-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
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E:nones 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 fTiltering 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 of other people speaking 1iIn the
background. One reason for this 1is that 11t 1is
extremely difficult, if not 1impossible, TfTor 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 user"s head by looping the headset
over the wuser"s head or ear, systems have been

30 developed that provide more robust noise filtering by



over the user's head or ear, systems have been 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
created when the user speaks. Using the signal from the bone conduction
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that pr es an aIternatl sensor speech Under some
sensor this system is able to better identify when

10 the user is 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 iIn the proper position and these systems do
not take iInto 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 1input 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 1includes 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



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 -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 througfra speaker in 5 the mobile device
based on the amount of noise in the clean speech value. In other
embodineerdd.ithe sadnd tireduatitrvphantne peakalisdasedivetheensor
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BRIEF DESCRIPTION OF THE DRAWINGS

10 FIG. 1 1i1s 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 1s a block diagram of a bone
conduction microphone.

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

20 FIG. 6 1s a cross-section of an alternative
bone-conduction microphone under one embodiment of
the present invention.

FIG. 7 1s a block diagram of a mobile
device under one embodiment of the present invention.

25 FIG. 8 1s a block diagram of a general
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.



25 FIG. 8 is a block diagram of a general 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 poisy test speech signal under one
embodiment of the present invention. FIG. 12 is a flow diagram of a method
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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 i1s a flow diagram of a method for
identifying an estimate of a clean speech signal
using the system of FIG. 14.

20 FIG. 16 i1s 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 1In 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



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 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 micephone 108, a speaker 110, two
bone-conduction microphones 112 and 114, and optionally a proximity
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remove noise from the speech signal received
106 allows the user to highlight and select

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

As shown 1in FIGS. 2 and 3, when mobile
phone 100 1is put 1iIn the standard position for
conversing over the phone, speaker 110 is positioned

15 near the user"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 left ear, as iIn 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 is
positioned near the user"s right ear, as iIn FIG. 3,
bone conduction microphone 112 contacts the user-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 is to the user. As discussed

30 further below, this information is used to weight the



by air conduction microphone 108. When the phone is positioned near the
user's right ear, as in FIG. 3, bone conduction microphone 112 contacts the
user'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 is to the user. As discussed 30 further
below, this information is used to weight tlge -6- contribution of the bone
conduction microphones in producing the clean speech value. In general, if

the peviirpity lsgtecser detectgteat theronrsisdirxt iorthenisarofbledrene in
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skin contact e user directly to the
contact with the user. When i1t 1s apart from the
10 user, i1t is more susceptible to ambient noise. The

proximity sensor is used iIn embodiments of the
present invention because users do not always hold
the phone pressed to their heads.
FIG. 4 shows one embodiment of a bone
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 wuser directly to the
20 diaphragm 404 of microphone 406. The movement of
diaphragm 404 is 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.



20 diaphragm 404 of microphone 406. The movement of diaphragm 404 is
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 51, and a combination
bone-conduction microphone and proximity sensor 512. -7- As shown in the
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separate but fluidly co ecte to each other within the phone.
opening or dlrectly below the opening within phone

10 500. Pad 600 is not limited to this shape and any
shape for the pad may be used. [In general, however,
it 1s preferred if pad 600 includes portions to the
left and right of speaker 510 so that at least one
part of pad 600 1is 1iIn contact with the user

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 1is

20 hydraulically connected to the fluid or elastomer in
pad 600 and converts the pressure of the fluid iIn pad
600 into 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 i1s pressed against



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 into 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 includeg-two components, a DC
component and an AC component. The DC component provides a proximity
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presefignal to allow the DC component of the signal and AC
10 components above a minimum frequency to pass.

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

15 FIG. 7 1is a block diagram of a mobile
device 700, under one embodiment of the present
invention. Mobile device 700 includes a
microprocessor 702, memory 704, input/output (1/70)
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 i1mplemented 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 1is
not lost when the general power to mobile device 700

30 i1s shut down. Alternatively, all or portions of



invention. Mobile device 700 includes a microprocessor 702, memory 704,
input/output (I/0O) 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 nongvolatile electronic memory such as
random access memory (RAM) with a battery back-up module (not shown)
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store 716. During operation, operating system 712 1is

10 preferably executed by processor 702 from memory 704.

Operating system 712, in one preferred embodiment, 1is

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 iIn object store 716 are maintained by

applications 714 and operating system 712, at least

20 partially 1iIn 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 iInterface 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 wired and wireless modems, satellite



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 by 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 devicgg.and technologies that allow
mobile device 700 to send and receive information. In mobile 25 phone
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are executed by processor 702 to implement the

10 present 1invention 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 1include computer
storage media and communication media.

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

30 program modulles or other data i1in a modulated data



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 implemented 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; tp, RAM, ROM, EEPROM, flash
memory or other memory technology, CD-ROM, digital versatile disks

(DVDysegathEr optichl disk staragea rrdgneticvgassetes, epaetic taptsport
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medicc@umiohitons ¢fnd wireless media such as 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 1nput 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, 1In at Ileast 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



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 jair conduction 20 microphone 736,
alternative sensor 738, alternative sensor 740, and proximity sensor 742.
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alternative sensor 806 and an alternative sensor 807.

10 One example of an alternative sensor 1iIs a bone

conduction sensor that is located on or adjacent a

facial or skull bone of the user (such as the jaw

bone) or on the ear of the user 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 user-"s

mouth. Note that in some embodiments, only one

alternative sensor will be present. Ailr conduction

20 microphone 804 is the type of microphone that is used

commonly to convert audio air-waves iInto 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.



alternative sensor 806 and an alternative sensor 807. 10 One example of an
alternative sensor is a bone conduction sensor that is located on or adjacent
a facial or skull bone of the user (such as the jaw bone) or on the ear of the
user 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 ggtects the motion of the user's
mouth. Note that in some embodiments, only one alternative sensor will be
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alternative sensors, suc
compare/select unit 815. Compare/select unit 815
10 compares the strength of the two signals and selects
the stronger signal as its output 817. The weaker
signal i1s 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 1is 1iIn contact with the user®s skin.
Thus, In FIG. 2, the signal from bone conduction
sensor 114 would be selected and iIn 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 1In detail. Optionally, clean signal estimator 816
also receives a proximity signal 830 from a proximity
sensor 832 that i1s 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



as two bone conduction sensors, sensor signals 812 and 813 can be
optionally provided to a compare/select unit 815. Compare/select unit 815 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 sejgct the signal generated by the
bone conduction sensor that is in contact with the user's skin. Thus, in FIG.
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10 Clean signal estimator 816 also produces a
noise estimate 819, which 1indicates the estimated
noise that i1s iIn 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 iIncreases the
volume of the side tone as noise estimate 819
INncreases.

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, i1f 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 1mprove thereby reducing the noise 1iIn



5 form of a listener, a cellular phone transmitter, a speech coding system, or
a speech recognition system. If clean speech signal 818 is a feature domain
vector, speech process 820 will typically be a speech recognition system. 10
Clean signal estimator 816 also produces a noise estimate 819, which
indicates the estimated noise that is in clean speech signal 818. Noise
estimate 819 is provided to a side tone ggmprator 821, which generates a
tone through the speakers of 15 the mobile device based on noise estimate
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close to the user"s head, the side tone volume will

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

The present iInvention utilizes several
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
further extension of this system is to Tfirst track
time-varying distortions and then to incorporate this
information iInto the computation of the correction

25 vectors and into the estimation of the clean speech.

A second system provides an 1interpolation
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



phone to best reduce the noise in the clean signal based on the feedback in
the side tone. 5 In alternative embodiments, the side tone is generated

based on the proximity sensor signal 830 from proximity sensor 832. When
the proximity sensor indicates that the phone is contacting or extremely
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signal from the air conduction
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 i1s 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, 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 i1s converted into a feature vector by
30 a feature extractor 918. Under one embodiment,



signal. A third system uses the alternative sensor signal to estimate the pitch
of the speech signal and then uses the estimated pitch to identify an
estimate for the clean speech signal. Each of these systems 5 is discussed
separately below. TRAINING STEREO CORRECTION VECTORS FIGS. 9
and 10 provide a block diagram and flow diagram for training stereo
correction vectors for the two embodimentg-of the present invention that 10
rely on correction vectors to generate an estimate of clean speech. The
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invention is not limited to 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 1is 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 vibration or

25 facial movement. Because alternative sensor 902 and
903 are spaced apart on the mobile device, they will
not detect the same values i1In connection with the
production of speech. Alternative sensors 902 and
903 convert the physical event iInto analog electrical

30 signals. These electrical signals are provided to a



30 a feature extractor 918. Under one embodiment, -17- feature extractor 918
forms cepstral features. Examples of such features include LPC derived
cepstrum, and Mel-Frequency Cepstrum Coefficients. Examples of other
possible feature extraction modules 5 that may be used with the present
invention include modules for performing Linear Predictive Coding (LPC),
Perceptive Linear Prediction (PLP), and-fgditory model feature extraction.
Note that the invention is not limited to these feature extraction 10 modules
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in connection with the
those 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 916. The
frames of samples are then converted into feature
vectors by a feature extractor 908, which uses the
15 same Teature extraction method as feature extractor
918.

The feature vectors fTor 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 fTeature 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 listed above are only provided as

30 examples.



production of speech. Alternative sensors 902 and 903 convert the physical
event into analog electrical 30 signals. These electrical signals are provided
to a -18- compare/select unit 904, which identifies the stronger of the two
signals and provides the stronger signal at its output. Note that in some
embodiments, only one alternative sensor is used. In such cases, 5
compare/select unit 904 is not present. Thegselected analog signal is
sampled by an analog-to-digital converter 905. The sampling characteristics

for A/D converter 9@ peethecsfuiag Renthese iieseringRiabeverfolddEermines

converter 914. The 10 samples provided A/D co verter 905 are collected
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10 Where x, 1s the value of the air conduction

EQ.1

vector for frame t and b, 1is the value of the
alternative sensor vector for frame t. In Equation
1:

p(b, | s)p(s)
EQ.2
S P, 19)p(s) 2

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

p(s|b) =

components and p(b|s) 1s modeled as a Gaussian
distribution:

p(b, [s) = N(bi;u,.Ty) 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:
7s(t) = p(s|b) EQ.4

_ th/s(t)bt
DA Q-8




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 listed above are only provided as 30 examples. -19-
Noise reduction trainer 920 then determines a correction vector, rs, for each
mixture component, s, at step 1008 of FIG. 10. Under one embodiment, the
correction vector for each mixture compopent is 5 determined using
maximum likelihood criterion. Under this technique, the correction vector is

sensor vector for frame t. In Equation 1: p(

calculated as: Y =p(s1b,)(x, -be) BQ.1 Yyp(slb,) {f W X, is the value of
the air conduction vector for fragne t} )(B nt peyee alternativé&Q . 6
3 @p(b, 1 s)p(s) EQ. 2 Ysp(br
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the E-step results.

The E- and M-steps of the algorithm iterate
until stable values for the model parameters are
determined. These parameters are then used to
evaluate equation 1 to form the correction vectors.
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,
the process of training the noise reduction system of
the present invention is complete. Once a correction
vector has been determined for each mixture, the
vectors may be used In a noise reduction technique of
the present invention. Two separate noise reduction
techniques that wuse the correction vectors are
discussed below.

NOISE REDUCTION USING CORRECTION VECTOR
AND NOISE ESTIMATE
A system and method that reduces noise In a

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.



7,()=p(slb,) EQ.4 lts=Y tYs (t) EQ.5 -20- T =~rYs(t)(b,-,u,)(b,-fts)T EQ.6 Y,
YS (t) EQ.4 is the E-step in the EM algorithm, which uses 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 values for the model parameters are determined. These
parameters are then used to evaluate egertion 1 to form the correction
vectors. 10 The correction vectors and the model parameters are then stored
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y Speech signal based on correction vectors and a
microphone 1104 1is converted 1iInto an electrical
signal that is provided to analog-to-digital
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 Kkilobytes of speech

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

The frames of data created by frame

20 constructor 1108 are provided to feature extractor
1110, which extracts a feature from each frame. Under
one embodiment, this feature extractor is 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 instead 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.



noise estimate is shown in the block diagram of FIG. 11 and the flow
diagram of FIG. 12, respectively. -21- At step 1200, an audio test signal
detected by an air conduction microphone 1104 is converted into feature
vectors. The audio test signal received by microphone 1104 includes speech
from a speaker 5 1100 and additive noise from one or more noise sources
1102. The audio test signal detected by_gycrophone 1104 is converted into
an electrical signal that is provided to analog-to-digital converter 1106. 10
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inste cepstral values.
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 1is 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 values are provided
to a fTeature extractor 1120, which uses the same
feature extraction technique that was used to train
the correction vectors. As mentioned above, examples
of such feature extraction modules 1i1nclude modules

30 for performing Linear Predictive Coding (LPC), LPC



The extracted features are provided to a clean signal estimator 1122, a
speech detection unit 1126 and a noise model trainer 1124. -22- At step
1202, a physical event, such as bone vibration or facial movement,
associated with the production of speech by speaker 1100 is converted into
a feature vector. Although shown as a separate 5 step in FIG. 12, those
skilled in the art will recognize that portiopg-of this step may be done at the
same time as step 1200. During step 1202, the physical event is detected by
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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 1n one embodiment extracts the energy of each
frame. The energy value for each frame iIs 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 1i1s likely present.
This information 1is passed to noise model trainer

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

Under one embodiment, speech detection unit
1126 Tirst 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 valley is referred to as an energy separator, d.
To determine i1f a frame contains speech, the ratio,
k, of the energy of the frame, e, over the energy
separator, d, iIs then determined as: k=e/d. A speech
30 confidence, q, for the frame iIs then determined as:



to a feature extractor 1120, which uses 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 -23- derived cepstrum,
Perceptive Linear Prediction (PLP) Auditory model feature extraction, and
Mel-Frequency Cepstrum Coefficients (MIACC) feature extraction. In many
embodiments, however, feature extraction 5 techniques that produce cepstral
features are used. The feature extraction module produces a stream of
feature vectors that are each associated Qujth ‘a sebarate frame of the speech
signal. This stream of feature vectges iﬁtévidediq(o!_e@n signal 10 EQ.7
estimator 1122. The frames of values fram frame constructor 1118 are also
provided to a feature extractor 1121, whith in‘onekembodiment extracts the
energy of each frame. The energy value for each frame is provided 15to a
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Under one embodiment, a Tfixed threshold
value is used to determine if speech is present such
that if the confidence value exceeds the threshold,
10 the frame iIs considered to contain speech and if the
confidence value does not exceed the threshold, the
frame i1s 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 x, 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



values to find a peak in the energy. It then 25 searches for a valley after the
peak. The energy of this valley 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, is then determined as: k=e/d. A speech 30
confidence, q, for the frame is then determined as: -24- 0 k<1 R=k-1 1<-k<-a
E4 7 a-1 1 k>a where a defines the transitgan between two states and in one
implementation is set to 2. Finally, the average confidence value of its 5

neigh'&ﬂ@”&@ﬁ'ﬁ??é URdedirg ,i,ts%‘f) ,ar?‘é‘lse‘iﬁé the ii§9| %ﬁ‘ﬁdéﬁ%d@ﬂﬁ)n
for this frame. Under one embodiment, a fixed threshold Vvalue is used to
determmneribppesch isprgserk such tAst if eenfiti268g valobeameedd teal

threshold,-10 rame, COQ?Pﬁ;ﬁ contain ng if th
confi e%qc:éﬁ]/% uczljdogsf%%t excee %?eét regﬁold', tﬁe ('?rgaf‘neqél (i:g%sidg?erd tg he
contaiblesmspseeacncr@nel eldsdithenn atheskddeuhata\v®1 gBensor

ed. -Wch . detectio it
ﬁ%,ﬁ%%ﬁﬁ%g\gﬁramer’ 11{5%” &%ﬁ%@h&ﬂ%ﬁﬁ%ﬁ%ﬁt&ﬁ%&qdel
Undepad@ngtBsd@mentoioise hilel 1adtersadddian #@AsPhat has a In

mean,up-epd A G Iangg.E. INSIOLEl $Paskhsor estimate of the

clean signal i1s calculated as:

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

10 where X is the clean signal estimate in the cepstral
domain, b 1is the alternative sensor feature vector,

p(s|b) is determined using Equation 2 above, and r, 1is

S

the correction vector for mixture component s. Thus,
the estimate of the clean signal iIn 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 Tfeature
vector.

20 At step 1210, the 1initial alternative
sensor clean speech estimate i1s 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 value
of the initial clean signal estimate with the power

spectrum feature vector of the noisy air conduction



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 -25- the feature veggors, Sy, for the noisy air
conduction microphone signal. At step 1208, clean signal estimator 1122

estimaips iesphiaévalughtor ibepsiepa Fpeechugignipsbasedasrtbeditavativee
sensor 5 feature vector, th§ correction vectors, and the model parameters for

the alfPWEIveeRStshYUR BRI UHE Wierative sensor estimate of the

clean signal is calculated as: x=b+yp(sl b} s E(gc&i 10 where x is the clea'gQ
signal estimate in the cepstral domain, b i¥the alternative sensor feature -

vectogvpg('sg)) is-determigied Hﬁi%ggqum%@le@%&mq% ISy thened ‘?i(rf]ﬁioand

vector for mixture component s. Thus, the estimate of the clean sigha

Exjuat®pn 8iis 1btermpeddy asdiptihen esdtivetsernser aiurel saelos igaal
weighted sum of correction vectors where the weights are based on the
probaBAigeef @mikinee adbkegdIRtl YR/ c$ER8Afternative sensor feature

vector. 20 At step 134 0¢thgrRitighAEfaativeIean signal estimate from
the alternative sensor has been placed iIn the power
spectrum domain, i1t can be combined with the noisy

10 air conduction microphone vector and the noise model
as:

S, =(E ) MENS, ) +24S,]  EQ.10
where §X is the refined clean signal estimate in the

power spectrum domain, S, is the noisy air conduction

15 microphone feature vector, (x,,X,) are the mean and

covariance of the prior noise model (see 1124), §le is
the initial clean signal estimate based on the
alternative sensor, and X, is the covariance matrix

of the conditional probability distribution for the

20 clean speech given the alternative sensor’s

measurement. L, can be computed as follows.

LetJdenote the Jacobian of the function on the right

hand side of Equation 9. Let X be the covariance

N

matrix of X. Then the covariance of S  is

Sy =I237

25 EQ. 11



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 value of the initial clean signal estimate with
the power spectrum feature vector of the noisy air conduction -26-
microphone, the cepstral value is convertgg.to the power spectrum domain
using: 5xlb =ec- z EQ.9 where C-'is an inverse discrete cosine transform

and 5 Szib is the ppwer spectgimebimpériof thenpleainségng) based vo thejs

alternative sensor. Once the nitigl clean sgnal estimate from the alternative
sensof FUE Bt biaSe diEih U 08 SHHA BN, it can be combined

with the noisy 10 air conduction microphone vector and the noise model as:
Sz =(En'+E~a) IEn(SY - fUa+EziaSzial EQ.10 where Sz is the refined clean
signal estimate in the power Spect (i @main) 8¢ isaké)hdisy air conghiction

15 microphone feature vector, (,u,,,E") are the mean and covariance of the
prior Mdied thoddl f(seel 5123), uinat iR irtfal Bedh sikhel etdmateddedthe

condi TN o D 20 d i o i e sensor
alternhtige senbarslmielduramentoEZ3Kdan ber COmpuedcsdstowsto be O
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 information is taken from the air
conduction microphone for this frequency band.
Otherwise, more iInformation from the alternative
sensor 1iIs used by choosing a small ¢(f). In one
embodiment, the energy of the initial clean signal

20 estimate fTrom 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) . «(f), as a function of f, iIs defined as

follows:



Let J denote the Jacobian of the function on the right hand side of Equation
9. Let E be the covariance matrix of x. Then the covariance of Szib is z 25
Exb -JEJ EQ. 11 -27- In a simplified embodiment, EQ.10 is rewritten as the
following equation: =a(f)(S,, -fia)+(1-a(f))SXIb EQ. 12 5 where a(f) is a
function of both the time and the frequency band. For example if the
alternative sensor has a bandwidth up top3KHz, 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 ||_f>(vy requency bands. For high
frequency bands, the initial clean [sign imate from the 4lferative sensor
is not as reliable. Intuitively, when the g)gise is small for a frequency band at
the current frame, a large a(ff =1 a&that mdfe<inforrAktion is taken
from the air conduction microphone Tor tgis frequency handOtherwise,
more information from the alternative sensor is used by choosing a small
a(f). In one embodiment, the energy of the initial clean signal 20 estintdéle 13
from (e ernatve peaser ISHERH b Aeteneile s 18! I%etli cion
frequency band. Let E(f) denote the energy for frequency band f . Let M
=Max®OM 3, 6 adindworessiure defigesmeoiiionss of «a(f) .

Under one embodiment, the proximity of the

5 mobile device to the user®s head is iIncorporated into
the determination of o(f). Speciftically, i1f the
proximity sensor 832 produces a maximum distance
value D and a current distance value d, Equation 13

can be modified as:

pEM L aopd o fsax
M D
f —3K
10 a(f) = a(4K) 3K <f<4K EQ. 14
1K
0 S 14

where f 1i1s between zero and one and 1is
selected based on which factor, energy or proximity,
iIs 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.
IT g 1s set to zero, «af(f) 1s no longer
frequency dependent and simply becomes:

a=— EQ. 15
D



-28- E(f) f>_ 4K a(f) f 1 3Ka(4K) : 3K< f<4K 0f<_3KEQ. 13 where a

linear interpolation is used to transition 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, Equatigrnl3 can be modified as:
I3E(f)+(1-/3)d f>_4K M D 10 a(f)= f -3Ka(4K) : 3K< f <4K EQ. 14 1K 0

f<_3K where /3 is bepeenrgfinand ereand is kptededdwsidzaewhieh the
factor, energy or proximity, is believed to proyvide the best indication of
whetRPNRE n 08 TR 1o AP coReticfe mibiofiontor E9YRErUCt
corregiipenactorfipl tiea-altematifé keasor whike proddsyhe st esivndiecafion
the clean signal. If /3 is set to zerq, a(f) is no longer freque depengent

and SW&§@%§8H1%S:S(!Q§§?EQ. iifp dgarglcu %r, e vEF g?‘elriter,
5 H, is set such that:

S
S

y

H = EQ.16

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 iIn the refined
clean signal estimate is also estimated. Under one
embodiment, this noise 1Is treated as a zero mean
Gaussian with a covariance that is determined as:

2, =C ) =T, (2, +2,)

n“'xpb

25

where 2 is the variance of the noise iIn the air

conduction microphone and 2 is the variance of the



-29- The refined clean signal estimate in the power spectrum domain may be
used to construct a Wiener filter to filter the noisy air conduction microphone
signal. In particular, the Wiener filter, 5 H, is set such that: S H=EQ.16 SY
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 provgted to a listener or applied to a
speech recognizer. Note that Equation 12 provides a refined clean signal

estimaigithat igrihaneighiad satreof fwomfagtss anecehaltithds a@irsir . In
signal estimate from 15 an alternative sensor. This weighted sum can be

extenged ig spugle, additianaliactps fps A onglAEIRRMEAG S ensor

Thus, more than one alternate sensor may be used to generate independent

estim&i@8sonat chaltesigeadTresH ARk EbtikAR sPahn26wdaee - How
combingddsingeeargitade- Iponegmbedimesihedipissyin dicfefiredising

clean signal estimate is also estimated. Under one embodiment, this noise is

tRatedhs 296btHEAR IGaNSXT WEYa cRRMaAEe tRF is AR kYHEIs: Be
Ez = EntématileeX~BEFSorEXIIBor the latter, observing that

the alternative sensor produces little high-frequency
response (larger than 4KHz) if it is iIn good contact,
we measure the contact quality with the ratio of low-
10 frequency energy (less than 3KHz) to high-frequency
energy. The higher the ratio 1s, the better the
contact makes.
Under some embodiments, the noise in the
clean signal estimate i1s used to generate a side tone
15 as discussed above in connection with FIG. 6. As the
noise in the refined clean signal estimate iIncreases,
the volume of the side tone increases to encourage
the user to place the alternative sensor iIn 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 iIs 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 1is similar to the system of FIG. 11 except

that the estimate of the clean speech value is formed



where is the variance of the noise in the air conduction microphone and ExIb
is the variance of the -30- noise in the estimate from the alternative sensor. In
particular, Exlb is larger if the alternative sensor does not make good contact
with the skin surface. How good the contact is can be measured by either
using 5 an additional proximity sensor or analyzing the alternative sensor.
For the latter, observing that the alternatgg-sensor produces little
high-frequency response (larger than 4KHz) if it is in good contact, we

measyietiheLmonass qualéy With thearatia ibf lovoha fileeilencYmrargpHless or
than 3KHz)_to high-freguency energy. The higher the ratio is, the better the
contaft M3REE 3}9@& ome embodiments, the noise in the clean signal
estimate is used to peneFdte a sitie fona 1plaggisabseshahove iassociated
connectigﬂ with FIG. 6, As th‘fs' 6se in th((i refined clean signal estimate

; €

incredSes, thd vcﬁﬁl%%l%%'fhe tod MAHSMIY (o855 agésthecﬂge\z/retsted
phace iimtalteanatiendrnser inediiter Ipygsithterthat iheeenbansamen1 302,

i VES. le, the sid
the bl T s RS RV e HRER A En R or
proce$S@Simpunolvefie AUBE REDUCTION USMNG CORRECAIDNE IVESITARAr

PR TR NS anole oy OYJE%a ArRlesdiaganglan 14,

alternative system for estimating a clean speec
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.

20 The clean signal estimate, §X|b, 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, 1s set
such that:
é\><|b
25 H= EQ.17
S

y
This filter can then be applied against the

time domain noisy air conduction microphone signal to



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 -31- without the need for an air conduction microphone or a noise
model. In FIG. 13, a physical event associated with a speaker 1300

producing speech is converted 5 into a feature vector by alternative sensor
1302, analog-to-digital converter 1304, frgme constructor 1306 and feature
extractor 1308, in a manner similar to that discussed above for alternative
sensqsidddceanalogdesigiiad¢aoeertas d 1¢4 came pgnatfuctorifel dise-
and feature exfractqr 1118 of FIG. 11. Note that although only pne
termEAICBRsod G ARG DS, SRS Aot hive SASHERRE bor
used ®spi G td vithsthesrtditiercoba teepare and select unit as
discussed above fo%&G. 11.15 TIiS’ feaé re vei;tors from fea!ure egtrac or
1308 and the noise 85%%%%% eter 24 8a8r0§ib%raq A FEANggRat "

estimatoe 13tepaitich | detdombiips ,an estimaig ®th cleps sigedl oaletEdll2, in
Szib, ysin uatiogs 8 and 9 above. 20 The clegn si Wsti ate, Szib, in
the pbE GBI do M miS bRkt B oAty EWients fifhr (BHREFD
a noisyesogoridunbionsyistaginone signal. In particular, the Wiener filter, H, is
set such that: 25 H= Szit EQ.17

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 using an alternative
sensor and then using the pitch to decompose a noisy
air conduction microphone signal iInto a harmonic
component and a random component. Thus, the noisy
signal 1s represented as:

20 y=Yy,+Y, EQ. 18

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

component, and y, is the random component. A weighted
sum of the harmonic component and the random
component are used to form a noise-reduced Tfeature
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:



S Y This filter can then be applied against the time domain noisy air
conduction microphone signal to -32- produce a noise-reduced or clean
signal. The noise- reduced signal can be provided to a listener or applied to
a speech recognizer. Alternatively, the clean signal estimate in 5 the cepstral
domain, x, which is calculated in Equation 8, may be applied directly to a
speech recognition system. NOISE REDRETION 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 embodintept 8f Fskotl-dhdintkddlermines a clégéh 19
speech estimate by identifying &5 pitch for the speech signal using an

altern@h\éq‘ée@orpgldﬁh@n Foingdhe Riall tofeqemiaseAregs¥iy and K
conduction mlcrophone signal into a harmonic component and a random

compdgeithehtiotad nyisbelgeifihepresttesd &s: 1= WQVFEFJQ 18
where y is the n0|sy|-§|lg§al Yais E%H%rﬁv"%ﬁemm%[ﬁ%ﬁ%d ent,

random component. A weighted sum of the harmonic com onent an the
rBndodt cefbbRakearefuskheo PHFCA ndisequencad RafiIrdns vagpl i tude

represeifingAReisesduced saLech S9Yst be determined.

At step 1500, a noisy speech signal 1is
collected and converted iInto 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 16 bits
per sample, thereby creating 32 kilobytes of speech
data per second. At step 1502, the digital samples
are grouped iInto 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 1s detected by
alternative sensor 1444. In this embodiment, an

25 alternative sensor that is 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



Under one embodiment, the harmonic component is modeled as a sum of
harmonically-related sinusoids such that: -33- K yh =Yak cos(kwOt)+bk
sin(kwot) EQ. 19 k=1 where wo is the fundamental or pitch frequency and K
is the total number of harmonics in the signal. Thus, to identify the harmonic
component, 5 an estimate of the pitch frequency and the amplitude
parameters {alaz...akblbz...bk} must be dgiermined. At step 1500, a noisy
speech signal is collected and converted into digital samples. To do this, an

air comfgheptiongeispophoseal404tewerts dRiaube wayas frerea speakerwil |
1400 and one .or morEl additive noise sources 1402 into electrical s(i?/gnals.

The el&cH?&! E?g%alg ?&thgﬂ%%%pﬁmar{“ﬁal -toptﬁfji Qe the
1406 sageneratd mesequencelof digitl veiL@s, In oa¢ emegimerdnAyio-Done

o B Ao RO A B8 5 onan
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irameiary ZOCHTOEondS that el COLUPAA bl Ao Rl SR of M4 Lag 25

step IbDEcagssdicabeventkmsobibed Iith the production of speech is

detected by The analog signal generated by alternative
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 wusing any number of available pitch
tracking systems. Under many of these systems,

20 candidate pitches are used to 1identify possible
spacing between the centers of segments of the
alternative sensor signal. For each candidate pitch,
a correlation 1i1s determined between 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 1s used to refine the pitch selection
such as the energy of the signal and/or an expected

pitch track.



alternative sensor 1444. In this embodiment, an 25 alternative sensor that is
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 is shown as being separate -34- from step 1500, those skilled in the art
will recognize that these steps may be performed at the same time. In
addition, although only one alternative segssor is shown in FIG. 14, additional
5 alternative sensors may be used as in FIG. 11 with the addition of a

compare and selecGinieas gliscesseihaitave & FiGell berangiagmsighibtch
generated by alternative sensor.1444 is converted info digjtal samples by a

0o A g i B, SRBGHLTEA Qo A HER G gen e
into frdeesniposéamd nansteuctba s atstephpdmeNtstearid0& theandom
frames of the alt?crnatge 58en50r 'aﬁ)al are_Psed by a pitch track%r: 1450 tég .
15 ide%?irﬂpf?ﬂl%eﬂ h 3Ffun glrf)]er?t équenc?/ ofjﬁﬁe Sheelih égtﬂnajt fol S
the pitchwradquiescyasn be determined using any number of available pitch

tracking systems. Under many of these systems, 20 candidate pitches are 20
used to identify possible spacing betwéen centers of segments of the

alterngiivg-gensoneional, Breaehrngidalspires 3 FOHRRIAR Sy speech
determined between successive
signal, A i1s an Nx2K matrix given by:
A=[A_ A, ] EQ. 21
10 with elements
A (k,t) = cos(ka,t) A, (k,t) =sin(kay,t) EQ. 22
and b 1s a 2Kx1 vector given by:
b" =[a,a,...a,bb,...b,] EQ. 23
Then, the least-squares solution for the amplitude

15 coefficients 1is:

b=(ATA)*ATy EQ. 24
Using b, 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:

Ye =YYy EQ. 26
Thus, using equations 20-26 above, harmonic

25 decompose unit 1410 is able to produce a vector of

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

random component samples 1414, vy, .



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 is used to refine the pitch selection such as the

energy of the signal and/or an expected pitch track. -35- Given an estimate

of the pitch from pitch tracker 1450, the air conduction signal vector can be
decomposed into a harmonic componentzgd a random component at step
1510. To do so, equation 19 is 5 rewritten as: y =Ab EQ. 20 whereyis a
vector of N samplea@tthe neisy speeqhl signIFA isran Nmeathixgd/emeen
by: A = [Am3Asin | EQ. 21 10 with elements A., k,t)=cos(§(ls<)\ﬁvot) A;

ok, RMRYES. 22 " b }(%Vaaf IR 9ect8‘Péiverr By samples,  a
=[aiazscaidiing .. i E&ne6e IFhevr thevdaagirequibses goltipn foetdhe for the
ampliit]Jde 15 coefficients is: b= (AT A)-'A Ty E Ql 4_Using q,han estimat?_
for the'RAMRONE co"\fﬁggﬁé}ﬁ'& theé® ois? gggech | %al can be ' Betermiied Y
a8 2(piinadtEQ. 2is Arusstimatesof ffeermendof campakrd latheon of a

Calcu'ﬁbelds%si:reduced speech signal as discussed further
below. Under one embodiment, the scaling parameter

is calculated as:

DAN05
PIRL0%

10 where ¢, i1s the scaling parameter, vy, (i) Is the 1ith

EQ. 27

h

sample in the vector of harmonic component samples vy,

and y(i) 1s 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 1is 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 1is 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 unvoiced. The probability
that the frame i1s from a voiced region of speech can
be used directly as the scaling parameter.



Yr =Y-yh EQ. 26 Thus, using equations 20-26 above, harmonic 25
decompose unit 1410 is able to produce a vector of harmonic component
samples 1412, Yh, and a vector of random component samples 1414, yr.
-36- After the samples of the frame have been decomposed into harmonic
and random samples, a scaling parameter or weight is determined for the
harmonic component at step 1512. This_sgaling 5 parameter is used as part
of a calculation of a noise-reduced speech signal as discussed further

below. Under one enfiesimerghine se@mgiwamp@rdm@e@ﬁlatada@ (Xbeen
LyhO EQ. 2 )" 10 Whe[ ah is the scali rameter the ith
sampfgeﬁﬁﬁ@ 6@%& 8 ha‘m bife cbﬁpbﬁeﬂ? PRSI a{?\:ﬁ%ﬁf’ls Ha§nMel
samp@am‘d’neaaorsmspte@ sigiadlofor U¥s iameoi Equasimpoderilte samples
numerat r IS tpaeet sum o%the energy of e%ch sam le of thegarmonic S

compS‘H he WehioRlinatBlis thé'2HR M of tﬁ m@r?&SQ fegelm%lﬁ]%le &€
the ncdsgte;mﬂo’msigraai S$thap, thésdaling faramatev o thesapassihey each

e B L WSIERY ok D fELD oy ier
voicedransform (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 iIn 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 i1s performed

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

X(t) = &, ()Y, (t) + e, Y, (1) EQ. 28
where X() is the estimate of the noise-reduced Mel
spectrum, Y, (t) is the harmonic component Mel

25 spectrum, Y,(t) is the random component Mel spectrum,
a,(t) is the scaling factor determined above, «, iIs a

r

fixed scaling factor for the random component that in

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



unvoiced detection unit. Such units provide the probability that a particular
frame of speech is voiced, meaning that the vocal cords resonate during 25
the frame, rather than unvoiced. The probability that the frame is from a
voiced region of speech can be used directly as the scaling parameter. -37-
After the scaling parameter has been determined or while it is being
determined, the Mel spectra for the vectgygaf harmonic component samples
and the vector of random component samples are 5 determined at step 1514.

This ir:\/ot\/@is Qééﬂnwcém%ﬁ?@tgli Qésamﬂ?hthﬁwgb@d]iﬁﬁ@tefﬁ@ﬂﬁf for
Transform (DFT) 1418 to produce a vector of harmanic component
hondte BARROES SRIPONRG o fon At S o ERE vaFrae
1420.wielpowehé O speelribngpréserted byfibe vadiers ebinelgirencyovabresnt
are then smoothefb Melﬁeifhti unit 14240#1in a seriesg of trign ula{h
weighbRURINTiond Hibried JGLS el ib ke CHRE e RGH LR omthe
compsecartivigl spEattbvectdiol428tNdn, andntiva raadopaoerdonenaiviel be

spect@é@ﬁ% 1436@6‘; Aé Siep 4‘%& the Mel spectra for the harmonic
component an the raRdom componenef are combined as a weighted sum to

form an estimate ofﬁactei’se-témjcertbli’lfeespredmm hMEslepS';@pellt_ﬁumed has

oM S M SN S e
spectrum is 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 MFCC  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 iInto 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, 1in
FIG. 16, a mobile device of the present invention
utilizes an infrared sensor 1600 that 1is generally
aimed at the user’s face, notably the mouth region,
and generates a signal 1iIndicative of a change in

30 facial movement of the user that corresponds to



where X(t) is the estimate of the noise-reduced Mel spectrum, Yh(t) is the
harmonic component Mel 25 spectrum, Y,(t) is the random component Mel
spectrum, ah(t) is the scaling factor determined above, a, is a fixed scaling
factor for the random component that in one embodiment is set equal to .1,
and the time index -38- t is used to emphasize that the scaling factor for the
harmonic component is determined for eagdh frame while the scaling factor

for the random component remains fixed. Note that in other embodiments,
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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 user's face, notably the
mouth region, and generates a signal indicative of a change in 30 facial
movement of the user that corresponds 1@g39- speech. The signal generated
by infrared sensor 1600 can be used as the alternative sensor signal in the
technigues descabed geova.Although the present invention has been 5
descrlfed with reference to particula miodi ents, workers skilled in the art
will rebognize that endRRMR)RREELG, 5 S CRBRRARIGH
departing from the gpiritzaind scopel ot teoinveniionopHbrWHARAS CtéMEPLs
IS: 1. A mobile hand-held device comprising: an air conduction micro%)i‘won .
that converts acoustic wafs8 Hﬁ§ 45 eledy er%icroﬁlﬁ‘oqr% sigﬁgl indi ﬁ%&n‘c
a frame of speech; at least Drecgltevnative segeardothamtacadriae of a
ponduqtion microphone th%fr Jols vicciﬁ_s an &Ie%%r_ic alternative sensor signal
indicative of the frame of speec based on coritact between a

at least one alternative sensor other than

an air conduction microphone that
provides an electric alternative
sensor signal indicative of the frame
of speech based on contact between a
user and at least one of at least two
contact points are provided on
opposite sides of a speaker in the
hand-held device; and

a processor that uses the microphone signal
and the alternative sensor signal to
estimate a clean speech value for the
frame of speech.

2. The mobile hand-held device of claim 1
wherein the at least one alternative sensor comprises

a bone conduction sensor.

3. The mobile hand-held device of claim 1
wherein the at least one alternative sensor comprises
a second alternative sensor that provides a second

alternative sensor signal.



user and at least one of at least two contact points are provided on opposite
sides of a speaker in the hand-held device; and a processor that uses the
microphone signal and the alternative sensor signal to estimate a clean
speech value for the frame of speech. 2. The mobile hand-held device of
claim 1 wherein the at least one alternative sensor comprises a bone
conduction sensor. 3. The mobile hand-hglg-device of claim 1 wherein the at
least one alternative sensor comprises a second alternative sensor that

provides a second Hiigrnative BRasohsigiahedtt 4. ddeiwebilefandheith 3
device of claim 3 WHerein the alternative sensor and the second . alternative

sensolShiHe bbHE corfLEGERREAYSrs. 8ERFMobHandhEld dSGE8Nd
of clainl tewhatdivéhassbie haodgrad debordasonthfictidenasdasighs .
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.
6. Thémobile handiinedd deslceled cldian8l-fnehdr calmpisiag sofelectlan unit 4

that seiReqIe Bhbe AIBTRIVRSREHENIUE0TL1° 058 Y AHEPE e
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.

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

sensor signal.

8. The mobile hand-held device of claim 1
wherein the speaker 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



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 sensor signal. 8. The mobile hand-held device of claim 1 wherein
the speaker generates a sound based on the amount of noise in the clean
speech value. 9. The mobile hand-held dggice of claim 1 further comprising
a proximity sensor that produces a -42- proximity signal indicative of the

distansedyeiweey tha grebile ingd-bakidevicendisa oliipstai:d hesxanien

hand-held device of claim 9 wherejn the processor determines the clean
speec @am%\{]d:'s%dﬁﬁpgwé od%’rfecggﬁgfit@aﬁggﬁ\te sensor signal
and the proximity signal. 11. The mobile hand-held device of claim 10
wherejn the processor determings the clean speech value through a process
complilgng: determining arpﬁ’rlléllo %on%%(ﬂ%ﬂéﬁin tge}ﬁ'ec(ﬁeag pe ‘cii‘?‘\’glueg
basedvbe ttea mictihyghorarsigesk deterdetimgnramalsernabiee sehean speech
C.O”t“%ti‘g%to&a%é%eaé‘n“’ﬁ?&hM?E’Fogﬁ?% °g Eg%gi‘?m%ﬂ‘ée A1t native
signal; and weighting the microphone contribution an

sensor signal and the proximity signal.

11. The mobile hand-held device of claim 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 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
wherein the speaker generates a sound based on the
proximity signal.

13. The mobile hand-held device of claim 1
wherein the at least one alternative sensor comprises
a pressure transducer that is hydraulically coupled
to a pad filled with a medium.



the alternative sensor contribution based on the proximity signal. 12. The
mobile hand-held device of claim 9 wherein the speaker generates a sound
based on the proximity signal. 13. The mobile hand-held device of claim 1
wherein the at least one alternative sensor comprises a pressure transducer
that is hydraulically coupled to a pad filled with a medium. -43- 14. The
mobile hand-held device of claim 13 wheggin 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. 15.
The 4)|Ie hand-h (ﬁggewc af clal 13 Whe e af least o e aII'lerrJatlve
sens rther prov ||ln‘?ty ghel- T@ 6erer1a hefel @dVice 13

of cIawhéBe\i/herehiethmom@l|ty1a|gdah@mprt$ee ceC hrasnpanerefcn‘ agide
electrical SI nal ced the ressyre transdycer. 17..The mo

hand %eﬂj w'c@éi?tjl (3% r%TchI a%t% naﬁsfger?so(ii%lgﬁg whereln
compitites padC hasn@nfiratheelketrmal ignatpeodleddt bypiade and a
pressgetr%réde%JCFEil() A{ﬁat}% held.mﬁ)gll Eigwce comprising: an air

conduction mic ophone ha converts cous ic’'waves into an electric
15. The mobile hand-held device of claim 13
wherein the at least one alternative sensor further

provides a proximity signal.

16. The mobile hand-held device of claim 15
wherein the proximity signal comprises a DC component
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. A hand-held mobile device comprising:
an air conduction microphone that converts
acoustic waves into an electric
microphone signal indicative of a
frame of speech;
an alternative sensor other than the air
conduction microphone that provides an



microphone signal indicative of a frame of speech; an alternative sensor
other than the air conduction microphone that provides an -44- electric
alternative sensor signal indicative of the frame of speech; a proximity
sensor that provides an electric proximity signal that is indicative of the
distance from the mobile device to an object; and a clean signal estimator
that uses the microphone signal, the alteqaative signal and the proximity
signal to remove noise from the microphone signal and thereby produce an

enhanced clean speech signatt¥S d he aanéﬂmi\@ile e ef Clayigkial

further comprising a speaker that produces a based %n an estimate of
the level of noise in the elfSHEAAYE YPeddifsi HQW%OO hehahb held

mobile device of claam 1&rwlsmmlrt§he erisahewcem@ducepmﬁ/iedbsncedm
clean speech signal by u5| e prOX|m| 0 weight a ontri ut| nto_
the enhanced clean speec% z{ fhat |8'¥8?§% #th é%ﬂ ati sor
signal. 21. The hand-held mabileadeinee obdiainttad vdmtmmzelghﬁngmhethe

contribution comprises givrinncgO ﬁ% can |pg%or{ esgnw%'ﬁgwjeen 5 %proxmlty
a clean signal estimator that uses the
microphone signal, the alternative
signal and the proximity signal to
remove noise from the microphone
signal and thereby produce an enhanced

clean speech signal.

19. The hand-held mobile device of claim 18
further comprising a speaker that produces a sound
based on an estimate of the level of noise iIn the
enhanced clean speech signal.

20. The hand-held mobile device of claim 18
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 1s formed from the alternative sensor signal.

21. The hand-held mobile device of claim 20
wherein weighting the contribution comprises giving
the contribution less weight when the proximity



-45- signal indicates that the mobile device is far from the object. 22. The
hand-held mobile device of claim 18 further comprising a speaker that
produces a sound based on the proximity signal. 23. The hand-held mobile
device of claim 22 wherein the volume of the sound increases as the
proximity signal indicates that the distance between the mobile device and
the object increases. 24. The hand-held-mghile device of claim 18 wherein
the alternative sensor signal and the proximity sensor signal are produced by

a singig gmsori A6 Eaadgndthald motile NieTPof dlairicd Whereivtherom
smgle %ﬁ)com rises a pressure transducer that provides an electrical
S|gnal | signal having a DC component that represents the
prOX|m|ty signal and an AC component that represents the alternative sensor
signal, 26. A method in alﬁand hﬁpl obile de ice, the method ;Oirlsmg
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23. The hand-held mobile device of claim 22
wherein the volume of the sound 1increases as the
proximity signal indicates that the distance between

the mobile device and the object increases.

24 . The hand-held mobile device of claiml8
wherein the alternative sensor signal and the
proximity sensor signal are produced by a single

sensor.

25. The hand-held mobile device of claim 24
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.

26. A method i1in a hand-held mobile device, the
method comprising:
receiving an ailr conduction microphone
signal indicative of a frame of
speech;



of the frame 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 in the mobile
device. 27. The method of claim 26 wherein the volume of the sound
increases as the estimate of the noise inggases. 28. The method of claim 26
further comprising receiving a proximity sensor signal that indicates the

distance between thegwbilgrigvicaiand an ebjeth tandusingiheqiroxidiynal
sensor signal when estimatiq%the enhanced C|%] speech value. 29. The _
method of claim 28 wheret&8g the tBXimity 8¥hsor Sdfal cofiphgiction

weighting a contribution tomilarephaed slegnspeethatlud shati iddeyaveive
from the alternative sensor sigpal bq;ed on the proximity sensor signal. -47-
30. The method of claim 28%/\/%%?? in \58[&%8 a Qgﬁfg}%ution comprises
applying a greater weighintot ilmg coatribetdradeddd rbeathe sfieptchiveval ue

sensor_signal when the PoXimity sgnsg g3 N USRS RS TSPERhone
device is close to an object.

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 1iIn the

mobile device.

27 . The method of claim 26 wherein the volume
of the sound iIncreases as the estimate of the noise

increases.

28. The method of claim 26 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.

29. The method of claim 28 wherein using 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.



31. The method of claim 30 wherein the object is a user's head.

-47-

30. The method of claim 29 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.

31. The method of claim 30 wherein the object

is a user"s head.





