SYSTEM AND METHOD. FOR OPTI M ZATI ON OF THREE- DI MENSI ONAL AUDI O Fi el d of
Lt he I nvention The present invention rel ates gereral-y—te—a-system and

nmet hod for personalization and optim zation of three-di mensional audio.
More particularly, the present invention_concernﬁﬂﬁWﬁM“ﬂﬁmmmmpd met hod f or
establishing a listening sweet spot within a |ist _ “in which
speakers are already | ocated. Background of the Inventswon™t is a fact that
surround and mul ti-channel sound tracks are gradualTy Treplacing stereo as
the preferred standard of sound recordi ng. Today, many m@muwmnwmmmMeV|ces
aré equi pped with surround capabilities. Mdst new sound d today

are mul ti-channel systens equipped with nultiple speakers apg,surround
sound decoders. In fact, many conpani es have devi sed al gorithmns that-

nodify old stereo re } SANB i n i f they were
recorded in surround. %#&W corr“%gﬁlgsﬂ]ﬁé\%b%t@?%ﬁgasgl rithms that
upgrade ol der stereo systens THRERIIMEEFIONALIAWDOOluCe surround-|i ke sound

using only t peakers. Stereo-expansion algorithns, such as those from
SRS Eabs andwgﬁaﬁfgﬁﬁgéwnﬁﬂdio Laboratories, enlarge perceived anbiance;
nmany -sound boar dshandesspeak@nticy StRRE LBl Nict BE sGidEUhLd YmetREEESSArY tO
del i ver expanded stereo sound. Three-dinmensional positioning algorithms
take matters PESRABHURr IHAPIIERERY AGtreeipeasiceakaishels Mare particileny, dhe
l'ocations ar @eehitiRentibS 6MN@Ens d syStem AR RkSod %rttfsgbligtli.%%é’listc%b V& bel ow,
all with respect to the inmage displayed. These al gori are base upon
si mul ati ng pspENotharoligenieg spaesinvdith spatkiengre deadmipcgtedinds are actual |y

heard in a %@Q@ggg@of&ggnﬁefnhgp use a Head- Rel ated Transfer Function
culmate

(HRTF) to ca soun eard at the listener's ears relative to the .

spatial coordi natless 6f fachehgoumausd and i gili-chiofel @%anPlt@cksa aeOgRduARI tt ed by
i received by the left ear and

a source located.to one's left.side is first
only a split CEEBESTEL & .ttbeyprfzf?gegisﬁlﬂgarg&f .S_Oul*‘rﬁieref%rldéltg:r v&°daYyBlapy Je¥ of
different fraqueasies anl@ipyad WRS sufhiad tapadilitiectimiakhibudndsthe sold

today are multi-channel systems equipped with multiple speakers and surround sound

- decoders. In fact, many companies have devised algorithms that modify old stereo
recordings so that they will sound as if they were recorded in surround. Other
.companies have developed algorithms that upgrade older stereo systems so that they
will produce surround-like sound using only two speakers. Stereo-expansion |
algorithms, such as those from SRS Labs and Spétializer Audio Laboratories,.enlarge
perceived ambiance; maﬁy.sound boards ahd speaker systems contain the circuitry
neceésary to deliver expanded stereo sound.

Three-dimensional positioning algorithms take matters a step further. seeking -
to place sounds in particular locations around the listenér, i.e., to his left or right,

“above or below, all with respect to the image displayed. These algorithms are based
upon simulating psycho-acoustic cues replicating the way sounds are actually heard
in a 360° space, and often use a Head-Related Transfer Function (HRTF) to calculate
sound heard at the listener’s ears relative to the spatial coordinates of the sound’s
origin. For example, a sound emitted by a source located to one’s left side is first
received by the left ear and only a split.second later by the right ear. The relative

amplitude of different frequencies also varies, due to directionality and the



obstruction of the listener's own head. The sinulation is generally good if
.the [listener is seated in the "sweet spot" between the speakers. In the
consuner - audi o market, stereo systens are being replaced by home theatre
systens, in which six speakers are usually used. Inspired by conmerci al
novi e theatres, hone theatres enploy 5.1 playback channels conprising five
mai.n speakers and a sub-woofer. Two conpeting technol ogi es, Dol by Digital
and DTS, enploy 5.1 channel processing. Both technol ogi es are inprovenents
of older surround standards, such as Dol by Pro Logic, in which channe
separation was |imted and the rear channels were nonaural. Al though 5.1

pl ayback channels inprove realism placing six speakers in an ordinary
living roommg tic. Thus, a nunber of surround synthesis

ht be _.probhl e , _ _sur
conpani es have Géﬁfré’l% q é'P%E?tF’teﬁﬁso‘%’béﬁfidf-i Chf Isimtigianeis| eaperally tgoodhfinhel
formats such asisteldbyscBlegint @b “OURE sfo,BRRAKRS Searef£at i Ng virtual speakers
that convey the <correct spatial sense. This multi-channel virtualization

processing is simldRf o cpipatner dedie skl stereo susteroun lsymg heddced bAl idaauigh

t wo- speaker sur pRMRd sSSP WiaNesiY SheakhQ ABLGL erformnce of
five-speaker syst e_ms,s' Vi rtual spesétke%esa can pr g‘@l“%iggﬁago “bpég%r‘m BRI §3lat i on

around t he | i st @agie thewtres, dronehtdeatise ¢epthesT i ipbeblacki ahbrals samipriadfive main
technol ogi es proybde. a,SULLP si-ul ation onl i t hi esi gnat ed_area
Q) S y sulpuggfe;,. i coxsw}ggttlr?d. tecl}f/aﬁgongé%@f)%g ‘ﬂ‘t%§“§rp]é$:ea

within a room referred to as a "sweet
| ocat ed within ehgoy it ehamg! emdessoremoth ttvtinslbgies ard imp@cahd @ opf ok ch

depends on the [.E] nd directi of the speakers. Audio equipnent
nmanuf act ur er s p@grépréde%{éﬁéaé?%’isgcq ﬁ%t@qml’yatp FOrBis 1 0dishoAlanngr sepprative pens
Unl ess all of tlhes® dndshid ieat dhamlsar®e fishhytalconpl i ed with, the surround
sinmulation will fail to be accurate. The size of the sweet spot in

t wo- speaker sur r oun8894H ek Playbacki hapnelscimproyp rephism, edacingasix sprakerofin an

mul ti-channel sysheidividSraamBidhebe @fobi@cdiic. iﬂug,ndsﬂumgé?%ﬁ%mrg&ndi S.n' al;
suitable for nore than one |istener. Another common problem wit H b6t
nul ti - channel £REPPEYES BpEatearloBgupigorithips tsaerifically ¢ meptlayp hwdti-cladnnéli foirhas | ons

such as room | ay@ihs Dby HiHE I veE o spegﬁcgél,eépéatikg%inual speakers that convey the
correct spgltial sense. This multi-channel virtualization processing is similar to that
developed for surround synthesis. Although two-speaker surround systems have yet
to match the performance of five-speaker systems, virtual speakers can provide good
sound localization around the listener.
All of the above-described virtual surround technologies provide a surround
“ stmulation only within a designated .area within a room., referred to as a “sweet spot.”
The sweet spot is an area located within the listening environment, the size and
location of which depends on the position and direction of the speakers.. Audio
equipment manufacturers provide specific installation instructions for speakers.
Unless all of these instructions are fully complied with, the surround simulation will
fail to be accurate. The size of the sweet SpO.[ in two-speaker surround systems is
significantly smaller than that of multi-channel systems. As a matter of fact, in most
cases, it is not suitable for more tl_1an one listener.
Another common problem, with both multi-channel and two-speaker sound
systems, 1s that physical limitations such as room layout, furniture, etc., prevent the

listener from following placement instructions accurately.



listener fromfollow ng placenment instructions accurately. 3 |In addition,
.the position and shape of the sweet spot are influenced by the acoustic
characteristics of the |istening environnment. Mst users have neither the
mean nor the knowl edge to identify and sol ve acoustic probl ens. Another
common probl em associ ated with audi o reproduction is the fact that objects
and surfaces in the roomm ght resonate at certain frequencies. The
resonating objects create a disturbing humor buzz. Thus, it is desirable
to provide a systemand nethod that will ptovide the best sound sinulation
whil e disregarding the listener's location within the sound environnent
and the acoustic characteristics of the room Such a system should provide
opti mal performance aq&gfaticalky, wi thout requiring alteration of the
|i stening environmelt 2995 e (Ws brsdiogr andibans, ¢ Hiei vFeiTsngs arq ifjugneed tobjhect of
the present inveaistiorhi@cpifics de e BNSHMANSn RN OPos Rlers RLAL et fAE
position of the |listener and the position of the speakers within a sound
envi ronment . | MMEAICE heknowlsdes taidsat Pard selss pepegtiepralismem and met hod f or

pr ope_ssi ng sound i ﬂn&ha%o_ntn%nfﬁ%&kM%s&J&%t&?{K@#ﬂl %H?o irébh(ﬁJu%ﬁg)n ksn[ 1%%%? hat
positions. In accordance with the present invention, ‘there is % erefBle
provi ded a systoBifctst #1d apficas zatthomogh migheeesdnstensi onaln fwdiancles st @né ng

having a medi ar@oﬁ%ﬁlr&o gts%rea@'ﬁ'&iét@bin%ihtu}ﬁ oqu'u%?eaker s disposed within a
| i st eni ng space, said sggten1conpr|5|ﬁg a portable sensor having a
mul tiplicity of trahsducerdssibiatoggoddd 4 yysant anpeethad tiat wibpdvidsensedst f or

receiving test sh%nals ffon1ﬁﬁ%ﬂf§§§@¥ers and for, t{ansnitting sai d signals

sound _Simjulation  w gq"vntf‘%rhsﬁeé‘(?reFVOF@'Oﬁuwwh’cﬁ%r’f@P“d&Udi 0

to a processor “connectable In
signals from savithnmedi andpthayRbusaibcthbi@btetistRASMithd kddgh. S Bush M ykicnt haNe!
audi o -signals to.said. qult'plicit of speakers; said processor including
(a) neans for PERVITaPTHY t PAWERHIEE; Biemyicallpsvithouynispuripg digedtionf ok ghed
speakers and f GstediR€&iwiongemai d test signals fromsaid speakers to be

processed for determning the |ocation of each of said speakers relative
Disclosure of the Invention

Thus, it is an object of the present invention to provide a system and method
for locating the position of the listener and the position of the speakers within a sound
environment. In addition, the invention provides a system and method for processing
sound in order to resolve the problems inherent in such positions.

In accordance with the present invention, there is therefore provided a system
for optimization of three-dimensional audio listening having a media player and a
multiplicity of speakers disposed within a listening space, said system comprising a
portable sensor having a multiplicity of transducers strategically arranged about said
sensor for receiving test signals from said speakers and for fransnﬂtting said signals

1o a processor connectable in the system for receiving multi-channel audio signals
from said media player and for transmitting said multi-channel audio signals to said
multiplicity of speakers; said processor including (a) means for initiating transmission
of test signals to each of said spcakers and for receiving said test signals from said
speakers to be processed for determining the location of each of said speakers relative
to a listening place within said space determined by the placement of said sensor;
(b) means for manipulating each sound track of said multi-channel sound signals with

respect to mtensity, phase and/or equalization, according to the relative location of



to a listening place within said space determ ned by the placenment of said
.sensor; (b) means for manipul ati ng each sound track of said nulti-channel
sound signals with respect to intensity, phase and/or equali zation,
according to the relative location of 4 each speaker in order to create
virtual sound sources in desired positions, and (c) neans for

comuni cati ng between said sensor and said processor. The invention further
provi des a nmethod for optimzation of three-dinmensional audio |istening
using a systemincluding a nedia player, a multiplicity of speakers

di sposed within a |istening space, and a processor, said nethod conprising
selecting a listener sweet spot within said |istening space;

el ectronically determning the distance between said sweet spot and each
of said speake Spe : [ e aid speakers with respect to
intensity, phasgD ;ﬁ%}? 18?&2%3%'?%& ?%ﬁagnouﬁgé%r ?n’@eé(W?%poﬁlT@spw {9on

rel ative t o =g fos\wemmusgisating bEhvecenstid ochsof addieidpi®s80t. | nventi on neasures

the characteri stigs; of |.istening epvironnent, including the effects of
room acoust i cs. %emaunélfog%srfhgcﬁ%rlw{&gs gﬁﬁg’r‘?drﬁ?ro‘?f’é‘?é@&"%éf@ﬁ@t ijnegsional
reproduct i onudivdrstenng speak sysemmrdeludigUs Giebid§1dyes B8 KipliGitf §€LpeaBis i f he s
| ocat ed exaﬁ}sl Yo '“;igli.n ;.hte .sweet spot. The apparatus 01P t he presen?

i nvention virtoar 'y Ehit 1TENPHPERESE ad50fe530p s3idrmehetcantmisinestelngng i nst ead
of forcing thestedet Stvegtespot QvitY 8ailiNGitdend RESWEEL |9 d

adj ust nent s ,and f%ocessi n provi ded by t hlgalcs’yst e%&?cgﬁ%lecf‘eltﬁrﬁlén%gﬁe possi bl e
audi o exper fiSHREE PIVEHRsa] sheshapot apHeady of eaid sfcakdre apd eperiting RY@NGE ON
denonst r at egid kal Lo adyant S he sinul ated surround effect is
al ways best: :2) the li sr'?%ﬁer ARAG hase dnd 1ol ZOH0RI0 GeSERe Rl
speakers; 3Y¥s pseionirelagvecp sgidawenbyeotf reel y within the sound environnent,

whil e the |isteni erience remains.optimal; 4) there is a significant
reduction of hu%ggﬁ?ﬁ%ﬁge@e EREt 2l EH Y PedHifat Phghagsicagics; of5thet he
nunber of ot ervpoabteNcbdiig ekt BYedNSE lobl £Bkstgs MY LRl §

then processed so that its reproduction over the speakers will cause the listener to feel
as 1f he is located exactly within the sweet s.pot. The apparatus of the present
nvention virtually shifts the sweet spot to surround the listener, instead of forcing the
'listener to move inside the sweet spot. All of the adjustments and processing
provided by the system render the best possible audio experience to the listener.

The system of the present invention demonstrates the following advantages:

1) the simulated surround effect is always best:
-.2) the .listener 15 less constrained when placing the speakers;
3) the listener can move freely within the sound environment, while the listening

experience remains optimal;

4) there is a significant reduction of hums and buzzes generated by resonating
objects;
5) the number of acoustic problems caused by the listening environment is

significantly reduced, and

6) speakers that comprise more than one driver would better reassemble a point

sound source.



significantly reduced, and 6) speakers that conprise nore than one driver
. woul d better reassenble a point sound source. 5 Brief Description of the
Drawi ngs The invention will now be described - in connection with certain
preferred enbodinents with reference to the following illustrative figures
so that it may be nore fully understood. Wth specific reference now to
the figures in detail, it is stressed that the particulars shown are by

way of exanple and for purposes of illustrative discussion of the
preferred enbodi nents of the present invention only, and are presented in
the cause of providing what is believed to be the nost useful and readily
understood description of the principles and conceptual aspects of the
invention. In this regard, no attenpt is nmade to show structural. detdils
of the invention in nore detail than is necessary for a fundanental

under st andi Brdefdesettiptignnidhe Pomyinghe description taken with the draw ngs

maki ng apparent 0 ALt how t he several fornms of the
i nvention nay bTe1tl er‘#;Jg géogidalmnh%‘r%g%et ?%Sgr%a "t FETEFR; W&g Cepipig prefered g
schemati ¢ dirdgdiarntfwiin rifereade pasé folomimgilbbrithe foudspeakelsmughati ve to

the listener's |tt|n9(8($)005|tion Fig. 2 is a schematic diagramillustrating

the locati 6f %nﬁl ysulng% the sweet spot wthin a sound environnent; Fig. 3

i s a schematic WithGpadiiotetifeeSiRR o SROLz@BH i dhih 3t RNET tr§§,@c§‘§gt0cHtS' de it;
Fig. 4 is a schematic diagramof a def or red sweet 'spot cause b

m spl aceneREHGHArS ShAvY %ahife‘?’%y ofgxgmpls qud fgr perheseaof dhdtratgweamcmﬁsxm def or rred
sweet spot cau 03 &% wher ei t ener
of Bld$Rde b%ﬁlr@&?srmﬁe grfesentt ﬁétﬁ)%at&%ﬂ ahd ar %rﬁ%? % xaltgegr am of "

seat ed outside the deforned sweet
PC user | o6ase @f pravidiek whatdiefhstened toteethe $rpt(st useful and rcadxly understood

~ description of the principles and conceptual aspects of the invention. In this regard,

1o attempt is made to show structural details of the invention in more detail than is

necessary for a fundamental understanding of the inlvention, the description taken

with the drawings making apparent to those skilled in the art how the several forms of

the invention may be embodied in practice. ' |
In tﬁe drawings:

Fig. 1 is a schematic diagram of an ideal positioning of the loudspeakers relativé fo
the listener’s sitting position;

Fig. 2 is a schematic diagram illustrating the location and size of the sweet Spot
within a sound environment;

Fig. 3 is a schematic diagram of the sweet spot and a listener seated outside it;

Fig. 4 is a schematic diagram of a deformed sweet Spot caused by misplacement of
the speakers;

Fig. 5 is a schematic diagram of a dcfo_rmed sweet spot caused by misplacement of
the speakers, wherein a listener is seated outside the deformed swest spot;

Fig. 6 is a schematic diagram of a PC user located outside a deformed sweet-spot
caused by the misplacement of the PC speakers;

Fig. 7 is a schematic diagram of a listener located outside the original sweet spot an&

a remote 'sensor causing the sweet spot to move towards the listener:

Fig. § is a schematic diagram illustrating a remote sensor;



caused by the m splacement of the PC speakers; Fig. 7 is a schematic
.diagramof a |listener |ocated outside the original sweet spot and a renote
sensor causing the sweet spot to nove towards the listener; Fig. 8 is a
schematic diagramillustrating a renbte sensor; 6 Fig. 9a is a schematic
diagramillustrating the delay in acoustic waves sensed by the renote
sensor's m crophones; Fig. 9b is a timng diagramof signals received by

the sensor; Fig. 10 is a schematic di agram illustrating positioning of the
| oudspeaker with respect to the renpte"sensor; Fig. 1 1 is a schematic

di’agram show ng the renote sensor, the speakers and the audio equipnent;
Fig. 12 is a block diagram of the systenls processing unit and sensor, and

Fig. 13 is aphl oWschapdmddd & t L he ration of the present
i nventi on. le‘g?t ai I ed Dégérci&p%&%ﬁgl}f{gg?&r{é tlh%)ﬁglg et CES YNV Fe aFnspOBY theoni ng of
a listener and | ctm¥peakarsspiceipbomesg a |istener | | located within a

typical surr . > rised of five speakers: fi-ont |eft speaker
12, center slﬁg'g%elgxﬁl?@féﬁgrer?fjﬁ?ﬁssbeg%{K%drbﬁtE?S‘?“é%‘r | eft speaker 15 and
rear right Kpedkes sdBmatindiegderilliradefp@veonidiofiRsioudperiungnelsegt, it is
recomended t hat n angle 17 of 60 be kept between the front eft speaker

12 and right froft"sPERKE¥™M4. An identical angle 18 is recommended for

t he rear spdakdn Ss 5.5chaﬁhdti(‘1§iagr-ﬂﬂ%l]O\k/l.nﬁttleé"'l%rnoi%lﬂBQHéoql, tP@sJeQEérPQnat @g a&%nt er
speaker 13 at a distance 2L fromthe front speakers 12, 13, and at a
di stance L from fW&PM¥ar speakers 15, 16. It should be noted that any

deviati on f mogmib s BIBAOIBERALH iRAF b Qrilebdin il y3nbhg, urT ound
h h edp

experience. |t should be noted that the recoren osr’'tion of the
speakers ni i 19 &raflovaehastipsigtiopthe opersedreeftthelpssent owadtiqar ot ocol and t he
speaker mang gl Rberidi® 2 illustrates the layout of Fig. 1, with a

circle 21 representing the sweet
Fig. [ illustrates an ideal positioning of a listener and loudspeakers, showing a

listener 11 located within a typical surround system comprised of five speakers: front
left speaker 12, center spea_ker 13, front right speaker 14, rear left speaker 15 and rear
right speaker 16. In order to achieve the best surround effect, it is recommended that
an angle 17 of 60° be kept between the front left speaker 12 and right front speaker
14. An identical angle 18 is recommended for the rear speakers 15 and 16. The
listener should be facing the center speaker 13 at a distance 2L from the front
speakers 12, 13, 14 and at a distance L from the rear speakers 15, 16. It should be
noted that any deviation from the recommended position will diminish the surround
experience.

It should be noted that the recommended position of the speakers might vary
according to the selected surround protoco! and the speaker manufacturer.

Fig. 2 illustrates the layout of Fig. 1, with a circle 21 representing the sweet
spot. Circle 21 is the area in which the surround effect is best simulated. The sweet
spot is symmetrically shaped, due to the fact that the speakers are.placed in the
recommended locations. |

Fig. 3 describes-a typical situation in which the listener 11 is aligned with the
rear speakers 5 and 16. Listener 11 is located outside the sweet spot 22 and

therefore will not enjoy the best surround effect possible.  Sound that should have



spot. Circle 2 1 is the area in which the surround effect is best

simul ated. The sweet spot is symetrically shaped, due to the fact that
t he speakers are placed in the recomended |ocations. Fig. 3 describesa
typical situation in which the listener 1 1 is aligned with the rear
speakers 15 and 16. Listener 11 is | ocated outside the sweet spot 22 and
therefore will not enjoy the best surround effect possible. Sound that

should have 7 originated behind himw |l appear to be located on his left
and right. In addition, the |Iistener iz sitting too close to the rear
speaker, and hence experiences unbal anced volune levels. Fig. 4

illustrates m spl acenent of the rear speakers 15, 16, causing the sweet
spot 22 to be deforned. A listener positioned in the deforned sweet spot.

woul d ~ exper] nbal anced. vol ume .| evel s and displ acement of the sound

field. The °F§§‘§§%§F‘%E‘1%F% Yl gppegt B bedacatad Prols g‘iﬂcFé‘dt%ét-d@f"dﬂﬁ@m thoveet

spot. In Fi disteber it hitieg ks SloMDd e tryRi spadices LrdOMAGL EQRRELC p%n§%ﬁ1%§c?rs 12,
e de

14, 15 and _16 are gisallocated, causi ng the sweet spot 22 to f or med.
Li stener 11"PYTEdREd  outside the sweet spot 22 and is too close to the

left rear speakefiglbiluSeshs Afpladdh@NOE RN CaY calqdegradation of -
the surround effect. None of ﬁ? seats 23 ig)%ggh?%g%V§% 1A %@%Tgspot 22.
Shown in Fi §P0L82i % bg defrmedl 4odistened pasttimend in Teeddfbatednsveel $pok svouili Ng a

t wo- speaker .sidfit2dnd nsMsiem, RC.24, The PC speakers 25 apd 26 are

m spl aced, ?@%dsing th%ﬁ§ﬁeé¥8é%$$t§2m¥%gﬁgﬁ8%W%Fﬁg < Sotrdtddy i Bieener i s
seat ed out sligtenet hbinghiget is seqpat oud@dde the pefefreed ekeespbodi ment of the present

invention is ilkustrated i.n,Fig. .7.. The sition of the speakers 12, 13,
14, 15, 16 and tllﬁglgr ?’stﬁ %rﬁilsnsé’ogaégp‘%%é'f“%‘ﬁ‘g PRt P cdsss 13 Hbs adscri bed
wi th ref er ehfcare ndsdlogated; calhig tté fdek ee2its vt Raforhde 1ikShengris %%te'hs

hol ding a renniepposition s%nsor_27 that accurately nmeasures the position
of the: |i%t¥felowitd rilpectnd i tPpeiepdakie deft o epeaher Mbasuctement i s

conpl et ed, drh@g&ydt €4ses a great degradation of the surround effect. None of the seats 23
is located within sweet spot 22.

Shown in Fig. 6 is a typical PC environment. The listener 11 is using a
two-speaker surround system for PC 24. The PC speakers 25 and 26 are misplaced,
causing the sweet spot 22 to be deformed, and the listener is seated outside the sweet
spot 22. |

A preferred embodiment of the present invention is illustrated in Fig. 7. The

- position of the speakers 12, 13, 14, 15, 16 and the listening sweet spot are identical to
those described with reference to Fig. 5. The difference is that the listener 11 is
holding a remote position sensor 27 that accurately measures the position of the
listener with respect to the speakers. Once the measurement is completed, the syst-em
manipulates the sound track of each speaker, causing the sweet spot to shift from its
original location to the listening position. The sound manipulation also reshapes the
sweet spot and restores the optimal listening experience. The listener has to perform
such a.calibration again only after changing seats or moving a speaker. '

Remote position sensor 27 can also be used to measure the position of a
resonating object. Placing the sensor near the resonaﬁng object can provide position |

information, later used to reduce the amount of energy arriving at the object. The



mani-pul ates the sound track of each speaker, causing the sweet spot to

.shift fromits original location to the |istening position. The sound
mani pul ati on al so reshapes the sweet spot and restores the opti nal

| i stening experience. The listener has to perform such a. calibration

again only after changing seats or noving a speaker. Renpbte position sensor

27. can al so be used to neasure the position of a resonating object.

Pl aci ng the sensor near the resonating object can provide position

information, later used to reduce the agnunt of energy arriving at the

object. The 8 processing unit can reduce the overall energy. or the energy

at specific frequencies in which the object is resonating. The renote

sensor 27 coul-d al so neasure the inpul se response of each of the speakers
as | as the acousti c.

and anal yze the f j.on_of, each speaker, el )
characteris€igs$g% t égﬁé%#@g eéRFﬁ@§Pﬁ§YP6 °CBtiied 2t WERUpdredue¢issyn t he
processi ng Whadhtth¢ objesinareematine | i st eni ng experi ence by conpensating for

non-linearity ofnth peake a educi ng unwant ed echoes and/ or ‘
rever berati ons. éﬁﬁmfﬁEEF§F5ZC?§9F%8r?@ﬁﬁ?é”ﬁﬁ@P@?6ﬁp%§ﬁ§éﬁmmﬁﬁfbbnprising

an array of speakas aphendgzeothe trATEORGEEch diback IpeaBl; adel TRGHNHIDSE, and
arrangenent of nlcrqgggnes can_vary, according to the designer s tchoice.
The measur efERCSPBEeLsthf spomnd he fnforeatiopsakidrten e idell byt thapesteisingi g.  9a.
In order tmiMeAssH8cd bR ROSiidd Oberi Lo WIched ta measurement
nmode. In this node, a short §b8ﬂﬁn%&%iﬁ%a%%¥%§%%ﬁg$%f%ﬁgﬁ?nghB?HF t he
speakers. Tisass and rogueens ung2nted efmgaiel/drheetgtatiohe air at the speed of

sound. The sound.is;Iecei by th m.crophones_28, 29, 30 and 3 1. The
di st ance and angfé§6 %gﬁéygggékgwug%ﬁﬂwﬂyhémFﬂr310?H@F“5de%@ﬁﬁﬁgﬁbf t he

sound' s r ecwigtdpbanesFo tra@itucdrd (23f af @8, ONe 'TRE RUmMbaS af £ GRLNES Y Jehe
nicrophonegnmlyﬁomgﬁasurenentdcould be performed during normal playback,
wi t hout interferihg WiH” ¥Hé WﬁgiéFd?%$§rf§h%E%ieved by using a "ping"
frequency, whiclihd mefugtiint bldasss TNH2 of%éﬁ@!ﬂ@asr ROAR b §a Fioabazqh 000 Hz).
The nlcrophqyes and el ectronics, however, woul RO
order to measure the position, the system is switched to measurement mode. In this
mode, a short sound (“ping™) is generated by one of the speakers. The sound waves
32 propagate through the air at the speed of sound. The sound. is received by the
microphones 28, 29, 30 and 31. The distance and angle of the speaker detemﬁne the
order and timing of the sound’s reception.
Fig. 96 illustrates one “ping” as received by the microphones. The
measurement could be performed during normal playback, without interfering with
the music. This is achieved by using a “ping” frequency, which is higher than human
audible range (i.e., at 20,000 Hz). The microphones and electronics, hiowever, would
| be sensitive to the “ping” frequency. The system could initiate several “pings” n
 different frequencies, from each of the speakers. (e.g., one “ping” in the woofer range
and one in the tweeter range). This method would enable the positioning of the
tweeter or woqfer in accordance with the position of the listener, thus. enabling the
System to adjust the levels of the speaker’s component, and conveying an even better
adjustment of the audio environment. Once the information is gathered, the system

would use the same method to measure the distance and position of the other speakers

in the room. At the end of the process, the system would switch.back to playback



be sensitive to the "ping" frequency. The systemcould initiate several

. "pings" in different frequencies, fromeach of the speakers. (e.g., one
"ping" in the woofer range and one in the tweeter range). This nethod
woul d enabl e the positioning of the tweeter or woofer in accordance with
the position of the listener, thus enabling the systemto adjust the

| evel s of the speaker's conponent, and conveying an even better adjustnent
of the audio environnment. Once Phe information is gathered, the system
woul d -use the sanme nethod to neasure the distance and position of the other
speakers in the room At the end of the process, the systemwould swtch.
back to playback 9 It should be noted that, for sinplicity of
under st andi ng, Ithehodksee s érbodirmaimplipsair eglerstradinge db¢ clgswibedne
speaker at b I - oSt bl.e rd t.he
positioninéﬁg &gﬁpi§%¥§M§Sggkgggﬁ??%ﬁ?%gagg32?3&6C53£w%§2?§f$§%né§bodinent
woul d be t eapabirubt arcesuskythe passeiing mil milpple sppikegs SinfultamoudachOod t he
multiple s - it i e - phase, oL . li tude. The
process: ng Piar T gy TRAg At Be o s Rah Ol B CRBEBI AP o % i nger
and si nul tashedUst yntige epskay, tdake Wwitcat ioguofreaoty, phatehe spdakiers. A
further an sis _of the received signal .can provi.de infornati on on room
acousti cs, a}llpe E¢ S|m\(7”euns'tu"rv!f‘?la%ee%a,p el ((:).g”%ﬂflﬁ”engf %rc Qto SeSRRIGP (')af Pt t %rf‘cp '
under st andiiagyltahdvasig @saeispigi thalohaoaiof eddhfofitis: speakersspeci fical | y generat ed
"pings," it should be noted %hgt t he %nfornation_Eeq%ired.mjth respect to
the di stance arfd P& 8kl AT FoBYed Rg Y p@RKEP YT dPBITRTRN 1Y 188 chosen

sweet spot agrbtidsUstie@seWidceb@icgat hered by anal yzi ng the nusic played.
Turning now to Fi$.~10 the different paranmeters neasured by the systemare
demonstrated. MEFofNdhesalzoo! bjier andugepnding. dhhaisrophittaherphagrsHp.

M crophoneg,.cific2, Q?‘Qra% defdsnge iHGINY ddteLBhemE NEbRitichNeginatam The

| ocation in space of any ‘speaker 33 can be represented using three
coor di nat exspaRt & thehdstaiostand qresiopn 1oh &achs pletik speakars rglatike tastienadipsenwi t h

respect tos»?ﬁt g?o” &ubiSs WAR bRIGLE by EhAYAld BDmuEQQfJLpat e above the
hori zon surfac {Fﬁ%. :
Tuming now to Fig. 10, the different parameters measured by the system are
demonstrated. Microphones 29, 30, 31 detine a horizontal plane HP. Microphones .
28 and 30 detine the North Pole (NP) of the system. The location in space of any
speaker 35 can be represented using three coordinates: R s the distance of the
speaker, o is the azimuth with respect to NP, and € is the émglé or elevation
coordinate above the horizon surface (HP). |
Fig. 11 is ageneral block diagram of the sy's'tém. The per se known media
player 34 generates a multi-channél sound track. The processor 35 and.remote
position sensor 27 perform the measurements. Processor 35 manipulates the
* multi-channel sound track accdrding to the measurement results, using HRTF
_pa_rarrieters with respect to intensity, phase and/or equalization along with prior art
signal processing algorithms. The manipulated multi-channel sound track 1is
amplified, using a power amplifier 36. Each amplitied channel of the multi-channel
sound track s routed to the apprOpriaté speaker 12 to 16. The remote posftion sensor
27 and processor 36 communicate, advantageously using a wireless channel. The

nature ot the communication channel may be determined by a skiliful designer of the



Fig. 11 is a general block diagramof the system The per se known nedi a
. player 34 generates a nulti-channel sound track. The processor 35 and
renote position sensor 27 performthe neasurenents. Processor 35
mani pul ates the multi-channel sound track according to the neasurenent
results, using HRTF paraneters with respect to intensity, phase and/or
equal i zation along with prior art signal processing algorithns. The
mani pul ated nul ti-channel sound track is anplified, using a power
anplifier 36. Each anplified channel of ¢ he nulti-channel sound track is
routed to the appropriate speaker 12 to 16. The renote position sensor 27
and processor 36 communi cate, advantageously using a wireless channel. The
nat ure of the comruni cation channel may be determ ned by a skillful '
desi gner of sydienldhd sy -be r.by wire, Wre|ess .
comuni cat i o?l_ may_ be car_ﬁ?ﬂé%@sg% Byﬁg{éhg%%grsgc?%’ggmfcﬁ Phmay be FUERM, or any
ot her met hodsing herasehwad, clirasovnd; hanne bthemaythod. diht hemmrhinidiiseaihqpal or
uni -directi I LG bl.ock di.agram of a preferred enbodi nent of
e e eﬁh&gl %ge&{agmr%m' O 88sor 27. The processor's input is a

the processor “35 and renbte positlon
mul ti - channel sdiiad2tshawk a b8k dHaearnBE biptefvid GhbaalnGaRr 0ol to each

of the channed ) O?eccordi ngrégt 0 7i gﬁtructi ons_of the central "processing unit
(CPU) 39. THE FIOfeRSHING SHEPLRS7 4 BPABIACESEr's [MRYES & ekiiqhnmns! soumdmstpul at e

each sound 5T.adheana6x Givitth 58 GRHABNGSRF 1§ Rep ga&fe‘?b%ann-gge Qutput 41 of .the
systemis a nulti -cgqannel sound track. Signal generator 42 geﬁe“?caf es the
"pings" wi t ASTHECHLR the pratrab prareeingundt (CRSD 39 THbe ilteehesdelaynitt pd, 44 t ake

care of theyRORTAINISRhE & RRIHIBEN LB RLAGESHI NG ynit, 35 and renote
osition sensor 27. The tim Pnp unit 45 measur eas?g(frﬁ'él*’ttf’r?@méﬁ‘a& ioﬁ ¢ pet ween
p on A g . : _ ; .
the eni ssi dPBP%t e ogpuig ofghetshistempe akeriti-akahnéltssuidesicpt by the mi crophone
array 46. The tikp,00.JEasUr8mpnts are anal ,zegpb the CPU 39, whjch
cal cul ates the Coordi nat es of  each tgf)e&?el)‘/ v d?\{e oy tlebapgersiesf act t hat
r oom acoustThesviedess ohitiied4 hike clranadtedonshitation baoeadne RFddishatgd by the
speakers, e test tones. ("pings") will also be influenced by the
p 4 ftion sBasop 3 5
and remote position sénsor’ 27 The timing unit 45 measures the time elapsing
‘between the emission of the “ping” by the speaker and its receipt by the microphone
array 46. The timing measurements are analyzed by the CPU 39, which calculates
the coordinates of each speaker (Fig. 10). '
Due to the fact that room acoustics can change the characteristics of sound
originated by the speakers, the test tones (“pings”) will also be influenced by the
acqustics. The microphone array 46 and remote position sensor 27 can measure such
influences and process them, using CPU 39. Such information can then be used to
further enhance the listening experience. This information could be used to reduce
noise levels, better control of echoes, for automatic equalization, etc.
The number of outputs 41 of the multi-channels might vary from the number
of input channels of sound track 37. The: system could have, for eﬁample,
multi-channel outputs and a mono- or stereo input, in which case an internal surround
processor would generate additional spatial information according to predetermined
instructions. The system could also use a composite surround channel input (for
example, Dolby AC-3, Dolby Pro-Logic, DTS, THX, etc.), in which case a surround

sound decoder is required.



acoustics. The m crophone array 46 and renote position sensor 27 can
~measure such influences and process them using CPU 39. Such information
can then be used to further enhance the |istening experience. This
information could be used to reduce .noise |levels, better control of
echoes, for automatic. equalization, etc. The nunber of outputs 41 of the
mul ti-channels m ght vary fromthe nunber of input channels of sound track
37. The system could have, for exanple, nmulti-channel -outputs and a nono-
or stereo input, in which case an intermmal surround processor would
generate additional spatial information according to predeterm ned
instructions. The system could al so use a conposite surround channel i nput
(for exanple, Dolby AC-3, Dol by Pro-Logic, DTS, T1-1X, etc.), in which
case a surround Thogngudétadethe isgsteeqeiutdde al huliFhiginaelt fuhd 4dacRfort he syst em
could be a [ nnel und track.or a conposite surround channel. In
addi ti on, a%}t}l\l;\lgé-)sslt%g%ﬁrg?ndsEl?arngéjhdf“s?/és(%'té?ﬂ’ CalV pReIKFE SPigaed petelserobt y t wo
out put chandedigneticoreprantiuceo sutphotikn SO U defRVRIce sWRourIPRAKE'Ser RASI L1 0N

information_interface 47 enables the processor 35 to share position
. . SpeaKers. . - .- .
i nf or mati on Wit H ext er nal equi pnent, such as a television, |ight dimrer

switch, PC, ai recsioiodiibfortstlon iffefface exdbRIsNA pRRYSEES S %bsmg? bOGadosi tion
interface 47, could also control the rocessor. Such control "could be

desi rabl e biPfgealey st Rtsel GauiRgeRtesush @ attelewsion Tiiahy dinwuésviehabCe t o
change the yirkédédtonROSicti on of the speakers according to the artistic
demands of the scene. Fig._13 illTustrates a typical operation flow chart.
Upon the syst em/dt &xternahdeitice, 4¢ng tthe pesisere mterést d7esoulthaldedomttbt tHe- | RTF

o 1y Sl lResnran AA U BRI RS
menory- Whehbayheowq de airici to chemgeatie eimuahpasitioagofwhe spaakst acdosdin@tamed, t he
system uses, ;{8 current. HRTE parameters 50. Wen the systemis
Fig. 13 illustrates a typical dpcration flow chart. Upon the system start up at
48, the system restores the default HRTF parameters 49. These parameters are the
last parameters measured by the system, or the parameters stored by the manufacturer
in the system’s memory. When the system is turned on, meaning when music is
played, the system uses ‘its current HRTF parameters 50. When the system is
switched into calibration mode 51,' it checks if the calibration process is completed at
52. If the calibration process is completed, then the system calculates the new HRTF |
parameters 53 and replaces them with the default parameters 49. This can be done
even during playback. The result is, of course, a shift of the sweet spot towards the
listener’s position and cohsequently, a correction of the deformed sound image. [f
. the calibration process is not completed, the system sends a “ping” signal to one of
the speakers 54 and, at the same time, resets all 4 timers 55. Using these timers, the
system calculates at 56 the arrival time of the “ping”™ and according to it, calculates
the exact location of the speaker in accordance with the listener’s position. Afier the
measurement of one speaker is finished, the system continues to the next one 57.
Upon completion of the process for all of the speakers, the system calculates the

calibrated HRTF parameters and replaces the default parameters with the calibrated

ones.



swi tched into calibration node 51, it checks if the calibration process is
~completed at 52. If the calibration process is conpleted, then the system
cal cul ates the new HRTF paranmeters 5.3 and replaces themw th the default
paranmeters 49. This can be done even during playback. The result is, of
course, a shift of the sweet spot towards the |listener's position and
cansequently, a correction of the deforned sound inage- If the calibration
process is not conpleted, the systemsends a "ping" signal to one of the
speakers 54 and, at the same tine, resets all 4 timers 55. Using these
timers, the systemcalculates at 56 the arrival tinme of the "ping" and
according to it, calculates the exact |location of the speaker in
accordance with the listener's position. After the neasurenent of one
speaker is finishewil tdeigss tRmb&odRt t next one 57. . Upon

conpl eti on gL the process for all ofﬂe{aﬁgﬁlsepag[a %ﬁge VRIOR S PARIREEE R at es
the cali br dPedetilf R theptoregeinceillystate eratpldaness thethdefayltscROrRERIQrS Wth .
the cali bratgd ve : A vident to those skilled in the art
that the i nve%t i.onr@I?_)sOd%t IIJI F%\é%es C('Jt?tgc 1(:% TES gaiguf gtcB?““%@'%rt%éplﬁ@ ot |

i |1 ust r at ed c&septali afeiRtiss dreafhBte penpeebetieiny@NéoRe Y% heauRadi ed in
ot her speci fj %ufrg%ﬂg@ .Vgstims%aﬁgeparti n? fromthe spirit or essential
attributes thereot. The DI eSENt ABMISHFGsIstEe. 4Rt seaperaftihe dnveotitre beigsi der ed
in all respéclictaisby Heugipeadddvitaial dathed theL S} theC ErdbBinet Qe e_of the

i nvention bggmrlllge i Fd' cat ed ﬂf( t he appended %:I ai %]léégr%gtgh%g r?lﬁlg)g’ 5“({ ?1Itl1e
foregoi ng deSCrT pt TR, SOMGdV 1T hechepmigsndiinsh of emuvalkichiof tidedaimpané ng and
range of eqhewdbenaynd tb BeembatdBratfn therefore intended to be. enbraced
therein. 13 CLAI'MS: 1. A systemfor optimzation of three-dinensional
audio listening having a nmedia player and a nmultiplicity of speakers

di sposed within a listening space, said system conprising: a portable
sensor for receiving test signals fromsaid speakers and for



transmtting said signals to a processor connectable in the systemfor
receiving multi-channel audio signals fromsaid nedia player and for
‘transmtting said nulti-channel audio signals to said nultiplicity of
speakers, said processor including: a) nmeans for initiating transm ssion of
test signals to each of said speakers and for receiving said test signals
fromsaid speakers to be processegpfor determning the |ocation of each of
sai d speakers relative to a listening place within said space determ ned
by the placenent of said sensor; b) neans for mani pul ati ng each sound track
of 'said nmulti-channel sound signals with respect to intensity, phase

and/ or equalization according to the relative |ocation of each speaker in
order to create virtual sound sources ChAIMS:red positions, and c) neans
for conmmuni cating e ‘ﬂ ns and,sai d processor ; characterized
in that sai d{f"sens[c‘?lr%?’%tgg1 férﬁ@{i }Zgﬁ?’b& thresrdimensio &g&@slgsgm%gwg@g f ynedia

arranged t hephgtoarid & nwlaplicis éhpetlkerd ARpbicd withincRGRefh %ﬁé& §883s§&%:5’
I t ¥ the

both in the horizontal plane as well as"in elevation, réespec
| ocation of fMNBPE¥R&Zor. 2. The systemas clained in claim1, wherein the

test signals recej i ensot .and transnitfed tqQ,said processor are
at frequencies h%ﬁ’g’?"*%ag&ﬁﬁ% R vVI%g dFd) %‘ngﬁ m 3said-pspeakers anda for
claimed in chraismigingwkeid &ighafatd as ' i i i
measuring ther ti rlremel apsi 'rllgghatbet vvge%%tg %rg(,l: E?é*ggf&iﬁgﬁ]%?ﬂgsgfs é&pefsotr r];??églﬁlé’% to
each of sai@ubpehaark audio sigoalsi fremsadid miedimaplayer and efoei w@bniiitingaksld
transducers. . e system.as . clained in .claiml, whergin the comunication
bet ween sai dmﬁgléﬁibgpegaﬁ’g’%ﬂ%%ﬁ%@@?@upilg“w{n&e@%% said precesgorinelndidgf or
the optim zationgef t ' 3 alici i ' i . system

i ncl udi ng a nedi gg)pl g%@?gyﬁpﬁ% | mswgg)@ éfp%%ﬁgngg&#%%gg@sqﬁ/%aﬁe%

li stening spaddonrageiving saidesisignaiefromnaaidgakasmy b pragesssd Fildetdiiing

| i stener svvetgt spat w.t hi n §ai,g | i st eni ng, space;
¢ location of each of said speakers relative to a listening place within said space

determined by the placement of said sensor;

b) means for manipulating each sound track of said multi-channel sound
signals with respect to intensity, phase and/or equalization according to the relativé
location of each speaker in order to create virtual sound sources in desired positions,
and

c) means for communicating between said sensor and said processor ;

characterized in that said sensor has a multiplicity of transducers strategically
arranged thereabout to define the disposition of each of said speakers, both in the
horizontal plane as well as in elevation, with respect to the location of the sensor.

2. The system as claimed in claim 1, wherein the test signals received by said
sensor and transmitted to said processor are at frequencies higher than the human
audible range.

3 The system as claimed in claim 1, wherein said sensor includes a timing unit
for measuring the time elapsing between the initiation of said test signals to each of
said speakers and the time said signals are received by said transducers.

4, The system as claimed in claim 1, wherein the communication between said-

sensor and said processor is wireless,



el ectronically determ ning the azinmuth and el evation of the distance
~between said sweet spot and each of said speakers, and operating said
speakers with respect to intensity, phase and/or equalization in
accordance with its position relative to said sweet spot. 6. The nethod as
claimed in claim5, wherein the distance between said sweet spot and each

of. said speakers is determned by transmtting test signals to said
speakers, receiving said signals B¢ a sensor located at said sweet spot ,
measuring the time el apse between the initiation of said test signals to
each of said speakers and the tine said signals are received by said
sensor, and transmtting said neasurenents to said processor. 7. The

net hod as cl & ned imethodifon tie optimirdtionsef threedimensionsl sudis ¢isfehfasuding gd at
8. The nethod &s clai ned

frequenci es Rj.gher. t.han the hyman audi bl e range.
in claimsé, %%Féi‘ﬂé"é‘i‘inﬂ %ég?&fmgws aa%ﬂtmlg%m@ spagkelssdispesedf withim ausi c
pl ayed. 9. Tiise | IR ' in the transm ssion of
said test si gnarPigg %e\?mﬁ?gﬁ%cg%i’gald%hgth%?%%ﬁ{qﬁ ‘claimed in claim§6,

wher ei n sai d senselecting oigteuslswetiopoeaithingaid iteringipas r esponse of each of
each speaker, and to

sai d speakers and tﬁ’ ana]h)gée the, transfer function of
anal yze the acouSleCropicaliy, determiging the grimuyth and slqvation of the distanolbetsieen ai med
i n cl ai m 10,gai&¥eRt | re,processed to conpensate for

non- | i neari tsf} of fgﬁfﬁggﬁf@gﬁ@gﬁ%‘?@@me frequency response of said
speakers and to petating saidapéakersarito esspadtdb HitehdlySpRAEAWHRR S hAiARNRTce the

ATy O e wilh it position reletive o sei

_ position relative to said sweet spot.
6. The method as claimed in claim S, wherein the distance between said sweet
spot and each of said speakers is determined by transmitting test signals to said
speakers, receiving said signals by a sensor located at said sweet spot, measuring the
time elapse between the initiation of said test signals to each of said speakers and the
time said signals are received by said sensor, and transmitting said measurements to
said processor,
7. The method as claimed in claim 6, wherein said test signals are transmitted at
frequencies higher than the human audible range.
8. The method as claimed in claim 6, wherein said test signals are signals
consisting of the music played,
9. The method as claimed in claim 6, wherein the transmission of said test signals
is wireless.
10.  The method as claimed in claim 6, wherein said sensor is operable to measure
the impulse response of each of said speakers and to analyze the transfer function of
each speaker, and to analyze the acoustic characteristics of the room,
11 The method as claimed in claim 10, wherein said measurements are processed
to compensate for non-linearity of said speakers, to correct the frequency response of
said speakers and to reduce unwanted echoes and/or reverberatidns to enhance the

quality of the sound in the sweet spot,



