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A METHOD W ogANCI NG 3-D LOCAL| ZATI ON OF SPEECH BACKGROUNR) C'i’ms98/1{§b'?| d of
the Invention The present invention relates to speech processing
‘specifically, the invention relates to a method and apparatus for enhancing
3-D (three-dinensional) |ocalization of speech. 2.  Description of

Rel ated Art Nornmal human speech contains a w de range of frequency
conmponents, usually varying fromabout 100 Hz (hertz) to several KHz
(kilohertz). For instance, human speech has a | ow frequency fundanental,
_but 't he harnoni cs’ of human speech has a fairly wide scale. Due to the wde
range of frequencies found in human speech, one is able to localize a

- sour ce of speech when-one is speaklng to soneone. In other words, one is .

generally able to Iocate and . |dent| t he urce of speech with a .
particul ar individual . %%NEA#&@Q ﬁ@L%%ﬂgNty or nessage

of the speech a Iistener does not r eqUFISPEBEI hi gher - f requency conponents

contained in the speech. Therefare, ﬂ cation systens, such as
cellul ar__phonle_s Vltcl‘iiﬁ’g phongs and t it ns th?t uste spefech ;
conpressi on al gori dricld af thet Ineerttion! requency information found in a
speech source. Thus, nostwQf .}:gt f Ered Kilohertz
(KHz) is discarded. This S01%U ﬂ’v% é%%g@ ﬁltog&tsl@gtlon of the

_speech is not spesifenllyhe m\@nu@:pmlatmmaon@h@dmd mméowm@ngeS-D

| ocal i zati on ofm}&edlﬁiggﬁggm%cglmugﬁ bf §rbcr €al ity), the loss of the high-
frequency conponents of the speech proves to be detrinental. This is

because the higher-frequencies are required for speech localization by a
| i stener. The high- Zr eq@mpmmnégpeech hel ps a listener to

mental |y .percei ve where | ps the
| i stener determ ne whet hg}rmg %?ﬁ%qlmgg veﬁgggﬁ ?é‘iv p e |istener,
or-to the ri ghtcompon@ts,lueualb'rwarymgfmmabouthQJHZ&ertzmtchIHMe | i stener.

Thus, what is peeIRAz). F& iRRiddeth ar QoY q Endy'¥ah
98/ 43239 ) har R s Ao A dCTEn?éUhS%?&OM?
harmonics of human speech has a fairly wide scale. Due to the wide range of

frequencies found in human speech, one is able to localize a source of speech

)

when one is speaking to someone. In other words, one is generally able to locate
and identify the source of speech with a particular individual.
~ In order to determine the intelligibility or message of the speech, a listener
does not require the higher—freiluenby'cdmponents contained in the speech. |
Therefore, many communication systems, such as cellular phdnes, video phones
and telephone systems that use speech compression algorithms, discard the high-
frequency information found in a speech source. Thus, most of the high-
frequency . content above 4 kllohertz (KHz) is discarded. This solution is adequate
" when localization of the speech is not needed. But for apphcauons that require or
desire localization of the speech (e.g., virtal reahty), the loss of the high-
| frequency components of the speech proves to be detrimental. This is because the
| highei'-frequencies are required for speech localization by a listener. The high-
'~ frequency content in speech helps a listener to mentally perceive where a sound is
 located. For instance, it helps the listener detérmine whether a sound is located
above or below the hstener, or to the nght or to the left, or in front of or in back of

the listener. Thus, what i is needed is a method of converting speech that has been
1



transmtted through a comruni cati on systemthat ‘discarded its

hi gh-frequency content. This nmethod should allow a |rstener to-tocattze-the—--

convert ed wpesaiz3ni t hout | osing any intelligibility in the PUQWSIO(QEJMVARY
A conputer-inpl emented nethod for enhanced 3-D (three-dinensional)

| ocal i zati on of speech is disclosed. A speech signal that has been sanpl ed
at a predetermned rate per second is received. A maxi num frequency for the
speech signal is determined. The predeterm ned rate of sanpling is
increased. A low |evel, w de-band noise is added to the speech si gnal to
create a new speech signal with higher=frequency conponents-—BRI EF-
DESCRI PTI ON OF THE DRAW NGS The present ‘invention is il lustrated by way of .
exanpl e. and not wansmiitted &:mugb ammnnmunmngnrsmmﬁhatﬂecad@bmmﬁ@um%w ngs.in. ...
whi ch 1ike refegspogsTh Lot didly £1 8RR tooklAMhcohvihbd ket 5 an

exenpl ary conputer syst em I'n resent 1nvention may be
i mpl errent ed. . Fi W@“@ngg ﬁnyle‘ES"JJ/IEW&FXml % $P$E¢Mat i ng one enbodi ment - of the
.present i nvention. Fi gure 3 illustrateSUMMARKIWare enbodi nent that may be -

used in the present |nvent|or‘. TA| PTI t and. appar at us
for .enhanced 3-D (t hfe®PTRUEADP °Ia ?,KEEC}S P?*&?Ro%krf?@é‘& gﬁ? ri bed.
In the fol | ow nipcdiézation pf speach rsldmlosed; Arspmchlsrgnallerhalhas beermam;ﬂed‘atrat hin
order to provid &H&-g t]Ehe“ t will
be -apparent, ho reﬁe 0 on %@@Hg@ﬁ A ﬁaﬁ?ﬁﬁ%&m&d& sent%angntlon
may be practi ce&gnﬂtlh@%tmh@be”?de@qtmlmr&ﬁ@Samﬁhltﬁllﬁélicﬁaf%@a ay-

vel | -known strugder, eﬁd@%d%ygeqeﬁd&a@o e QpEechRigah DB créliddheinshédcAsighalr der -
to avoi d unneceg@gml %gscurl ng the resent i nvention. The present

i nvention enhan ey F’Qﬂn speech by _pr ovi d| ng_hi gh-frequency
content to speech. This iBRIER i 3 EIN

(00 mmher, than ¢ riEetig ﬁ@ﬂs'ﬁns%ﬁeﬁ%yt%%ﬂ e 3RGE0 Agg?S O
: in the figures of the. accompanym g drawings in whlch (J references indicate
similar elements. - '
Figure 1 illustrates an exemplaxy computcr system in which the present
invention may be implemented. _ _ - _
Figure 2 is a flow chart illustrating one embodiment of the present
invention. |
Figure 3 illustrates one hardware embodxment that may be used in the

present invention.

RIP
A method and apparatli's for enhanced 3-D (ﬂuée—dimensional),loéalizaﬁon
of speech are described. In the following description, numerous specific details
" are set forth in order to provide a thorough understandmg of the present invention.
.. Itwillbe apparent, however, to one skilled in the art that the present invention may
be practiced without these specxﬁc details. In other i instances, well-known -
: 'structures and devices are shown in block dlagram form in order to avoid
_ unnecessanly obscuring the present invention. .
- The present invention enhances 3-D localization of speech by provxdmg
| high-frequency content to speech. This is required because the lugh-frequency..... e
. content (e.g., higher than 4 KHz) of speech is often removed by speech
compression algorithms during transmission. As a result, the high-frequency
: 5 _
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' conponent syg gg/aapwech, whi ch may be used” for spatial “localtzp¢t/0808s00eRsy ~are -

| ost. Consequently, the |istener of conpressed and |ocalized speech is .
unabl e to accurately perceive the |ocation of a speech source. Thus, the
present invention corrects this problem by addi ng high-frequency, mﬁde-band
noi se to the conpressed speech after increasing its sanpling rate and '
before performng |ocalization. Referring to Figure 1, an exenplary

conput er systen1upon'mhich an enbodi ment of the present invention may be

i npl emented is showi as 100." Cbnputer systen1100 conprrses ‘a-bus -or--ot her-

conmmuni cat i on device 101 that ‘comuni cates information, and aprocessor 102 e

coupled to the d oﬁé}ksiﬂ@ec@fmﬁ b@ﬁ@ﬁ@ismﬂau&aizeﬂm&&srmumr
(referred to aldmrdreRbngD %sre&%e&rs@aﬁee"re&%&iwﬁ%e%‘?%’s%@%ﬁﬁéﬁemﬂ’?é? mati on
and instructi orwcuratebepmmmedodmmpoba:mdt sckdé.  Thus theprasent inveptishso be
used for stori @l rmation
during execut i g%%&gﬂ%ﬁg k%%ﬁﬁh%—@%i&@ﬁcyl%&-@% l?Icilgt"réosyés?t em 100 al so
conprises a rea:onmsyedmmtyaf(meaamn@rsamph@gmmﬁﬁbﬁf@p@pﬁgmsvu ces 106

coupl ed to bus dQiizidat stores static information and instructions for

processor 102. Data stora VI ce 107 is coupled to bus 101 apd, stores
i nformation and i nstFefERl “%r? iguret, 30 SKERBIGEY &WP‘E? sygtem BEFEhWQEC hanpgneti c

di sk or an opt Ie&ﬂiodﬁnakof&ﬁcpreﬁemmérfml&mdbm rﬁ&xtéﬂis\gﬁowﬁgylm coupl ed
IS cou .o u

to conputer sy k |n.terf ce 1 1
et or k1 nt erf SeErbe sysBrLAelSeplpbd 4 Bor iy comPtReRon P T B et wor
of conputer sy@m@msmmyon,wppmwyéﬂbmebebthskoltxbatcoupl ed

via bus 101 to ss%@'ﬁ}érﬂﬁt‘ifdnc m:}%{lln lﬁiﬁ?théﬁccﬂna;ﬁ%ké‘ﬁ?%dhﬁhc‘cﬂg%é ), for

di splayi ng i nfdrmati on ter user ha numneri c I nput Vi ce

122, incl udi ng (wmm nm%itme@w Oﬁsfrqf«;rmdctawm%ww)so bus 101
f or comuni cat icagpled t4 BEd 10INtha MbreOIRRMALES hRCins@BRions tdbOeRRaRE by02. '

B einn 1775 Ogriaion Ba: MR e et Wk iRl Shot Bt AR RPETRR on
~and command selotherinesnadiatp inforeation difig exsdution oTiostruations by powessor 16venent
on display 121. Thi sodfifty E%hFR0 AR dohpribed'RRall BRIyIGHMERSEOM) andfor
~other static storage devices 106 coupled to bus 101 that stores static information
and instructions for processor 102. Data storage device 107 is coupled to bus 101
and stores information and instructions. A data storage device 107, suchasa _
‘magnetic disk or an optical disk, and its corresponding disk drive, may be coupled |
to computer system 100.- Network interface 103 is coupled to bus 101, Network
interface 103 operates to connect computer system 100 to a netwbrk of computer

systems (not shown).
Computer system 100 may also be coupled via bus 101 to a dlsplay device
-101, such as a cathode ray tube (CRT), for displaying information to a computer
. user. An alpha numcric'input device 122, inclnding alphanumeric in other keys, is
typically coupled to bus 101 for communicating information and command
. selections to processor 102. Another type of user input dev1ce is cursor control
123, such as a mask, a trackball, a cursor direction keys for communicating
direction information and command selections to processor 102 and for controlling -
~ cursor movement on display 121. This input device typically has two degrees of

3
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'PCT/ US98/00427 Tieedom and two ‘accesses; "a first access (e.g., X) and a -.
second achx%8/4383%y., Y), which allows the device to specifyPEryosdsioomy in a.
pl ane. Alternatively, other input devices such as a stylist or pen can be
used to interact wth the display. A displayed object on a conputer screen
can be selected by using a stylist or pen to touch the displayed object.
The conputer detects a selection by inplenenting a touch sensitive screen
For exanple, a systemmay al so | ack a keyboard such as 122 and all the
interfaces aré provided via'the stylist-as a witing instrument (like a
pen) and the witten text is intérpreted using optical character
_recogniti-on-( OgRabRCRItdYGSeestdl, 8 ¥irlacOits (0K 4A8 adesnBeBessi@pald, can
~also arrive at the conputer, via co ni cation channels such as an 1nternet
or local area ﬁ@?%?-'&’."(sl_ leie\?%f?e‘@?%h?osﬁ%ﬂ%a?ai"?-l ustrates one enbodi nment

-of the Sr;asent -1 nvertlenatively, sﬂepi@ﬁMev&:ed'smihtaslalsaﬁﬁiseoﬂp@wancbe.u(sai onal ) i sh
received froma_cor ati.on nefwork. r._exanple. possi i gifal .speec
sour ces ar'e-cell?tﬁlég%gﬁedés,m'\’?’rd%g'%BﬁXﬁ‘g(g)b%‘ﬁ(?n\ﬁ_c&ﬁ’-“f%?%ga?ea&dbe@%é?ﬁ S n

these systens, byhmsingiagylist exprartoyowbnbedisplepednbjeayr Ebe eomputemdetecks) f ound
in the speech i ) ' . 1Sceh S e d-.h L ab-F (L '
conponents of ssaé%ﬁ%?l%gé% u%trggéf sfe%;{l;fﬁf?ﬁ% gﬁ;gi ﬁ@iﬁ;ﬁéﬁ@ﬁggch. -
Furthernore, t RSOk GYORUE RS olddcomd Q)W@'fﬁée_ 1 eSscar ded
Face ved i gl e L e oLl o
he di gi t al “spEbEREET Frapieh (AVEL feapine; Hhadditon sHPRRFI R Ao
ate Of o S OnGl ot Beeured Lot be L ce, The. mas, mum 17 equency of e |

Si . . .

transm-tted si gér’fé;l &Eggwﬁwg?#@%cﬁ%’sanpl ing rate of the digital speech
source is 8 kil oher tEigyserFillusiraienoneembrdineniafitheprgsent jnvegtion,ulyl step hal f of
(8 KHz), whichjps, é‘diﬁfdﬂ-sp@é&ﬂ%om‘c@@si 19 ebeived GRS YorRinuhid@tdd Astivaik t ed

paceh has. Bl r SRR BoSTHR R Sepech mcesdt ex i afiest SOER PLp RS APa
and nmay not be videeeteleconferencing. In these systems, the high-frequency content (e.g.,
| greater than 4 KHz) found in the speech is often discarded. This is because the
high-frequency components of speech are not required for intelligibility of the
speech. Furthermore, the high-frequency components of the speech are also
- discarded by speech compression algorithms, '

In step 202, the frequency content of the received digital speech is
analyzed. In step 204, the maximum frequency of the digital speech signal is
calculated from the sampling rate of the received signal according to Nyquist's
Law. In other words, the sampling rate of a signal is assumed to be twice the
maximum frequency of the transmitted signal. For example, if the sampling rate of
the digital speech source is 8 kilohertz (KHz), then the maximum frequency is

~ equal to half of (8 KHz), which is 4 KHz. Thus, the .maximum frequency of the
_ transmitted signal is 4,000 Hertz. | | |
., Atthispoint, the high-frequency content of the speech has already been
removed (e.£., by a speech compression algorithm) and may not be used to
provide directionality via spatial cues. More high-frequency information must be
added to the speech to énhance 3-D localization. This is accomplished by first
resampling the speech at a higher rate. In step 208, the sampling rate (e.g., 8
4




pr om i de “di rectionality via spatial cues. Mre high-frequency information

-/ nust" be the speech to enhance 3-D | ocalization.
acconpl- ?ﬂﬂed %%/ first resanpling the speech at a higher ?JD%S?%M 7e 208,

the sanpling rate (e.g., 8 4 WO 98/ 43239

PCT/ US98/ 00427 KHz) is increased, typically by a factor of two-to-six over

the initial sanpling rate. In one enbodi nent, the sanpling rate can be

increased from8 KLz to a val ue rangi ng between 16 KHz to 48 KHz. In one

wmenbodlnent ‘the sanpling rate is increased from8,000 tines per second to
22,050 tinmes per second (or about 22 KHz). A sanpling rate of 22,050 tines

~ per second |qqt@e§ F%%bg ¢ ig simlar -
to- FM(Frequenc R/gﬁ atio é@dbmagg#% fv%— or gigfr}g?ﬂa ﬁ&%{z&ﬁeone
hears rore 't @npe@boglsee@ e MPLng Tie sen byineressdizom IEHZ%haaluauanty of
i nstruments angbing HoIesh 6 RESz to UBIEH! DeosARbidGeRR N safn hﬁ hﬁéﬁﬁd but no

ddi t I h f t b d
Gaussi an not 48 rpée&%a L6 806 MR BEr enAL i AP ot ek solhn G el 0T
rate. Typi calKHEz). tﬁnsampldgfammf%:ﬂamsmndm&esmdaﬂsaﬂnphﬂymw st
f f th

“anpl i ng r at SOVDRPTHED Bkl it YBILERTN GBI MEA o b RLY, T ¢
wi de- band Gadosesgmplei @@Z\M‘Iz,@péieammeamm@mb malsp ablegoberter t z or

hal f of the Itﬁg{oﬁa}scﬁm tAfindid £nd §ohnﬂweffkct99TﬁE§oﬂﬁC§aﬁfﬁﬁﬂgtr §s the
.Gaussi an noi se ma avagaﬂ%&%ﬁé’égq{'ﬁfﬁéue E)Z%:Wyﬂt@réggrég\e créased sanpling

rate. It wl Im“d'F% d e si-an noi se can -
have a frequency: tIhateplziowmdnu@missanb:be:sladaé&ﬁsﬁdspéwnlsigmglme In

one enbodi ne t ded..wi d and N, NQ range from between
about 8 KHz t élé'ﬁ’oeﬂfe%czi‘&% rz’elltﬁe ?@aﬂbefa(ﬁﬁ% edéa'@acg ﬂﬁ’ggglisﬁﬁiﬁm se is
ustja: : y: kgplt theoNyeguist fiydqusncit ¢mtequndmgem ttmtncrerasadrsfamp@n% pgmth Fb:eexa:nple
intelligibilis _ oi se
that is adde %s%%gﬁ&il mat g%‘mcg%sé tﬁ?glﬂélg {)ﬁ?‘gﬂq ovvécr 9?%3 e o;hﬁg. nal I'y
recei ved di givigde-band@ wssmngwaﬁeww aaeaﬁ@ﬁaer@alm ghl %ﬂ%@@n&@aé

hi gh- f r equeney teGABeARE s8mbling fie. OF Wil Béhp @a&@{haﬁﬂﬁ@ﬁsﬁﬁl%&%m_ﬁfﬂ s is

| ntroduced vIPAVRS R Fepmey pnhe indtkated sep AR M ol s Be ©°
K - appreciated that the wide-band Gaussian noise can have a frequency that is
proportional to the increased sampling rate. In one embodiment, the added wide-
band Gaussian noise can range from between about 8 KHz to about 24 KHz. The
energy of the wide-band Gaussian noise is usually kept low enough so that it does
not interfere with the intelligibility of the speech. As aresult, the wide-band

Gaussian noise that is added is approximately 20 to 30 decibels lower than the

~+.-)

originally received digital speech signal.
The wide-band Gaussian noise adds hlgh fxequency components to the
original digital speech source. This is important for enhanced 3-D localization of
- the sound which may be introduced via a filter, for example, to recreate the speech
source for a listenerin a virtual-reality experience. In one embodiment, the
- resulting wide-band speech can be transmitted to a 3-D Speech localization routine
ina computer system in step 212. In addition, positional information regarding the
digital speech source can be added at this time.
Positional information that corresponds to the specch source creates a more

realistic virtual experience. For example, if one is in a multi-point video
s _



source for a listener in a virtual-reality experience. In one enbodlnent
the resulting w de-band speech can be transmtted to a '3-D"speech - ~

| ocal i agbiogmsazoutine in a conputer systemin step 212. | pcavBobioesry

posi tional information regarding the digital speech source can be added at
this tinme. Positional information that corresponds to the speech source
creates a nore realistic virtual experlence For exanple, if-one is in a
mul ti-point video 5 WO 98/ 43239

PCT/ US98/ 00427 conference with five different people, V\hose pi ctures are
each visible on a conputer screen, then this p05|t| onal i nf or mation - o

-connects the speech w ridate petrson' s pigture.on the dif spl ay” -:: :
screen. For: P%F%E’e‘“‘ﬁ“%"?ﬁgf%g'ﬁ Epl gpgﬁngﬁ,?rgefié\ %\’% hthe .. ..

| ef t dh?ng si dempiitef Hgechc thes this pssxﬁ@ﬁakifmgnanbhgmxtebm thqoqmed:h withtlze shoul dh
_soun ike it is comng from SE, he speec

shoul d not béPli{QP’é‘%ﬁ‘?\P %"B;%P%‘iﬁ‘gr %Pstge bi‘éél%ggcr%#n |ns1§t%gcr% ng ?Eersay,he person
whose pi ctur mhoselmturhs showhtonitbabtfishand siste Q‘fivhfa ssraeaeis. Spﬁﬂ@@gséhe@bﬁl i cation
for this 11VeRletfloirde libufl s%ugd‘ﬁkéiﬁ@bﬁﬁ?'ﬁ&rb{ﬁ&qmﬁmﬁlﬂe%m&:ﬁmOne i's

i.n a shared ua ace or rogm eopl eare peeting and talking
to a 3-D reprlagspresh shpuldnothepsrosnied by, qlf*St?‘}‘?éa% Bise %n of a

particul ar pg&ﬁeﬂwhsseﬁﬁeﬁké ﬁ%n&ﬂdh@ﬁtyha%ﬂdxd%@ftm&@m the pr esent

i nventi on shoul d tﬂy? e rec I ver . of ?{geg? afém' ‘S’Ct the}: speech
with the appropri Iﬂﬁﬂr’(ﬁn?ﬂ”? 2 PRI it a
user were toemhﬂciammms}@rmm spm&lsmmnmw;mop@rmmcem speech
recei ved by L Dq'\égt'e nt. 300
of the presen gl nve%fl on |s ﬁgryu%l?&’a@r%wﬁéréo t%r'gle? ta g:gggch

si gnal 301 i pastisular pargomis sacmuddrlymnotﬁs@wt@w@ﬁﬂgﬁweﬁ%F 301 is

transmtted Eﬁéﬁ!&ﬁl&%&%ﬁbﬂﬂ:@sﬁﬁcﬂﬁm&twmﬁi%'ab propiaReisope. Of ten
“human speech is first received as an alg‘gae naI t ha atllgls then converted

to a digit al TBESRRUCR g the sPagrhsopcg; Lhps, |
conpr essed Obfk;maﬁerbltdmﬁmhbrlgwlqr,dxadpeeoﬂaaed:w&dtﬁyetheemushwld&@@ Thus hi gh-
frequency cogpon &9 (e.g., greater than 4 KHz) of the digital speech

signal 301 are”o *r enoved.
One hardware embodiment 300 of the present invention is illustrated in

Figure 3. A digital speech signal 301 is received by a receiver 303. The digital
speech signal 301 is transmitted from a communication network, such as a cellular
phone. Often human speech is first received as an analog signal that is then
converted to a digital speech signal. This digital speech signal 301 is often

~ compressed or band-limited before it reaches the receiver 303. Thus, high-

~ frequency components (e.g., greater than 4 KHz) of thé digital speech signal 301
are often removed. | |

The receiver 303 also determines the maximum frequency of the received

digital spccch signal. In one embodiment, the receiver 303 utilizes Nyquist's Law

" to determine the méi:imum frequency of the digital speech signal according to the
digital sampling rate. For example, if the sampling rate is 6 KHz, then the
maximum frequency according to Nyquist's Law is 3 KFz, which is half of the

' s_impling rate. The converter 305 then converts or increases this minimum

sampling rate to an increased sampling rate. The increased sampling rate canbe,in . .
one embodiment, two-to-six times greater than the previous sampling rate.



’ , The receiver 303 al so determ nes the maxi num frequency of the received

/ _di gFtaI w%%ﬁ%gSi gnal . I n one enbodi nent,; "tthe receiver 3%m§§8vweﬁ“"“"‘“

{ Nyquist's Law to deternine the maxi num frequency of the digital speech-.

{ signal according to the digital sanpling rate. For exanple, if the sanpling

© rate is 6 KHz, then the maxinum frequency according to Nyquist's Lawis 3
KHz, which is half of the sanpling rate. The converter 305 then converts or
increases this mnimumsanpling rate to an increased sanpling rate. The
i.ncreased sanpling rate can be, in one enbodi nent, two-to-six tines greater
than the previous sanpling rate. 6 = WD 98/43239  ~ -~ - wwrorcc om0 e
ch/ US98/ 00427 A @eg@wﬁt@r3@0&16@‘%@@6@;%&%1%%5%%15%#%‘9%F%Sé e
order to Inc-r%_ﬁgg hifRGuthcd RohieROIRRE YcEiQBd BipitalipetdhssigiRt 80V eThidigi t al. . speech ..
signal 301. I SEI S 'ececgtshaery because t'heair%?%fre gejﬁg' Ny ‘;ent of the
speech enabl @§ceasary beeanss thedigh neHEAe et épﬁ‘?%éieflﬁ “%?JEL BEER 0 ot her
vvorgls aft f_ar b?ﬁ& 1@&5}7@1@ ,spéc!&fB. Iti gther Wordsuler §-I2 lnchézationf the highspeech
enables a l'igtener to de ne _if t S e he
listener's ri%&ﬂPW%?Pf&r&Hé 5%6%&@&%53%%%?%% ?%ﬁé?%hggﬁé?%g S{Nr&g%t of or
lb_ehl nd the | iisloeaed to Hedisner's tighlor k4t, ooabwk or helowpidie disteasmh anieisont of

i stener’s experj, SRR P Bcal RE Bpcebfeakantbd Midtherkner eased

sanpling rat g’p%}éﬁ?%&%&#ggggﬁ%}?gﬂég@%ﬁoﬁﬁg%te conﬁﬁi neq, i n trhe adder’
309. The resuxperisgcapfide speach. Ipesrsc sighaliwifisthe MSFPaSELAPng T8 e fBfor y 311
2‘1"; or $ h_bel ][l_g_lt{:é %ﬂﬁ%ing@hus#i_ﬂn ﬁdtiee ;aeieeﬁibma tin tHeQudder 3(19t éi’heg\fﬂmiwg wirde- uni t.

. s filter may be a.fl.nite-inopulse re S R filter .in one
embodi ment . @nq'igpﬁ%hggn ﬁ#&&isﬁﬁtm?mBWﬁ@ﬁW‘f@F‘é‘)gﬁé‘ﬁ‘ edy cém‘l n the
pri ;)r ?rE, 't fm;bﬂ;dgnémJtoarﬁit)mgemirgimlunm& \IhisHiter maydelsi fiplite-impadpgency
content (e.g. \/ : egt 1t - filter
generation uﬁﬁp%gg%mﬁggrr%su??@g{xﬁ.gmg{éslﬁﬁttéféag |tm§%m§£_gge}%h?o ten | acked
perceptibl e Sambb@lsttd-ibéh¢morcﬁb§!°dlﬂt§ﬁﬁ?ﬁﬁhétﬁﬁﬁ}ﬂgt’ withgt i5yhdghnt i nvention
al 1 ows a | i strpiygbndydntne fasine d 1895 wakloHeh ety rampahid id the siler -

_ perception of a sgeech aﬁg(r)‘ge Thfs the li ?ten r_enj oys re realistic
experi ence ofScRFANHENE 7 g Zesuitthe Frsulting ég’ﬁ‘gﬁpc?ﬁ ?ﬁ%‘nac er ous -
speci fi ¢ - det gietczpubled-Dilowmitizatipnizaes. | Inshampapnirast ahelpresentlinventiomgllo¥s 2he
present inventjgn.. | L1 ) . L 0. ;s .ly’cf'cg ' fh,esp t hat the
i nventi on nmay “be p?é‘%Y%Jéﬂygm&t?%ataéﬁﬁﬁé%@%g@ tl?sl?r et aﬂidsh.&- Sédh
source. Thus, the listener enjoys a more realistic experience of the speech source.

In the above description, numerous specific details were given to be
illustrative and not limiting of the present invention. It will be apparenttoone .. . .. .
skilled in the art that the invention may be practiced without these specific details.
Fmthermore;,- specific speech prdcessing equipment and algorithms have not been
set forth in detail in order not to unnccessérily obscure the present invention.
Thus, the method and apparatus of the present invention is defined by the
appended claims. '

Les
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‘Thus, a method is described for enhancing 3-D localization ofa speech
source. ' ' ' '



Furt her nore, spe0|f| c speech processing equi pment and al gorithnms have not

- 'béén sét forthi i detai i order-not to unnecessarily obscure t he present

i nvent i Q9843839 t he et hod and apparatus of the present PCE/USds/oDR7i S
defined by the appended clainms. Thus, a nmethod is described for enhanci-ng
3-D localization of a speech source. 7 WD 98/ 43239 :

PCT/ US98/ 00427 CLAIMS W claim 1. A conput er-inpl enmented net hod. f or
enhanced 3-D |l ocalizati on of speech, conprising: receiving a speech signal
that has been sanpled at a predet erm ned rate; determ ning a maxi num
_frequency for the speech si- gnat ner easi--ng the rate of sanpling for the
speech signal; and addi ng a Iow—1 evel, "wi de-band noi se to the speech signal
--10- create-a new-speech signal w th hi ghe-r -frequency conponents. 2. The
met hod of .cl afih M Sfurther including the step of: transmtting the new

speech signal . o }e met hod of claim 1, wherein the increased rate-of
sanpling is at Ieas H\A ce the maxi mefrequency 4. The nethod of claim
3, viherein the ratk cofnputarrnplegpented method dereanhivyced 1A dacalizationtof spasgis

bet ween t wo- tRt ing5- The method of claim 11, wherein the | owlevel,

w de- band noi se“has “appr oxi mately hal f the frequaaE of the increased rate

of sanmpling. 6. TeqR@ngasprsgh signgl that bas beeqsample WBWIPB%F‘ 'wi de- band

noi se i s approxi ﬁ&iet&m‘mﬁﬂg hma&ﬂnﬂﬂﬁeh@érﬁybf@«msﬁebansxgm speech signal. 7.
The met hod of cl ai.m he I i

rei Wl e e i de- _an%gnm se has a
frequency in the r‘ﬁﬂ'ﬁ%mgf 85283 mgtf%r BERFEC gﬁz
conput er - r eadabl e adddxgmiph'alwdgwgiemanoﬂsetoetbqslmqmeugudstocfeatemsmamct| ons,

t he Sequence%p%h's&%tdf&ﬁﬁ'h% Fr@ﬁxkéﬁg&@&nb&%{suc“ ons,  which vvhen

2. The method of claim 1, further mcludmg the step of:
|  transmitting the new speech signal.

3. The method of claim 1, wherein the increased rate of sampling is at least
twice the maximum frequency. '

4. The method of clalm 3, wherein the rate of samphng isincreased by a
factor that ranges betwecn two-to-51x

5. . The method of claim 1, wherem the low-level, wide-band noise has
apprommatcly half the frcqucncy of the increased rate of samphng

6. The method of claim 1, wherein thc_ low-level, wide-band noise is
- approximately 20 to 30 decibels lower than the speech signal.

7. The method of claim 1, wherem the low-level, wide-band noise has a’
frequency in the range of about 8 KHz to about 24 KHz,

.8, A computer—'rcadable medium having stored thereon sequences of .
instructions, the sequences of instructions including instructions, which when -
executed by a processor, causes the processor to perform the steps of; -

8 | .
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executed by a processor, causes the processor to performthe steps of: 8

—\p98t 4|3§§99§ ey | Cr/OSshiobipd8/ 00427

receiv ﬁpaltal speech signal; determning a WBX|nun1frequency t hat
occurs in the digital speech S|gnal determning a sanpling rate for the
di gital speech signal; increasing the sanpling rate of the digital speech
signal to an increased sanpling rate; adding a w de-band Gaussi an noise to
the digital speech signal to create a wi de-band digital speech signal with
hi gher frequencies; and transmtting the w de-band digital speech signal.
“9:“'% The;conputer;readable'nediun1of“clain18, further including the step
~of " providing positional "‘informati on for the w de-band speech signal. 10.
~ The. conputer-readable nedlum , wherein the maxi mum frequency is
about 4 kil ohert z ‘CHIDTE taPgﬂﬁz%lh'as!c!%)];}riﬁguter-readable medi um of claj m 10,
‘wherein the mcreabmnaamgmmguman&eqmanmmemcw% pecheignglias KHz. .

12.  The conputer -4y gﬁ?’ﬁgﬁq% 1 r%f&lﬁém al%@dlﬁhéhalhe wi de- band
requenc

Gaussi an noi se has a oport| %E% g j ncreased saggl ing rate.
13.  The conput erin¢reasngih és‘%@ﬂm&ﬁa@foéﬂ' S%t%SP%? SEPAL P RB TR Hand |
Gaussi an noi § ﬁgﬁtgrequency in the range of about 8 KHz to-about 24 KHz.

14. . The . - dab] f cl 8,

st o e e Ok R ol SRR BB iRt bR
speech si gnalmd%andd]gxtgirspgecﬁarugﬂal with pigherfremencies;@anfanci ng 3D | ocalization
of speech, conpri %gnutﬂnéﬂa%%ﬁg'haﬂd)&g{tﬁ%ﬁéé@h@%nﬁl speech signal ; 9

9. The computer-readable medium of claim 8, further including the step of:
prdviding positional information for the widejband speech signal.

10.  The computer-readable medium of claim 8, wherein the maximum
frequency is about 4 kilohertz (KHz).

11.  The computer-readable medium of claim 10, wherein the increased
sampling rate is approximately between 16 to 48 KHz. '

12.- - The computer-readable medium of claim 8, wherein the wide-band
Gaussian noise has a frequency proportional to the increased sampling rate.

13. The coinputer—rezidable medium of claim 8, wherein the wide—hand
Gaussian noise has a frequency in the range of about 8 K.'Hz_ to about 24 KHz.

| 14. The computer-readable med1um of c1a1m 8, whereln the wide-band
Gaussian noise is approximately 20 to 30 decibels lower than the digital speech
 signal.

1

-15. A programmable apparatus for enhancing 3D locahzatlon of speech,
_compnsmg | , '
a receiver for receiving a speech 51gna1

9
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WD 98/ 43239 _

PCT/ US98/ 00427 a converter, coupled to the receiver, for increasing thg ==
speech wiopsas23® sanping rate to an increased sanpling ratRET/AsSsg®p7at or f or
generating a w de-band noi se; an adder, coupled to the converter and the
generator, for conbining the w de-band noise to the speech signal wth the

I ncreased sanpling rate to create a w de-band speech signal; and a nenory
coupled to the adder, wherein the nenory stores the w de-band speech

signal. 16. The programmabl e apparatus of claim 15, further including: a
filter, coupled to the nenory, for localizing the w de-band speech-si-gnal. - -
17. ~ The programmabl € apparatus of claim15,” wherein the speech signal~is "~

digital and -has a frequency of about 4 KHz. 18. ... The progranmmble . . . . .
appar at us -of cl ai naconvendrecaripled tbehesygedivtr, fir gneatasingshaspacelysignalle of | ess

t han 4 KHz. . T r tus of claim15, wherein the
converter de'gse mﬁ%%?e[%eagg{l)%ec gzﬁn iz}%q'é@?mxi'r’r_umfrequency and t hen.

i ncreases the speecgenstatnrdpr genetefipg ivgde-band nefsea fact or of ‘bet ween
two-to-six tinmes oyefddbheodpled WUmR EreHa Y thefaneratdiiforbaBiangmBl e
apparatus of claim 19, whefein the w.de-band noi se has approxi mately half

t he bandwi dtW!éF-bmn?lFFdOéé%W%*hﬂ%WN@thr § foeregse smﬁag%ﬁ%&%%m e ..
apparatus of gidaibahd bpectihgipadliaridne Wi de- band noi se is.approximtely 20 to

o0 decibel s Lot et S e el e R AR 2 U

of claim 21, wher as a u I 'Tferent
fromthe fregpesnhysigifal.t he i ncreased sanpling rate. 10 ' :

16.  The programmable apparatus of .claim 15, further including:
_ a filter, coupled to the memory, for localizing the wide-band speech signal.

17.  The programmable apparatus of claim 15, wherein the speéch signal is
digital and has a frequency of about 4 KHz. o

18. The progﬁmrhablé appa_i_‘atus of claim 15, wherein the speech signal has a
frequency of less than 4 KHz. '

19.  The programmable apparatus of claim 15, wherein the converter determines
the speech signal's maximum frequency and then increases the speech signal's
sampling rate by a factor of between two-to-six times over the maximum
frequency. '

20. | The programmable apparams of claim 19, wherein the wide-band noise has
approximately half the bandwidth of the increased sampling rate.

21. The progranimable apparatus of claim 15, wherein the wide-band noise is
approximately 20 to 30 decibels lower than the speech signal.

22. The programmable apparatus of claim 21, wherein the wide-band noise has
a frequency that is different from the frequency of the increased sampling rate.

10 - .
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