-1 METHOD AND APPARATUS FOR MULTI-SENSORY SPEECH
ENHANCEMENT ON A MOBILE DEVICE BACKGROUND OF THE
INVENTION The present invention relates to noise 5 reduction. In particular,
the present invention relates to removing noise from speech signals
received by mobile hand-held devices. Mobile hand-held devices such as
mobile phones and personal digital assistants that provide 10 phone
functions or accept speech input are often used in adverse noise

environeisIRoth SARESY APPPEREGIHSAFOR PMIFIATE CEENSORY
and makS PERG NGB RN e OFF & SIGELEA RREGE,
filtering systems have béérrtdeeldpedthat ffterhil threnttile noise based

on a model of the Roige, thesesaystems have not Reen-able: to,remoye allhefse
the noise. In particular, many of 20 these systems have found it difficult to

rémoveeAGiSé 1that consists of AR EbIiE spedkify irPies BRAEkgrbuRaNEhen
reasopdonthissis thad it isr extremely diffieult df not impossiblasdemthese gnals
systems to determine that a speech signal received by 25 a microphone
came TR $8RfedRE dtRErthantRe Pe ufg'theSmobile device. For
phone headsets, whish are keptindpasitian ondhe wser's Hiead bydeopingdhe e

headset over the user's head or ear, systems have been ,
phones and personal digital assistants that provide

10 phone functions or accept speech input are often used
in adverse noise environments such as busy streets,
restaurants, airports, and cars. The strong ambient
noise in these environments can obscure the user's
speech and make it difficult to understand what the

15 person is saying.

While noise filtering systems have been
developed that attempt to remove noise based on a
model of the noise, these systems have not been able
to remove all of the noise. In particular, many of

20 these systems have found it difficult to remove noise
that consists o0of other ©people speaking 1in the
background. One reason for this is that it 1is
extremely difficult, if not impossible, for these
systems to determine that a speech signal received by

25 a microphone came from someone other than the person
using the mobile device.

For phone headsets, which are kept in
position on the wuser's head by looping the headset
over the wuser's head or ear, systems have Dbeen

30 developed that provide more robust noise filtering by



30 developed that provide more robust noise filtering by -2 relying on
additional types of sensors in the headset. In one example, a bone

conduction sensor is placed on one end of the head set and is pressed into
contact with the skin covering the users skull, ear, 5 or mandible by the
resilience of the headset. The bone conduction sensor detects vibrations in
the skull, ear or mandible that are create@d when the user speaks. Using the
signal from the bone conduction sensor, this system is able to better identify
when d91thewger isispeaking @ngrasia resyfids betiar able-de dkter noise inthe
the speech signal. Although such systems work well for headsets, where .
contaBEHEtiEEN the Bortd Gofdiittidn® serfsor @A thHe LEEFS hinffiePby * S
the mechaniealdib desigr-atithe headsetse thesesystems cannetbedisedinto
directly in hand-held mobijle devices because it is tlEibi;ficult for use s?
maint&A e Bond ChRdudton “Sebof e BHBpdroskioRdthesd - =2
systems doanotitbke into,consideration thatrthe borfe aoneuciwnd 20tsensorhe
may r}g)t be held rilndthe proper gositior%. SléMtMAgY OF -%_lrE INVENTION A n
mobilé devViceis prélvcf ed that inclides a |gﬁ(|:npsut tha caaﬁtbléD msaniﬁuriateﬁ ©
by a usket!$ 1fingsrs opthunay dirbdie camductienanicrophoad amdean 25e user
alternative sensor tt}as‘ti%m\/ig%% anSzEILItenrQ?tiv% %ens%%%ig%aéﬁndicag\ﬁ%gg tion
speec?ﬁ%andef some_ enho iments, the mobile device also includes a
proxinigysensor that providessa progimity signab better identify when

10 the user 1s speaking and as a result is better able
to filter noise in the speech signal.

Although such systems work well for
headsets, where contact between the bone conduction
sensor and the user is maintained by the mechanical

15 design of the headsets, these systems cannot be used
directly in hand-held mobile devices because it 1is
difficult for users to maintain the bone conduction
sensor 1in the proper position and these systems do
not take into consideration that the bone conduction

20 sensor may not be held in the proper position.

SUMMARY OF THE INVENTION

A mobile device is provided that includes a
digit input that can be manipulated by a user's
fingers or thumb, an air conduction microphone and an

25 alternative sensor that ©provides an alternative
sensor signal indicative of speech. Under some
embodiments, the mobile device also includes a
proximity sensor that provides a proximity signal
indicative of the distance from the mobile device to

30 an object. Under some embodiments, the signal from



indicative of the distance from the mobile device to 30 an object. Under some
embodiments, the signal from -3 the air conduction microphone, the

alternative sensor signal, and the proximity signal are used to form an
estimate of a clean speech value. In further embodiments, a sound is
produced through a speaker in 5 the mobile device based on the amount of
noise in the clean speech value. In other gmbodiments, the sound produced
through the speaker is based on the proximity sensor signal. BRIEF
DESGRIPTION Qo I PRAWINGS kbl 1 isidperspectivetiew okengor

embodiment of the present invention, FIG. 2 shows the phone of FIG. 1 in
positicit R 3e 1efSide-0fa BSEFS Fedd, FiG I3 3hoRs the fhdhe™6F Fie T ift"
15 positenmattbe right side of adiser's firad R0 26F1Ge 4 is a bleck diagrane r
of a bone conduction microphone. FIG. 5is a pe sp%ctive view of an ,
altermn S HEBHIentD! T Brbobit UBRHETE 1G58 & brdss Saetish of -7
an altetnative didre-cenduction arierphone huademone embddimenicof ithet he
presen&@gentionégclz : Zfisla Qlock ?iﬁagr olfraén boiléidg\r/ligg ung%reonseO nd
embodiniént of fhe preseralt invention. FIG. §'is a bioc drlﬂagram’of a generéJI
produced through the speaker 1s based on the

proximity sensor signal.

BRIEF DESCRIPTION OF THE DRAWINGS

10 FIG. 1 1is a ©perspective view of ©one
embodiment of the present invention.

FIG. 2 shows the phone of FIG. 1 1in
position on the left side of a user's head.
FIG. 3 shows the phone of FIG. 1 1in

15 position on the right side of a user's head.

FIG. 4 1is a Dblock diagram of a Dbone
conduction microphone.

FIG. 5 1s a ©perspective view of an
alternative embodiment of the present invention.

20 FIG. 6 is a cross-section of an alternative
bone-conduction microphone under one embodiment of
the present invention.

FIG. 7 1is a Dblock diagram of a mobile
device under one embodiment of the present invention.

25 FIG. 8 1is a Dblock diagram of a general
speech processing system of the present invention.

FIG. 9 is a Dblock diagram of a system for
training noise reduction parameters under one

embodiment of the present invention.



speech processing system of the present invention. FIG. 9 is a block
diagram of a system for training noise reduction parameters under one
embodiment of the present invention. -4 FIG. 10 is a flow diagram for training
noise reduction parameters using the system of FIG. 9. FIG. 11 is a block
diagram of a system for 5 identifying an estimate of a clean speech signal
from a noisy test speech signal under onesembodiment of the present
invention. FIG. 12 is a flow diagram of a method for identifying an estimate of

a clean speech signalGl0 using the systemofiFIGa 1dy Fi@. 13ds-a bleckining
diagram of an alternative system for identifying an estimate of a clean

speechdigial B2 %i8A bREkTIESah? of o 2e¢nd "5 &itEThaive SfstEhc -

for identifying an estimate of a clean speech signal. FIG. 15 is a flow
diagram of a method for identifying a stir%:;tﬁ of a clean speech signal
e

using the system of FIG. 1420 BIG 18118 @ petdpettive vieh 6f asfﬁ?%ﬁ%?l for
efmbodimrent iof wi mgbitendedce ok the présentcinventicpERAIKEhal from

DESCRIPTION OF ILLUSTRATIVE EMBODIMENTS Embodmenis oie
present invention provﬁe hand-Reld Hobilé adewces that corkﬁamlboetﬂ an
the present invention.

FIG. 12 is a flow diagram of a method for
identifying an estimate of a clean speech signal

10 using the system of FIG. 11.

FIG. 13 is a block diagram of an
alternative system for identifying an estimate of a
clean speech signal.

FIG. 14 1is a block diagram of a second

15 alternative system for identifying an estimate of a
clean speech signal.

FIG. 15 is a flow diagram of a method for
identifying an estimate of a clean speech signal
using the system of FIG. 14.

20 FIG. 16 1is a perspective view of a further
embodiment of a mobile device of the ©present
invention.

DETAILED DESCRIPTION OF ILLUSTRATIVE EMBODIMENTS

Embodiments of the present invention

25 provide hand-held mobile devices that contain both an
air conduction microphone and an alternative sensor
that can be wused in speech detection and noise
filtering. FIG. 1 provides an example embodiment in
which the hand-held mobile device is a mobile phone

30 100. Mobile phone 100 includes a key pad 102, a



air conduction microphone and an alternative sensor that can be used in
speech detection and noise filtering. FIG. 1 provides an example
embodiment in which the hand-held mobile device is a mobile phone 30 100.
Mobile phone 100 includes a key pad 102, a -5 display 104, a cursor control
106, an air conduction microphone 108, a speaker 110, two bone-conduction
microphones 112 and 114, and optionally @ proximity sensor 116. 5
Touchpad 102 allows the user to enter numbers and letters into the mobile

phoneiirpthef embodiments: teuchpaed 4021s combingd with disphayy d@diipn
the form of a touch screen. Cursor control 106 allows the user to highlight
and sBLEE 28 MiBfmatiof on Gispt&F 164 And'th%croft tirodytr fnages ahg o
pagesithat arenlarger tharedisplay 104 Asshewsiin FKaS12 and 3,pvhenimity
mobile phone 100 is put in the standard position for conversing over the
phones,%?)%aiieﬁffo is positioned 15 near the user's left ear 200 or right ear
300, and air conduthar hperophane 108 isl pesitiongteneardhe usess mauth r

202. When the phon iféﬁositioned near ttple user's. Ifft ear, asin FIG, 2

bone conduiction arrﬁlcrop totn%rf14l€6tn?ac%s ?heml?gelr s“skuff or 8ar and 20 ther

produead adialtenative sensorsighallthat can be asetirte dtemoviennoiseSrom y
the speegh %Qﬂ%ﬁgce%‘éerdrﬂ by, air gof‘tdﬁ&té%” @g:cggglggne 108, When dé%%trol
phone is” positioned near the user's right ear, as'in . 3, bone conduction

micropkéne JPlcomnactstthe user'ssr to  highlight and select

10 information on display 104 and to scroll through
images and pages that are larger than display 104.

As shown in FIGS. 2 and 3, when mobile
phone 100 is put in the standard position for
conversing over the phone, speaker 110 is positioned

15 near the wuser's left ear 200 or right ear 300, and
air conduction microphone 108 is positioned near the
user's mouth 202. When the phone is positioned near
the user's 1left ear, as in FIG. 2, bone conduction
microphone 114 contacts the user's skull or ear and

20 produces an alternative sensor signal that can be
used to remove noise from the speech signal received
by air conduction microphone 108. When the phone 1is
positioned near the user's right ear, as in FIG. 3,
bone conduction microphone 112 contacts the wuser's

25 skull or ear and produces an alternative sensor
signal that can be used to remove noise from the
speech signal.

The optional proximity sensor 116 indicates
how close the phone 1is to the user. As discussed

30 further below, this information is used to weight the



25 skull or ear and produces an alternative sensor signal that can be used to
remove noise from the speech signal. The optional proximity sensor 116
indicates how close the phone is to the user. As discussed 30 further below,
this information is used to weight the -6 contribution of the bone conduction
microphones in producing the clean speech value. In general, if the
proximity detector detects that the phone-is-next to the user, the bone
conduction microphone signals are 5 weighted more heavily than if the phone

is some rdlistapce from the usereThisadiustaentuetiecs thei aebhatdhe  in
bone conduction microphone signal is more indicative of the user speaking
when R58 1 Tontact Withhe Use S RIRER it 1§ 4P&rt froml th@SfFader; itiss e
more suseeptibte tocmbienbroise tEe: praximity sersopisousediis next to
embodijments of the Eres nt inventio% because users da not always hqld the

phone PresSad to théit hekdS.FIG % SHows Bhe BBEARENT of'a Bofe 15
conductiogiseasor 40Q of thepresent invieationilh sehsor 40@reesofts some
e'aStO”J;,%rt%r}?cgg 40212 y herﬁﬁst&?‘ d'a%,h{%g %‘g“ffsgfma%ﬁ%r."}%' Hlecrs the
conduction microphone . This soft bridge 4 onducts vibrations from
skin coatact 408af thehesebdmectly tothec20 draphragnpd04 o€ misigpimhe is
406. The movement (%f diaphr gm 404 is converted into an Iectrica]csiqnal .
mor% 11 ﬁ%a 1ve oﬁ %f uﬁ%f S eaﬁln% ﬁ?en i S, ., 1n
by a transducer iIn ‘microphone 406. FIG. 5 provides an alternative mobile
phonegontact with the user. When it is apart from the
10 user, 1t is more susceptible to ambient noise. The
proximity sensor 1is used in embodiments of the
present invention because users do not always hold
the phone pressed to their heads.
FIG. 4 shows one embodiment of a Dbone
15 conduction sensor 400 of the present invention. In
sensor 400, a soft elastomer bridge 402 is adhered to
a diaphragm 404 of a normal air conduction microphone
406. This soft bridge 402 conducts vibrations from
skin contact 408 of the user directly to the
20 diaphragm 404 of microphone 406. The movement of
diaphragm 404 1is converted into an electrical signal
by a transducer 410 in microphone 406.
FIG. 5 provides an alternative mobile phone
embodiment 500 of the hand-held mobile device of the
25 present invention. Mobile phone 500 includes a key
pad 502, a display 504, a cursor control 506, an air
conduction microphone 508, a speaker 510, and a

combination bone-conduction microphone and proximity

sensor 512.



embodiment 500 of the hand-held mobile device of the 25 present invention.
Mobile phone 500 includes a key pad 502, a display 504, a cursor control
506, an air conduction microphone 508, a speaker 510, and a combination
bone-conduction microphone and proximity sensor 512. -7 As shown in the
cross-section of FIG. 6, combination bone-conduction microphone and
proximity sensor 512 consists of a soft, mgdium-filled (with fluid or
elastomer) pad 600 that has an outer surface 5 602 designed to contact the

user when the userzaces dhe phene againsttbel -easdad S0Qformsia rings,
around an opening that provides a passageway for sound from speaker 510

whichG8Tot5tEd iPihe b&db%Tﬁé’BF&ﬁédtR}beWﬁ@@ﬁé}ﬁng%%irPﬁF?&r%é“i Y
500. Radh60@ is 0t limjtedstosthis sbapezand any , shape famnthe pad-may ke th

used. In general, however, itis preferred jf pad 600 includes portions to the
it bR O SpELRE STEFE (e ks R peley 10 €0 fin Sortaee
with the aserels regaddiess obwhichtearlikke usernplatesithelphongeagainaices
separStE ouk ity Sormesiad t oach ot withindhe Shune: Ah Slechon"
pressamotrasducer 68deas 12@ hydrauticathy conmected 40 the famosway for
S PR e Pl e G S
transchpentgd or directly below the opening within phone
10 500. Pad 600 1is not 1limited to this shape and any
shape for the pad may be used. In general, however,
it is preferred if pad 600 includes portions to the
left and right of speaker 510 so that at least one
part of pad 600 is 1in contact with the wuser
15 regardless of which ear the user places the phone
against. The portions of the pad may be externally
continuous or may be externally separate but fluidly
connected to each other within the phone.
An electronic pressure transducer 604 is
20 hydraulically connected to the fluid or elastomer in
pad 600 and converts the pressure of the fluid in pad
600 1into an electrical signal on conductor 606.
Examples of electronic pressure transducer 604
include MEMS-based transducers. In general, pressure
25 transducer 604 should have a high frequency response.
The electrical signal on conductor 606
includes two components, a DC component and an AC
component. The DC component provides a proximity
sensor signal because the static pressure within pad

30 600 will by higher when the phone is pressed against



include MEMS-based transducers. In general, pressure 25 transducer 604
should have a high frequency response. The electrical signal on conductor
606 includes two components, a DC component and an AC component. The
DC component provides a proximity sensor signal because the static
pressure within pad 30 600 will by higher when the phone is pressed against
-8 the user's ear than when the phone is.spme distance from the user's ear.
The AC component of the electrical signal provides a bone-conduction

microphene sighaldesausenrbrationsin the boresefsd the usentskillsjemhce
or ear create fluctuations in pressure in pad 600 that are converted into an

AC elettftal 5iynal By pressuré Fansducer804. Ynder GHLERBbdiInent, 5€
filter is applied teathe elegirigad 1signaptecalioye the DG compenret@btligiction
signal and AC 10 com onegts above a minimum frequency to pass,

AltholTgH 8 8R4IRpI&S BF Bond E5hdtiction “Sersors Rive Been Gesefibéd ©f
above; lothen fernmssfok the bpnejeanduetionesensararecwithintheuscopenef in

the present invention. 15 F G'6705 a %l%gck déargeram ofa mggll? device 700,

underone émbodiment’ot the prese% vefition. Mobile device 700 ?ncl%ﬂesAC

a miczdprocesserl/02; gremiory ¥ 04 iapustioutput(H Oy dnterfacé 76, andnale r

commypicatiop inferfage 708 for.2q commuinicaling with.remale campUlers.
communication nétworks, or other mobllle de\)%jes. n one embodiment, tﬁe
afore-mientivhed compbrentsharelfoupletdfonent of the signal and AC

10 components above a minimum frequency to pass.

Although two examples of Dbone conduction
sensors have Dbeen described above, other forms for
the bone conduction sensor are within the scope of
the present invention.

15 FIG. 7 1is a Dblock diagram of a mobile
device 700, wunder one embodiment of the present
invention. Mobile device 700 includes a
microprocessor 702, memory 704, input/output (I/0)
interface 706, and a communication interface 708 for

20 communicating with remote computers, communication
networks, or other mobile devices. In one embodiment,
the afore-mentioned components are coupled for
communication with one another over a suitable bus
710.

25 Memory 704 may be implemented as non-
volatile electronic memory such as random access
memory (RAM) with a Dbattery Dback-up module (not
shown) such that information stored in memory 704 1is
not lost when the general power to mobile device 700

30 is shut down. Alternatively, all or portions of



communication with one another over a suitable bus 710. 25 Memory 704
may be implemented as non- volatile electronic memory such as random
access memory (RAM) with a battery back-up module (not shown) such that
information stored in memory 704 is not lost when the general power to
mobile device 700 30 is shut down. Alternatively, all or portions of -9 memory
704 may be volatile or non-volatile removaple memory. A portion of memory
704 is preferably allocated as addressable memory for program execution,

while aagthey portion ef tnepory; 404 is 3 preferablyriseshiar stosages sycaEse
to simulate storage on a disk drive. Memory 704 includes an operating
systeM <723 Yapplication Prografts 74 as WellHsYan dBject storePF, e rably
During Dpetatioag operating systeme k215110 preferablyexecated by program
processor 702 from memary 704. Operating system 713 in one refe?rﬁ' ,
emboBMEHE. 5 A WIRDOWS( CE Brand operdiy syaert cBmmercidlly =
availablesfremaMicyosaft Eorparations Opesating systen 742 isprefesahlylate
design%d for mobi}? de\gceﬁﬁlﬁ and implements database features that can

be utilized” %?}eapopl|c§iltionlsS ﬁ1lr33gh a set of exposed application
programming interf8ieesoanyd nigidods. rTdeudbfectsiim oljeetrstorendl6 asestem

maintained by, applications 714 and operatingsystem, 72, atleast 20 5y ;o
partially in resﬁ) nse 1o calls toptﬁegexposed application programming
interfacesrand méthodsiring operation, operating system 712 is
10 preferably executed by processor 702 from memory 704.
Operating system 712, in one preferred embodiment, is
a WINDOWS® CE brand operating system commercially
available from Microsoft Corporation. Operating
system 712 is preferably designed for mobile devices,
15 and implements database features that can be utilized
by applications 714 through a set of exposed
application programming interfaces and methods. The
objects in object store 716 are maintained Dby
applications 714 and operating system 712, at least
20 partially in response to calls to the exposed
application programming interfaces and methods.
Communication interface 708 represents
numerous devices and technologies that allow mobile
device 700 to send and receive information. In mobile
25 phone embodiments, communication interface 708
represents a cellular phone network interface that
interacts with a cellular phone network to allow
calls to Dbe placed and received. Other devices
possibly represented by communication interface 708

30 include wired and wireless modems, satellite



Communication interface 708 represents numerous devices and technologies
that allow mobile device 700 to send and receive information. In mobile 25
phone embodiments, communication interface 708 represents a cellular
phone network interface that interacts with a cellular phone network to allow
calls to be placed and received. Other devices possibly represented by
communication interface 708 30 include-wised and wireless modems, satellite
-10 receivers and broadcast tuners to name a few. Mobile device 700 can

also be-dieecHly conaected toadeemputenta-exchange data therewith. nssiche
cases, communication interface 708 can be an infrared 5 transceiver or a

serial O pardllel {8Mmuticaticht T8nnE&ior ali of Which &R &sgabiclor t© @
transraitttig: streamng dfermaten. dhe compytes.executable institigtionsses,
that are executed by processor 7%)2 to imgl@gnent the 1& ré)resent invention

may Be”SHBHEH i héfmbry 704 6F 18 teceived acrd& connuniéation iRterags
798. Theses instruetions are founck inia compute presaabiel mediump mihieh, i on

without limitation, can inﬂude on%)ut storage megfi and tcommunicaltjcotning

r
et BURSITh? Stordhe media T s bt VORAE nd hororig.

removabie and mpnirefovabtel anedia implemented in any method or
technology for storage of inform%téorn_such as computer re%dabl

. . compu exec ins ruc%ions that
Instructions, data structures, p?ogram mo%lufles or
are executed Dby processor 702 to implement the

10 present invention may be stored in memory 704 or
received across communication interface 708. These
instructions are found in a computer readable medium,
which, without limitation, can include computer
storage media and communication media.

15 Computer storage media includes both
volatile and nonvolatile, removable and non-removable
media 1implemented in any method or technology for
storage of information such as computer readable
instructions, data structures, program modules or

20 other data. Computer storage media includes, but is
not limited to, RAM, ROM, EEPROM, flash memory or
other memory technology, CD-ROM, digital versatile
disks (DVD) or other optical disk storage, magnetic
cassettes, magnetic tape, magnetic disk storage or

25 other magnetic storage devices, or any other medium
which can be used to store the desired information
and which can be accessed.

Communication media typically embodies
computer readable instructions, data structures,

30 program modules or other data in a modulated data



20 other data. Computer storage media includes, but is not limited to, RAM,
ROM, EEPROM, flash memory or other memory technology, CD-ROM,
digital versatile disks (DVD) or other optical disk storage, magnetic
cassettes, magnetic tape, magnetic disk storage or 25 other magnetic
storage devices, or any other medium which can be used to store the
desired information and which can be acggessed. Communication media
typically embodies computer readable instructions, data structures, 30

programgnadulesgirothgsdata in-a madulateghdata 1 signaksuch as@sport
carrier wave or other transport mechanism and includes an%/ information

delivefy ThediaSFhe @t "modalated datasighal Mé&Td'a tighal tithagery

one onawie of its gharactersistics Grsehor changeddn suchigmannerasdas a
encode, information in the signal. By way of example, and not limitation,

commitinichtion mdia iRGIEded Wired” mBdiaSucH as'a Wirsd Réfivork of 5 £+ 5

directamited connettimngand wirelessunediassuchasnacoustie, REAL0 encode
infrareldn%gq: og e.lr a/virel.ess %(aecmlia.S lCorrlrg_ltiinatio%s ofwan o(g %heeabaon\lle sehouldn q
also be included within'the scope ofgcomputer réadab mediaffnp@[}OL{tpu"fl

interfacet706 tepresentsnintedacestoia gtllestionrefdnput amd dutpes 1wired
deV|c%se@lcgudlngusc%eak%g%a d|g‘!qti|r]}%lét 73§e(§lvjch:§s one or %f%t of

ect-wired
buttons, a touch screen, a trackball, a mouse pad(,) aroller, or a combination

of thesencompoments that can be Ieanmipulatédcbysaioserss acoustic, RF,

10 infrared and other wireless media. Combinations of
any of the above should also be included within the
scope of computer readable media.

Input/output interface 706 represents
interfaces to a <collection of input and output

15 devices including speaker 730, digit input 732 (such
as one or a set of buttons, a touch screen, a
trackball, a mouse pad, a roller, or a combination of
these components that can be manipulated by a user's
thumb or finger), display 734, air conduction

20 microphone 736, alternative sensor 738, alternative
sensor 740, and proximity sensor 742. Under one
embodiment, alternative sensors 738 and 740 are bone
conduction microphones. The devices listed above are
by way of example and need not all be present on

25 mobile device 700. Further, in at least ©one
embodiment, the alternative sensor and the proximity
sensor are combined as a single sensor that provides
a proximity sensor signal and an alternative sensor
signal. These signals may be placed on separate

30 conduction lines or may be components of a signal on



thumb or finger), display 734, air conduction 20 microphone 736, alternative
sensor 738, alternative sensor 740, and proximity sensor 742. Under one
embodiment, alternative sensors 738 and 740 are bone conduction
microphones. The devices listed above are by way of example and need not
all be present on 25 mobile device 700. Further, in at least one embodiment,
the alternative sensor and the proximity _gensor are combined as a single
sensor that provides a proximity sensor signal and an alternative sensor

signak, These sigaals mayehe plaged arigeparste 30 6@RAUCTion Hipes pbMayut
be components of a signal on -12 a single line. In addition, ather input/output
devicE§thay e altached®®o o?fb%ﬂhﬁi% midbile® Gevic8UH0 withihthe'¥edpe
of thequresesnt imeentien: FiG. 8 peoddesa basicdlecl diagsarm afofem8ion.
speech processing system of embaqdjments of the present invention. In FIG.
8, a speaker 800 ggﬁgr’até}s &5peacy gigha fhaPisdeteted by dh afr ©F
conductiospaictophane-8@4 and @nesgrdieth of ah  adtemadivesensor 866 the
and an ralterrrllq:tive sensor 807n. 10 On example of ap alternative sensor is 800
bone fconduction sensor that is located on or adjacent a faciaror skufi boné
of theassee (suchsasathe jeae dbone) onah tI¥d 2artdfahe usercancethiat defsesan

vibrations of the ear, skull or jaw th tcorregegnd 1%to srpeech g n%rﬁlted y
alr COﬁldUCthI’]] m#cro ﬁone. an orie or (%O O an

the user. Another example of an alternative sensor is an infrared sensor that

is pointeccatnand deteststhemadtion ofrithe aiserslternative sensor 807.

10 One example of an alternative sensor 1s a bone
conduction sensor that 1is located on or adjacent a
facial or skull bone of the user (such as the jaw
bone) or on the ear of the wuser and that senses
vibrations of the ear, skull or jaw that correspond

15 to speech generated by the user. Another example of
an alternative sensor is an infrared sensor that is
pointed at and detects the motion of the wuser's
mouth. Note that 1in some embodiments, only one
alternative sensor will Dbe present. Air conduction

20 microphone 804 is the type of microphone that is used
commonly to convert audio air-waves 1into electrical
signals.

Air conduction microphone 804 also receives
noise 808 generated by one or more noise sources 810.

25 Depending on the type of alternative sensor and the
level of the noise, noise 808 may also be detected by
alternative sensors 806 and 807. However, under
embodiments of the present invention, alternative
sensors 806 and 807 are typically less sensitive to

30 ambient noise than air conduction microphone 804.



mouth. Note that in some embodiments, only one alternative sensor will be
present. Air conduction 20 microphone 804 is the type of microphone that is
used commonly to convert audio air-waves into electrical signals. Air
conduction microphone 804 also receives noise 808 generated by one or
more noise sources 810. 25 Depending on the type of alternative sensor and
the level of the noise, noise 808 may alsg be detected by alternative

sensors 806 and 807. However, under embodiments of the present

invention; Alterpative $enserss806,and 897 e typicatsless sensitivgrig 3B 13
ambient noise than air conduction microphone 804. -13 Thus, the alternative
senso? Said 812 aft¥ 8137 GERERRED B alteiRafived SensdfP80634HY 8070 7
respeetivaly, genesally, incjede less npisethamai condyction misrophane air
signal 814 generated by air 5 conduction mi ropafne 804. If there are two
lterm AV SaScrE, ST SN 5one SSRALcON <enSbrS Beheor sighbls
812 anth8l3 can benoptiooathy provéded.to a compare/select unit 815.
Compare/select unit 815 10 compares the strength of the two signals and
selects the stronge}r gsig%éfeé:s? itsggﬁtpﬁv@ﬂ‘ﬁrﬁ% rV\?é_jafkle\r]esigsn(%l;]q 5ot
passegson ferfuithergpracessingt Fon mebile phene embedimentsgsadisass12
the mobile ph of FIGS. 1-3, compare/select unit 815 will usually 15, select
the sigarrfa gen%gj:[ed b?/?ﬁle bc’;grklbée conéﬁgﬁ)%ngelﬁgor théytrngnl%r(flltact vl\tn(fh a
the useosskire /select unit 815. Compare/select wunit 815

air

such

10 compares the strength of the two signals and selects
the stronger signal as its output 817. The weaker
signal is not passed on for further processing. For
mobile phone embodiments, such as the mobile phone of
FIGS. 1-3, compare/select unit 815 will usually

15 select the signal generated by the bone conduction
sensor that is in contact with the wuser's skin.
Thus, in FIG. 2, the signal from bone conduction
sensor 114 would Dbe selected and 1in FIG. 3, the
signal from bone conduction sensor 112 would be

20 selected.

Alternative sensor signal 817 and air
conduction microphone signal 814 are provided to a
clean signal estimator 816, which estimates a clean
speech signal 818 through a process discussed below

25 in detail. Optionally, clean signal estimator 816
also receives a proximity signal 830 from a proximity
sensor 832 that is used in estimating clean signal
818. As noted above, the proximity sensor may be
combined with an alternative sensor signal under some

30 embodiments. Clean signal estimate 818 is provided



Thus, in FIG. 2, the signal from bone conduction sensor 114 would be
selected and in FIG. 3, the signal from bone conduction sensor 112 would be
20 selected. Alternative sensor signal 817 and air conduction microphone
signal 814 are provided to a clean signal estimator 816, which estimates a
clean speech signal 818 through a process discussed below 25 in detail.
Optionally, clean signal estimator 816 alga;receives a proximity signal 830
from a proximity sensor 832 that is used in estimating clean signal 818. As

notedw@boye sthedrraxipity sensosmay bec ceawingsbwith ag alteratives may

sensor ,sigqal under some_30 embodiments. Clean signal estimate 818 is

provided™19%0 BSpledhprotkss 820 Eledn speRclt Sghars ¥ may Kiher e
be a filtered timerdemain, signal ot adeatureidamain yectondt eleagisignak  a
estimate 818 is a time-domain signal, speech process %2%0 may take the 5

form of A fstER81E A telfdigr frione Traremittdt’ 8 Seeck codifg SystéhSor d*e
speechoegognition systetrenk clean spedchudignal B 8rie a teaturedamain, a

vector sggeﬁh rocess 820 Vyélg IWpically be a spe%ch recoegnition Sﬁ/stem. 10

Cleanéﬁgnéi estimatorg16'also pfoc?urceg1 a hoise estima %3[5,16\)/ icﬁyStem'

indicales thelestimategderaoise tlatgs il cle@n Speeeh signaf8i8ueisedomain

teosrt,znt%t% ;??rtizeps;%\éeigéglrts()%%gédeestsongﬁ? ngtator 821 which generates a. . -,
recognition system.

10 Clean signal estimator 816 also produces a
noise estimate 819, which indicates the estimated
noise that 1s 1in clean speech signal 818. Noise
estimate 819 1is provided to a side tone generator
821, which generates a tone through the speakers of

15 the mobile device based on noise estimate 819. In
particular, side tone generator 821 increases the
volume of the side tone as noise estimate 819
increases.

The side tone provides feedback to the user

20 that indicates whether the user is holding the mobile
device in the best position to take advantage of the
alternative sensor. For example, if the user is not
pressing the bone conduction sensor against their
head, the clean signal estimator will receive a poor

25 alternative sensor signal and will produce a noisy
clean signal 818 because of the poor alternative
sensor signal. This will result in a louder side
tone. As the user brings the bone conduction sensor
into contact with their head, the alternative sensor

30 signal will improve thereby reducing the noise in



15 the mobile device based on noise estimate 819. In particular, side tone
generator 821 increases the volume of the side tone as noise estimate 819
increases. The side tone provides feedback to the user 20 that indicates
whether the user is holding the mobile device in the best position to take
advantage of the alternative sensor. For example, if the user is not pressing
the bone conduction sensor against their1lsead, the clean signal estimator
will receive a poor 25 alternative sensor signal and will produce a noisy
clean signah 818 beeause16f the poaralternativer sensgs signal. Jhisstwill side
result in a louder side tone. As the user brings the bone conduction sensor
into cOMAEt with tHhefr héad? Tve aﬁ@rﬁa%ggﬁ%r%%aﬁﬁnQWIl ffiprogd the
therelpyhredicing thedrwiseradlz leansignali&lks and reducingitbevolgmenal
of the side tone. Thus,r? USC% ca;g uickly learn how to hold the phone to

gt sigh

best @8&8 thoenn&gg [ a eas%ﬁdo% %%q%edback in the side

téne. 5 In alternativerembodiments,ithe sideldone nis geseratedbasaedion thene
proximity %%%S?Orras{{ge”@' %%efro@ﬁr%ﬂg't SSQ%%E%E?- é’i‘é*ﬁ%?; Ehe%'%ro%‘g”i“ywo
sensor “indicates that the phoneis contacting or extremely close to the
user'sthead, the side itoge velusterwBISLO. be lowe Whére theroroximityysersosor
indicajeshat ihe. phone is ayey from the psers head the sids fong, wille
louder. The present invention utilizes several

close to the user's head, the side tone volume will

Y

10 be low. When the proximity sensor indicates that the
phone 1is away from the user's head, the side tone
will be louder.

The present invention utilizes several
methods and systems for estimating clean speech using

15 air conduction microphone signal 814, alternative
sensor signal 817, and optiocnally proximity sensor
signal 830. One system uses stereo training data to
train correction vectors for the alternative sensor
signal. When these correction vectors are later

20 added to a test alternative sensor vector, they
provide an estimate of a clean signal vector. One
further extension of this system is to first track
time-varying distortions and then to incorporate this
information into the computation of the correction

25 vectors and into the estimation of the clean speech.

A second system provides an interpolation
between the clean signal estimate generated by the
correction vectors and an estimate formed by
subtracting an estimate of the current noise in the

30 air conduction test signal from the air conduction



methods and systems for estimating clean speech using 15 air conduction
microphone signal 814, alternative sensor signal 817, and optionally
proximity sensor signal 830. One system uses stereo training data to train
correction vectors for the alternative sensor signal. When these correction
vectors are later 20 added to a test alternative sensor vector, they provide an
estimate of a clean signal vector. One fufther extension of this system is to
first track time-varying distortions and then to incorporate this information

into theiepmputation of thereoriegtiors yeetorstand intodberestimatior 8hsor
the clean speech. A second system provides an interpolation between the
clean $ighAT EstiRafeSdentt hfed ByFhB - E6iretibn Wattors GRd Antestiniate 219
formedryn subtsactingean-estimatecf the edttertnoiseinthe 30=air estimate
conduction test signal from the air conduction -16 signal. A third system uses
the altatih S ehee bgRR5 LbiiaE o pitch6Fhe Shedt-aondl 4AG=NS
then usesdhe estimated pitehr tocidentityaaroestimate for the clean speech
signal. Each of the is.disqu I RAINING
STEREO CORREW@& L éGWgﬁ &gg;g%.ock diagram
and flow diagram feiLts&ining steréo tOrrectionivictars doothle twbagram and
embog%%nts dof th]? JPresent in\éention.that 10 ree%/ an correrctiog ivoelr(l:togfs.etgt

generate an esjtﬁl‘ﬁate of c?eran s]ﬁgégﬁ%esr%et % ofci%gntelf():/lng COI’I’eCtIOI'Cl)rS
for the two embodiments of the present invention that
10 rely on correction vectors to generate an estimate of
clean speech.
The method of identifying correction
vectors begins in step 1000 of FIG. 10, where a
"clean" air conduction microphone signal is converted
15 into a sequence of feature vectors. To do this, a
speaker 900 of FIG. 9, speaks into an air conduction
microphone 910, which converts the audio waves into
electrical signals. The electrical signals are then
sampled by an analog-to-digital converter 914 to
20 generate a sequence of digital wvalues, which are
grouped into frames of values by a frame constructor
916. In one embodiment, A-to-D converter 914 samples
the analog signal at 16 kHz and 16 bits per sample,
thereby creating 32 kilobytes of speech data per
25 second and frame constructor 916 creates a new frame
every 10 milliseconds that includes 25 milliseconds
worth of data.
Each frame of data ©provided by frame
constructor 916 is converted into a feature vector by

30 a feature extractor 918. Under one embodiment,



vectors begins in step 1000 of FIG. 10, where a "clean" air conduction
microphone signal is converted 15 into a sequence of feature vectors. To do
this, a speaker 900 of FIG. 9, speaks into an air conduction microphone
910, which converts the audio waves into electrical signals. The electrical
signals are then sampled by an analog-to-digital converter 914 to 20
generate a sequence of digital values, whigh are grouped into frames of
values by a frame constructor 916. In one embodiment, A-to-D converter 914

samplesatheranalogssigial @ 46 kidz and 16 bits persasaplea theretyatures.
creating 32 kilobytes of speech data per 25 second and frame _constructor .

916 cfERERAFRW ffime BYER 10ThiMiseESHds thafihtlides 25 millisdebhys

worth ©f glata:umgch frame ofidatarpeayidad-hy frames eenstrucdtoediB6isients.
converted imio a feaﬁure vector bé/ 30 a}feat re extractor 918. Lgnder one

embodithdht 7 fRatuPe B&iradtor §18 terms Gepshial featurds - EXBmpreddf s
shich felaturesntnglude LREaderived hcepatsunp,ranck Mel-Eregeency Cepsttimde
Coeff|C|eé1Ltlsl(.jeV%§ﬁ%%Ies of othgr %Qnssmle feature extr tlorg]1 ;[an%dm%s 5 I&a .

mo r ertfo ng . inear r Ve . in
may be use & present invention include” modules Tor performing J

Linear( Prsdictive Badiregp {LPE), PRiceptive LineadRPrediction (RERE)and and

Audit rgén%del featur tra§tion. Note thaé[ the .invention i%n%t IiijtEd to
t £ . £ th
these%eat’hreO extraction 10 modules and fhat other modules r%a§/ be usSed ©

withinitheecdntext of shenpresentrinventiono these feature extraction
10 modules and that other modules may be used within the
context of the present invention.

In step 1002 of FIG. 10, an alternative
sensor signal 1is converted into feature vectors.
Although the conversion of step 1002 is shown as

15 occurring after the conversion of step 1000, any part
of the conversion may be performed before, during or
after step 1000 under the present invention. The
conversion of step 1002 1is ©performed through a
process similar to that described above for step

20 1000.

In the embodiment of FIG. 9, this process
begins when alternative sensors 902 and 903 detect a
physical event associated with the production of
speech by speaker 900 such as bone wvibration or

25 facial movement. Because alternative sensor 902 and
903 are spaced apart on the mobile device, they will
not detect the same wvalues in connection with the
production of speech. Alternative sensors 902 and
903 convert the physical event into analog electrical

30 signals. These electrical signals are provided to a



In step 1002 of FIG. 10, an alternative sensor signal is converted into feature
vectors. Although the conversion of step 1002 is shown as 15 occurring after
the conversion of step 1000, any part of the conversion may be performed
before, during or after step 1000 under the present invention. The
conversion of step 1002 is performed through a process similar to that
described above for step 20 1000. In thejgmbodiment of FIG. 9, this process
begins when alternative sensors 902 and 903 detect a physical event

associygg yvith/the reductiomef: speech py speaken 900isuchtasfhens the
vibration or 25 facial movement. Because alternative sensor 902 and 903

are spaced {5t G thefRobite d&vies th8y RAF nBE 88t the Lime vaIuBE ST
in consiegtion with the Pproduetion.of speeeh.Alternativessensoesn®0d andnt s,
903 convert the physical event into analog electrical 3Q signals. These
clectical Sigh A8 aPd bioVidid . S8 Coffpar&/sBichanit 90k, hich Sa525
identitiesnther sifengercaf the two Sighals and prevides the. stronger signal at

its output. Note thatTinll somelembogiment ,%) gn}/ .one %Iternative sensor IS
0

select ana 1gn 1S an
used. In such cases, 5 compare seleCt ani IShG presen?. The Selectéd

analogsighad tstcsamipledtisylan analogxodigitalocdcdnverter 905l he samplingg
charac@n;gc&éog é;&f/z%.cosnv%rter %O arceotrg]‘efz same ag)/gglosa% (eJIesC%rlbed above

for A/D converter “The 10 ]éamp es provi%e eby converter 905 are -

collectédbse described above for A/D converter 914. The

10 samples provided by A/D converter 905 are collected
into frames by a frame constructor 906, which acts in
a manner similar to frame constructor 9l6. The
frames of samples are then converted into feature
vectors by a feature extractor 908, which uses the

15 same feature extraction method as feature extractor
918.

The feature vectors for the alternative
sensor signal and the air conductive signal are
provided to a noise reduction trainer 920 in FIG. 9.

20 At step 1004 of FIG. 10, noise reduction trainer 920
groups the feature vectors for the alternative sensor
signal into mixture components. This grouping can be
done by grouping similar feature vectors together
using a maximum likelihood training technique or by

25 grouping feature vectors that represent a temporal
section of the speech signal together. Those skilled
in the art will recognize that other techniques for
grouping the feature vectors may be used and that the
two techniques 1listed above are only provided as

30 examples.



into frames by a frame constructor 906, which acts in a manner similar to
frame constructor 916. The frames of samples are then converted into
feature vectors by a feature extractor 908, which uses the 15 same feature
extraction method as feature extractor 918. The feature vectors for the
alternative sensor signal and the air conductive signal are provided to a
noise reduction trainer 920 in FIG. 9. 20_Atesstep 1004 of FIG. 10, noise
reduction trainer 920 groups the feature vectors for the alternative sensor

signal into mixture ¢RiMpenentsiuhis Grouping ean-be xdoneHdngradpi®gnine s
similar feature vectors together using a maximum likelihood training
techniqué Of b§ 25 Groupifig feature vectdid that teprelert a empordP onent
sectiog,of the speeph signal tegethercThase .skilleth die theatt will figeepinizen t ,
that other techniques for grouping the feature vectors may be used and that,
the two techifighias lidfed above 3fe difly provided Bs*30 eRarffpldECAe 15
Noisededuetiomtrdinas 920 thenxdetermihei ed carsectionniectar ¢$, for éacller
mixture, componen, , gt step, 1008 of FIG 10, Under one embodiment;, the,
correction vector for eqéc%’mixture componenjt i$'5 determined using

maximm likelihood criterion. Under this technique, the correction vector is
calculated as: Leap(s | bt)(xt -be) rs =

;o= th(s|bt)(xt _bt)
' > p(s|b,)

10 Where Xx, is the value of the air conduction

EQ.1

vector for frame t and b, 1is the wvalue of the
alternative sensor vector for frame t. In Egquation

1:

_ pb, | s)p(s)
PO =5 T 9p(s)

15 where p(s) 1s simply one over the number of mixture

EQ.2

components and p(b,|s) is modeled as a Gaussian
distribution:

p(b, |s)=N(b;u,,I'y) EQ.3
with the mean g, and variance I, trained using an

20 Expectation Maximization (EM) algorithm where each

iteration consists of the following steps:

7,(®)=p(s|b,) EQ. 4

IR AGLS
H = Zﬂ/s(t) EQ.5




Jtp(s | bt) EQ.1 10 Where xt is the value of the air conduction vector for
frame t and bt is the value of the alternative sensor vector for frame t. In
Equation 1: p(s | bt) = P(bt | s)P(s) Is P(bt I s)p(s) EQ.2 15 where p(s) is
simply one over the number of mixture components and p(btls) is modeled
as a Gaussian distribution: P(btls) = N(bt;Ub,Q.3 with the mean Pb and
variance 1'b trained using an 20 Expectatign Maximization (EM) algorithm
where each iteration consists of the following steps: r (t)=P(sl bt) EQ.4 tYs

tbtlts -t YSEQ.5 ~ (t) -20 r 7,(t)(bt u;)( lt)(p,LTﬁ'Lt)Zb(tLI;Q)m EQ.4 is the
E-step in the EM algorithm, whig ° timated parameterss
EQ.5 and EQ.6 are the M-step, which upda %h@)parameters using 5 the

E-stop fesyits T 200 M:sters of e gy ferete ot siglle velues
the previously estimated parameters. EQ.5 and EQ.6
are the M-step, which updates the parameters using

5 the E-step results.

The E- and M-steps of the algorithm iterate
until stable wvalues for the model parameters are
determined. These parameters are then used to
evaluate equation 1 to form the correction vectors.

10 The correction vectors and the model parameters are
then stored in a noise reduction parameter storage
922.

After a correction vector has been
determined for each mixture component at step 1008,

15 the process of training the noise reduction system of
the present invention is complete. Once a correction
vector has Dbeen determined for each mixture, the
vectors may be used in a noise reduction technique of
the present invention. Two separate noise reduction

20 techniques that use the <correction wvectors are
discussed below.

NOISE REDUCTION USING CORRECTION VECTOR

AND NOISE ESTIMATE

A system and method that reduces noise in a
25 noisy speech signal based on correction vectors and a
noise estimate is shown in the block diagram of FIG.

11 and the flow diagram of FIG. 12, respectively.



determined. These parameters are then used to evaluate equation 1 to form
the correction vectors. 10 The correction vectors and the model parameters
are then stored in a noise reduction parameter storage 922. After a
correction vector has been determined for each mixture component at step
1008, 15 the process of training the noise reduction system of the present
invention is complete. Once a correction yector has been determined for
each mixture, the vectors may be used in a noise reduction technique of the

present invention. Two separateonaise tedugtion 20techniguesthat use theced

correction vectors are discussed below, NOISE REDUCTION USING

CORRECTION YECTER AND NOISEESTIRMAIEEA dystém drfd réhdgr ted

that reduces neisauina Y5d1aisys speerhesignal based oo cotrgatan veeters ed

and noise,estim%te IS Shf£/§4in the block diagram of FIG. 11 and the flow
ivel

diagraht of B1G- 12" dpectively. -31 At S8°1208 4T Budio (8% signai® =2 <™
detectetd by asmnair canduictionemicnephone Xlhis canverted intofeatuneoise

vectors, The audiq fest signaleceived, by microphone 1104 includes speech

from a spe§ker 5 %% and a %ﬁ%ve noise from one or Nore NoiSE sources Y

1102.rmGheragpdiotest sigiad detesteddoyn meictaphoner1i®4 issconveltedtntoca 1

an electrical 10 signal that is provided to gnalog-te-digital ) ot o-qigital
converter 1106.

10 A-to-D converter 1106 converts the analog
signal from microphone 1104 into a series of digital
values. In several embodiments, A-to-D converter
1106 samples the analog signal at 16 kHz and 16 bits
per sample, thereby creating 32 kilobytes of speech

15 data per second. These digital values are provided
to a frame constructor 1108, which, in one
embodiment, groups the wvalues 1into 25 millisecond
frames that start 10 milliseconds apart.

The frames of data created Dby frame

20 constructor 1108 are provided to feature extractor
1110, which extracts a feature from each frame. Under
one embodiment, this feature extractor 1is different
from feature extractors 908 and 918 that were used to
train the correction vectors. In particular, under

25 this embodiment, feature extractor 1110 produces
power spectrum values 1instead of cepstral values.
The extracted features are provided to a clean signal

estimator 1122, a speech detection unit 1126 and a

noise model trainer 1124.



converter 1106. A-to-D converter 1106 converts the analog signal from
microphone 1104 into a series of digital values. In several embodiments,
A-to-D converter 1106 samples the analog signal at 16 kHz and 16 bits per
sample, thereby creating 32 kilobytes of speech 15 data per second. These
digital values are provided to a frame constructor 1108, which, in one
embodiment, groups the values into 25 millisecond frames that start 10
milliseconds apart. The frames of data created by frame 20 constructor 1108

are provided to feature extragtor1 2820, whichgxtsacts B featurefiomseash as
frame. Under one embodiment, this feature extractor is different from

featurd Bxiracloragus -8 1B that Wete sk Fain thé*Carréctibniecttrs:
In partisglap thget 25 dhis embosgiment, featyie-exteactarilidd Oiprodueese rted
power, spectrum values instead of cepstral values. The extracted features

are provided Yo ATea Sigid CeSimator 1132 % épedeh Hotettion ufiti126 t©
ahd asneise madelftrainer 1224. -2RAtestep H202¢4d physicat Beenta suchwasl 1

bone vibration, or facial movement, associated with the production of speech
P e R e U hbtor AR Lo aBgE bt
separate=b stepan ElGnel 2 athose skilletlinGhe arbwitli recoghize tha? partionse

o SR [121 0 Lo, 11 e s g o 209, D SR o
alternative sensors 1112 and 1114. Alternative

10 sensors 1112 and 1114 generate analog electrical
signals based on the physical event. The analog
signals are provided to a compare and select unit
1115, which selects the larger magnitude signal as
its output. Note that in some embodiments, only one

15 alternative sensor is provided. In such embodiments,
compare and select unit 1115 is not needed.

The selected analog signal 1s converted
into a digital signal by analog-to-digital converter
1116 and the resulting digital samples are grouped

20 into frames by frame constructor 1118. Under one
embodiment, analog-to-digital converter 1116 and
frame constructor 1118 operate in a manner similar to
analog-to-digital converter 1106 and frame
constructor 1108.

25 The frames of digital wvalues are provided
to a feature extractor 1120, which wuses the same
feature extraction technique that was used to train
the correction vectors. As mentioned above, examples
of such feature extraction modules include modules

30 for performing Linear Predictive Coding (LPC), LPC



alternative sensors 1112 and 1114. Alternative 10 sensors 1112 and 1114
generate analog electrical signals based on the physical event. The analog
signals are provided to a compare and select unit 1115, which selects the
larger magnitude signal as its output. Note that in some embodiments, only
one 15 alternative sensor is provided. In such embodiments, compare and
select unit 1115 is not needed. The selected analog signal is converted into
a digital signal by analog-to-digital converter 1116 and the resulting digital

samples:are gHouRgsk26-intg framesdptframe constuctor-t ke tUnder opep) ,
25 embodiment, analog-to-digital converter 1116 and frame constructor 1118
operate'fiid RfahnBP&imilarto® SHal g- T bigial converter £1065dnd framesncy
construsterc08. The framescoftdigitalvalues aeaprovidedxtora featdre.  In
extractor 1120, ng%t):h uses the samemfeature extraction technique théat was.
used I f&in the MePECHSh Vectors. KEméRtioned abicie” ekamplest 6fSiich ™
featureeexttractior smadides mcludlesnodalest3tafor pedorming lanearused.
Predictive Coding (ITEC)’ Ifggt-ZS derglggrcaeggtrgrm, %%rﬁaetive Lirn(g—:-cfil{1 cos
Prediction (PLP), Audeltory model feature extraétlon, and ef?Fré?quency
CepstsumcGoefficientSMRCE) featute extraction. Iremany @chbodissentsated
howe‘v’qﬁ{tﬁea@res%gza%!%@ X %%%%E“Fq“%% that prodyce. cepstal features aig, ;
used. The feature extraction module produces a

stream of feature vectors is provided to clean signal
10 estimator 1122.

The frames of values from frame constructor
1118 are also provided to a feature extractor 1121,
which in one embodiment extracts the energy of each
frame. The energy value for each frame is provided

15 to a speech detection unit 1126.

At step 1204, speech detection unit 1126
uses the energy feature of the alternative sensor
signal to determine when speech 1is 1likely present.
This information 1s passed to noise model trainer

20 1124, which attempts to model the noise during
periods when there is no speech at step 1206.

Under one embodiment, speech detection unit
1126 first searches the sequence of frame energy
values to find a peak 1in the energy. It then

25 searches for a valley after the peak. The energy of
this wvalley is referred to as an energy separator, d.
To determine if a frame contains speech, the ratio,
k, of the energy of the frame, e, over the energy
separator, d, 1s then determined as: k=e/d. A speech

30 confidence, g, for the frame is then determined as:



stream of feature vectors that are each associated with a separate frame of
the speech signal. This stream of feature vectors is provided to clean signal
10 estimator 1122. The frames of values from frame constructor 1118 are
also provided to a feature extractor 1121, which in one embodiment extracts
the energy of each frame. The energy value for each frame is provided 15 to
a speech detection unit 1126. At step 1204, speech detection unit 1126 uses
the energy feature of the alternative sensor signal to determine when speech
is likely present. This information is passed to noise model trainer 20 1124,
which attempts to model the noise during® periods fuRdn there is no speech at
step 1206. Under one embodimenty detectignupit 1126 first EQ.7
searches the sequence of frame enerdyx vdlues to find a peak in the energy.
It then 25 searches for a valley after the peak.: Thekenérgy of this valley is
referred to as an energy separator, d. To determine if a frame contains

speech e rafio, I TofitRe ehBrgy dtaRe flahtd ovBrtHe éiktgytates and

separator, dnis thepsleteratined asnk=e/d. Asspeech30 gonfidence; gy for thae

frame is then determined as: -24 0 ; k<1 k-1 1< k< aa-1 1lk>a,
average confidence value of 1itS 5 neighboring frames

5 (including itself) are used as the final confidence
value for this frame.

Under one embodiment, a fixed threshold
value is used to determine if speech is present such
that if the confidence value exceeds the threshold,

10 the frame is considered to contain speech and if the
confidence value does not exceed the threshold, the
frame is considered to contain non-speech. Under one
embodiment, a threshold value of 0.1 is used.

For each non-speech frame detected by

15 speech detection unit 1126, noise model trainer 1124
updates a noise model 1125 at step 1206. Under one
embodiment, noise model 1125 is a Gaussian model that

has a mean u, and a variance X,. This model is based

on a moving window of the most recent frames of non-

20 speech. Techniques for determining the mean and

variance from the non-speech frames in the window are
well known in the art.

Correction vectors and model parameters in

parameter storage 922 and noise model 1125 are

25 provided to clean signal estimator 1122 with the

feature vectors, b, for the alternative sensor and



EQ.7 where a defines the transition between two states and in one
implementation is set to 2. Finally, the average confidence value of its 5
neighboring frames 5 (including itself) are used as the final confidence value
for this frame. Under one embodiment, a fixed threshold value is used to
determine if speech is present such that if the confidence value exceeds the
threshold, 10 the frame is considered to_cpontain speech and if the
confidence value does not exceed the threshold, the frame is considered to

containaon-speech. Upder gpe  embodiment, @,tr valye of OrkiiSction

used. For each non-speech frame detected by 15 speech detection unit
1126, micise>piodettraineyhz24 updates a noise mddel 4125 @t step 1206gnal

Under one embodimant, noise,model.L129 s a Gayssian model that-has 2,
mean LU and a variance ,,.efhls model is based ona moving window of the

most relceab fraapes ohnoni2® spedchs Fechmiques dor aétermiming tke meanor

and variange fropy (e fon-speech flames fn e pindoy.are el known o
the art. Correction vectors and model parameters in’ parameter storage 85?
and npiseamedelrsl 25 drer 25 prbvided 43 tleanasignad estigitorolr1.22 with In

the featuire yegtors, b, fo, the alternative sensor and ;25 the feature veglors, ;.

S3,, for the noisy air conduction microphone signal. At step 1208, clean
signalc éstmatorI2P estinaés andmitial eeue for the

X=b+) p(s|by, EQ.8

10 where X 1is the clean signal estimate in the cepstral
domain, b 1s the alternative sensor feature vector,
p(s|b) is determined using Equation 2 above, and r, is

the correction vector for mixture component s. Thus,
the estimate of the clean signal in Equation 8 1is

15 formed by adding the alternative sensor feature
vector to a weighted sum of correction vectors where
the weights are based on the probability of a mixture
component given the alternative sensor feature
vector.

20 At step 1210, the initial alternative
sensor clean speech estimate is refined by combining
it with a clean speech estimate that is formed from
the noisy air conduction microphone vector and the
noise model. This results in a refined clean speech

25 estimate 1128. In order to combine the cepstral wvalue
of the initial clean signal estimate with the power

spectrum feature vector of the noisy air conduction



clean speech signal based on the alternative sensor 5 feature vector, the
correction vectors, and the model parameters for the alternative sensor. In
particular, the alternative sensor estimate of the clean signal is calculated as:
x=b+>p(slb)rs EQ.8 S 10 where x is the clean signal estimate in the cepstral
domain, b is the alternative sensor feature vector, p(s|b) is determined
using Equation 2 above, and r is the corrggtion vector for mixture component
s. Thus, the estimate of the clean signal in Equation 8 is 15 formed by

adding the-ajiernadiye sansordeplire avectos taa weighted suayeteorrestiophe
vectors where the weights are based on the probability of a mixture
compBR&itgiFET e aiteriaie Bedsbi t8ature vector. 20 At step 1210, the
initial alternative sensor clean speech estimateds:refined by combining it

with a clean speech estimate that is formet from the noisy air conduction

microphane vestor gad e ngise.ruadel; Thisdesults o g efped dlogen o

speech 25 estimate 1128. In order to combine the cepstral value of the initial

ciean signal estimate with:the power uspectiumiaaturevecter of 1he Aoisy ik 1
conduction -26 microphone, the cepstral value is converted to the power
spectikms gontain bsmga 9L breetCGyicE©@Dwhere C-1 is an inverse discrete

Cogne“anﬁonnaW%ce the initial clean signal estimate from
the alternative sensor has been placed in the power
spectrum domain, it can be combined with the noisy

10 air conduction microphone vector and the noise model
as:

S, = +Z)E S, — )+ 58,1 EQ.10

A

where §, is the refined clean signal estimate in the

power spectrum domain, Sy is the noisy air conduction

15 microphone feature vector, (u,,2,) are the mean and

A

covariance of the prior noise model (see 1124), §, is
the initial «clean signal estimate based on the
alternative sensor, and X, 1is the covariance matrix
of the conditional probability distribution for the
20 clean speech given the alternative sensor’s
measurement. DI can be computed as follows.

LetJdenote the Jacobian of the function on the right

hand side of Equation 9. Let X Dbe the covariance

A

matrix of X. Then the covariance of §, is

S = JEJ"

25 EQo. 11



5 9.,lb is the power spectrum estimate of the clean signal based on the
alternative sensor. Once the initial clean signal estimate from the alternative
sensor has been placed in the power spectrum domain, it can be combined
with the noisy 10 air conduction microphone vector and the noise model as: X
=(Y--1+Y--1-1lyl1Y1lnxlb)-n-(S-Pn+Y-X-b Sxjb EQ. 10 where 9
is the refined clean signal estimate in theppower spectrum domain, SY is the
noisy air conduction 15 microphone feature vector, (Pnly-n) are the mean and

covariance of the prigr noise modgh (seei E124), Sxil i theainjtial alean signal s
estimate based on the alternative sensor, and Y-xlb is the covariance matrix
of the COhHitiohalM pfobability dRtrsutibRFor the*20 ClRan speech given the
alternative sensor's measurement. Y-Xjb can be computed as follows.
LetJdenote the Jacobian of the function on the right hand sjde of Equation 9.
Let Y- be the covariance matix &f ¢ (/Hén the, sov@riarice b XIb is 25 MXiby5
jYJT EQ. 11 -27 In a simplified embodiment, EQ.10 is rewritten as the
followirigeeguatidul)Sxi=s a(#)(Sxnfin) ¢ {1-af .f YSkjb EQhel2 Biwkeread) ishe
afum%%@&ﬁé%g%ﬂgggggapggh%gg% QCXPa@%éF%f?%¥HQ%ﬂ¥Qesensor
alternative’sens

has a bandwidth up to 3KHz, a(f) 1is chosen to be 0

for the frequency band Dbelow 3KHz. Basically, the

initial clean signal estimate from the alternative
10 sensor 1s trusted for low frequency bands.

For high frequency bands, the initial clean
signal estimate from the alterative sensor is not as
reliable. Intuitively, when the noise is small for a
frequency band at the current frame, a large a(f) is

15 chosen so that more information is taken from the air
conduction microphone for this frequency Dband.
Otherwise, more information from the alternative
sensor 1s wused by choosing a small «a(f). In one
embodiment, the energy of the initial clean signal

20 estimate from the alternative sensor 1is used to

determine the noise level for each frequency band.

Let E(f) denote the energy for frequency band f. Let
M =Max E(f). a(f), as a function of f, is defined as

follows:



has a bandwidth up to 3KHz, a(f) is chosen to be 0 for the frequency band
below 3KHz. Basically, the initial clean signal estimate from the alternative
10 sensor is trusted for low frequency bands. For high frequency bands, the
initial clean signal estimate from the alterative sensor is not as reliable.
Intuitively, when the noise is small for a frequency band at the current frame,
a large a(f) is 15 chosen so that more infgrgation is taken from the air
conduction microphone for this frequency band. Otherwise, more information
from the alternative sensor is us by ”smg a small a(f) . In one
embodiment, the energy of the initial ¢ ignal 20 estirgat& from the
alternative sensor is used to dete mgg noise level for each frequency
band. Let E(f) denote the eéigy crr—zfqueﬁﬂ!?)bancﬁfﬂfelf M ax fE(f) .
a(f), as a function of f, is defined as 11 loys: -28 E(f) f njng Wi1K O @ f<_3K
EQ. 13 where a linear interpolatign is used to transitiori from 3K to 4K to
ensure the smoothness of a(f). Under one embodiment, the proximity BPthel 3

5 mobile device tojthe user's;head s jacqrpgrateddintg the determigation of; )
a(f). Specifically, if the

from 3K to 4K to ensure the smoothness of a(f).
Under one embodiment, the proximity of the
5 mobile device to the user's head is incorporated into
the determination of a(f). Specifically, if the
proximity sensor 832 produces a maximum distance
value D and a current distance value d, Equation 13

can be modified as:

ﬁE(f)+(l ,8) : f>4K
M
10 a(f)= f= 3K05(4K) : 3K<f<4K EQ. 14
1K
0 : f<3K

where f 1s between =zero and one and 1is

selected based on which factor, energy or proximity,

is believed to provide the best indication of whether

the noise model for the air conduction microphone or

15 the correction vector for the alternative sensor will
provide the best estimate of the clean signal.

If f 1s set to =zero, a(f) 1is no longer

frequency dependent and simply becomes:

4

a= EQ. 15



proximity sensor 832 produces a maximum distance value D and a current
distance value d, Equation 13 can be modified as: 10 a(f) = E(f)+(1-f3)d

f>4K MDf-3Ka(4K): 3K <f<4K EQ. 14 0: f< 3K 1K where /3 is

between zero and one and is selected based on which factor, energy or
proximity, is believed to provide the best indication of whether the noise
model for the air conduction microphone gr15 the correction vector for the
alternative sensor will provide the best estimate of the clean signal. If 8 is set
to zero, a(f) is no longer freguensy dependentang-simply becomes: aczd the
EQ. 15 D a(f) _~f-3Ka(4K) ; 3K < f <4K -29 The refined clean signal
estlmgt%“iﬁEhesﬁ(‘?\%ﬂfé]ﬁbctm%afﬁarﬁaybo% u8EE t cbRstrbers Wirkier 2
filter ta fifeethe maisy air cansluction twicrophene stgneal: |na{l&ftlcldahdb@tlon
Wiener filter, 5 H, is set suclh thatI H=Sx EQ. 16l Sly Thl%f”ter can the? €
apphé&%ﬁﬁSQQQHg signa n partIcula Wiener filter,

H, is set such that:

H=— EQ.16
S

y

This filter can then be applied against the
time domain noisy air conduction microphone signal to
produce a noise-reduced or clean time-domain signal.

10 The noise-reduced signal can be provided to a
listener or applied to a speech recognizer.

Note that Equation 12 provides a refined
clean signal estimate that is the weighted sum of two
factors, one of which is a clean signal estimate from

15 an alternative sensor. This weighted sum can be
extended to include additional factors for additional
alternative sensors. Thus, more than one alternate
sensor may be used to generate independent estimates
of the clean signal. These multiple estimates can

20 then be combined using equation 12.

In one embodiment, the noise in the refined
clean signal estimate 1is also estimated. Under one
embodiment, this noise 1is treated as a zero mean

Gaussian with a covariance that is determined as:

25 Zx = (2;1 + z;\}z)_l = znzx\b /(Zn + Z:x|b)

> . . . . .
where " 1s the wvariance of the noise in the air

. . z . .
conduction microphone and “* is the variance of the



time domain noisy air conduction microphone signal to produce a
noise-reduced or clean time-domain signal. 10 The noise-reduced signal can
be provided to a listener or applied to a speech recognizer. Note that
Equation 12 provides a refined clean signal estimate that is the weighted
sum of two factors, one of which is a clean signal estimate from 15 an
alternative sensor. This weighted sum cande extended to include additional
factors for additional alternative sensors. Thus, more than one alternate

sensof snayebe Hsed to generate-independent estimates, of the-cleam sighal. 1n
These multiple estimates can 20 then be combined using equation 12. In

one embodiment, the notse in.the refined, clean signal estimate is 8ls0 sensor
estimated. Under one embodiment, this noise is treated as a zero mean
Gaussia withcd co\aarfange ehatGe dearmindd-as: s EXE (E AL BFO)-' BoW

E"EXQ/(ER +Ex0 )where X-n isthe yarigneeof the poise i the AiLE »  using
conduction microphone and x11 is the variance of the -30- noise in the
estimate frotA te aRemativeSErSar Y paftRUfRrY_ RIb istfardefafithe the

alterngtive sensor.foes;aotyyake good centact withdtbe skipsudace.ddow nat
good the contact is can be measured by either using 5 an additional proximity

sensor'oF aRaly2ighe VAitePRAMR seNsBf st the altlet Sobsefing HeEdUfHRCY
alternative, sersor pragduges litthe, highfrequeney irespensen(lafgesthadbntact,

4KHz) if it is in good contact, , , ,
we measuUre the contact quality with the ratio of low-
10 frequency energy (less than 3KHz) to high-frequency
energy. The higher the ratio 1is, the better the
contact makes.
Under some embodiments, the noise in the
clean signal estimate is used to generate a side tone
15 as discussed above in connection with FIG. 6. As the
noise in the refined clean signal estimate increases,
the volume of the side tone increases to encourage
the user to place the alternative sensor in a better
position so that the enhancement process improves.
20 For example, the side tone encourages users to press
the bone conduction sensor against their head so that
the enhancement process is improved.
NOISE REDUCTION USING CORRECTION VECTOR
WITHOUT NOISE ESTIMATE

25 FIG. 13 provides a block diagram of an
alternative system for estimating a clean speech
value under the present invention. The system of
FIG. 13 is similar to the system of FIG. 11 except

that the estimate of the clean speech value is formed



we measure the contact quality with the ratio of low 10 frequency energy

(less than 3KHz) to high-frequency energy. The higher the ratio is, the better
the contact makes. Under some embodiments, the noise in the clean signal
estimate is used to generate a side tone 15 as discussed above in

connection with FIG. 6. As the noise in the refined clean signal estimate
increases, the volume of the side tone ingreases to encourage the user to
place the alternative sensor in a better position so that the enhancement
procegs #Apioves. 20 rerexample, dhe side toneencalagesusers 1o pressor
the bone conduction sensor against their head so that the enhancement
proce8s TihisioleENOISE REDUCTION USING CORRECTION VECTOR
WITHOUT NOISE ESTIMAGE 25 §)G. 43 pravidesaiblogk diagranmsebani ated
alternatjve system for estimatj clean speech value under the present
veniich The sySRRT 6F FIGL T4 AN RS sySEmoF FIts £ eRcei =
that thenestimate o¢ tirescleanmspeech valye is formet-3lwitheutthe mead3foz ,
an air conduction microphone or _a noise mod FIG, 13, a physical event
osoEG I & ShLa BR300 S e apedbi s chnaieed ey e or
featurg3/@ctony altemative sensorak302; analog,to-digital comverer K304, lar
frame constructor, 1306 asngée%tgro%gxtnﬁa&t:or%?Qgriga% manner similar {014 )

Lo isgus ive Sehsor 1
that discussed above?or alternative sensor 1114,

analog-to-digital converter 1116, frame constructor

10 1117 and feature extractor 1118 of FIG. 11. Note
that although only one alternative sensor is shown in
FIG. 13, additional alternative sensors may be used
as in FIG. 11 with the addition of a compare and
select unit as discussed above for FIG. 11.

15 The feature vectors from feature extractor
1308 and the noise reduction parameters 922 are
provided to a clean signal estimator 1310, which

determines an estimate of a clean signal value 1312,

A

S+ using equations 8 and 9 above.

A

20 The clean signal estimate, Sw' in the power

spectrum domain may be used to construct a Wiener

filter to filter a noisy air conduction microphone

signal. In particular, the Wiener filter, H, 1is set
such that:
Sx|b
25 H= EQ.17
S

v
This filter can then be applied against the

time domain noisy air conduction microphone signal to



analog-to-digital converter 1116, frame constructor 10 1117 and feature
extractor 1118 of FIG. 11. Note that although only one alternative sensor is
shown in FIG. 13, additional alternative sensors may be used as in FIG. 11
with the addition of a compare and select unit as discussed above for FIG.

11. 15 The feature vectors from feature extractor 1308 and the noise
reduction parameters 922 are provided-tgaclean signal estimator 1310,
which determines an estimate of a clean signal value 1312, Sxjb f using
equatipnsdiaad 9 aheve.20-Ehe slean signal estimategHxibf in the, power se -
spectrum domain may be used to construct a Wiener filter to filter a noisy air
conductiSH HidrophoHe? Sigriafin particdlar e SienkPfiltér, H, 4§ 581 Stich®”
that: 2pH1= 8¥jbteQa 14 pS¥ dthis éilkereanthen be applied against the time
domain noisy air conduction mjcrthone ignal_to -32 produce a , ,
noise-reduced or ciean Sigiat Tiie |¥Ois§-ﬁr%dﬁ&ee(f§ig a%5H be oVt to 1P
aclistenge or @pplied 40 a speeeh recoghizer.Alternatively, thecleansignal in
estimate in 5 the cepstral domgin, X, which is calculated in Eguation 8, ma N
be appfied it&lty %’a sP&ch YecogRiibh ey stem “ROISE REBUCTION S
USINGRIFGH TRACKING em .

NOISE REDUCTION USING PITCH TRACKING

10 An alternative technique for generating
estimates of a clean speech signal is shown in the
block diagram of FIG. 14 and the flow diagram of FIG.
15. In particular, the embodiment of FIGS. 14 and 15
determines a clean speech estimate by identifying a

15 pitch for the speech signal wusing an alternative
sensor and then using the pitch to decompose a noisy
air conduction microphone signal into a harmonic
component and a random component. Thus, the noisy
signal is represented as:

20 Y=Yyt EQ. 18

where y 1s the noisy signal, y, 1is the harmonic

component, and y, 1s the random component. A weighted
sum of the harmonic component and the random
component are used to form a noise-reduced feature

25 vector representing a noise-reduced speech signal.
Under one embodiment, the harmonic
component i1s modeled as a sum of harmonically-related

sinusoids such that:



10 An alternative technique for generating estimates of a clean speech
signal is shown in the block diagram of FIG. 14 and the flow diagram of FIG.
15. In particular, the embodiment of FIGS. 14 and 15 determines a clean
speech estimate by identifying a 15 pitch for the speech signal using an
alternative sensor and then using the pitch to decompose a noisy air
conduction microphone signal into a harmgnic component and a random
component. Thus, the noisy signal is represented as: 20 y=yh+yr EQ. 18
where y is the noisy signal, yh isthe harmonic component, and y, is the
random component. A weighteQ_surfosthie’ hahrfomiéedmponent ancEtBe 19
random component are used tdform a noise-reduced feature 25 vector

represgnting ach‘OOiS_Les'reQHée‘%%@%%%ng@'- ddnder opg embodiment; the,g x
harmonic component is modeled as a sum of harmonically-related sinusoids
such that:t-38 xtyit 2 Jaksos(kwod#bk sinfkwot) EQ 13 He-1swherelcoo is the

fundamental or pitch,frequency and K. s the tqtalLnumber of harmonics indhe |

signal. Thus, to identify the harmonic component, 5 an estimate of the pitch
flequerity andithe Enphifudeh palnicters {asazr ki 152K bihaugtigel 1 tude

deterpined, A step 150012 NSy RPESCN RGPS getermined.

At step 1500, a noisy speech signal is
collected and converted into digital samples. To do
this, an air conduction microphone 1404 converts

10 audio waves from a speaker 1400 and one or more
additive noise sources 1402 into electrical signals.
The electrical signals are then sampled by an analog-
to-digital converter 1406 to generate a sequence of
digital wvalues. In one embodiment, A-to-D converter

15 1406 samples the analog signal at 16 kHz and 16 bits
per sample, thereby creating 32 kilobytes of speech
data per second. At step 1502, the digital samples
are grouped into frames by a frame constructor 1408.
Under one embodiment, frame constructor 1408 creates

20 a new frame every 10 milliseconds that includes 25
milliseconds worth of data.

At step 1504, a physical event associated
with the production of speech is detected by
alternative sensor 1444. In this embodiment, an

25 alternative sensor that 1is able to detect harmonic
components, such as a bone conduction sensor, is best
suited to be used as alternative sensor 1444. Note

that although step 1504 1is shown as being separate



collected and converted into digital samples. To do this, an air conduction
microphone 1404 converts 10 audio waves from a speaker 1400 and one or
more additive noise sources 1402 into electrical signals. The electrical
signals are then sampled by an analog- to-digital converter 1406 to generate
a sequence of digital values. In one embodiment, A-to-D converter 15 1406
samples the analog signal at 16 kHz and 46-bits per sample, thereby
creating 32 kilobytes of speech data per second. At step 1502, the digital

samplesoare gredped ingo dramesibysa frage carstructer 1408 Under ongi1l
embodiment, frame constructor 1408 creates 20 a new frame every 10
millisécondS tH&tinchides 25" fififiseBoiES wiitH of tatad At S fsbas  the
physicaleyent asseciated withhthe peetuction of speeehds:datectechby  one
alternatjve sensor 1444. In this embodiment, an 25 alternative sensor that is
able {8 HeTddt Patonic Ceiitgonaiits, Sicas A'borid Gond(ddon Sarsar 7521
best suited-toshe usedsasalternativeysebsor 1444. Note that Bfthoughistepi th
1504 1C shown Qeing seg%rate -34 from steép 1500 thoselskillfed in thecart
will reco%niz% at these steps rr?ay l:(>:eOI|E)ngr’qr‘c§rmec1a éﬁhe “same time" fr- as
addition,salthesgh aribypore falterfdtive sansor is shown in FIG. 14, additional
5 alternative senso%rgayabe dfsed asin FIlG. 11 with Eg%a dition ch

compare and select unit as discussed above Tor FIG. 11. The ar?a%]o&%?g%% Ve

genera{gusbyalﬂefmétivﬁes converted into digital samples by an

10 analog-to-digital converter 1446. The digital
samples are then grouped 1into frames by a frame
constructer 1448 at step 1506.

At step 1508, the frames of the alternative
sensor signal are used by a pitch tracker 1450 to

15 identify the pitch or fundamental frequency of the
speech.

An estimate for the pitch frequency can be
determined using any number of available ©pitch
tracking systems. Under many of these systems,

20 candidate pitches are used to identify possible
spacing Dbetween the centers of segments of the
alternative sensor signal. For each candidate pitch,
a correlation is determined Dbetween successive
segments of speech. In general, the candidate pitch

25 that provides the best correlation will be the pitch
frequency of the frame. In some systems, additional
information 1is used to refine the pitch selection

such as the energy of the signal and/or an expected

pitch track.



sensor 1444 is converted into digital samples by an 10 analog-to-digital
converter 1446. The digital samples are then grouped into frames by a frame
constructer 1448 at step 1506. At step 1508, the frames of the alternative
sensor signal are used by a pitch tracker 1450 to 15 identify the pitch or
fundamental frequency of the speech. An estimate for the pitch frequency
can be determined using any number of gwailable pitch tracking systems.
Under many of these systems, 20 candidate pitches are used to identify

possible spacing betwesn the centersefisegmentsiof thei alternativersepsei-h
signal. For each candidate pitch, a correlation is determined between
succeSEvE §&gmentd of 5PEech: in GBREMT the'tandidiate pitcH 28 that 2™ P
providesdbehest eorretation will be the piteh fregueneyraf thedeame. Irandom
some systems, additional information is used to refine the pitch selectio ,
uch &SCBRArgy 6fthe Sighal aneior an dpeltad Fitch HAER 35 Giveh S
ah estimate ofcae pitch from pitch tracker 1450, the air conduction signal
vector can be decomposed into a harmonic component and a random
component at step 1510. To do so, eqb’atl:o‘ﬁllg iIs 5 rewritten as: y = AB E(§.O

20 where y.is @ vector of N samples: oftheg NQISY.SPESEN (31nal A dS 8 peech
Nx2K matrix given by:
signal, A is an Nx2K matrix given by:
A=[A_A,,] EQ. 21
10 with elements
A (k,t)=cos(kawyt) A, (k,t)=sin(ka,t) EQ. 22
and b 1is a 2Kx1 vector given by:
b" =[a,a,K a,bb,K b,] EQ. 23
Then, the least-squares solution for the amplitude
15 coefficients 1is:

b=(ATA)"ATy EQ. 24

Using 6, an estimate for the harmonic

component of the noisy speech signal can be
determined as:

20 y, = Ab EQ. 25

An estimate of the random component is then
calculated as:

Y, =YY EQ. 26

Thus, using equations 20-26 above, harmonic

25 decompose unit 1410 1is able to produce a vector of

harmonic component samples 1412, y,, and a vector of

random component samples 1414, vy,.



A=[Acos~Asin] EQ. 21 10 with elements A,.~ (k, t) = cos(kcoot) A ~j,, (k, t) =
sin(kcoot) EQ. 22 and b is a 2Kx1 vector given by: b T = [ala2K akblb2K bk]
EQ. 23 Then, the least-squares solution for the amplitude 15 coefficients is:
T1Tb=(AA)-AyEQ. 24 20 Using 6 r an estimate for the harmonic
component of the noisy speech signal can be determined as: Yh =A6 EQ. 25
An estimate of the random component is then calculated as: Y, =Y-yh EQ. 2
6 Thus, using equations 20-26 above, harmonic 25 decompose unit 1410 is
able to produce a veetos of harmonie gemponet samples14i2 yratd apbeen
vector of random component samples 1414, y,. -36 After the samples of the
frame IR B YecdpOsediftd RarhonicaNd rahdBir8ampiddeges, &
scalingqaramgteparweight is determiaedfar thes hasmesieGamponentat the
step 1512. This scalingg? parameter is used as pigt of a calculation of a

e

noise-t8AUCAY Specch SIghEI A discussd fiitthet “bélow. Undérne SCa11n9

efnbodimemtetherscaling paratmetes part of a calculation of a
noise-reduced speech signal as discussed further
below. Under one embodiment, the scaling parameter

is calculated as:

a, = Zl«yh (1)
> )’

10 where «, 1is the scaling parameter, y,(i) is the ith

EQ. 27

sample in the vector of harmonic component samples Yy,

and yp(i) is the ith sample of the noisy speech signal
for this frame. In Equation 27, the numerator is the
sum of the energy of each sample of the harmonic

15 component and the denominator 1s the sum of the
energy of each sample of the noisy speech signal.
Thus, the scaling parameter 1is the ratio of the
harmonic energy of the frame to the total energy of
the frame.

20 In alternative embodiments, the scaling
parameter 1s set using a ©probabilistic voiced-
unvoiced detection unit. Such units provide the
probability that a particular frame of speech 1is
voiced, meaning that the vocal cords resonate during

25 the frame, rather than wunvoiced. The probability
that the frame is from a voiced region of speech can

be used directly as the scaling parameter.



is calculated as: jt yh (i) 2 ah =},y(i)Z EQ. 27 10 where ah is the scaling
parameter, yh(i) is the ith sample in the vector of harmonic component
samples yh and y(i) is the ith sample of the noisy speech signal for this
frame. In Equation 27, the numerator is the sum of the energy of each
sample of the harmonic 15 component and the denominator is the sum of the
energy of each sample of the noisy speedysignal. Thus, the scaling
parameter is the ratio of the harmonic energy of the frame to the total energy

of the frame. 20 In gfternative-ambodimgntss the seakingndrasametgris sebeen
using a probabilistic voiced- unvoiced detection unit. Such units provide the

probabfiity tHat BSSartiulal franfe of Speech i€ VoicedShieahing that thBS ol
cords sgsoenate dadrg 2n hevfsarne rrather hamuwavaicesonmberprababilityiples
that the frame._is from a voiced region of speech can be used direc#%/ as the

scalin%rb ramefer. “37After the Scalfify ParAmeter s 68¢n dtdhifgd of =€
vehile itds bemgradetermined; dbe Mel Spectianfos thenvedtoref haagwhicy each
component samplei and the vector %fhrgngow compongnt samgles a

determined at stecp)) 514S.a1r?ﬁsl involves péjssqng each vector of s,f?\mplgzD grier
throughramiscrete Hawier 1418 to produce a vector of harmonic
component frequency values 1422 and a vector of
random component frequency values 1420. The power
10 spectra represented by the vectors of frequency
values are then smoothed by a Mel weighting unit 1424
using a series of triangular weighting functions

applied along the Mel scale. This results in a

harmonic component Mel spectral vector 1428, Y,, and

15 a random component Mel spectral vector 1426, Y,..

At step 1516, the Mel spectra for the
harmonic component and the random component are
combined as a weighted sum to form an estimate of a
noise-reduced Mel spectrum. This step 1is performed

20 by weighted sum calculator 1430 wusing the scaling
factor determined above in the following equation:

X(t)=a, )Y, ) +a,Y,(t) EQ. 28

where <XO) is the estimate of the noise-reduced Mel

spectrum, Y, (?) is the harmonic component Mel

25 spectrum, Y,(f) is the random component Mel spectrum,

a,(t) is the scaling factor determined above, «, is a

fixed scaling factor for the random component that in

one embodiment is set equal to .1, and the time index



Transform (DFT) 1418 to produce a vector of harmonic component
frequency values 1422 and a vector of random component frequency values
1420. The power 10 spectra represented by the vectors of frequency values
are then smoothed by a Mel weighting unit 1424 using a series of triangular
weighting functions applied along the Mel scale. This results in a harmonic
component Mel spectral vector 1428, Yh,sand 15 a random component Mel
spectral vector 1426, Y,. At step 1516, the Mel spectra for the harmonic

compenent angsthe randosgemponent are compined asia Weighteetsum toor
form an estimate of a noise-reduced Mel spectrum. This step is performed

20 by Wighted Sarr Calcufitsr 130 usiiy (e 'Sealing $dctdrdet&tifed” - 2me
aboveyifiithe folewingseguation: X &) £ah (F¥h (tha, Yré) & 28 wheteent
X(t) is the estimate, of the noise-reduced Me| spectrum, Yh(t) is the harmoni

CompBAGAHIE] 25 SEutrum ¥ (5 is THE rartdbm ol BoreRt M SpBaram, 2
ah(t) is¢he saalingffactos determinedtalkover anisom fixedrscalirg factordor be

the ra dgr@p com%%nefnt th%tai(r:\ or%%grmbodiment is set equal to .1, and the
time index -38 t s used to emﬁha&ze that the scaling factor for the harmonic

component is determined fortdech frafnee whild the scalied facipefor then  has

UL S Dl e e s 19 e
spectrum 1is determined and then 1is applied to a

10 Discrete Cosine Transform 1434 at step 1518. This
produces a Mel Frequency Cepstral Coefficient (MFCC)
feature vector 1436 that represents a noise-reduced
speech signal.

A separate noise-reduced MFEFCC feature

15 vector 1is produced for each frame of the noisy
signal. These feature vectors may be used for any
desired purpose including speech enhancement and
speech recognition. For speech enhancement, the MFCC
feature vectors <can be converted into the power

20 spectrum domain and can be used with the noisy air
conduction signal to form a Weiner filter.

Although the present invention has been
discussed above with specific reference to using bone
conduction sensors as the alternative sensors, other

25 alternative sensors may be used. For example, in
FIG. 16, a mobile device of the present invention
utilizes an infrared sensor 1600 that is generally
aimed at the wuser’s face, notably the mouth region,
and generates a signal indicative of a change in

30 facial movement of the wuser that corresponds to



After the noise-reduced Mel spectrum has been calculated at step 1516, the
log 1432 of the Mel spectrum is determined and then is applied to a 10
Discrete Cosine Transform 1434 at step 1518. This produces a Mel
Frequency Cepstral Coefficient (MFCC) feature vector 1436 that represents

a noise-reduced speech signal. A separate noise-reduced MFCC feature 15
vector is produced for each frame of the_ngjsy signal. These feature vectors
may be used for any desired purpose including speech enhancement and
speeckyesegnitionHzor spggeh egbarcerment, e MhEL: featurweEers1 600
can be converted into the power 20_spectrum domain and can be used with
the ndigy aiP Tondctioft Sighifto 3rht AWWEINET filtst" Athouyhthe present e
inventiayrhas hees diseussasabaveswigh specific reference to using bone
conduction sensors as the al ern%ilve sensors, other, 25 alternative sensog
may be used. For exampte' R FIG %6, R1TohiE devitd of the Breseft P
inventiers atilivesianynfrared seasemtE00 that issgenetallya aimedaatdtheent s,
user's face, otablythe moiith region,, and geperates g signal indicative of 2,
change’in facial movement of the user that corresponds to -39 speech.

The sigmahgeserated/by lirfrared densanl1 60 :can Bendsedias the alternative t
sensor signal in the_technjques descriped above. Altho he present, .
s o L o e g i AR S



workers skilled in the art will recognize that changes may be made in form
and detail without departing from the spirit and scope of the invention. -40
WHAT IS CLAIMED IS: 1. A mobile hand-held device comprising: an air
conduction microphone that converts acoustic waves into an electric
microphone signal; an alternative sensor that provides an electric alternative
sensor signal indicative of speech; and gprocessor that uses the
microphone signal and the alternative sensor signal to estimate a clean
speeahmvatue.2.dhermobile and-held device of claim 1 wherein the
alternative sensor comprises a bone conduction sensor. 3. The mobile
hand-held device of‘ciBRR 11 furlh Lo ity $68or@ BRéMALVE sensor
that provides a second alternativeisensosisignak Aoghermaobiiehand-heltk rt s
device of claim 3 wherein the alternative sensor and the second alternative .
sensor comprise bone cordudtSh 58nsord2ESThe mdbi@ harftheld device: - ©
of claim 4 wherein the mabile hapidcheld deyicehas a left side and a right
side opposite the left side ?nd whe{ein the alternative Sensor iS Iocat%]d near
the left side and thé Secénd Sltéihative sensoris focated ear the Vri-Lg it Side”
electric alternative sensor signal

indicative of speech; and
a processor that uses the microphone signal
and the alternative sensor signal to

estimate a clean speech value.

2. The mobile hand-held device of claim 1
wherein the alternative sensor comprises a Dbone

conduction sensor.

3. The mobile hand-held device of claim 1
further comprising a second alternative sensor that

provides a second alternative sensor signal.

4. The mobile hand-held device of claim 3
wherein the alternative sSensor and the second

alternative sensor comprise bone conduction sensors.

5. The mobile hand-held device of claim 4
wherein the mobile hand-held device has a left side
and a right side opposite the left side and wherein
the alternative sensor is located near the left side
and the second alternative sensor is located near the

right side.



-41 6. The mobile hand-held device of claim 3 further comprising a selection
unit that selects one of the alternative sensor signal and the second
alternative sensor signal. 7. The mobile hand-held device of claim 6 wherein
the selection unit selects one of the alternative sensor signal and the second
alternative sensor signal based on the magnitudes of the alternative sensor
signal and the second alternative sensarsignal. 8. The mobile hand-held
device of claim 1 further comprising a speaker that generates a sound
based on the amount of noise in the clean speech value. 9. The mobile
hand-held device of claim 1 further comprisin%sa proximity sensor that

produles a proximity SigrfaPitiicativB Bt the BistancdBetiRenCthe moBitE 3

hand-hele-devicecangban objegt. 40sEhe schile handhetdhdevica-okelain 9ne
wherei%the rocesior determines the clean speech \g;]llue b(ised on the
e pro

micropfione &ignalf thé Altérnhtive SEHEoY Signat SR the BrSkimity Signaf S429
11. Thel mobile hand-held deviceiofcidim 10 wherein the processor
determines the clean speech value through a process comprising:

determining a microphone contribution to the clean speech value based on
the microphone sigiiad mobile hand-held device of claim 6

wherein the selection unit selects one of the
alternative sensor signal and the second alternative
sensor signal based on the magnitudes of the
alternative sensor signal and the second alternative

sensor signal.

8. The mobile hand-held device of claim 1
further comprising a speaker that generates a sound
based on the amount of noise in the clean speech

value.

9. The mobile hand-held device of claim 1
further comprising a proximity sensor that produces a
proximity signal indicative of the distance Dbetween

the mobile hand-held device and an object.

10. The mobile hand-held device of claim 9
wherein the processor determines the «clean speech
value based on the microphone signal, the alternative

sensor signal and the proximity signal.



determining an alternative sensor contribution to the clean speech value
based on the alternative sensor signal; and weighting the microphone
contribution and the alternative sensor contribution based on the proximity
signal. 12. The mobile hand-held device of claim 9 further comprising a
speaker that generates a sound based on the proximity signal. 13. The
mobile hand-held device of claim 1 whergin the alternative sensor comprises
a pressure transducer that is hydraulically coupled to a pad filled with a

medium..14. The mphile haseiheld deyvice-ofclaim 43vwhereis the sebile 10
hand-held device has a left side and a right side opposite the left side and

wherel? $h& Pad i a MEPSHTSR bn (e 16 Lideand A'§ecdif BorticiP&iT ch
the right side. +43 dbghhe moekilechand-belddevice;ef claim 13 wherein the
alternative sensor farther rovides a roximig(?si nal. 16. The mopbile .

hand-held device of S5 15" Wh&reifi th' broximity Sfynaf Romprises aBic &°

component of an electricatisignal praduceg by the pregsure trassducen 1the

The mobile hand-held device of cl%im 16 where'in_ the alternative sensor

signal comprises an AC crg%ncp%%%n%l@ the electrical signal produced by the
determining an alternative sensor

contribution to the clean speech value
based on the alternative sensor
signal; and

weighting the microphone contribution and
the alternative sensor contribution

based on the proximity signal.

12. The mobile hand-held device of claim 9
further comprising a speaker that generates a sound

based on the proximity signal.

13. The mobile hand-held device of claim 1
wherein the alternative sensor comprises a pressure
transducer that 1s hydraulically coupled to a pad

filled with a medium.

14. The mobile hand-held device of claim 13
wherein the mobile hand-held device has a left side
and a right side opposite the left side and wherein
the pad has a first portion on the left side and a

second portion on the right side.



pressure transducer. 18. The mobile hand-held device of claim 1 wherein the
alternative sensor comprises an infrared sensor. 19. A mobile device
comprising: an air conduction microphone that converts acoustic waves into
an electric microphone signal; an alternative sensor that provides an electric
alternative sensor signal indicative of speech; and a proximity sensor that
provides an electric proximity signal that 4% indicative of the distance from
the mobile device to an object. -44 20. The mobile device of claim 19

whereirs the mobilerdevicesises the mickophene sigrakithe aigrnativeim 13
sensor signal and the proximity signal to remove noise from the microphone
signal"&iid thePeby Broddce GhEhhahted HieiP Spedet Sighal. AFThedes &
mobile geviteiaf glailng2@ further comprising a speaker that produces a

sound based on an estimate of the level of noise in the enhanced clean
speech signal. 22. The mobile device of claim 20 wherein the mobile device
produteés the enharntesd cleah speechasigraldiyiusingthe proximitycsignal tol 5

weightﬁl contribl,étfllon to the enhanced cIeaT sgeech sisgnal thabés formed
ﬁ efeln tne roxXimity Sldghna omprises a component
from the alternative sensor signalr.

of an electrical signal produced by the pressure

transducer.

17. The mobile hand-held device of claim 16
wherein the alternative sensor signal comprises an AC
component of the electrical signal produced by the

pressure transducer.

18. The mobile hand-held device of claim 1
wherein the alternative sensor comprises an infrared

SENnsor.

19. A mobile device comprising:

an air conduction microphone that converts
acoustic waves into an electric
microphone signal;

an alternative sensor that provides an
electric alternative sensor signal
indicative of speech; and

a proximity sensor that provides an
electric proximity signal that is
indicative of the distance from the

mobile device to an object.



23. The mobile device of claim 22 wherein weighting the contribution
comprises giving the contribution less weight when the proximity signal
indicates that the mobile device is far from the object. 24. The mobile device
of claim 19 further comprising a speaker that produces a sound based on
the proximity signal. 25. The mobile device of claim 24 wherein the volume of
the sound increases as the proximity signg} =45 indicates that the distance
between the mobile device and the object increases. 26. The mobile device

of claipp 19 whereintthe alisrnative sensaresignal andithe PIoXimit:$ensor the
signal are produced by a single sensor, 27. The mobile device of claim 26

wherdif? tHe SingES3eiisdr cotifiises Bistessliré raR8AGEer that Trovides &He

electricat sighal; tRe-elesetiical-signalnhaviag @ RE coppenent that keipyasents o
the proximi'g}/ signal andfn AC component thglt regresentst e alternative

sensor SYhAT. 2B°ATRethd@Th a-Mobile daiEs FHe meHBE: tomPHsing e PY

receivingan &ir condectiam microphone sigpal-receiving an alternative
sensor signal that is indicative of speech; estimating an enhanced clean
speech value based on the air conduction microphone

21. The mobile device of «claim 20 further

comprising a speaker that produces a sound based on
an estimate of the 1level of noise in the enhanced

clean speech signal.

22. The mobile device of claim 20 wherein the
mobile device produces the enhanced clean speech
signal by using the proximity signal to weight a
contribution to the enhanced clean speech signal that

is formed from the alternative sensor signal.

23. The mobile device of claim 22 wherein
weighting the contribution comprises giving the
contribution less weight when the proximity signal
indicates that the mobile device is far from the

object.

24. The mobile device of «claim 19 further
comprising a speaker that produces a sound based on

the proximity signal.

25. The mobile device of claim 24 wherein the

volume of the sound increases as the proximity signal



signal and the alternative sensor signal; estimating the noise in the
enhanced clean speech value; and using the estimate of the noise to
generate a sound through a speaker in the mobile device. -46 29. The
method of claim 28 wherein the volume of the sound increases as the
estimate of the noise increases. 30. The method of claim 28 further
comprising receiving a proximity sensor-gignal that indicates the distance
between the mobile device and an object and using the proximity sensor

signaliwhen gstimating the pahancegelean speech-walue.3knJiheimethodiofe
claim 30 wherein using the proximity sensor signal comprises weighting a
contriBOfbr- {5 th8%ehHahckd & §ech value that is derived from the
alternative sensor signal based on the proximity sensor signal. 32. The
methaod of claim 31 wherein weighting a, contriution comprises lying a
greatérveight to the Son%?ﬁﬁi]:)% d%%Vég frof the” If‘éﬁ%atib% sg?ﬁpéjorre %%néflhe
when dhe proximity sensensignal indicates thad the meobite- deviee s/ clasentso r

an objsect. 331‘ The method of cclllaign 32 whereiT the ob'gect is a user's head.
ilgna are produce Y a slngle sensor.

27. The mobile device of claim 26 wherein the
single sensor comprises a pressure transducer that
provides an electrical signal, the electrical signal
having a DC component that represents the proximity
signal and an AC component that represents the

alternative sensor signal.

28. A method in a mobile device, the method
comprising:
receiving an air conduction microphone
signal;
receiving an alternative sensor signal that
is indicative of speech;
estimating an enhanced clean speech value
based on the air conduction microphone
signal and the alternative sensor
signal;
estimating the noise in the enhanced clean
speech value; and
using the estimate of the noise to generate
a sound through a speaker 1in the

mobile device.



_46_

29. The method of claim 28 wherein the wvolume
of the sound increases as the estimate of the noise

increases.

30. The method of claim 28 further comprising
receiving a proximity sensor signal that indicates
the distance between the mobile device and an object
and using the proximity sensor signal when estimating

the enhanced clean speech value.

31. The method of claim 30 wherein wusing the
proximity sensor signal comprises weighting a
contribution to the enhanced clean speech value that
is derived from the alternative sensor signal based

on the proximity sensor signal.

32. The method of claim 31 wherein weighting a
contribution comprises applying a greater weight to
the contribution derived from the alternative sensor
signal when the proximity sensor signal indicates

that the mobile device is close to an object.

33. The method of claim 32 wherein the object

is a user's head.





