PHASE LAYERI NG APPARATUS AND METHOD FOR A COVPLETE AUDI O SI GNAL BACKGROUND
OF THE | NVENTI ON 1] The present invention relates to a nethod and
appar at uswban1esiebl i shing a substantially conpl et e audipaTaisgmalo4sne
especially to a method and apparatus for redeem ng information froma

di screte audio signal to reconstruct, or produce, a substantially whole,
virtually omi-directional sound event. 2] Sound exists as pressure
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that are heard as sound. 3] There are three commonly neasured
conponents of any sound PAESKOROUNDEJUEHEYNVARPITONIde, and phase, when a
reference is avail abl e. 4] Since the birth of electronic audio

signals the goal has been to capture, store, and reproduce an exact replica
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di fference between the reproduction and the original.
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.

2] Sound exists as pressure and velocity in a medium such as air. Sound begins
with a mechanical disturbance, such as a voice, slamming door, bow across a violin string,
and the like. The 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.

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

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

5] An electronic audio signal is a fluctuating electric quantity whose variations
represent all sound information as a code. We’ve learned how to unwrap much of the
frequency and amplitude information portions from the signal code with a high amount of
fidelity, enabling the wide bandwidth and broad dynamic range enjoyed today. Phase is one

major component of sound that includes representing essentially all of the coupling of the

spatial and temporal information elements of sound that has not been reproduced by



5] An electronic audio signal is a fluctuating electric quantity whose
variations represent all sound information as a code. W've |earned how to
unwr ap mwb 20f1/3s3f requency and anplitude informati on pomttsees/0is406n 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 major conponent of sound
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WO 201 13ud®198Rbap/tuspomohowdses incompddie-i onal means with significant
fidelity. As a consequence, conventionally reproduced audio signals to this
poi nt have l¥den i aiepl @heplete audio sighalAnould @alone anphieh allaodidcangmahtswoul d
be one in which all sound conponents are fully opened, transmtted, and
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sound, sound reproduction has heretofore been [imted to a two di nensi onal
perspeé?@@%mapﬁ$@@“H@ﬂnﬁﬁmﬁﬁé§@n§ﬁéw as stereophonic, binaural, and various
surround sound techni ques, and beyond, offer signal processing enhancenent
met hods and ApparBecassetenstinariecaeglegrediotsagnabmoe psatide igh ifildeletyal | y f or

ot herwi se naturally occurring spatial and tenporal information. These
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within the signal code: |ost, hidden, buried, closed off, folded under, but

nevert hel 8ascthitab h&‘a{&tfé’ﬂerl‘)@éh limsbde My&‘o &h&ﬂé"ibnalwf‘s Qétﬁv%e'ibhok pyention is a
nmet hod and apparatus for producing a substantlal conplete audi o S|gnal

o of hrRAB Ol ARG Bl L VAL o8 ALSTN Bepides ot Shg o

unf ol di orna now, has been

audi o si_gnal There are |l e uses qf the word "phase." General
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the idea of oper 'phasing' of speakers, or the term'absolute phase' to
descri bﬂétl%aﬁﬂg)k@:f othepyise neturallgragepriag pé@taé apyt tepivasd infaepatipne Thagror t ant are
nonaur al phase, where, typically, delayed sounds are applied to one or both
ear s silimitdtmne trast the deigimat samd evhitwsnext daseme lavkedk away titkinathe sigafl bi naur al
phase, which refers to a tine delay due to the difference in the path
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characteristic of sound is not generally discussed. Nor are
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.

8] 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

refers to a time delay due to the difference in the path length from one ear to another. But the

idea of phase as a defining characteristic of sound is not generally discussed. Nor are



WO 2011/ 031953PCT/ US2010/ 048406 neasurenents general ly provi ded. Phase
herein is concerned wwth the rules of hearing as a constructive process.
That is, wbeolwmies3t akes data comng to it fromthe ear pcarus2@pphsses rul es
and functions to build a representation of the sound. These rules involve
conpl i cated nechani cal., biolaogical, and neurol ogi cal processes that are
unbel i SVESIFMENISICBSTANY PEY) e%%ase herem@s]colf-‘ﬁ%@%c? W&@ the mgeﬁpﬂ?;é@“c&fstahe
present invention, enables sound to be rendered through a signal to the
ear, i rroastygpyivehiashssi dhetisstha brdimbakes datgceminggaitsheaithe dar.cmdtappliesirilgh nal
acoustic event, radiating sound in a way that is simlar and |like that of

t he or iagdedctioaptoiseld, a ep@panatidned theosounéc dhekeduleo imdlveoapdicatséi on of the
recei ved sound waves fromthe ear to the brain conpletes the hearing
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recreate the listening experience with substantial accuracy. The present
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10] Phase is also a rel ative nmeasure of one  si.gnal. agaipst. a reference
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space. This is inpaortant since in a normal |istening experience, whether a
si ngl e ¥covstigEMe)t. KAHAR spundrig dgrayehat i pinklar englike Ypgefdhs origigakraggiret er eo,
are recorded, the recorded signals represent the phase relative to

i nf or netanemitedoort re¢drded smorddddnsimgsyaingof dlte teha védbsamid oravef fromeheratogirone.
When nultiple m crophones are used, the phase relative information for each
r ecor deghisicgmpletdshe/RéAne precebd) elt pasit vethef pHakeis Mhee maipdien Bnl’eh @tid ve to the
source as well as the acoustics of the space in which the recording takes
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signal, by summ ng their oltputs together, or one can record discrete
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ultimately. the |]steni enyironment will be uniquely different for each

si gnal .Indintinsuishabie from MEnieing £ has been extended to enhance the
recorded signals for |istening environments, inclusive of head-rel ated
transfer fundli oddhasakidls@iagelaiive gieanvat ohenscez pgpins agefernee gepdls x| al
reverberation for the illusion of a different space, it is virtually
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whi ch the sound is heard. However, since one can acconplish gradual
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same way in which one can record signals with nultiple mcrophones, it is
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contalned In the recording process an ntrodu ed crossovers in
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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

uniquely different for each signal. While a significant effort has been extended to enhance

the recorded signals for listening environments, inclusive of head-related transfer functions



11] For the purpose of describing the present invention, various terns,
i ncl udi ng phase | ayering, phase layered circuit, or PLC, as well as terns
such as gweduatsmssr ossovers are enpl oyed herein. PLZ2]USkd10AM8A06 ound
conponent is distorted fromits original form all sound conponents may be
affected. Therefore, what affects phase, anpljtude or frequency, may affect
all. and dlgf@f SIgha PESAYRT B Serinat il e vegherasop 1oL g 1Sl SR OIRIEL i
nature. The stereo effect produces a 'phantominmage' that appears as if
sound ispaeoilhyirfupldyrin p sepatate e lesdanee fropethoueeqystigiorfshesnase peaker s,
when in fact, nothing is there. It is an "illusion." The basis for defining
t he quabhitly thersoandsiséieard. $Hsteanr, istichome vl dccomplighhandwaciosggeers ¢ abl e to
produce a realistic "soundstage." The soundstage takes place in what is
common| ghyGighllspeet ByeplaGie Blul RO tpeakdib @t the SoMAEHE sihewaPuNiaich@Re ggner at ed by
the stereo system produces such a convi nci ng phantom i nmage that the
listen J > - : er.e: Vi I . st age
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breaks apart stener nobveés outs o) e swe ei ther too

far to the left,. or right,. a fromwhere the phantom i e s taking
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based audi o equi pnment in use today is based on a stereophonic sound
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ki nds of signal processors used in audio electronics. One type is designed
to sol Ve lpyentsl mrthe psywowl sitagel taicoveymenenevealshpehinamiugnahs a graphi c
equalizer, and is designed to tune a roomto a flat frequency response, SO
that when anljudikorstespeposeloivisscribhigg the preséis im@htiog diarigusaermdg) idlediig ng from
t he sound. Anot her kind of signal processor adjusts the signal, such as a

reverb e @i phdss |sleRlaaiedic! & ke, halid sahRdupaandings dBdsybo

studi o ‘'sound as 1f they were recorded live. Audio enginheers use these and

ot her t i i.y. profession. 15] Anot her type of signal processor
utilizégg%éggﬁggggﬁéﬁic t echni ques, based upon the study of how the brain

interprets information coqmng to it fro he .ear, . of .these types of
psychoacousﬁ&a Si W&f“BP@&@?E@W?IHévgoﬁg£%oﬁ§§d“@8k&g¥BL§BF9@“¥ertain
problens relative to stereophonic sound primarily, and can sonetinmes al so
be usedompopoplas ki effaeied diBuelere vdiagafaectapsse. eatnligils cidregtncy. Bay of t en

as a secondary advant age.
affect all.

13]  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
sweet spot, the illusion is gone. Most consumer based audio equipment in use today is based

on a stereophonic sound standard.



16] Stereophonic sound has limtations such as the sweet spot area in which
the phantominmage is contained. Unlike live sound in which a | arge audi ence
can shar ewat2oomsi14s8nme, such as one m ght enjoy at a coneemtus2smatsophoni c
sound has a |limted area between two speakers where the audi ence nust
gather in order tQ experience.the phantom sound stage.,. This shorfcomng in
St er eo sounoﬂﬁas ﬁ@af‘dfr?ae%ﬁﬁwg od&\rBropRETYS agéila%g@%egecaw%oﬁ&?eethe
limtations of soundstage size and either find ways to expand the sweet
spot, dvpe iaslesignadte selys @rafflempagsopiatefl eithrthe pinarpnarent sueidas agipettici s t he
basis for honme theater and surround sound, elimnate the sweet spot

al t ogetdqealizettand as dhsighed entunt ecboroltogylat frispeecy engonsé, sohieatvitenvataodie f or
devel opi ng certain kinds of signal processors has been to enhance the
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buried until the present invention. 17] One of the rules of high
fidel i tapdjosher ¢pady intheinprokessiont o t he ori gi nal sound event which neans, "to
hear the signal without alteration.” Hence, an aimfor design for serious
musi ¢ |isteniShg, Awmothey typs oftsagmal procenserntdizgnpdychercegsticttychaliqnes bakesl audi o
path as the state of the art allows. Hence, good audio is actually good

sci enceaipandhd dvedyeofi Hwithe b&As diierpheys Boathadivacomigno ot frandthesdwuMinpot be
applied to all audio signals. Every tinme an audi o signal passes through any

acoust e R AR hdkooudfc GLAPbrd-eabrIRYE Serlsed &IPS iRt ed. Audio
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desi gners work to e anount o istortion, to maintain faithfu
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i nvention i?‘ desigged to.convey. si.gnific n%l%rmre of the information of
the oriGPHRNORGARY IEGEH S1EHAAP Wéw%}siaarw UGG 2 SETHRD; YRIPSF- addi ng
anything that is not already in the signal or subtracting anything fromit.
18] The fol l&ki ngdtesesphopig wind hahlonitatiak nhejuessthe swept spotayfdn ddigdudico sound
fields primarily in stereophonic applications. There are three approaches
commonlphan®edimage ihenpasdd. Unddeddienguidia valpph o tagd anlioifce keasharehtatmed
transfer functions (HRTF), the use of digital signal processing to create
rever bafmé sudl asspRimiaht & esrtaSconbergRidr@phomic SOWChas iadlrl it f#€f bdrhagh t hat  of
the listening environnent, and the use of stereophonic signals to add
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t he nethod use can be applied to nonophonic, stereophonic, ot her
mul ti-sjgnal formats. It IS not ]ge ndent on the use. of stereo signals
and cant ThiessEm SR stssaeBnd Ray 51 14 Ve ORGP isBpd B €'efrorky $U57 gna
formats, . 19] U.S. Patent No. 7,203,320 to Coats, et al., teaches a
sub- harleitationg sheradyreatier Adsiber BIhAALS GFxpansiibe swret spotnei AbH thpgase
apparatus nmay provide for one or nore of: receiving an input signal
cont ai rmifmeptfonedereredhederfspwnd., avhaeiyis ahdf hasistfor bergethefitel angh juntpunéeoundput

eliminate the sweet spot altogether with a different technology. Hence, one of the motivators

for developing certain kinds of signal processors has been to enhance the stereophonic

experience. The present invention is not limited to the sweet spot, and can be experienced in

any venue, at any time, and under any listening conditions. Moreover, it works with all audio

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



WO 2011/ 031953PCT/ US2010/ 048406 signal to produce a first internedi ate
signal containing frequencies fromanong a second range; producing a

sub- har nrompeosi/gnEB fromthe first intermedi ate signal @®omUSs20EE406
frequencies fromanong a third range, the third range of frequencies being

about one octave bel ow t he second ra e of f uenci e canceling.energy at
| east SOARNTECRIEFLIES PO erélrﬁSH@d%P %ﬂsf%“ffd;‘ﬁgeg Sf é&@f@ﬂepﬁémgﬁl% a left

channel signal of the input signal to produce at |east a portion of a left
channelWiigh pastresiaipgd hiddgp dné hwdes uniid thepsesppt @yverfinme f r equenci es from anong
a fifth range of frequencies froma right channel signal of the input
signal to pridducelst oflthastlessofhiogh fidelitpfs ta stayghithfohanhebriguilputndegnal .

20] U.S. Patent No. 7,003,119 to Arthur is for a matrix surround

decoderymth hiéahsd, zs@rheumh@ Ri £H§le‘§1t§&it@1’t@atl§rub -F9oSt Sfifai i TFo HERBINXbLs@IbupUt s from
the stereo i nput si gnal . first sub-system synthesizes the phantom center

out put, ﬁ?erﬂhg(@?o &%ﬁt{@%ﬁ&l slgﬁﬁﬁﬁé%ﬂtg%ﬂ%gt%ﬁé X‘@cﬁé‘ 5RSs it &at@ijthE' ght

speakers In 1ron st ener sec -syste synt hesi zes t

vi rtual ro or out al.s laces t he sound i mages to
Uhe. o ety Rlent e apbf Bidio R iRy Sl SuB e dghib hEST Set b BH,  and
right stereo outputs, and expands the |ocations_of the Ieft and right sound
i mages.audio cannotynd sheyl @Péblif’rﬂﬂﬂhéd spalt pustio BgpathsEuHY dimectn udig $8n¥ onal
conpensation and active matrixing is shown in Hoover, U S. Patent No.

6, 947, §B64ses tnoaglstgrasopticnl, meelxapa?cwé,ileecc;trtcathtV,icetdiso(ti_onl'?g crepad.sAgdml i s
spectrally nodified by increasing the bass and treble frequencies relative
t o t he desighangers @ sttt Q060 s diseorfied, tamaindsiafgefiilresognaiono dgiklityn t he
(L-R) difference signal. The stereophonic expansion effect and mani pul ati on

of the Qighahe RN DR ﬁ{n%sé&fﬁ R BeusRd tf?é’hl%ﬁés't ﬁ@emt frhaslsﬁata%@iam Eérﬁﬁl%te
22] U.S. Patent No. 11,265 to |VbI’I’ISIS acentra|2|ngo
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and di fference sign expan ocal i za |on of
center }[Jdl 0 matfehl al.s. rmre éngwar tﬁle center.is acc Shﬁfdg
equal i ZRIHAYY Ot the O g Soup therprioragsith o4 SegH! CéB‘Ir]ﬁb'fl s W
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anything that is not already in the signal or subtracting anything from it.

18]  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.

19] U.S. Patent No. 7,203,320 to Coats, et al., teaches a sub-harmonic generator

and stereo expansion processor. A method and apparatus may provide for one or more of:

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



decreasi ng the bass response while increasing the treble response of the
sumsignal with the desired bass reduction being acconplished by the use of
a gyrat orwbaososmsai cal | y synt hesi ze an i nduct ance. AddipCirarsadiop4ssvée

equal i zations in the (L+R) sum si gnal to reduce the signal at bass
frequenci ef and to crease Rsﬂge at. treble frefcl) uenci es are SWI t chabl e
si ngl y 63" WR:fBﬁiﬂﬁe {gRCeHREdRE %ﬂ%‘&almé‘ﬁrffeq%t‘f&‘é M among3peeRcy

Patent No. 6,587,565 to Chol, a systemis provided for inproving a spatlal
ef f ect r@fges peadaeing aunbrhermenie sidedl Temuhe fipldntepnediateistegat ¢pnganige mensi onal

i mage sound signals fromsignals of stereo channel. This includes a spati al
ef f ect femjnamdésfgorpantongn thidbranga thé thivdl rafi ger of rdqaaiasdpespatboal orefdcest and
directivity of sound is produced, a band enhanci ng portion where a signal

for enhansi g ssecslddhdde FIRRAARIMS; Odncbing: &lepsyeR 16RAWIR] fréd@hdks fera | ow
frequency range and for maintaining the signal conponent in a mdd

freque Signal
of the SioaeR6h Pule %ﬁ%@%@fﬁgﬁ‘égﬁ AR P&’%M%and
enhanC|n ort n reo hannel | are calculated in a matrix
manner &8 T ?%8P Lt pruf B gaTr e ST ab s frifughtef
dlfferentlal conponent betmeen lleft and right side channel signals.

Accor diffign fEopae lé%ztré%e offfrguenrigsi frem efriedt chagnelseanabiotthn it sigpaldQ ed

Wi t hout using a conplicated circuit construction, the deterioration of

Si gnal produdeiaskeastatpootiorsofpy mghdchamel awtdut shgnatost - per f or mance ratio for
realizing a spatial effect of sound is inproved. 24] U.S. Patent No.
6, 448, 846 t @0$chviast RPaterst N@r7,@03claotts alrthadisgbas ermaanaetoundg circuit and
system The Patent describes controlling the phase relationship between a

proces %Eo&r&ﬁ%&ﬂke&i}hﬂ?l%%s @E‘\&‘er&lfsu@s?{t%@&Sgneﬁté)&ﬁtpﬁ& fRAMLE hRrdNase of the
pre-processed signal in a particular frequency range or ranges, so that a

controld %‘1 2R GEORL gﬁ&n‘%&?tﬁgﬁ%%ﬁ@ﬁ% o ol &, Jil I%Ee\xszﬁlgﬁ R?ac&f Jh%?ﬁon%%'&% be

reallze n one errb IS1TS ac leve ain control
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2011/ 031953PCT/ US2010/ 048406 25] Australian Patent No. 708,727 to

Kl ay marfyndadresshevistual erognth igesib avtpglsgna, which placze thesognd paagshto Me.
5,761,313 to Schott is for a circuit for inproving the stereo imge

separ atsiden ofthedisginer. ed tisrdyndtsysByn yathegizepthe et arfd egustecso seppsnsd
mani pul ation in the difference channel of a stereo signal, the stereo imge

Wil apReatdstee R¥4RHE obeiean ahd 8 gGouad irfdgasenent of the I oudspeakers. This
i s acconplished by shaping the dlfference channel response to sinulate the

response ongqyoul 4 stQFeoﬁHﬁh@gﬁSa%QIé ahIIO[F E?cﬁ%ftﬁ%al"@&n@peﬂ’s"éﬁ%h%ﬁh ¥ypved to

t he virtual p03|t|ons rCUI I ncl udes summ ng and requency

equal i zati.on circui t ght stereo si re

onp | ed i Rfedt MLt 5T e peanceal e SeEhRilt SR i so
to which the left_and right stereo signals are appljied. The outputs from
these GlicBitithe (arhky %ﬁb@gnaéémﬂe@faal%deP%ﬁﬁsi Pémcr%ﬁﬁalgrth@h%sseﬂ%ﬁ@? out put s.

27] U.S. Patent No. 5,692,050 to Hawks is for a method and apparatus for
spat i alfreguentienrelatige &t the etdange srorsdp lsomipenssiegnah midrangefregenenboapivar at us
is disclosed that spatially enhances stereo signals w thout sacrificing
conpat ithé (Ii-Ry diffdrén cesizaph OrtieCsteregydiov 2 ekpar sionaef et slah@enipiutation ofthe siadi ment
a stereo enhancenent systemis inplenented using only two op-anps and two

capaci ttsmaand afBpt Og&eg\#gtaghe@mgﬁx H,’hfﬁgﬁ)@.tl al enhancenent node and a
bypass node. In other enbodinents, sinplified stereo enhancenent systens

are realize y S t f t sum of the
ot her out pu?n?haﬁ‘?,@f Ry Sl b SR e a L gl
pseudo- st er ynthe5| ed an atial enhan accor di
DS or e0 SHUMIED L Bur s PRI ARGET | 1o RBPT R oy RS RN gaf CBERaEe SEBOYi mont s,
t he respectlve spatial enhancenents of nonophonic S|?nals and stereo
si gnal sVid @Han@@gﬁpamﬂyrr@@@ﬁu heealization af epintrylandieyratelvmpeiowask tht endi ng,
in a continuous manner, the enhancenent effects of both.

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



WD 2011/ 031953PCT/ US2010/ 048406 28] U.S. Patent No. 4,959,859 to
Kennedy et al. is for an FM channel separation adjustnent system 29]
The convewOi2onai3igefi nition of an anti-phase signal is @oe/ushab/ okse

i nverted phase (180 degrees) as summarized in U S. Patent 6,477, 255.

30] U. Pat ent . 4,866,774 to K ay a ster enhancerren

di rect.cl%rﬂfeﬁmg%ﬁvdﬁasa HSROTSE 3P i tﬂaw%reéaﬁqsaﬁ T e e Sy Eﬁm s
that are processed for stereo i nage enhancenent, apparent directivity of

t he st éieélée%]@ﬁﬁhEPdIUQthW%@-‘éémbysheﬁé)de@u@fOf%}W@Ofs‘},@ﬁC@Wme@MY tywehasigbt and
right processed difference signals (L-Rp, (RL)p. Each of the left and

ri ght sarivdstanespaddsiondly, e eqpshetivhym theflt+Rysum gptal $¢ ssdece thapighakitgnal
(L-in, R in) and anplifies increases in the respective left or right

pr oces s ﬂecfdeﬁélemm ®1i18ds8 thelienaR AWl Bbq@Mblel hicGaliichiblé SingBMYriRl | ed by
feeding back the anplified or directivity enhanced difference signal

(L-R) peco?%%a!nl)g%{:wtéeﬁ NQE@WFFnﬁhoH with the processed difference signal

(L-R) p, ore directivity en ancenent and then conmbining it with

amount of ar {4k PR BR Noh 5%75952%*&5 S L SR T L0 e

for directivity enhancenent U S Patent No. 4,815,133 to Hi bino
t eac hesspatwé@ffﬁ%r A iserep S&ua%l Gﬁ?f}?@d%fb%‘ﬂlétvd@n@&?ﬁﬂ‘é@tgé@m? diraensionakigiiedni ¢ sound

source to supply audio signals to a | oudspeaker systemthat has an indirect
sound ewtndggnalgiromrsegrials dfoterexthaantli Adid indiudesca spatalredfecbenbhenang gortipn
extracting a difference signal between right and | eft input signals. The

di f f er enigge skignall foi snHahéiag spaaeeffed ahddvditiaitn ofvoundvepioddeddi & beddEnce
signal . Each of two mixing circuits receives the right input signal, the

left i rb‘i’lﬁgnéﬂg,gﬁtﬁf{wn (Vh@relaesfléna@m ehh&lf@:ﬁngdi glél@il%%ﬁo&n@@?—ihe%&%&@ﬁnhé]vertEd
difference signal to produce a left and right out put

Pat ent , Gaz %wttﬁ.?qgs @%r Y&ld fof pla fxﬁmﬁm‘&#ﬁ?hﬁ@?&g% ﬂqfﬁﬁ&j 8' “9

apparat ereos S adltlonto

drivin the ri ght speaker, |nverted and del ayed and trafnﬁmtted to the
| eft sOESIKECY I 1|s§1elgergtie r?élﬁalrﬂatrlx 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.

24]  U.S. Patent No. 6,448,846 to Schwartz is for a controlled phase-canceling
circuit and system. The Patent describes controlling the phase relationship between a
processor’s output or portions of a processor’s output and the phase of the pre-processed
signal in a 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
providing a gain control circuit that receives and selectively amplifies the input signal prior to

it being summed with the processor’s output.



WO 2011/ 031953PCT/ US2010/ 048406 addition to driving the |left speaker is
inverted and del ayed and transmtted to the right speaker. 33] U S
Pat ent NowO0O2p112B14586 to lida is for a nmulti-sound repro@atiusgoiappanat us for
deriving four sound signals fromtw sound sources. Left and right sound

signals appljed to t I pput _ci rcuyi afe each shifted in phase by phase
shifters and’isj3 herﬁ%ﬁ?\éﬁ?q elftc;\? % é@gﬂé?éo YRt t?ﬂcp?;slﬁ ftgr.eo?ﬂ}ganlc@?lf’msound
signal is also fed through a | ow pass filter to be conbined with the phase
shi ft edYptE@ght sound signal and the conbined signal supplied to a separate
output circuit Likew se the right sound signal is fed through a | ow pass
filter to bee6dondi.SeHatenttNo.d, 163 IdhaSehahisffoedcil @it fosmprdviap gitedterand t hi s
conbi ned signal supplied to a separate output circuit. 34] The net hod

and appgfagd dpafftioh R a Rfe@HAMEnal "B @ AtinRpdc@N TRYUGRS réspdhfsthanpilatibyincRep! et e
audi o signal that utilizes a substantial amount of the sound information

t ai ; ; : ‘ CoP . . . (vt
contai Qﬁﬂel‘efﬂcea(ﬁlaﬁ%q 'o?a%fe%aélgna‘f,qgggi@fe% Emg‘%gé?vtﬁrﬁﬂ)egﬂ tg%lxltelhé{gl . d'a‘fﬂé gLty to

the original sou sour ce. to provi

substantial ly, ¢ et.e apdi o..si gnal at_.any.link .of th udi o .chai.n from
capt ur SRR EE S eRkGh oTRl 37 Heg Mot By BokiBe A ORPHEERGA | Che
present invention also provides a way to reconstruct a substantially
conpl et’&SPRU 1§ sEnylak the Fespenspeng W@éla{lz?nwéleﬁ@é tuiftthe FPUaSESs evgre Phyrécally
(inconmpl ete) audio signal. The principles of the present invention may be
appl i edno@danyhekvidwal pobiginas. Theparcuthedldas asumghieg ambhigh fqueticscr et e, or
multiple signals, such as stereo signals in known audi o signa

appl i caiguaingtioh c@eail fowehith tieserk hitEdgiaauneh signdharapplyed, eheplidfegsnceadi o
broadcast, |ive sound reinforcenent, or by the reproduced sound froma
reCOfdHﬂﬂnmg%ﬁ%gﬁéaﬁEﬁﬂkﬁa&%yeﬁcﬁﬁﬁtQhﬁ&ﬁ&hkﬂhﬁﬁ@@hﬁﬁﬂg?ﬁﬁé%&ﬁgﬁhymﬁgg

pl ayer. Additionally, the present invention also nay provi

i mproved i i gi.bi.l i di ' - vant ageous
it ol Bl el o, HRET e 2 S Bre BRI B cBEWEE 920
mlitary, |aw enforcenent, nedical, and other energency sound WO

2011/0 PCT/ US2010/ 048406
27]  U.S. Patent No. 5,692,050 to Hawks is for a method and apparatus for

spatially enhancing stereo and monophonic signals. A method and apparatus is disclosed that
spatially enhances stereo signals 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
monophonic signals and stereo signals are integrally combined into a single system capable

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



applications. Also, inproved clarity, higher resolution, better dynam cs,
truer tone, broader, bigger, w der space, nore precise dynam cs, nore

nat ural swecbrialdigsal ance, and greater detail, are sonme eCTiuseomaisal
byproducts of presenting the whole, open, original sound conponents through

a conplete io sigpal. SU Y, E | NVENTI, 37] Accordingly,

t he present a%%iven@isoﬁatf:%t ﬁ‘?%ﬁ%%@n%yé%r an BN} chaphelsgparaiion ydi o
reproducti on systemthat substantially obviates one or nore of the problens
due t o adjusimentispvienand di sadvant ages of the related art. 38] An audio
reproducti on apparatus and net hod uses a discrete audio signal source with
single, or I¥it dare conghttionardefiiten df apuhs-phasepigdicena ticohpd avertaudi o

si gnal having an omni -di nensi onal sound through a plurality of transducer

Voi C& GfliakeS(1BD d8gtees)fas BlhMafif AITAAYUS EPAent@(4771238 @ di screte or other signal
source into nmultiple channels of a signal mxer. Afirst circuit is

connect ed t oygghe 51 0R3lenPRUTL86AMH BRI I PRARE cHiBUhe kA BIEGMGOUP! ed
to one or nore of the transducer voice tolls, or mxer channels. A second
circuit is connected to the signal rce and oduces an i,nverted phase
St put EBEo18E YRRl M B M PRREs SRiD IR HE STy Mer

channels, to reproduce the discrete signal source through one or nore

t r ansdUBBES CHRNEMET, IPRATSAEFIECCtiTIE Ohihp Al U UAGYS IReivesed Dy diersiseyPgnal
circuit coupled to the discrete signal source for an in-phase reference

si gnal sastdmafiorsthe leftyindgeght procedised didfepdned sigoals ile-Rop giikal)ps diach ef therlefyr oduci ng
an out-of -phase signal output. Additionally a treble signal circuit is
coupl edinti@ighhe:rdbssespings &i 98 adspSdive Ceft andigHkeedeciaputaigibdeid, Ry éeadt r ebl e
signal output fromthe signal source while a bass signal circuit produces a

phase |a%¥;ﬁffr°e§’ i&@&%essihgl'i@ﬂesﬁercﬁ% Ielf'teor?rig%'ﬂ ﬁfoc@s%'di GBferdNde QhRUL ThE h@bhde dras the
outputs fromthe reference signal circuit and the anti-phase signal circuit

and fra . ehl ' ¥ CUi e . S] i [.t. m xed
oo o S DEALERL Sl il GRSl AL IS hRgE Sl L

2011/ 031953PCT/ US /048406 circuits use a mxed |left d right, dual
nmono, o8 if#ﬁﬂ‘“fe %gijtgﬂf‘a&“ USIPPALRE & V%}T‘hnﬁfn Brogeesed g}cfger S1<G ﬁanaﬁdﬂﬂm. The
anti-phase circuit mxes the left and right, dual nono, or nultiple signal
conpondnpdetre diectigitysahanspnpeteanthitich %ng!aml if with éhe ipputsigat ﬂgnvﬁmm i nvert
the signals and then m xes the parallel path signals to formthe anti-phase
out put .a pnsedaetidoratie pr adiecbnwol the omesis df noiplifiesicnedfeld progesacdidisfereate si gnal
source and using this signal to produce an in-phase reference signal and an

anti - phasfl shoRProvaded Br phes ity airaRemtfitebl e signal and a phase |ayered
bass signal. Then m xing the reference signal with the anti-phase signal

and the treblig sigRab@ics.hes 135S (§HAfAh daendof PhAd FORMASAIS LRS! gnal

for driving a plurality of transducer voice co , m-xer From

these rg%glrlffl:c?esd’ to% s el“rlg()sl;[h%ﬂltcl S%lllrllc}/ SOUTe tloes{[lgplg lél.lcli i3 sféngfg%lo a‘fgurcriggesaﬁ(gre syls’tsemf or med.

that has an indirect sound extracting circuit for extracting indirect sound components by
extracting a difference signal between right and left input signals. The difference signal is
phase inverted to obtain an inverted difference signal. Each of two mixing circuits receives
the right input signal, the left input signal, the left and right difference signal and the inverted
difference signal to produce a left and right output.

32] U.S. Patent, No.4,218,585 to Carver is for a dimensional sound producing
apparatus and method for stereo systems. The right signal in addition to driving the right

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

10



39] It is to be understood that both the foregoing general description and
the followi ng detail ed description of the present invention are exenplary
and expl avetory3sesd are i ntended to provide further explamatscan/oef40é he

I nvention as clainmed. 40] It is to be understood that both the

f oregoi ng. gener.al . descri.ption and the follow pg detail ed description of the
pr esontRHare FBKing o Elenpkar & %YFﬂteg)@B$ ARAY S IS Al to provi de
further explanation of the invention as clainmed. BRI EF DESCRI PTI ON OF THE
DRAW NGgeaker.  41] The acconpanyi ng draw ngs, which are included to provide
a further understanding of the invention and are incorporated in and
constitute @B3par tUGSt PithntNs B325f386ad llida js fiol b ustlti-adendaep@dicregbppanitut he

i nvention and together with the description serve to explain the principles

of the fbp¥@RihOdur sound sighdls fdn (0 selimAWohss. Left and f¢Hesodnd Sl PAPEKd
di agram of a passive enbodinent of a sound systemin accordance with the
presenty, iy ?fﬂ)tu't Ofcuits are each shifted in phase by phase shifters and then supplied to separate
output circuits. The left sound signal is also fed through a low pass filter to be combined
with the phase shifted right sound signal and the combined signal supplied to a separate
output circuit. Likewise the right sound signal is fed through a low pass filter to be combined
with a the phase shifted left sound signal and this combined signal supplied to a separate
output circuit.

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

35] In addition to providing a substantially complete audio signal at any link of the
audio chain from capture, transmission or storage, to the reproduction of the signal, the
present invention also provides a way to reconstruct a 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.

36]  Additionally, the present invention also may provide improved intelligibility

for speech and dialog, particularly advantageous in telecommunications, motion pictures, and

other applications, such as military, law enforcement, medical, and other emergency sound

11



WO 2011/ 031953PCT/ US2010/ 048406 FIG 2 is a block diagram of an
active enbodi nent of the sound system of the present invention; FIG 3 is a
bl ock schwoabiim3eds3t he i nvention of Figure 2; and FI G 24TAsdoidB4s&ne an
expanded bl ock schematic of the invention of Figure 3. DETAILED DESCRI PTI ON
OF EXENVPLARY. EMBODI MENTS .. 43]. Reference will now be made in detail to
the exéRBliAiprEndogi lﬁ%%eddflarttﬁeh%'?eég utjory Riter SRt AHCRIa% iTPRESEr at ed

i n the acconpanying draw ngs. ~ 44] Two exenpl ary enbodi nents for

achi eviigges widbsipant. inzrp pressaplyBUBICRUEPIS NefugH aPecitat brlangsgandeiprtehédtpl.es of
the present invention are illustrated and discl osed herein. One exenpl ary
enbodi nmentorsdofithe aatoesd ypredsdtynfpresanting ehet hkols,eponcbrevitxd doureintongloaerss an
active signal. As one of skill in the art will appreciate, paraneters are

not fi %BfbubRadbMpeResidid Gehdiequency setting, or filter type. Nor are
filters limted to angle, or degree, such as 6dB, 12dB, 18dB, or 24dB.
Furt hernore, frequency setting, such as 100 Hz for | ow pass or 16kHz for
hi gh pass are only used as exanpl es for purposes of description.

SUMMARY OF THE INVENTION

37]  Accordingly, the present invention is directed to a method and apparatus for
an audio reproduction system that substantially obviates one or more of the problems due to
limitations and disadvantages of the related art.

38]  An audio reproduction apparatus and method uses a discrete audio signal
source with single, or left and right, or more, inputs to produce a complete audio signal
having an omni-dimensional sound through a plurality of transducer voice coils in one or
more transducers, or from a discrete or other signal source into multiple channels of a signal
mixer. A first circuit is connected to the signal source and has an in-phase output therefrom
coupled to one or more of the transducer voice coils, or mixer channels. A second circuit is
connected to the signal source and produces an inverted phase output coupled to one or more
of said plurality of voice coils, or mixer channels, to reproduce the discrete signal source
through one or more transducers or mixer channels. The apparatus may have a reference
signal circuit coupled to the discrete signal source for an in-phase reference signal and an
anti-phase circuit coupled to the signal source for producing an out-of-phase signal output.
Additionally a treble signal circuit is coupled to the discrete signal source and produces a
phase layered treble signal output from the signal source while a bass signal circuit produces
a phase layered bass signal from the signal source. An output circuit has the outputs from the
reference signal circuit and the anti-phase signal circuit and from the treble signal circuit and

from the bass signal circuit mixed to form a composite output signal. The treble and bass

12



45] Figure 1 of the drawings illustrates a block diagram of a passive
configuration that can operate with | oudspeakers connected to an audi o
anpl i fi erwoi2ohignst9san ot herwi se active circuit. A nonoph®enTwseromisios et e
signal source 10 applies a discrete source signal to a first audio
anplifier 11 and to a second. audi lifier 12 Anplifier 11 has its

out put CEHIHSBREYST fbméﬁeﬁif’ﬁ? gt ﬂglae&u@iggonfsordﬁalﬂflﬁ SIgRE FORBIAHE Ogaﬂ%i ce coil
therein to forma first circuit leg. Amplifier 12 has its output connected
to a paliscrde sigpalgrnics. The anfgrphese cageih mhzssitheylelt apdirkedt, dopl moe o ltime f or m a
second circuit leg. Each leg of the circuit can also be configured as one
| ouds pedkat cdraponegtstofithevagmad s@acd and hik@aseldieng pathn Wwhaskeinaay thengigadé&nce

| oad desired but for this exanple each speaker is 8 ohnms and each circuit

leg is fhd@umBmixkt the\War2R1L 410 3iLAHS R MSIRO Akt -PHA4 QG tpuh onh dudibSeprbeudiieh ed

that one single anplifier can be used in conbination with a specially

desi anafloRl0Qkfid OUARRER KA L1 4oL Gty GG fris GPATREpluL& aifipl CUT L T €0

isap clrcuit connected phase, neaning that the anplifier 11

positive conpection is connected to the posjtive connecti.onsg of both

S poakeraEelimencr 2 bRl e, denal AnEa PR T st iR oy o phave
connected to the negative connection of both speakers 13 and 14. The second
ci rcui tlayesgs bass sigpalr djheamiging ¢hg fefarence signabwih e BE-rRhase geoyraddeni th t he
negati ve of speaker 15 being connected to the positive of speaker 16 and

t he podicblevegf agpthakbess sidnat entvemtacdmpositheutpetsiignal tordeivimigraapluatityaefpl i i er
12. The negative of speaker 16 is connected to the negative of anplifier

12. Thearambkdwer toicatobiRl siomber clamhéelgu Fathn Mes€ owbules, ngubtentidllysomphyde second
circuit legs in other ways, such as using a single anplifier connected to a

quadr upl8ioQée c&Rpdsit QUEbsRe@Kker or transducer. The configuration
illustrated in Figure 1 has the ability to control gains of each circuit

| eg, and nat t he. i it leq.| . ner. Each
og of Fi gurdly' 1hiseRBE ARG lnat A fofidolng Eel R b IRLEIRRG

character of the first circuit leg that i.s consistent wth the character of
the wayCHowing @Fa&ﬁ%\ﬁ?cgi’%mﬂ%@&‘aﬁ eREINHAY a@ééﬁ%f%%@%mﬂ@m 9“‘5 are
conpliance, or in-phase. The first and second | egs individually of Figure 1
provi denigadaed talproade Beiher ¢xahanation pethgdeneatien ghelpingdeh that if the |istener
listens to the second circuit |l eg alone, and wi thout hearing the first
circuit |eg 4 tHeissae uhdaretpod that bothttienferegoligndenetahdessoptich arsl the st ant |
havi ng greater spatial height, width, and depth, yet seem ng far away.

Conbi nifagdowihe deviled HEHbliod 80Ge plavbitlimRaYs hie dxeRpREN 6RBexblsabsy amd hl | y

conpl ete audio signal. The sound of the original acoustic event, recording,
or Tepriogy ST hELL natiBh 6Ethe TR 18Qier audio, is heard
substaﬁtﬁaﬁ%ﬁbgi in ﬁﬁe o%%ﬁ%ﬁa? eveﬁ%. T gn §?st and second circuit |egs

shoul d be matched substantially in equal anplitude in order for the
substantially conplete signal to be fornmed. If either differs significantly

ot hert and the total stonal AT e foNDBTRE BRATIRGS Noog, T 40 118
41]  The accompanying drawings, which are included to provide a further
understanding of the invention and are incorporated in and constitute a part of this
specification, illustrate embodiments of the invention and together with the description serve
to explain the principles of the invention.
42]  In the drawings:
FIG. 1 is a block diagram of a passive embodiment of a sound system in accordance

with the present invention;
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WD 2011/ 031953PCT/ US2010/ 048406 Therefore, the resulting signal will be

| ess than a substantially conplete signal, for exanple, a signal that has
been procwezed/esmtihas the effect of bei ng based on addiPCirars2010/048406
subtraction of anplitudes and phase, rat her than a conposite circuit or
substantially ¢ I d|o si.gnal, Thys, . in this enbodi nent i s assumed
that each sﬁﬁgkg%goak gramaﬂ%éa%taé dgﬁﬁﬁ@?&tﬂ PHE SYFRRPE e 9Sefor 1 he
anplifier so that the conplete audio signal is being created in the

physi cdhveaition; and, therefore, behaves in a simlar and |ike manner to the
original acoustic event. Thus, high pass and | ow pass crossovers are not
necessary i rFIGhB$s £blooklsehentatic of the invEAlofnf Fizared?;ed hand, when usi ng

exi sting audi o equi prment, usually having nultiple | oudspeakers, each of

whi ch may berrg. 2AQihd ABNRY ak 0XpREYOBIdLk SARAKEE oS MetifvBntivhbERigusLRl | y have
addi tional crossovers that further distort phase information, with each
having a limted radiation pattern, high and | ow pat hs may better defi ne

t he physical characteristics of the acoustic information contained within

the signal. ThupepaifEd DESYRIPPUIN OFEXBRPL Y PAsSEDIMERhase control s
an active circuit may be utilized to generate a substantially whole, or

virtually spiagri qélferefé 00 ndvPbd BadaPdiil @'thaBednsh %?i%%{b%dlments of i8] Figure
2 shows a ba5|c bl ock dlagrantfor an active circuit generating a

subst ar]tr@:s %Vgn(%%i w}uch%%J llust§atgcp]t%l the Qcccloﬁgla{lﬁpﬁg hrg ss and | ow pass

Cr ossovers. e Uires power to operate
and i s connegcte n line before the s . reaches the anplifier. The
Sctive ofred @W%%Xfétﬂ%ﬁ@&%@d%ﬂ%@g%ﬁ\apg 3 otiskantinlly ggmplet?raugm/mr e
before or inside the anplifier. 49] In Figure 2, a signal source 20
may be signabaficerdigDogirigeles afile plesgnémvention e lllluskretefi@rld disstoses} hgeino nusi c,

or alive voice or live reproduction signal, such as one would speak into a
cel | phomesxeorpldre emphdinent drova anpassiopkigns, whilathbrse:axﬂtd&stbodﬁﬂdmehomart he

| i ke. The signal fromthe signal source 20 is split into duplicates of
itself déﬁwgﬁ@atsmslotqtef sIall iR tHeekt WBRdpprecie, iphfa@@dls hRRRAtiREW tlyi cation in

a m xer splitter capabilities. WO 2011/ 031953PCT/ US2010/ 048406
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.

45]  Figure 1 of the drawings illustrates a block diagram of a passive configuration
that can operate with loudspeakers connected to an audio amplifier without an otherwise
active circuit. A monophonic or discrete signal source 10 applies a discrete source signal to a
first audio amplifier 11 and to a second audio amplifier 12. Amplifier 11 has its output
connected to a pair of speakers 13 and 14, each having a voice coil therein to form a first
circuit leg. Amplifier 12 has its output connected to a pair of speakers 15 and 16, each
having a voice coil therein to form a second circuit leg. Each leg of the circuit can also be

configured as one loudspeaker having two voice coils. The speakers can have any impedance

load desired but for this example each speaker is 8§ ohms and each circuit leg is 4 ohms. It
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50] The original or reference signal 21 is assuned to be in-phase as it
cones fromthe signal source 20. Being in-phase is a relative term

def i ni ng wbeoordidgisaal signal as the reference signal. TirC3/usedienesioe si gnal
is also inconplete in that it does not provide a nmethod for extracting
conceal hi_dden | nformafi chr ns f ol ed within the |g|nal
by reash ﬂulﬁfalsﬂ?@ “PéFéittﬂ%trP&P Sinel agn@ﬁ#eé% eBiF BRIHY eatwlbwbﬁégeﬂal out of
polarity, with the in-phase, in ste ref erence signal. One duplicate of
t he ref ﬁ@ﬁ@bme@ghakhp@*e@eﬁmnb4@eqewaﬂe a phase |ayered signal 22.

51] Phase | ayering uses a conbination of inverted phase (180E) together

w t h smal | erd6dectTherfakt qitvas degsikiafpamlle] @raypit cbbiect&iR)phase] neaning thdt che
establish a substantially whole signal that would ot herw se be cancel ed

usi ng tanadliftet QD@bsme QAs&iANE cMHec R 1P RIRSIHRD LOBeBESNs oFMBtH Hetllels 13 a
substantially conplete audio signal that i's whole, open, omnidirectional,

and mul fl-(dig &% &%ﬁé&%flsdf@i&é n};/l?fﬂeq ih 158011%9[98{&&@%;%&% he ori gi nal
ssen

sound event. y, applying a nunber or m xture o ese nyriad

techni ques w duc I ase-| ayere S e, phase

| ayeri ngnectin o B @nERst: HR 5 HRSRnPeRy SR Parue i ERATRIR nout
canceling the in-phase signal. The use of a hase Iayered signal is to
provi de RN q%ﬁwa@rvvlﬁh%éwg@w&tqf VAR bﬁrl?ﬁaeg erneged i thePRpidEe ebnceal ed
i nformation, as a nodul ar conponent that layers in equally with the

r ef er erpeaksi dtand the positive 21 spehkerrléfeceonegveal toithmpadsitde tameinaliod apipisier 1Zayer ed
signal 22 are sent into a signal mxer 23. Athird or high pass signal 24
I epr eseresnegivedispéakef 16 rsaguadtad @y ee chtike pBampiifiee 10r ThesBceuifcqnallar ity
switch 25 switches polarity or phase from OE-180E prior to sending the

si gnal geQohf8ull ¢ rcm%%mn’% fhe lf'lli'.‘;t Iﬁn@ Eedoﬁ&’cﬁ@tﬁ?leﬁé gn&therdGay¥Bdchay Gsiflg hr equency
bel ow 1 kcps, nore or |ess, al so has a OE-180E phase shift control 27

prior ts?ng2§ %\gblr{'tger c%mtl&?ed%)é uagl%g elxjsz)?c(ngc%dlq&i%ggike} Qletr{]"lsgﬁ'c “‘i‘hé oW pass

signal s pherica ayers, to what

m ght ot herw se he fIa tened o b ) plcal np: sp . USj tlple

O Sesoveneagon eyl it heve st bibd R s SRR BT S Et B A of Phase
WO 2011/ 031953PCT/ US2010/ 048406 forminto a final, substantlally conpl ete
audi o gnyaathedmppdasicescofidagh ciseuivlegiinsa simple maandry Egghnleeioé Flgusebust i ¢ si gnal .
The resulting reproduced signal can be appreciated as being an inproved
sound vihdapepdeaylgprehdauhlisteneravith the kowexd chtrangr afithe dirgycstceirkg thtobal phase
control may be provi ded because this new substantially conplete audio

si gnal doRsiktealesitatie@RR@stct 6f the ek ange i Isaﬁehémgreue@lsomﬁ%&ﬁrﬂm@w ext er nal
signal input is, in fact, actually in pha or out of phase. Standard

audi 0 S5l ETRoHRIANe, HAKG AL SR BRCHRE Ifaq LRGP BRR ces.
The preseﬁt |nvgﬁ%?%n enggls Jﬁ{ectﬁbﬁ;d% ph%i ﬁ&ﬂ% fencgg’ E&%Fﬁoms for
21 gnat FRORrRatfer Bs Bt SuA ERn hFaLbR 1S B Bens o e Bithg RIS ane
to an anplifier 30 to drive a Ioudsgéaker 31. Acircuit in accordance with
the pridheiepPebWikoytRearieede ArstcHeEhtoR oh hiremp &imen 8 sEngt Bénks dRosHa dwar e
or can be enbodied in a stand-alone integrated circuit and may be

r ef or mib distdt, fraving megakas apatia] heighto Width, adispthugetisoemile fsiodwayareomlinipgoduce a
substantially conplete signal. This active open signal can be placed

bet weenhé tveo eirdupitgofimaltsiegad) rqooduees a sulsnésllyacdhplpleayiéio ssdnabnEhext r ene,
or at a teleport transmtting station to satellite at an opposite extrene.

It can Bend@pPht 8 ofnal MUK eRt, fdcbfdihd, ok RepRodiRbd HhAmiRRANST Wiceehigwher e.
Thi s present nethod can be enployed actively, at the A-Chain, neaning, at

t he frod? t}?e?guc% *mgaralsmmigﬁ?ﬁgﬁlsthe %ﬁgﬁflﬁ{veh{‘ tceﬁltd' s%E'o?ﬂ (;[?{c\g’ft? sthe

out put of source an e 1 npu fier r the

ke, should be matched substantially in equal amplitude in order for the substantially complete

signal to be formed. If either differs significantly in amplitude, the one with the hotter signal

strength will override the other, and the total signal will not be optimally balanced.
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54] 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
spatial , wpeeotwmhigsadynam c, and ot her acousti c i nfor mat iPom/useomaisied i n
audi o signals. Figures 4A and 4B together illustrate a nore detail ed bl ock
schematjc of the circuit o e add ng a . nonophoni.c he her e

i roui tiherctore. thggpsupiEeey$ &ﬂ ) B E@ﬁ% Aubyifya 1ﬁﬁa%18§feaﬁ%n%1efm BEFAERISE | cast
one audi o signal having a positive and negative polarity. Shown here as an
exanpl eignsl tashasrbsen siogpwrd anthasehpetifers of paing basedragdditignadr suhipantiossti s
connected to an anplifier 36 while the right stereo input 37 is connected
to an amgllitidesrand@Bhas¢hatheuthaut compbhie diefiit, @i syhsthntaathylcofrpbate 3@lio sigagpl | ed
to a left mxer 40, while the output of the right anplifier 38 is connected

to a righk, iXitkeentbddimenitlieidsudbdthat &fth spetikeriss fhnl @M deRpeARPhid thef the 36 and
38 are applled to a mxer 42 where the signals are sumred and the sumred

si gnal d?r% t'1 Qtetrﬁl lf?e?ﬁ H{a?me%o ﬁéfé‘hﬁcﬁo ngﬁ isH ?reﬁfe RA h% j}%g?l ent

t hr ough t ass ul aving a M/pass ter suc wher e
t he pol ari fier 44 dto an ad table

|s ev rsed in an.a a
gai n arfr ﬁ# Gt ﬁsleavsaw b ARBER Ui Taiten e Oﬁgmaﬁ%ﬁou%c YlimiliSsi gnal
fromthe mxer 42 is also applied to the treble circuit path, which is
par al | d1igh BAss Rd lpXsRASE CFAsERVErSHE ROt BEREPsAY Vi RPAd™Sihmed signal i s
applied to a high pass filter 46 (such as 1000 Hz) and has a polarity
adj usting ardlli f i@ theDtlzmdianh vauhwsinglskistigarwdianplipficat, uagllzhavingbl e f or
tuning. The out put phase of the treble path can have different settings but

as showhultiprdsudsbeakesf eichngdeviditasey by a 20r degiye®@s béywngy peakie sostemphara | ayer
which is applied to both the Ieft mxer 40 and the right m xer 41. The

out put \RRaARENRE aﬁgﬁﬁof?ﬁ%%s%\re@éﬂhﬁt ﬁl@tﬂemyt%rtqihﬁgeelﬁﬁﬂﬁlaﬁﬁ{ tvxl’lﬂﬂé%cf? HhviAs aShown
| ags the réference phase degrees to provide anot her phase | ayer. The

out put 1%1%&}%8@%? Bgtleﬁlg lfn %h aﬁsd 18?/%?11%%&%' lI)eiQte Q@fulee[&% p@}sép%g ihag%c%}gtl%? 01I he

right mxer alr o Iers ereo

hem spher e CIrCUIt a Iles i nput t hr.ough ering
anpl i fit E‘? agEyStig ‘frﬁlél Witalunﬁ%mtﬁglﬁhg PigAal F’o‘g‘g‘hthﬁ VBUeY %ﬁ@n (%"1 ifier

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

( Si gnalpapserpng phase sepselapRagivelsicwt Faxde uslizethie gegergigra subptanigilyarhalewer ti ng
anplifier 55 and is |owpass filtered (-16kHz) in the filter circuit 56 and
fed to drivikedlysphdragk saal toohd &dplaigelandl sprakers9 and to mi xer 61. The out put
fromthe anplifier 52 is also coupled to the mxer 61. 57] The right

input 37 siogsal frigweRUhbRE hdasiaBRIck di@Fan®foriah 23U Einkiitedr fémRratinge | ef t
stereo signal (Signal R-L) in mxer 57 and through an inverting anplifier
58 in asuﬂ?cﬁlﬂlall@lcomplete audio signal including high pass and low pass crossovers. By active, it

is meant a circuit that requires power to operate and is connected in line before the signal

reaches the amplifier. The active circuit may be connected to the signal source itself, or

anywhere before or inside the amplifier.

49]  In Figure 2, a signal source 20 may be a radio, CD player, mp3 player, or the
like for listening to music, or a live voice or live reproduction signal, such as one would
speak into a cell phone, or telephone, or a microphone or a broadcast device, or the like. The

signal from the signal source 20 is split into duplicates of itself using a splitter or other

means, or through repeated duplication in a mixer, with splitter capabilities.
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path to the left signal and is lowpass filtered (-16kHz) in filter circuit
60 and is connected to the linked voltage controlled anplifier 59 and to
m xer 63.woOhellnsifseri ng anplifier 53 is al so coupl ed di pPegtusgom484he m xer

63. 58] The gain of these two, filtered, difference signals (Signal
L-R and Sig R- can be adjusted i aral |l el nd Sjgnal .L-R subtracted
fromthe | ef I]st PR al “‘? e‘%ﬁ’?e“%ﬂaﬁ% 15@?%%???&“?@9%3@%0%%9}“ and

Signal RL, in a parallel path, subtracted fromthe right stereo signal in
m xer @he gigedlispage 38 Bepgan-phaiexy a ratpfevegampdetipingttheomemyd signabas e | s
applied to the right m xer 41 and the output of the Lmx mxer 62 is

appl i edefecenich eigmlx dhisi@ferditve signhl is atseriemngilgnal thasit doemmed pravida xeethdd Wi t h
the treble circuit signal, the bass circuit signal, and Lm x output to

pr oduce&of &QraRHAS Eorlcayed 8fthideéd inedianneh, WHER HimhOdaled withen tHeWMgil BY €0
signal is summed in mxer 41 with the treble circuit signal, the bass

circui treésiog g khe fﬁ&qut t?f':'is %%leggzltyp#an I}g;(ﬁlt RE Pgéé%eortotﬁ? of? o?'%tylhgytg 'ﬁ%din[ I ght

channel “out put signal. I ng gure 4 raw ngs, a

nore de ailed.iﬁhen%tic bLogﬁ ﬁ;agrq?1pa%%ﬁo i ned active sigreo and
monophdiPe & Peliih &P Ect Bitar@s PP S DY e fPTER-orePhE BreLeriidvent i on.
60] The input circuit 65 has left and right inputs 35 and 37 connected to a
pol ar i tBPAsSARYERd 68N3lRdt i s connected to gain anplifiers 35 and 38 and is
set up to provide polarity switching of the input signal based on the
position of Xlhe Rhatchydthg dhea swinbmhtiG6of invénaikedsesdSDE) togetheisesh pol arity
of both channels practically sinultaneously, to set the ' Absol ute Phase' of

t he audi;0ig @Rabnal phase_shﬁ’tjs]7(e-.ré? 85 PWIItad k6 OM b REabINRUL su%istﬁﬁt'iglfy Wh&e appl i ed
to both a treble circuit 67 and a bass circuit 68. Left and rirght signals

are sunmed, n the mxer.42. 1In e treble.circui.t 67,.the sumed signa

Fr om ¢ HeSt (B VASARAEYiof B seelbdute e Briatoes PR R ¢ he- 308

poi nt at 1000Hz. A polarity switch 47 inverts the signal if necessary.

Ther e i%PE2gRst rIGF reswplis # pestangpll neomplgtei aydipsiena thahis votpes-08e%GEBI- | n t he

bass circuit 68, the sumred signals WD 2011/ 031953PCT/ US2010/ 048406
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
layered signal is to provide a continuity of phase relative information, or otherwise concealed
information, as a modular component that layers in equally with the reference signal.

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

using multiple crossovers. By applying these angles, of 45E, more or less, layers of phase
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fromthe mxer 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
necessar ywandiizsiegel control 45 for m xing in bass frorCFASR 0048466 B.

62] A stereo hem sphere circuit 70 uses the right and left signals fromthe

input circuit 65 throu uffering anpl.ifiers 52

heni spHBIB P A el éﬁ*&eﬁba?laplﬁ ”ﬁl@g%gn%?rﬁp?%@aﬂaﬁﬁﬂ?V1§fngj‘nVéTtu$f3Jom

buf feri ng ‘ngllfl er 52 being inverted in anplifier 63 and summed with the

si gnal sPherifahagauptiq wgnad3 The regulting eéepreduoed sigaal canbeRppliegiatad as Prwegngnal from
buffering anplifier 53 is inverted in anplifier 64 and sutmmed with the

si gnal ifaposmednplnd wken @2yddthrougkanpand dl gastirey &Rdio sisgnal Gldbe phaseer t ed
signal fromanplifier 55 is filtered with a | ow pass filter 56 and is

adj ust alhGoMhhyibé prokRIRd Weddudd i G gws{aﬁdalmmﬁlk@raadl()\é%%) ineRidesThe

inverted signal fromanplifier 58|sf|Itered with a low pass filter 60 and
d t ed
W th e Q‘}@ﬂée t%*‘%%“\‘%aﬁﬁg@édni‘& B M S (R BB L e
| f I f The t f i f 72
summed RIFEhof B B abs. FrortuRentrps it s sifrpielibuperShinkaphg, o na)

frommxer 61 is fed into svmtch 73 and the signal frommxer 62 is fed to
swi t ch drferenggs. dhe pessendiigypation eeaplesdetsetign of Bhaé%ﬁtffetr%mf:h@doﬂkowt Otircuit 75
m xer 40 and to the nonophonic hem sphere circuit 80. The output from m xer
62 i s geersutiag tobkfoyutiptine @iascidientifi@tiohxer 41 and to the nmonophonic

hem sphere circuit 80. Qutput of mxer 40 is connected to a vari abl e out put
76 and out pua3]of Thexgixed dighsl fen fechBer LDisappHed mbbighauihasd revdrsal switch 64]
The left stereo signal input fromanplifier 36 is sunmed with the treble

and basg £n6 4h hmBHESUI0 t%'cﬂﬁ@'a%@d%ﬁea\ﬁeﬁ B tﬁl‘%n@hfé afabfAte §lRMeanpl i fier 61

in mxer 41 to produce the phase |ayered |left channel output signal. WO
2011/ 03 f
e N e N S R L AR

E:E:nnmeraesg v I— Sr?'elslin&%ga[%c? (r:TP Iulltfaln mayzbe refoFr)rI;l% altje%emgtﬂem trllcaa 1?/, fl:n%%;ﬁr Ed right

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

54]  Figure 3 is a block schematic of the active circuit of Figure 2 for stereo signals
for unfolding, recovering, and revealing, hidden and buried spatial, spectral, dynamic, and
other acoustic 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.

55]  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
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66] If the switches 73 and 74 are placed in nonophoni ¢ node, the output of
the hem sphere stereo mxer 73 is inverted in the inverting anplifier 81
and t he owoOpot1/3i9sBhe hem sphere m xer 62 is inverted i RCTISROIONP06
anplifier 82. The signal frominverter 81 is inverted again in inverting

nplifier 83 and i nverted sr nal of inverter 82 i i nverted _again |n
nver t di st&reorr@ai P 24 cepRgisid P B m&rﬁrr 4 gﬁﬂegr righf SECOdnRS T xer
and mxed with the signal frominverter 82 and the out put fronrrnvertrng
anpl i f iconn@4ed te apamplisierPkethaetawditlets signeharnpléfiarPoes erpdicditgniaft f r om
inverter 81. The m xed signal frommxer 86 is inverted in anplifier 88 and
t he outmixtr 40, whilkeahe 8&putsofitinveghtadhplifiead$isidoneectdito aTinght nrivardle d hsilefnal
fromanplifier 88 is passed through a |ow pass filter 90 and sent to the

|'i nked analricRBeutE@Rtifotd he AnmpikisfIcaind 3B ard BigblicB &k b dersi2giiadre Me@?@@' ifier
87 is passed through a low pass filter 92 and sent to the |inked voltage

control d fl 95 and
fed i ntaléggm?rlrggée?ﬁd £ nd)‘mr%)t%?gy%tp I%éd wagryérrlr% ?gﬁr&rhﬁveﬂrh '? e%yeld élssr gnal
is then inverted.i |f| 98 a Ired d hence to
Lhe. m ¥& SEETGEER tﬁim%ﬁéf%rﬁrrrg B ERR g 45 Py 20 HE whG R or o6 and
fed into a mxer 97 and m xed with the signal frominverter 82 The si gnal
i s t herPolaipeisranerpss igmplangnlisier %@ndarﬂrhaém edfipsiatle gaig wmplifierrdd $atcaence t o
the m xers 40 and 41. 67] The output circuit 75 mxes the signals in
t he ratheosed tor threfig. and right inputs as follows: Left and right input = 1;
Treble circuit output = 1; Bass circuit output = 2; and the stereo or nono

hem sphere @6]putThe shmmed signab8bmRAE atixdri it als&applied td fe tidble gfcaitgmsh,of the
present invention includes selecting a discrete signal source (35 and 36)

and pr qgiyeh D;Qpa%‘sﬂlel 103 tHE' 838 ch‘é‘ﬁ@[)ﬁﬁcﬁld%%ﬁéh fhe QM8 sig‘ﬂ@]% a plli&i%ta Beh AN
i nverted phase signal is produced fromthe reference signal in the stereo

0 20 OAR ST 0400, RS ABNEET AP D 7 2y

out - of -‘phase  si nce Ia ered signal is
produced fromthe ref nce  si nahgin the trebl e circui 7. Whi B?na have
a phas éalre%li%ft&r tﬁévrliafbi 6‘8“%% O%Q/uté’é‘a%f (Reueblppy &%‘?—: h‘f‘ g si gnal
is al so produced fromthe reference signal in the bass circuit 68 which may
have a sptiigebntaggheign idads thefrafeenee phisghalo0pisarses wyprovidgeae please lapge phase
| ayered signals can |l ead or lag the reference signal by 90 degrees or by 45
degr eeswloch aaapiied sebothohalesit mivas4) delatie nghionixeadbi e ditputrpfasy efitbe si gnal .
bet ween 0-180 degr ees.

bass circuit can have different settings but as shown lags the reference phase by 90 degrees to

provide another phase layer. The output of the bass circuit is connected to the left mixer 40

and to the right mixer 41 through a pair of gain amplifiers 50 and 51. A stereo hemisphere

circuit applies the left input 35 signal through a buffering amplifier 52 and the right input 37

signal through a buffering amplifier 53. The left stereo signal is subtracted from the right

stereo signal (Signal L-R) in a separate path in mixer 54 and is put through an inverting

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.

57]  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

19



69] It should be clear at this tinme that an audi o reproduction system has
been produced which provides a virtually omi-directional and open sound
from an awoiz2e1igidgesal source, enabling an ot herw se stanaardiS20m00a8¥pé et e
audio signal, to be transformed into a substantially conplete audio signal.

However the present invention is.not construed.as limted to the

for ms UK (el al%@Sﬁ%WcP&?&ﬁﬂafé?%é?@ﬁﬁ@% Alier e itk 1t pected to
restrictive. 70] It will be apparent to those skilled in the art that
var i ousherdiod; vodtegoemntighad emplifien Yranddamiker Ghaddicibutferieg pmebeets3inakat i on

W t hout departing fromthe spirit or scope of the invention. Thus, it is

I nt endedupleddirtdity tpriksmiter 6GAvent i on cover the nodifications and variations
of this invention provided they cone within the scope of the appended

cl ai M and (491 1 Rduiaipbianke ovo WA U OGEARIRGTISAMOL T RDS RUALL: |
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.

59]  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.

60]  The input circuit 65 has left and right inputs 35 and 37 connected to a polarity
switch 66 that is connected to gain amplifiers 35 and 38 and is set up to provide polarity
switching of the input signal based on the position of the switch 66. The switch 66 is linked
so it reverses polarity of both channels practically simultaneously, to set the ‘Absolute Phase’
of the audio signal.

61]  The outputs from the input circuit are applied to both a treble circuit 67 and a
bass circuit 68. Left and right signals are summed in the mixer 42. In the treble circuit 67,
the summed signal from the mixer 42 is filtered through a two pole filter 46 with the -3dB
point at 1000Hz. A polarity switch 47 inverts the signal if necessary. There is a control

amplifier for mixing in bass from +0dB to +6dB. In the bass circuit 68, the summed signals
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1. An audio reproduction process conprising the steps of: selecting a
di screte signal source; produci ng a reference signal fromsaid
sel ect ed wp=eor1a3®53i gnal source for produci ng an out put Pofi/tsR010N483N@S €
reference signal; produci ng an inverted-phase signal from said

Shanal TR BERIE S Breebd PRl ik oIl o buretid HEngRSobr ca:
and - mxing said reference signal and said inverted phase signal and
sai d pHase@olagpeyvairhsidgaanverighe sigpalafl aeneprasy el dlgvgponeplylpalior maxing e
reproduction of sound.

bass from +0dB to +6dB.

62] A stereo hemisphere circuit 70 uses the right and left signals from the input
circuit 65 through buffering amplifiers 52 and 53.

63]  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
is fed into switch 73 and the signal from mixer 62 is fed to switch 74. The stereo signal from
mixer 61 is sent to the output circuit 75 mixer 40 and to the monophonic hemisphere circuit
80. The output from mixer 62 is sent to the output circuit 75 mixer 41 and to the monophonic
hemisphere circuit 80. Output of mixer 40 is connected to a variable output 76 and output of
mixer 41 is connected to a variable output 77.

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

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

produce the phase layered left channel output signal.
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2. The audi o reproduction process in accordance with claim1 in which the
step of producing a phase | ayered signal includes producing a phase-| ayered
trebl e siwoabiizswsa phase-| ayered bass signal for produecmgsphasdesshayer ed

trebl e and bass signals. 3. The audi o reproduction process in
accordance w_th aim 2 includi m xi ng | eft d right inputs of said

Sl ect od di 4 et gllhseirg%haﬁtefearﬂ%ﬂaﬂ%aeﬁ ﬁﬁ@mémp flﬁhggg-swag%@de‘ﬁ&ﬁrg@f:én%%ﬁa| and
sai d phase-layered bass signal. WO 2011/031953PCT/ US2010/ 048406 4,

The audilisuit epirstitietdlomndoy e drwmixad sicadrfsam eaplifieho Ttogirpdweithe pligseh sai d
produced inverted phase signal is created in parallel circuits each circuit
conbi nilagréedegidichanret eutpinigrigdal .| eft and ri ght inputs. 5. The audio
reproduction systemin accordance with claim4 in which the step of

produci ng sajeq i Ny eets@GchEABRarsl TNk piaded 1d8sndphesiv Ghdie, deduRIbf theng a

|l eft mnus right signal and a right mnus left signal for an inverted phase

Is'ng\r/‘ﬁ: é}ﬁmé%{)gﬁre@terg_@ﬁli)?éfqu? fn‘%th&f’M%hé gﬁeﬂfn‘g%ﬁgﬁﬁi&% Pﬁ&f’{hg%ﬂg)%t Yfdpb claims

said parallel inverte ase’s al s coupled to a |inked
vol t agehe(r:n?g]pthrepel rlmexg:r 8?%' ilnzfé &d'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
and mixed with the signal from inverter 82. The signal is then inverted in amplifier 100 and
applied to the switch 74 and hence to the mixers 40 and 41.

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

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

circuit 65. An inverted phase signal is produced from the reference signal in the stereo
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7. An audi o reproduction systemconprising: a discrete signal source;
a reference signal circuit coupled to said discrete signal source for
pr oduci ngvanoim3pisase reference signal; a phase i m¢grus2ong/oss4geal
circuit coupled to said discrete signal source for producing an

out - of - signal fromsaid discrete sig ourc se-| ayered
treble %@Frealrrceﬂﬂp te BgETaR Qtodinga %&aifvétiéhwg?rewge@? ‘grpﬁﬁﬁeoduci ng
a phase- Iayered treble signal fromsaid discrete signal source;

phase- |layesedeti givd sssprofigged|frasi theuplerange pigael in thestagbde elfaietr @t whish gmalhasmur ce

for producing a phase-|ayered bass signal fromsaid discrete signal source;
and WO phadelleBi§ BizRErbLddS2 0ik04104 80 grees. A phase layered signal is also produced

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.

69] 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.

70] It will be apparent to those skilled in the art that various modifications and
variations can be made in the present invention without departing from the spirit or scope of
the 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.
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an output circuit coupled to the outputs fromsaid reference signal circuit
and from said phase inverting signal circuit and from sai d phase-| ayered
trebl e siwoabtigiznesait and from sai d phase-1 ayered bass ®Cgnskomo4d406 m a
conposite output signal. 8. The audi o reproduction systemin
accordance with claim7 in which said output circuit includes a m xer for
m xi ng said reference signal, said phase inverted signal, and said

phase-1 ayered treble signal and said phase-|ayered bass signal to forma

conposite output signal. 9. The audi o reproduction systemin
accordanceﬁ¥ﬁth laim8 in which said phase inverting signal circuit
i ncl udes aftl ter circuit. 10. The audi o reproduction systemin

accordance with claim9 in which said phase-layered treble and
phase- | ayedettibass signal circuits each includes an inverter circuit.

11. The audi o reproduction systemin accordance with claim 10 in which said
di screte signal source includes |left and right signal inputs. 12. The
audi o repr dduct iAmawlysteproduntiac procekacompusing thed sepnofl in which said

di screte signal source left and right signal inputs are coupled to a m xer
to produce a conbetath Sdigiale seddpiRiEce; 0 sai d phase-layered treble and bass

circuits.
producing a reference signal from said selected discrete signal source for
producing an output of an in-phase reference signal;
producing an inverted-phase signal from said selected discrete signal source for
producing an output of an out-of-phase signal;
producing a phase layered signal from said discrete signal source;
and

mixing said reference signal and said inverted phase signal and said phase layered

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

2. The audio reproduction process in accordance with claim 1 in which the step of
producing a phase layered signal includes producing a phase-layered treble signal and a phase-

layered bass signal for producing phase layered treble and bass signals.

3. The audio reproduction process in accordance with claim 2 including mixing left
and right inputs of said selected discrete signal for producing said phase-layered treble signal and

said phase-layered bass signal.
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WO 2011/ 031953PCT/ US2010/ 048406 13. The audi o reproduction systemin
accordance with claim 12 in which said phase inverting signal circuit has a
pai r of paoableiz1esBrcuits each conbi ning the discrete sipgmals2siomusies | ef t

and right signals. 14. The audi o reproduction systemin accordance
with claim13 in which one of said phase inverting signal circuit parallel
circuits has a left - right filter and the other has a right - left filter.

15. The audio reproduction systemin accordance with clain114 i n which each

d ph | t d t t |1
ool i rer 4 SR RRAE s pafedod plasnt oSy LS BURpFIRG] o &V BB oP

si gnal source; Iurallty of transducer voice coils fornlng part of at
| east P&FBICEG Hﬁ@ﬁﬁfg ghase signal is created in parallel circuits each circuit combining the discrete

signal left and right inputs.

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

and a right minus left signal for an inverted phase signal.

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

parallel inverted phase signal is coupled to a linked voltage controlled amplifier.

7. An audio reproduction system comprising:

a discrete signal source;

a reference signal circuit coupled to said discrete signal source for producing an
in-phase reference signal;

a phase inverting signal circuit coupled to said discrete signal source for
producing an out-of-phase signal from said discrete signal source;

a phase-layered treble signal circuit coupled to said discrete signal source for
producing a phase-layered treble signal from said discrete signal source;

a phase-layered bass signal circuit coupled to said discrete signal source for

producing a phase-layered bass signal from said discrete signal source; and
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a first circuit connected to said signal source and havi ng an i n-phase
out put therefrom coupled to one of said plurality of transducer voice
coil s; amao2011/0313second circuit connected to said si gralr/tsouoodessand
havi ng an out - of - phase output connected to a second of said plurality of

transducer voice coils; wher eby an audi o reproducti on system
reproduces said discrete signal source through at | east one audio
t ransducer. 17. The audi o reproduction systemof claim 16 in which

id d ci it i l.ud i t i it. . ) .
5011/ 0910b3peT B U Beotpe W ThE St flint sy i srnes signalsgissult g

claim17 in which said first and second circuits each includes an anplifier
t her ei n. from said phase inverting signal circuit and from said phase-layered treble signal circuit

and from said phase-layered bass signal to form a composite output signal.

8. The audio reproduction system in accordance with claim 7 in which said output
circuit includes a mixer for mixing said reference signal, said phase inverted signal, and said

phase-layered treble signal and said phase-layered bass signal to form a composite output signal.

9. The audio reproduction system in accordance with claim 8 in which said phase

inverting signal circuit includes an inverter circuit.

10. The audio reproduction system in accordance with claim 9 in which said phase-

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

11. The audio reproduction system in accordance with claim 10 in which said discrete

signal source includes left and right signal inputs.

12. The audio reproduction system in accordance with claim 11 in which said discrete
signal source left and right signal inputs are coupled to a mixer to produce a combined signal

coupled to said phase-layered treble and bass circuits.
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19. The audi o reproduction systemof claim 18 having a plurality of audio
transducers, each having at | east one of said plurality of voice coils.
20. The awdi2o1wmwpseducti on system of claim 19 in which eathiss@aoa4s4n@ansducer

has two voice coils. 21. The audi o reproduction systemof claim116 in
whi ch said transducer has four voice coils. 22. The audio
reproduction systemof claim16 in which said discrete audio signal is a
nmonophoni ¢ signal 23. The audio reproduction systen1of clain116 in
whi ch said |scr udlo H& a.stere %q 1 | h ]5
reproduct i d Srﬁ“ 1 EPRH S ?Yﬁ Whi'cif <8 aacer HEclaimy Qslé‘c%hlﬁ et afes
each |ncludes a m xer . 25. The audi o reproduction system of claim 24

i ncl udiYegting sienal Fiichit das @ relmicardls] clcwls el icgmaminn thecdisapg skl HYTEE hi gh
pass filter therein generating a phase-layered treble output therefrom
left and right signals.

14. The audio reproduction system in accordance with claim 13 in which one of said
phase inverting signal circuit parallel circuits has a left - right filter and the other has a right - left

filter.

15. The audio reproduction system in accordance with claim 14 in which each said

phase-layered parallel circuit is connected to a voltage controlled amplifier.

16. An audio reproduction system comprising:

a discrete signal source;

a plurality of transducer voice coils forming part of at least one transducer;

a first circuit connected to said signal source and having an in-phase output
therefrom coupled to one of said plurality of transducer voice coils; and

a second circuit connected to said signal source and having an out-of-phase output
connected to a second of said plurality of transducer voice coils;

whereby an audio reproduction system reproduces said discrete signal source

through at least one audio transducer.

17. The audio reproduction system of claim 16 in which said second circuit includes

an inverter circuit.

27



WO 2011/ 031953PCT/ US2010/ 048406 26. The audi o reproduction system of
claim25 including a fourth circuit connected to said signal source and
havi ng a wowopziss9Bi | ter therein for generating a phasePCaysecedobsss out put

t herefrom 27. The audi o reproduction system of claim 26 including an
output circuit having a mxer therein for mxing said first, second, third
and fourth circuit outputs to produce a conposite signal output. 28.

An audi o reproduction system conprising: a discrete signal source; a

[ ST 7 R B SO SO SRR PR LR 08

and an output, said input being connected to said discrete signal source;
each includes an amplifier therein.

19. The audio reproduction system of claim 18 having a plurality of audio

transducers, each having at least one of said plurality of voice coils.

20. The audio reproduction system of claim 19 in which each said transducer has two

voice coils.

21. The audio reproduction system of claim 16 in which said transducer has four

voice coils.

22. The audio reproduction system of claim 16 in which said discrete audio signal is a

monophonic signal.

23. The audio reproduction system of claim 16 in which said discrete audio signal is a

stereo signal.

24. The audio reproduction system of claim 16 in which said first and second circuits

each includes a mixer.

25. The audio reproduction system of claim 24 including a third circuit connected to
said signal source and having a high pass filter therein generating a phase-layered treble output

therefrom.
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a plurality of transducer voice coils formng part of at |east one

t ransducer; two of said plurality of voice coils being connected

i n-phase wo 28ui/31958r st anpl i fier output; and two etCrTameaophkssnal ity of
voi ce coils being connected out-of-phase to said second anplifier;

wher eby one discrete audio signal is reproduced both in-phase and

out - of - phase sinultaneously with nultiple transducer voice coils driven by
two anplifiers. WO 2011/ 031953PCT/ US2010/ 048406 29. The audio

ducti i, it l.ai {p .2 [ two. tr. d h
havi ng Lwo bt S BORERORY B Voree s P BrudesaroriReuEERREERAD °°°

connected to said first anplifier and the other transducer bei nhg connected
to saisAidfsignat souign and hewingrrglopheasy filfey thereih &y geasrathits hghasenteErdelnst sulgE d
second anplifier. 30. The audi o reproduction systemin accordance

wi t h c¢haemor®9 havi ng one transducer having four voice coils

27. The audio reproduction system of claim 26 including an output circuit having a
mixer therein for mixing said first, second, third and fourth circuit outputs to produce a

composite signal output.

28. An audio reproduction system comprising:

a discrete signal source;

a first amplifier having an input and an output, said input being connected to said
discrete signal source;

a second amplifier having an input and an output, said input being connected to
said discrete signal source;

a plurality of transducer voice coils forming part of at least one transducer;

two of said plurality of voice coils being connected in-phase to said first amplifier
output; and

two of said plurality of voice coils being connected out-of-phase to said second
amplifier;

whereby one discrete audio signal is reproduced both in-phase and out-of-phase

simultaneously with multiple transducer voice coils driven by two amplifiers.
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31. The audi o reproduction systemin accordance with claim30 in which said
di screte audi o signal is a nonophonic signal having a splitter applying the

sanme si gnab 20o/Bash anplifier. 32. An audi 0 repr o®UTILSEMMOPHSIOLSS
conprising the steps of: selecting a discrete signal source; splitting the
sel ected di screte signal source; applying the selected discrete

signal source to a first circuit having an in-phase signal output;

appl ying the sel ected discrete signal source to a second circuit havi ng an
out-ofphas S|g I d. appl yi n t he sel.ec rete si gha
Sour ce o 2%t by rdechidf ebriiPiey avyrdha MiflinG SPRRGITBLasLEaThE Sl
conbi ning the signal outputs fromthe first, second and thlrd CIrCUItS to
pr odud@nahicelisgpeh Bamingtwaspigiid PlusHitypf veipgceilss pamed BaRsducer being connected

to said first amplifier and the other transducer being connected to said first amplifier and the

other transducer being connected to said second amplifier.

30. The audio reproduction system in accordance with claim 29 having one

transducer having four voice coils.

31. The audio reproduction system in accordance with claim 30 in which said discrete

audio signal is a monophonic signal having a splitter applying the same signal to each amplifier.

32. An audio reproduction process comprising the steps of: selecting a discrete signal
source;

splitting the selected discrete signal source;

applying the selected discrete signal source to a first circuit having an in-phase
signal output;

applying the selected discrete signal source to a second circuit having an out-of-
phase signal output; and

applying the selected discrete signal source to a third circuit having a phase
layering signal output;

combining the signal outputs from the first, second and third circuits to produce
an audio output signal for driving a transducer;

thereby producing audio sound having phase layered components.
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t her eby produci ng audi o sound havi ng phase | ayered conponents. WO

2011/ 031953PCT/ US2010/ 048406 33. An audi o reproduction process in
accor danceowntinicdsai m 32 in which the step of applying earassabecisesd
discrete signal to a third circuit includes applying said signal to a
phase-1layered treble circuit and to a phase-layered bass circuit. 34.
An audi o reproduction process in accordance with claim33 including the
step of adjusting the phase of the output signal of said phase-I|ayered

treble cir %lilvl t aAnndalpcﬁléjl %eei)_r(l)cﬁ}{:%[)r? %robcggssincz{crcgr%i%ée with claim 32 in which the step of
applying said selected discrete signal to a third circuit includes applying said signal to a phase-

layered treble circuit and to a phase-layered bass circuit.

34. An audio reproduction process in accordance with claim 33 including the step of
adjusting the phase of the output signal of said phase-layered treble circuit and phase-layered

bass circuit.
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