﬁ?}ﬁplwﬁlen?rﬁe@%@hoge Phy Broadenst Vaq?ppwltﬂ egFhe The
inverted si gnal fromanplifier 88 is passed through a |ow pass filter 90
and sersignabirpimgh¢ pigh@dovisk 26 despdio it diplisdtes wp ithdli enina splifiee of piher t ed si gnal
fromanplifier 87 is passed through a | ow pass filter 92 and sent to the

| i nked mi@dnk agehoagi repkhted dapijplatibn &ra Sder, ieh MTAteDdapabilipies. i S i nverted in
anplifier 95 and fed into a m xer 94 and m xed with the signal from

inverter 81.[0068 "ﬁie%?%ﬁnaﬂ%rﬁé@&@nderb%fal edid s 3hdd doftegh-pHSeanth RpRkirR# t 0 the
switch 73 and hence to the m xers and 41. The output of VCA 93 is

2012 odfs HidtisoTorbasie il NS SR Grarenr sl er o2
;—23 ?lle%g%rett%fs: ﬁlfgga %e&%%gh?gn& s%llr?crompqgte a ‘gla? R Ialoflzsergot tp?ovtl Fa Sl\é\dchtoccih 4
for extracting concealed or hidden information, which remains folded within the original by
reason of the fact that it is canceled by being out of phase, or out of polarity, with the in-
phase, or in step, reference signal. One duplicate of the reference signal is used to generate a
phase layered signal 22.
[0065] Phase layering uses a combination of inverted phase (180°) together with
smaller sectional phase shifts, (e.g. 45°, 90°) and so on, to establish a substantially whole
signal that would otherwise be canceled using traditional in-phase and out-of-phase
approaches. The result is a substantially complete audio signal that is whole, open, omni-
directional, and multi-dimensional, having similar and like properties to the original sound
event. Essentially, applying any number or mixture of these myriad techniques will produce

a usable phase-layered signal. In essence, phase layering is a way of providing a

substantially complete signal without canceling the in-phase signal. The use of a phase
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[ 0081] The output circuit 75 mxes the signals in the ratios for left and
right inputs as follows: Left and right input = 1; Treble circuit output =
1; Bass cwocuizodmrrput = 2; and the stereo or nono hem gphasecioe@us = 1.
[0082] Referring to Figure 4A, the process of the present invention

i ncl udes selecting a discrete signal source (35 and 36) and producing an
L Phastydhe] SEE T80 aNal o ELAMAVSbARMT G EHidmARon M oRHELE Eh Rl e
signal I's produced from he refer ene Si gna the St'er em sphere
circuit. roduce an out - of e si.gnal he referenc S|gnal. A
phase I' {Pélinétdo a@ﬁg}‘)dflg‘ ﬁ&)r&aw@eaﬁiﬁ?%mﬁ%ewﬂw ée Sigeare f8dhe trebl e
circuit 67 which may have a phase | eading the reference signal by 90
degrees. A gR8ed Theyetesance sighall2lj apddhephase yateddignabid pgsertdnigraeignal si gnal
in the bass circuit 68 which may have a phase | agging the reference signal
phase byix802Hertieiedor bk pphyagmal 2y epedergs gmapancaifrdgeactyabolvad ktpse
reference signal by 90 degrees or by 45 degrees or can be set to any phase
| eadi ngnéte dr &89i AP diRy ERte 2N oRitceg palarityp@tphaenfrOmDBOI Sl Piiee fo sending

[0083] It should be clear at this tinme that an audi o reproduction system
has be p Vi [ I open
sound ??%%?%ﬂqgggfﬁﬁgf%%aAqg%ﬂfégﬁ“E%g§H?ﬁgzgn Jﬁgkﬁﬁﬁéhaﬂggﬁgﬁgl
|nconplete audlo S ubst ant | ete
o o, SeBarere bty APerse il R0 ROBRT B Pl Py hAAARL L ne TR

limted to the for shown mhlch are to be considered ill ustratlve rather
than réest rifeugRese of the highyygldpwinasygignalpis @ appiy spfterical anglis OF drgEFe8 i n t he
art that various nodifications and variations can be nmade in the present

i nvent idhasaieydreue vdepaight ethefwiserbe Hattengidrout by typiepempfspedker sivent i on.
Thus, it is intended that the present invention cover the nodifications and
vari at imnisipRfcrédiogers. NB e applging phase aggds, tofi é§°, aere omlesilayetshef phagpfermafintbhe
appended claims and their equivalents. For exanple, one skilled in the art

Wil appiet @b&adtidly cohpldi ﬁﬁﬁ@ﬁl nallcOMPBLitcORatFYviaes 4 VRIENR iRAcHST Ng
anal og or digital téchniques, t hrough the 'use of hardware, software or

a conbiagtiqo ngtngfa rﬂ%fresultmg reproduced signal can be appreciated as being an improved
sound when played through any and all existing audio systems. Global phase control may be
provided because this new substantially complete audio signal includes a composite reference
that will reveal whether any external signal input is, in fact, actually in phase, or out of phase.
Standard audio systems do not have a reference for determining phase differences. The
present invention enables detection of phase differences and allows for a measuring tool for
relative phase identification.

[0067] The mixed signal from the mixer 23 is applied through a phase reversal switch
28 and to an amplifier 30 to drive a loudspeaker 31. A circuit in accordance with the
principles of the present invention may be incorporated into hardware or can be embodied in
a stand-alone integrated circuit and may be reformulated mathematically, enabling
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
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WO 2012/ 094277PCT/ US2012/ 020016 CLAIMS: | claim 1. An audio
reproduction nmethod conprising the steps of: selecting a discrete signal
sour ce hawongidmizzzand right signals; applying the |eft psgluseeied2aiscr et e
signal to first and second summ ng circuits; inverting said |eft

sel ected discrete signal and applying said inverted |left selected discrete

si gnal atcgrcﬁittiltf| l<1 'E:glhﬁmoﬂg of .éllé&%etré. 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 source and the input of the amplifier, splitter, or the like.

[0068] 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 information contained in audio signals. Figures 4A and 4B together illustrate a
more detailed block schematic of the circuit of Figure 3, adding a monophonic hemisphere
circuit.

[0069] Referring to Figure 3, the input stage receives at least one audio signal having
a positive and negative polarity. Shown here as an example is a stereo signal, wherein the
left stereo signal input 35 is connected to an amplifier 36 while the right stereo input 37 is
connected to an amplifier 38. The output of the left signal amplifier 36 is applied to a left
mixer 40, while the output of the right amplifier 38 is connected to a right mixer 41. The left
and right outputs from the amplifiers 36 and 38 are applied to a mixer 42 where the signals
are summed and the summed signal applied to bass and treble circuits. The summed signals
are sent through the bass circuit having a low pass filter 43 (such as 100 Hz) where the
polarity is reversed in an amplifier 44 and applied to an adjustable gain amplifier 45 that can
be used for tuning.

[0070] The summed signal from the mixer 42 is also applied to the treble circuit path,
which is parallel 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 amplifier 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
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applying the right selected discrete signal to said second and third

sunm ng circuit; I nverting said right selected discrete signal and
appl yi ng wbeoimwerred ri ght sel ected discrete signal toPsaiu$26i2/034016uNM Ng
circuit; applying the output of said first and second summng circuits to a

| eft output summing circuit; adjusting the gain of each input of said
| oft : : : 2 : ‘
appr owithon g SRR Ghsat e S6ihul Hhe bRE iRbh B ol BH RPN ot pue

summ ngangitg ﬁl%i r&ghtc ?nigerr%q l%ﬁreough la%];itr 0 gztﬁg %%np?iifigrrgaSIO; 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
amplifier 55 and is low-pass filtered (-16kHz) in the filter circuit 56 and fed to linked voltage
controlled amplifiers 59 and to mixer 61. The output from the amplifier 52 is also coupled to
the mixer 61.

[0071] The right input 37 signal from buffering amplifier 53 is subtracted from the
left stereo signal (Signal R-L) in mixer 57 and through an inverting amplifier 58 in a parallel
path to the left signal and is low-pass filtered (-16kHz) in filter circuit 60 and is connected to
the linked voltage controlled amplifier 59 and to mixer 63. The buffering amplifier 53 is also
coupled directly to the mixer 63.

[0072] The gain of these two, filtered, difference signals (Signal L-R and Signal R-L))
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 output 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 Lmix 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 layered right channel output signal.

[0073] 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.
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applying the output of said third and second sunming circuits to a right

out put summng circuit; adj usting the gain of each input of said
ri ght outwotosunmirng circuit such that the ratio of gai RETAS2012M21016
approxi mates the golden ratio; and m xing the input signals to said

right output summng circuit to produce a right output signal, thereby

produci ng a ﬂb‘P4] eﬁEéIH%gg{ﬁ?%§Pgsol%ftfﬂg H%LP‘E ﬁtrs' %n8{37%8fﬁ%2ted o8 ola%éy tTEZ

audi o repro UCt IYon ere eps O tl n
20 ust 190 e e Pt SHbOPLETE s rert a%%tsaa&uw PG Eél%ﬁufow ses:
relative to each other to so that the ratio of gains is within 10 percent
of 1. 61gitching of the inpypignat bargd ppdhegrasiiiogfof éléﬁcSrercmﬁ@t Tihg swiiteh P dihkinksdt put
summing circuit relative to each other such that the ratio of gains is
wi t hi n s20t peeseriolafty of BAdtB.channels practically simultaneously, to set the ‘Absolute Phase’
of the audio signal.
[0075] 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
amplifier for mixing in bass from +0dB to +6dB. In the bass circuit 68, the summed signals
from the mixer 42 are filtered through a two pole filter with the -3dB point at 100Hz. There
is a polarity switch 44 to invert the signal if necessary and a level control 45 for mixing in
bass from +0dB to +6dB.
[0076] A stereo hemisphere circuit 70 uses the right and left signals from the input
circuit 65 through buffering amplifiers 52 and 53.
[0077] The hemisphere circuit 70 has parallel legs, with the input signal from
buffering amplifier 52 being inverted in amplifier 63 and summed with the signal from
amplifier 63 in a mixer 56 to get a L-R signal. The signal from buffering amplifier 53 is
inverted in amplifier 64 and summed with the signal from amplifier 52 in mixer 57 to get a R-
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
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WO 2012/ 094277PCT/ US2012/ 020016 3. The audi o reproduction nethod of
claim1, wherein each of the left and right input signals are applied to a
correspomaiprgiumisz7y gai n anplifier. 4. An audi o r eprasekioonisyst em
conprising: a discrete signal source having left and right signal outputs;
first, second and third summing circuits, each having an output, and each

haV' ng 1§‘fédelfqt s'w%ﬂtnaaﬂﬁ tl?ehglérgﬁ'%ro Wer 8RR @8 Y SLXCHCPN NAG! eﬁ»e& G oh Vdﬂn?ft and

i ght S|gna outputs 0 e si'gnal " sour ce, ' respec Fver erein

the left. t of gl%e irst, se nd an%@ﬁg sunmi rcuits rece.l ve a
| ef t u%B’d‘Ff tin“ﬁ‘i“ ‘] o%ltt%‘ttétfc%t HP?F& 4 3 r{B‘PnO@Eg‘Hﬁ CPISPOFE UFtret e
signal source, and right input of the first, second and third summ ng
ci r cui t89- rldeaiuirut Fop) ghter PR LIeNEIoghRPutRYEEHE{E dnigpt hl anddo theymenanhgpis)

out put of the discrete signal source; a left inverter connected so as to
i nvert hehesphefetciicnp$0. Shugmatlof prixcnfr40ti9cctrmectbh to dvaiahd eigput 76 and output of

mixer 41 is connected to a variable output 77.

[0078] 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.

[0079] The right stereo signal input from amplifier 38 is summed with treble and bass
circuit output signals and with the mixed signal from amplifier 62 to produce the phase
layered right channel output signal.

[0080] 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 81 and the output of the
hemisphere 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 85 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 a low pass filter 90 and sent to the linked voltage
controlled amplifier 91. The inverted signal from amplifier 87 is passed through a low pass
filter 92 and sent to the linked voltage 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
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circuit; aright inverter connected so as to invert the right input signal
prior to the first summng circuit; a left output summng circuit
conpri si myofanrzaw4and second i nputs connected to said fi Pst/isnd202emond
summing circuit outputs, respectively, and conprising an anplification
conmponent for separately adjusting the signal gain at the first and second

Ut 8kl O Bl e RO H Bl @ NG 30 WG MRt oncl
] SACE D 2l

whi ch i's the resul m Xin gain a S|gna I'rst and
second in of the | ut umﬂn wherein the ratio of gains
associ a?tPBE ({Aﬁ thef‘ﬁlé‘:}%ﬂ;?%ol?g ‘émfli“?rgfﬁ %HLecond i nput of the left

out put summ ng circuit at Ieast approxi mates the golden ratio; and

ri ght out putl® 1 1ig ouiRué aireuicbpbies hegpignalsin tiatios Exsneft pifhigh lepKinect ed
to said second and third sunming circuit outputs, respectively, and

conpr i sistigllews: duefiland iright input < dnfehlerirchio outpepad aBadsyciradit ostpiteg 2t el the gnal
gain at the first and second input, said right output circuit configured to

producegt@edblg[hbn@huérﬁigﬁ ¢ gt whi ch is the result of mxing the gain
adj usted si gnal s at the first and second input of the right output summ ng

circuit, E[b@sz(] Rdt&rin@ld Plgﬂﬁe HRI @S pﬁ)%éé%cdf%éj[?rrmy@nrt ﬁv%ﬂt"r‘oﬁhglﬂa&sse?écuh@e
first and secon |nput of e rlght out put circult at |east
approxi mat es t he gol de 21 094277 CT/U 2012/02

The. audi B FEssRRAERER 35 B S e R ER R
conponent associ at ed W|th the |left ut sunmng circuit is confl gured to
separ at@IYit8dj AT HEID g2 hiTPre uqeﬁérom fhereiafacsggptan FEpieQr the left
output summing circuit, such that the ratio of gains is within 10 percent
of 1.6i@mispherasisnisi’A to heodappin dutcdtphose compondrihe refeyordeasigndl wittphasehe ri ght
output summng circuit is configured to separately adjust the signal gain
at t he lhyerat sigimd isgodmedifigmutheatfeidnee sigglitin ohet tpable sivowd GYgwlkeich ataythavsach
that the ratio of gains is within 10 percent of 1.618.

phase leading the reference signal by 90 degrees. A phase layered signal is also produced

ttllle Olﬁput

from the reference signal in the bass circuit 68 which may have a phase lagging the reference
signal phase by 90 degrees. The phase layered signals can lead or lag the reference signal by
90 degrees or by 45 degrees or can be set to any phase leading or lagging the reference signal.
between 0-180 degrees.

[0083] It should 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 audio 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.

[0084] 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 invention. 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. For example, one skilled in the art will appreciate that the present
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6. The audi o reproduction systemof claim4 further conprising a left and a
right unity gain anplifier, wherein the |eft signal output of the discrete
si gnal sowmpcelrzm4mpplied to the left unity gain anplifi ecTarsdoiziogooné ght
signal output of the discrete signal source is applied to the right unity
gain anplifier. 7. The audi o reproduction systemof claim4 further

ort iy on e TP et G IERRe S il Y ARL AL SR Bl B [ °

negative unity gain anplifier. and t right signal output of the discrete
signal%gﬂﬁWE%sP&W%ﬁﬁﬁ%ﬁ?%@WTﬁ@tﬁFaﬂf negative unity gain anplifier. 8. An
audi o reproduction nethod conprising the steps of: selecting a discrete
signal source having left and right signal inputs; suming said |eft

i nput signal and an inverted right input signal to produce a left-right

di fference signal; summ ng said right input signal and an inverted

| eft input signal to produce a right-left difference signal; sunmng said
| eft and right input signals to produce a |eft+right sunmed signal;
adjusting the gain of said |eft+right summed signal; adjusting the gain of
the left-right difference signal; adjusting the gain of the right-Ieft

di fference signal
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summ ng the gain adjusted left+right sumed signal and the gain adjusted

|l eft-right difference signal so as to produce a | eft audi o output signal
wher ei n twe 2mtiva276f gai ns associ ated WO 2012/ 094277PCPCUSRBML2/00@DO16 W t h
the left+right summed signal and the left-right difference signal at |east
approxi mates the golden ratio; and summ ng the gain adjusted

| eft +right summed signal and the gain adjusted right-left difference signal
so as to pQﬁfQ@E'a ri ght audi o output signal, wherein the ratio of gains
associ at ed ‘it ¥ he | eft+ri ght sunmed signal and the right-left difference
signal at |east approxi mates the golden ratio. 9. The audio
reproduction nmethod of claim8, wherein the gain of the left+right sunmed
signal is dslammetrically adjusted relative to the gain of the left-right

di fference signal, such that the ratio of gains is within 10 percent of
1.618; and wherein the gain of the left+right sunmed signal is

asymmetrically agi usi@epreiudlidyethod cbRpaahd dRfstddiefr i ght-left difference
signal, such that the ratio of gains is within 1 ercent of 1.618.

selecting a discrete signal source having left and right signals;

applying the left selected discrete signal to first and second summing circuits;

inverting said left selected discrete signal and applying said inverted left selected discrete
signal to a third summing circuit;

applying the right selected discrete signal to said second and third summing circuit;

inverting said right selected discrete signal and applying the inverted right selected
discrete signal to said first summing circuit;

applying the output of said first and second summing circuits to a left output summing
circuit;

adjusting the gain of each input of said left output summing circuit such that the ratio of
gains at least approximates the golden ratio;

mixing the input signals to said left output summing circuit to produce a left output
signal;

applying the output of said third and second summing circuits to a right output summing
circuit;

adjusting the gain of each input of said right output summing circuit such that the ratio of
gains at least approximates the golden ratio; and

mixing the input signals to said right output summing circuit to produce a right output

signal, thereby producing audio output signals for the production of sound.

2. The audio reproduction method of claim 1, wherein the steps of adjusting the gain
of each input of the left and right output summing circuits comprises:

adjusting the gain of each input to the left output summing circuit relative to each other to
so that the ratio of gains is within 10 percent of 1.618; and

adjusting the gain of each input to the right output summing circuit relative to each other

such that the ratio of gains is within 10 percent of 1.618.
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10. The audi o reproduction nethod of claim8, wherein each of the left and
right input signals are applied to a correspondi ng negative unity gain

anpl i fi erwo0 2012/0942711. An audi o signal reproduction met hedTasepriosione:
mxing a plurality of input signals so as to generate a plurality of

I nternmedi ate signals; pairing each of the plurality of internediate signals
with another one of the plurality of internediate signals; adj usting
the gain associated with each of the plurality of internmediate signals such
that the ratio of gains associated wth the internedi ate signals that nake

up each paiy of Th@taﬁﬂl%‘%épﬁhﬁctﬁ)hgﬂé%hc?d & 1488 twIRPARL @XHBH RS 1k dgheen
ratio; m xi ng each of the gain adjusted I nternediate signals with the

ot her i sighals hee gpiplieditd & gorgfspoalime wdjyustieamphfier nedi at e si gnal s t hat nmake
up the corresponding pair of internediate signals; and generating an
audi o output signal corresponding to each of the m xed, gain adjusted

|nterned|aue Si gPdudpah ﬁﬁuammsyméﬁkoﬂﬂmglﬁ?thod of claim 11, wherein
mxing the plurality of Egt signals so as to generate the plurality of

i nt er medi ataéh%ar@jﬁauggalcs@mﬁ gwigg left and right signal outputs;

first, second and third summing circuits, each having an output, and each having a left
input and a right input operatively connected to the left and right signal outputs of the discrete
signal source, respectively, wherein the left input of the first, second and third summing circuits
receive a left input signal associated with the left signal output of the discrete signal source, and
right input of the first, second and third summing circuits receive a right input signal associated
with the right signal output of the discrete signal source;

a left inverter connected so as to invert the left input signal prior to the third summing
circuit;

a right inverter connected so as to invert the right input signal prior to the first summing
circuit;

a left output summing circuit comprising first and second inputs connected to said first
and second summing circuit outputs, respectively, and comprising an amplification component
for separately adjusting the signal gain at the first and second input, said left output circuit
configured to produce a left output signal which is the result of mixing the gain adjusted signals
at the first and second input of the left output summing circuit, wherein the ratio of gains
associated with the signals at the first and second input of the left output summing circuit at least
approximates the golden ratio; and

a right output summing circuit comprising first and second inputs connected to said
second and third summing circuit outputs, respectively, and comprising an amplification
component for separately adjusting the signal gain at the first and second input, said right output
circuit configured to produce a right output signal which is the result of mixing the gain adjusted
signals at the first and second input of the right output summing circuit, wherein the ratio of
gains associated with the signals at the first and second input of the right output summing circuit

at least approximates the golden ratio.
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WO 2012/ 094277PCT/ US2012/ 020016 mixing a left input signal and a right

I nput signal; and generating three intermedi ate signals, where each
of the thweezmzmtsvmnredl ate signals is one of a sum and dmtfrﬂrse(mmmmgnal
based on the left and right input signals. 13. The method of claim

12, wherein pairing each of the plurality of intermediate signals with
anot her one of the pI urality of interrredi ate signals conprises:

palrlngaflrst f the three inter ahte si gnal s %}hasecond one of
the three iPnt er NEdi2HEI8 rEPGAUIHON sytigm of claim g, whersin the ARPHCYIG MAAE!: hr ee

i nt er ek \§1't19fh%|1§ft Bhibh {AenSeCRRs: ANSnAbukl% tdbheel) BiRdiiatA signal s.
at the first and second input of the left output summing circuit, such that the ratio of gains is
within 10 percent of 1.618; and wherein the amplification component associated with the right
output summing circuit is configured to separately adjust the signal gain at the first and second

input of the right output summing circuit, such that the ratio of gains is within 10 percent of

1.618.

6. The audio reproduction system of claim 4 further comprising a left and a right
unity gain amplifier, wherein the left signal output of the discrete signal source is applied to the
left unity gain amplifier and the right signal output of the discrete signal source is applied to the

right unity gain amplifier.

7. The audio reproduction system of claim 4 further comprising a left and a right
negative unity gain amplifier, wherein the left signal output of the discrete signal source is
applied to the left negative unity gain amplifier and the right signal output of the discrete signal

source is applied to the right negative unity gain amplifier.

8. An audio reproduction method comprising the steps of:

selecting a discrete signal source having left and right signal inputs;

summing said left input signal and an inverted right input signal to produce a left-right
difference signal;

summing said right input signal and an inverted left input signal to produce a right-left
difference signal;

summing said left and right input signals to produce a left+right summed signal;

adjusting the gain of said left+right summed signal;

adjusting the gain of the left-right difference signal;

adjusting the gain of the right-left difference signal;

summing the gain adjusted left+right summed signal and the gain adjusted left-right

difference signal so as to produce a left audio output signal, wherein the ratio of gains associated
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14. The method of claim 13, wherein adjusting the gain associated with each
of the plurality of internediate signals such that the ratio of gains
associ at esownidnoeire i nt er nedi ate signals that nmake up each/ysaiir/oedoi6

i ntermedi ate signals at | east approximates the golden ratio conprises:
adjusting the gain associated with the first one of the three internedi ate
signal s and adjusting the gai n associated with the second one of the three

i nterme te si als su the ratio alns's thin 10 percent of
1. 618;nghf3 ferthit 581%@?? Hgna ﬁl@d&%ﬁlﬁﬁ é&%ﬁ%ﬁe e 2 RS LRAPFETRES T ¢ he
threeéb[gegrrggﬁglaﬁ@e signal s and adjusting the gain associated with the

second one of the three internediate signals such that the ratio of gains
is within ﬁ@mpengéntgam‘ adiumeftmght sumired sigral anst the dainfadpisteidmight-Jefinher ei n
one or re of t ural t t signal s are i.nve ri.or to mxin
To. TRiTReRssiel SR g isn L AR PN Tt & Gre R P P R at @ of gnat s
are i RYeted With te léf@ﬂﬁgh’ﬁ ki@med signal anlﬂhe A%IQLIEﬁ'differ&Qfe si@Rr 4dest ng an audi o

signal froma plurality of input signals, the circuit conprising:
approximates the golden ratio.

9. The audio reproduction method of claim 8, wherein the gain of the left+right
summed signal is asymmetrically adjusted relative to the gain of the left-right difference signal,
such that the ratio of gains is within 10 percent of 1.618; and wherein the gain of the left+right
summed signal is asymmetrically adjusted relative to the gain of the right-left difference signal,

such that the ratio of gains is within 10 percent of 1.618.

10. The audio reproduction method of claim 8, wherein each of the left and right

input signals are applied to a corresponding negative unity gain amplifier.

11. An audio signal reproduction method comprising:

mixing a plurality of input signals so as to generate a plurality of intermediate signals;

pairing each of the plurality of intermediate signals with another one of the plurality of
intermediate signals;

adjusting the gain associated with each of the plurality of intermediate signals such that
the ratio of gains associated with the intermediate signals that make up each pair of intermediate
signals at least approximates the golden ratio;

mixing each of the gain adjusted intermediate signals with the other one of the plurality
of gain adjusted intermediate signals that make up the corresponding pair of intermediate signals;
and

generating an audio output signal corresponding to each of the mixed, gain adjusted

intermediate signal pairs.

12. The method of claim 11, wherein mixing the plurality of input signals so as to

generate the plurality of intermediate signals comprises:
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WO 2012/ 094277PCT/ US2012/ 020016 a first plurality of audio m xers,
each having two inputs and an output, wherein each of the two inputs is
confi gur esoo1ymer7ve a signal based on a di fferent onepafi/usb@2pboonal ity of
i nput signals, wherein the output is configured to provide one of a
plurality of internediate signals, and wherein the one internediate signa
is the result of the mxing of the signals at the two inputs; a

second pluraljty of .audio each of the second audi o m xers having
two i nputs r@ﬁﬂl%@%&@%%ﬂ%ﬁ&@ég@ﬂt Y& % wo i nputs is configured to
recei ve a dphdgh ré%rlﬁte%echs't@ sRnHi avhdr¥ e@dh 6ﬂh@ﬂﬁ‘@éjih%tlﬁe§1htgr§?érﬁls iWpsL el n
t he out put |s configured to provide one of a plurality of output signals,
wher eioh atshia apd elifberemgtsigiafbaskd pg theheftaed vight ioputtshgnats xi ng of the two
correspondi ng i nternedi ate signals, and wherein the gain associated with
each of the two corresponding internediate signals have been adjusted so
that the rati o ahegdthsd &tcldifast, @@fbﬁl@ﬁélﬁﬁ%@&htdmhegﬂh%my bRintePmediate  18.
The circuit of claim 17, wherein each e second plurality of audio

m xer siggekiprifhsanpther one of thaoluaply iof ﬂré@nmedratwg@%h@?mgﬂsevmﬁ ein each of the

v ampl i {1600y SIROTR il EORLY B AR QAP Ushd B SRLPuRLe 2,

correspondin ne o erme s'recelve
|nputSn@ﬁn&hﬁeQQHMsznxer 19. The CIrCUIt of claim17, wherein the
plurality of input signals includes a left input signal and a right input

si gnal , andPan‘i’éraéfﬂHdéa%Hf be ﬂ@lﬁ%l%ﬁfrmea}arq s With denisapnst neaf ghpathéeei s one of

a sunhﬁggnéhgéggﬁlgnce signal based on the left and right input signals.

20. The circult claim19 further conprising one or nore inverters,
wherein the one or nore inverters are configured to invert one or nore of

the fTeft i 'l'ﬂ”t slih%r}gf!thocp of ctlalm H %vr%erelm Estisnlgg[ﬂea !géin associated with each of the

plurality of intermediate signals such that the ratio of gains associated with the intermediate
signals that make up each pair of intermediate signals at least approximates the golden ratio
comprises:

adjusting the gain associated with the first one of the three intermediate signals and
adjusting the gain associated with the second one of the three intermediate signals such that the
ratio of gains is within 10 percent of 1.618; and

adjusting the gain associated with the third one of the three intermediate signals and
adjusting the gain associated with the second one of the three intermediate signals such that the

ratio of gains is within 10 percent of 1.618.

15. The method of claim 11, wherein one or more of the plurality of input signals are

inverted prior to mixing.

16. The method of claim 11, wherein one or more of the intermediate signals are

inverted prior to mixing.

17. A circuit for reproducing an audio signal from a plurality of input signals, the

circuit comprising:
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21. The circuit of claim19 further conprising one or nore inverters,
wherein the one or nore inverters are configured to invert one or nore of

t he pl ur avotzg12m417t er medi at e si gnal s. 22. The ci rcuus2ab/ogdoas m 19
further conprising: WD 2012/094277PCT/US2012/020016 a left unity amplifier
configured to receive the left input signal; and a right unity anplifier
configured to receive the right input signal. 23. The circuit of
claim 22, erein the left and right unity anplifiers are negative upity
anpl i fier s%rst plura wofjﬁﬂewcmlrxem Facgfha&n&itWPi%“%H@raé‘i WRHeVBEEGFADPUr al i ty

of  auhOrwl MBS i CUMRLLRATo FMRive YWIEHAObA&EA 64 hdfteiOne iR tHeBudlifysdt iRfutt he
two summng circuits’is configured to mx a first one of the plurality of

i nt er rainkst whekeigrthé sutantis sosfegweditogmevidé ondef ppluradity of/inefimediptersngrdisat e

I N TN ER TN
one ofingae plurality of internediate signals.
a second plurality of audio mixers, each of the second audio mixers having two inputs
and an output, wherein each of the two inputs is configured to receive a different one of the
plurality of intermediate signals, wherein the output is configured to provide one of a plurality of
output signals, wherein the one output signal is the result of the mixing of the two corresponding
intermediate signals, and wherein the gain associated with each of the two corresponding
intermediate signals have been adjusted so that the ratio of gains at least approximates the golden

ratio.

18. The circuit of claim 17, wherein each of the second plurality of audio mixers
comprises:

two amplification components, wherein each of the two amplification components is
configured to adjust the gain of a corresponding one of the two intermediate signals received at

the two inputs of the audio mixer.

19. The circuit of claim 17, wherein the plurality of input signals includes a left input
signal and a right input signal, and wherein each of the plurality of intermediate signals is one of

a sum and a difference signal based on the left and right input signals.
20. The circuit of claim 19 further comprising one or more inverters, wherein the one
or more inverters are configured to invert one or more of the left input signal and the right input

signal.

21. The circuit of claim 19 further comprising one or more inverters, wherein the one

or more inverters are configured to invert one or more of the plurality of intermediate signals.

22. The circuit of claim 19 further comprising:
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25. The circuit of claim 24, wherein the gain associated with the first one
of the plurality of internediate signals and the gain associated with the
third onewofotdm4phural ity of internedi ate signals are adjirust@dosowseh t hat
the ratio of gains is within 10 percent of 1.618, and wherein the gain
associated with the third one of the plurality of internediate signals and
the gain associated with the second one of the plurality of internediate
Sanals are ol iRy SpRHG o Rlred A cedhl Betr SN Sighil; hd M 1 20 percent of

a right unity amplifier configured to receive the right input signal.

23. The circuit of claim 22, wherein the left and right unity amplifiers are negative

unity amplifiers.

24. The circuit of claim 17, wherein the second plurality of audio mixers comprises
two summing circuits, wherein the first of the two summing circuits is configured to mix a first
one of the plurality of intermediate signals and a second one of the plurality of intermediate
signals, and wherein the second of the two summing circuits is configured to mix the second one

of the plurality of intermediate signals and a third one of the plurality of intermediate signals.

25. The circuit of claim 24, wherein the gain associated with the first one of the
plurality of intermediate signals and the gain associated with the third one of the plurality of
intermediate signals are adjusted such that the ratio of gains is within 10 percent of 1.618, and
wherein the gain associated with the third one of the plurality of intermediate signals and the
gain associated with the second one of the plurality of intermediate signals are adjusted such that

the ratio of gains is within 10 percent of 1.618.
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