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SYSTEMS AND METHODS FOR DYNAMIC
RE-CONFIGURABLE SPEECH
RECOGNITION

[0001] The present application is a continuation of U.S.
patent application Ser. No. 09/972,929, filed Oct. 10, 2001,
which claims the benefit of U.S. Provisional Application No.
60/240,324 entitled “Hidden Markov Model Environmental
Compensation for Automatic Speech Recognition on Hand
Held” filed on Oct. 13, 2000, the contents of which are incor-
porated herein in their entirety.

BACKGROUND OF THE INVENTION

[0002] 1. Field of Invention

[0003] This invention relates to a method and apparatus for
automatic speech recognition.

[0004] 2. Description of Related Art

[0005] Mobile device usage has increased as mobile
devices can store more information and more information can
be accessed over networks. However, conventional input
methods for mobile devices such as web-enabled phones,
personal communication systems, handheld personal digital
assistants and other mobile devices is limited. For example,
the size of keyboards on mobile devices is limited due to the
need to make the mobile device as small and compact as
possible.

[0006] Conventional limited size keyboards typically use
multi-functions keys to further reduce size and space require-
ments. Multi-function keys are keys that depend on the selec-
tion of previous key sequences. Multi-function keys can be
used to perform many different functions. However, when the
number of additional functions increases, multi-function key-
boards become difficult to use and the input method becomes
error prone. Decreasing the size of keyboards with multi-
function keys further increases the likelihood of mis-keying
due to the smaller key size. Thus, decreased size multifunc-
tion keys are also error prone and difficult to use. Some
manufacturers have attempted to address these problems with
the use of predictive text entry input methods. For example,
the T-9® predictive text entry system used in many web-
enabled phones attempts to predict complete words as the
keystrokes for each word are entered. However, the T-9®
predictive text entry system mis-identifies words, is not easily
adapted to words in different languages and requires the use
of'a keyboard and are not easy to use.

[0007] Some manufacturers of mobile devices have
attempted to address keyboard input problems by increasing
the size of the mobile device keyboard. For example, the
Ericsson model R380 and R380s web-enabled phones are
equipped with a flip-up keypad that reveals a larger touch
sensitive screen for input functions. However, these touch
sensitive screens are expensive, increase the likelihood of
damage to the device, increase power requirements and there-
fore battery size and fail to provide the user with an input
method that is easy to use.

[0008] Some personal digital assistant device manufactur-
ers such as Palm and Handspring have attempted to address
these limitations of conventional input methods by adding
handwriting recognition software to their mobile devices
such as personal digital assistants. However, handwriting rec-
ognition software is also error prone, requires that the user be
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trained to write in ways easily recognizable by the handwrit-
ing recognition software and fails to provide an input method
that is easy to use.

[0009] Automatic speech recognition provides an easy to
use input method for mobile devices. However, conventional
speech recognition systems for mobile devices provide
speech recognition on a specific device and require interven-
tion by a user such as training. If the user must replace a lost
or damaged device with a new device, the new device must be
retrained before use or the accuracy of the device is lessened.
Also as the user’s usage environment deviates from the train-
ing environment, the accuracy ofthe voice recognition will be
affected.

[0010] Other conventional speech recognition systems use
speaker independent models either in the device or in the
network. However, these conventional speaker independent
speech recognition devices do not automatically compensate
for the changing environments and/or differing transducer
response characteristics.

[0011] For example, each phone or web-enabled phone is
likely to use a transducer having different response charac-
teristics. The response characteristics associated with a head
mounted transducer or microphone used in Internet telephony
applications is likely to differ from a Jabra hands-free Ear-
Set® microphone used by a hands-free mobile phone user.
Conventional speech recognition systems assume each
mobile device has the same response characteristics with the
result that the accuracy of the speech recognition is reduced.
[0012] Similarly, for background noise, the user of an Inter-
net telephony application will experience a quiet and predict-
able background noise environment while a user of a mobile
phone will experience a constantly changing background
noise environment. Conventional speech recognition systems
assume each mobile device experiences the same background
noise resulting in reduced accuracy of the speech recognition
system.

SUMMARY OF THE INVENTION

[0013] Alternate modes of input for mobile devices that are
easy to use and that require little user training would therefore
be useful. In various exemplary embodiments according to
this invention, individual transducer characteristics and spe-
cific background environmental noise characteristics are
determined and used to adapt speech recognition models.
Various other exemplary embodiments according to this
invention also provide systems and methods for applying
models of transducer characteristics and specific background
environmental noise characteristics to speech recognition
models such as speaker independent Hidden Markov Models.

BRIEF DESCRIPTION OF THE DRAWINGS

[0014] FIG. 1isageneral overview ofa firstembodiment of
a dynamic re-configurable speech recognition system accord-
ing to this invention;

[0015] FIG. 2 is a general overview of exemplary environ-
ments in which mobile devices may be used according to this
invention;

[0016] FIG. 3 is a general overview of a second embodi-
ment of a dynamic re-configurable speech recognition system
according to this invention;

[0017] FIG. 4 shows an exemplary embodiment of a
dynamic re-configurable speech recognition system accord-
ing to this invention; and
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[0018] FIG. 5 is a flowchart of an exemplary method for
dynamic re-configurable speech recognition according to this
invention.

DETAILED DESCRIPTION OF EXEMPLARY
EMBODIMENTS

[0019] FIG.11isa general overview ofa firstembodiment of
a dynamic re-configurable speech recognition system accord-
ing to this invention. Mobile phone 30, voice-enabled per-
sonal digital assistant 50, voice-enabled computer 60, web
server 80, dialog server 100, automatic speech recognition
server 110 and dynamic re-configurable speech recognition
system 120 are each connected to communications link 110.
[0020] According to a first exemplary embodiment of this
invention, a user of mobile phone 30 initiates a voice request
for information from information repository, digital library or
web server 80. The voice request is then forwarded to the
dynamic re-configurable speech recognition system 120. The
dynamic re-configurable speech recognition system 120 acts
as a gateway or proxy that mediates access to information
contained in the information repository, digital library or web
server 80. For example, the information repository, digital
library or web server 80 may encode the information encoded
in HTML, PDF, XML and/or VXML pages or any other
known or later developed encoding or formatting of informa-
tion.

[0021] After receiving a voice request for information from
mobile phone 30, the dynamic re-configurable speech recog-
nition system 120 determines the identification of the user.
Since most mobile devices are personal communication
devices that are permanently assigned to a single user, a
mobile device identifier may be used to identify the user.
However, for shared mobile devices such as a shared phone
used by several different people, a unique user code may be
entered at the beginning of the usage session and transmitted
with each voice request to identify the user to the dynamic
re-configurable speech recognition system 120. Alterna-
tively, the dynamic re-configurable speech recognition sys-
tem 120 may dynamically adapt the mobile phone 30 to each
additional user of the voice enabled phone 30. The user iden-
tifier may be based on rules associated with the phone such as
time of day, day of the week or any other information or
method of user identification without departing from the
spirit or scope of this invention.

[0022] The dynamic re-configurable speech recognition
system 120 retrieves speaker independent speech recognition
models based on the user identification. For example, the
dynamic re-configurable speech recognition system 120 may
retrieve Hidden Markov Models of speech, neural networks
parameters, reference templates or any other parameterizable
speech recognition model. Based on a user identifier such as
a user telephone number or terminal identifier, user specific
transformations, background models and/or transducer mod-
els may be applied to generate a user specific speech recog-
nition model. It will be apparent that the use of a Hidden
Markov Models is merely exemplary and that any known or
later developed speech recognition model may be used with-
out departing from the spirit or scope of this invention.
[0023] The dynamic re-configurable speech recognition
system 120 determines an estimate of the background noise
parameters. The parameters of the background model are
saved in storage for the user of mobile phone 30. An estimate
of the noise introduced by the current transducer of mobile
phone 30 is also generated and saved for the user of mobile
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phone 30. The background estimation and transducer estima-
tion parameters of the background model and transducer
model for the user of mobile phone 30 are used to adapt the
speaker independent speech recognition model to the current
background environment and transducer characteristics of
the user of mobile phone 30.

[0024] The background and transducer adapted speaker
independent speech recognition model for the user of mobile
phone 30 and the voice request are forwarded to automatic
speech recognition server 110.

[0025] The automatic speech recognition server 110 ana-
lyzes the voice request based on the background and trans-
ducer adapted speaker independent speech recognition model
for the user of mobile phone 30. The dialog server 100 coor-
dinates the required interactions with the user to create a
query for the application. For example, the dialog server 100
may request that the user specify a middle initial or street
name in a telephone directory application so that “John G.
Smith” may be correctly distinguished from “John C. Smith”
in the query results.

[0026] The voice request is translated into an information
request such as a HTTP protocol request. The information
request is forwarded to the information repository, digital
library and/or web server 80. The web server 80 retrieves the
requested information. The requested information such as a
web page or query result is sent to a dialog server 100. The
dialog server 100 translates the requested information into a
spoken response. The speech is encoded onto the communi-
cations link 110 and sent to the mobile phone 30. The auto-
matic speech recognition server 110, the dialog server 100,
the dynamic re-configurable speech recognition system 120
and the information repository, digital library and/or web
server 80 are shown as separate devices for discussion pur-
poses. However, it will be apparent that in various other
exemplary devices according to this invention, any one or
more of the automatic speech recognition server 110, the
dialog server 100, the dynamic re-configurable speech recog-
nition system 120 and the information repository, digital
library and/or web server 80 may be contained in a single
device. Moreover, the automatic speech recognition server
110 may use any system or method of speech recognition
capable of receiving speech recognition models or param-
eters.

[0027] Voice requests for information from a user of voice-
enabled personal digital assistant 50 are similarly forwarded
to dynamic re-configurable speech recognition system 120.
The user of voice enabled personal digital assistant 50 is
identified and based on the user identification information
and the information in the voice-request, parameters of the
background model and the transducer model are estimated.
The user specific background model and transducer model
are used to dynamically adapt the speaker independent
speech recognition models at determined intervals. The
speech recognition model is automatically and dynamically
compensated with respect to background noise and trans-
ducer induced noise.

[0028] FIG. 2 is a general overview of exemplary environ-
ments in which mobile devices may be used according to this
invention. In various alternative embodiments according to
this invention, voice-requests from users may be received
from a voice enabled office environment 10, voice enabled
home environment 20 and/or voice enabled vehicle environ-
ment 70. For example, in a conference or seminar held in a
voice enabled office environment 10, an office user may be
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associated with microphones in the voice enabled office envi-
ronment. The dynamic re-configurable speech recognition
system 120 (not shown) may be used to automatically apply
appropriate adaptations for each microphone as the back-
ground noise environment changes. In various other exem-
plary embodiments according to this invention, identified
users of the dynamic re-configurable speech recognition sys-
tem 120 (not shown) in the voice enabled office environment
10 may initiate voice requests to display information from an
information source accessible over communication link 110.
Alternatively, the automatically recognized speech may be
automatically transcribed for later printing, review and/or
discussion.

[0029] Similarly, in a voice-enabled vehicle environment
70, the identified users of the voice enabled vehicle environ-
ment 70 may also request information such as map directions
for head-up display, may adjust entertainment systems, tem-
perature controls or any other system and/or device requiring
input without departing from the spirit or scope of this inven-
tion.

[0030] FIG. 3 is a general overview of a second embodi-
ment of a dynamic re-configurable speech recognition system
according to this invention. Voice-enabled personal digital
assistant 51 may directly incorporate a dialog server 100' (not
shown), automatic speech recognition server 110' (not
shown) and dynamic re-configurable speech recognition sys-
tem 120' (not shown) to initiate voice requests for information
over communications link 110 to web server 80. In contrast,
voice-enabled computer 60, and web server 80 connected to
communications link 110 initiate voice requests through dia-
log server 100, automatic speech recognition server 110 and
dynamic re-configurable speech recognition system 120.

[0031] For example, voice-enabled personal digital assis-
tant 51 may include a VisorPhone® peripheral attached to the
Handspring Visor® personal digital assistant 51. The micro-
phone of the VisorPhone® peripheral may have different
microphone characteristics than the microphone contained in
the Jabra EarSet®, or the Ericsson R380 or R380s smart-
phone discussed above. Since a different microphone has
been selected, the same user may experience different effects
from the background noise on the accuracy of the automatic
speech recognition system. However in various exemplary
embodiments according to this invention, the dynamic re-
configurable speech recognition system 120' (not shown)
contained within the personal digital assistant 51 dynamically
adapts the speech recognition models based on the user’s
current transducer and background noise environment.

[0032] FIG. 4 shows an exemplary embodiment of a
dynamic re-configurable speech recognition system 120. The
dynamic re-configurable speech recognition system 120
includes a controller 121, transducer model estimation circuit
122, memory 123, transducer model estimation storage 124,
transducer model adaptation circuit 125, background model
estimation circuit 126, background model estimation storage
127, background model adaptation circuit 128, optional
speech recognition model storage 134 and sample delay stor-
age 135 each connected through input/output circuit 136 to
communication link 110.

[0033] In a first exemplary embodiment according to this
invention, a voice request for information is received over
communications link 110. The controller 121 reads the
sample delay storage 135 and based in the specified delay
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activates the background model estimation circuit 126 to
determine the background noise environment of the voice
request.

[0034] The background model estimation circuit 126 con-
stantly determines the background model. For example, the
background model estimation circuit 126 may sample the
periods of speech inactivity to determine the parameters of
the background noise environment for the user’s current loca-
tion. In various other exemplary embodiments, the sample
delay may be set to a high sampling frequency to capture
changes as the user traverses environments or as the user
changes transducers. In various other exemplary embodi-
ments, the sampling frequency may be set to reduce the num-
ber of samples.

[0035] A speech recognition model, such as a speaker inde-
pendent Hidden Markov Model, is retrieved from storage. It
will be apparent that the speech recognition model may be
stored in a separate server, stored in optional speech recog-
nition model storage 134 of the dynamic tunable speech rec-
ognition system 120 or in any location accessible via com-
munications link 110.

[0036] The background model adaptation circuit 128 is
activated to adapt the retrieved speech recognition model
based on the results of the background model estimation
circuit 126 for the user. In this way, compensation for the
user’s background noise environment is provided. The back-
ground model is stored in the background model storage 127.
In various alternative embodiments, the background model
may be stored in a configuration server (not shown) as further
discussed in co-pending applications entitled “SYSTEMS
AND METHODS FOR AUTOMATIC SPEECH RECOGNI-
TION”, attorney docket numbers 109041 and 109040, hereby
incorporated by reference in their entirety. The configuration
server may located in any other location accessible via com-
munication link 110.

[0037] The controller 121 activates the transducer model
estimation circuit 122 to determine a model of the transducer
characteristics and to determine how the user’s current trans-
ducer characteristics relate to the response characteristics of
the transducers used to develop the speech recognition model.
For example, the relationship between the user’s actual trans-
ducer and the training transducer or microphone can be deter-
mined by determining an easily recognized word having low
ambiguity in a received voice request. The predicted signal
for the easily recognized low ambiguity word is compared
with the background adapted signal for the easily recognized
low ambiguity word. The relationship between the predicted
and background adapted signals reflect the difference
between the user’s actual transducer and the transducers used
during initial input. In various other exemplary embodiments,
the response characteristics may be determined by polling the
mobile device for transducer information, having the mobile
device send new information when the transducer informa-
tion changes, or using any other known or later developed
supervised or unsupervised calibration process.

[0038] The controller 121 activates the transducer model
adaptation circuit 125 to adapt the retrieved background
adapted speech recognition model with the parameters of the
transducer model. The transducer and background adapted
speech recognition model compensates for the noise of the
transducer used in each device. The estimated parameters of
the transducer model] are stored in the transducer model stor-
age 124.
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[0039] In various exemplary embodiments according to
this invention, the frequency of background estimates and
transducer estimates made is based on the specified sample
delay storage 135. However, it will be apparent that in various
other embodiments according to this invention, the sample
delay may be set to a specific value, dynamically determined
based on the frequency or magnitude of determined changes
in the sampled information, sampled continuously or may
employ any other known or later developed technique of
sampling the background and transducer noise information
without departing from the spirit or scope of this invention.
[0040] If the sample delay storage indicates that a sample
has occurred within the period indicated by the sample value,
the controller 121 may retrieve the background estimation
from background model storage 127 and retrieves transducer
estimations from transducer model storage 124.

[0041] In one exemplary embodiment according to this
invention, the speech recognition models are retrieved from
optional speech recognition model storage memory 134 into
memory 123. The retrieved speech recognition models are
then adapted by the background model estimation circuit 126
to compensate for background noise in the user’s current
environment. The transducer adaptation circuit 125 adapts
the background adapted speech recognition models for trans-
ducer or microphone noise. The background and transducer
adapted speech recognition models and the voice request are
output by the input/output circuit 136 over communication
link 110 to automatic speech recognition server 110. The
automatic speech recognition server 110 dynamically deter-
mines the user’s speech information in the received voice
request based on background and transducer adapted speech
recognition models.

[0042] FIG. 5 is a flowchart of an exemplary method for
dynamic speech recognition according to this invention. The
process begins at step 200, control is then immediately trans-
ferred to step 210.

[0043] Instep 210 asampledelay period is determined. The
sample delay period reflects the amount of time or delay that
will occur between each sample of the background informa-
tion and transducer information. In various exemplary
embodiments of this invention, a specific sample delay may
be set in a memory location, may be determined dynamically
based on a degree of change determined between successive
samples.

[0044] For example, a sample delay period may be
increased as successive comparisons of the background esti-
mation and the transducer estimation do not exceed a thresh-
old value. As changes are detected between successive com-
parisons of the background estimations and transducer
estimations, the sample delay period may be decreased to
more quickly respond to future changes. Alternatively any
known or later developed method of determining a sample
delay may be used in the practice of this invention. After the
sample delay period is determined, control is transterred to
step 220.

[0045] Instep 220, the parameters of the background noise
in the user’s environment is determined. The parameters of
the background model may be estimated by comparing a
sampled period of silence with a previously determined
period of silence. The determined differences may be used to
estimate the current background noise. However, it will be
apparent that any known or later developed method of deter-
mining background noise may be used in the practice of this
invention. Control is then transferred to step 230.
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[0046] In step 230, the estimated parameters of the back-
ground model are saved. The estimated parameters may be
saved in random access memory, flash memory, magnetic
storage, magneto-optical storage or any other known or later
developed storage medium. Control is then transferred to step
240.

[0047] The parameters of the transducer model are deter-
mined in step 240. The estimated parameters of the transducer
model may indicate the users’ type of microphone, the
response characteristics of the microphone, head-mount
characteristics, in-ear characteristics, equivalency to another
microphone or any other information concerning the
response of the microphone or transducer. In various alterna-
tive embodiments according to this invention, the parameters
of the transducer may be determined dynamically. For
example, after compensating for the background environ-
ment, the speech recognition model produced for un-ambigu-
ous words may be dynamically compared to previously
sampled un-ambiguous words to dynamically estimate
parameters of the transducer model.

[0048] The transducer model is used to adjust for differing
response characteristics of the transducers found in various
devices. For example, the transducer response characteristics
for a Jabra EarSet® microphone-earphone combination will
differ from the response characteristics of a Sennheiser
HMD410 headset and the transducer in an Ericsson R380s
smartphone. The transducer model is based on the determined
relationship between each user’s actual transducer or micro-
phone and the transducers or microphones used in developing
the original speaker independent speech recognition model.
After the parameters of the transducer model are estimated,
control is transferred to step 250.

[0049] In step 250, the determined transducer model is
saved. For example, the transducer model may be saved in
random access memory, flash memory, magnetic storage,
magneto-optical storage or any other known or later devel-
oped storage medium. Control is then transferred to step 260.
[0050] Instep 260, aspeech recognition model is retrieved.
The retrieved speech recognition model may be a Hidden
Markov Model, a neural network or any other known or later
developed speech recognition model. In various exemplary
embodiments, the speech recognition model may be retrieved
from random access memory, flash memory, magnetic stor-
age, magneto-optical storage or any other known or later
developed storage medium. Control is then transferred to step
270.

[0051] In step 270, the speech recognition models are
adapted with the determined background model retrieved
from storage based on the user. In various other exemplary
embodiments according to this invention, the background
adapted speech recognition model for the user may be saved
in memory. Control is transferred to step 280.

[0052] In step 280, the background adapted speech recog-
nition model is adapted with a determined transducer model
retrieved from storage based on the user. Control continues to
step 290.

[0053] In step 290, a determination is made whether the
user’s voice request session has ended. If a user of a mobile
device has initiated a session with a voice enabled informa-
tion provider number such as TELLME Corporation, the
termination of the user’s call will coincide with the termina-
tion of the user’s session. However, in various other exem-
plary embodiments, a user session may start before the user
initiates a call to an information provider. For example, a
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network operator may voice-enable the initiation of a call to
allow users to voice dial number in the network. In this case,
the start of a user session will coincide with the start of
network call initiation. In various other exemplary embodi-
ments according to this invention, the dynamic speech recog-
nition system may be used in second and third generation
mobile networks. For example, GPRS always-on packet
based networks may be used to carry the voice request infor-
mation. In this case, a method of determining a user session
might be a users’ voice command to initiate a call or make a
connection over the GPRS network. However, it will be
apparent that any known or later developed method of deter-
mining a user session may be used without departing from the
spirit or scope of this invention.

[0054] If the end of session is not determined in step 290,
control is transferred to step 300 and the process is delayed for
the sample delay period. The delay period may be set to a
pre-determined value or may be adjusted dynamically. For
example, the delay period may be based on detected changes
in the background environment and/or the transducer envi-
ronment. Control then continues to step 220 and the process
continues until it is determined in step 290 that the user
session has been terminated.

[0055] The user session may be terminated by the user
pressing the “END” key of a voice-activated phone, turning
off the device, by a voice-command such as a voice-off or any
other known or later developed method of indicating an end of
auser session. When a determination is made in step 290 that
the user session has been terminated, control continues to step
310 and the process ends.

[0056] In the various exemplary embodiments outlined
above, the dynamic re-configurable speech recognition sys-
tem 120 can be implemented using a programmed general
purpose computer. However, the dynamic re-configurable
speech recognition system 120 can also be implemented
using a special purpose computer, a programmed micropro-
cessor or micro-controller and peripheral integrated circuit
elements, an ASIC or other integrated circuit, a digital signal
processor, a hardwired electronic or logic circuit such as a
discrete element circuit, a programmable logic device such as
a PLD, PLA, FPGA or PAL, or the like. In general, any
device, capable of implementing a finite state machine that is
in turn capable of implementing the flowchart shown in FIG.
5 can be used to implement the dynamic re-configurable
speech recognition system 120.

[0057] Each of the circuits 121-136 of the dynamic re-
configurable speech recognition system 120 outlined above
can be implemented as portions of a suitably programmed
general purpose computer. Alternatively, circuits 121-136 of
the dynamic re-configurable speech recognition system 120
outlined above can be implemented as physically distinct
hardware circuits within an ASIC, or using a FPGA, aPDL, a
PLA or a PAL, or using discrete logic elements or discrete
circuit elements. The particular form each of the circuits
121-136 of dynamic re-configurable speech recognition sys-
tem 120 outlined above will take is a design choice and will be
obvious and predicable to those skilled in the art.

[0058] Moreover, dynamic re-configurable speech recog-
nition system 120 and/or each of the various circuits dis-
cussed above can each be implemented as software routines,
managers or objects executing on a programmed general pur-
pose computer, a special purpose computer, a microprocessor
or the like. In this case, dynamic re-configurable speech rec-
ognition system 120 and/or each of the various circuits dis-
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cussed above can each be implemented as one or more rou-
tines embedded in the communications network, as aresource
residing on a server, or the like. The dynamic re-configurable
speech recognition system 120 and the various circuits dis-
cussed above can also be implemented by physically incor-
porating dynamic re-configurable speech recognition system
120 into a software and/or hardware system, such as the
hardware and software systems of a voice-enabled device.
[0059] AsshowninFIG. 4, the memory 123, the transducer
model storage memory 124, the background model storage
memory 127, and/or the sample delay storage memory 135
can each be implemented using any appropriate combination
ofalterable, volatile or non-volatile memory or non-alterable,
or fixed, memory. The alterable memory, whether volatile or
non-volatile, can be implemented using any one or more of
static or dynamic RAM, a floppy disk and disk drive, a write-
able or rewrite-able optical disk and disk drive, a hard drive,
flash memory or the like. Similarly, the non-alterable or fixed
memory can be implemented using any one or more of ROM,
PROM, EPROM, EEPROM, an optical ROM disk, such as a
CD-ROM or DVD-ROM disk, and disk drive or the like.
[0060] The communication links 110 shown in FIGS. 1-4
can each be any known or later developed device or system for
connecting a communication device to the dynamic re-con-
figurable speech recognition system 120, including a direct
cable connection, a connection over a wide area network or a
local area network, a connection over an intranet, a connec-
tion over the Internet, or a connection over any other distrib-
uted processing network or system. In general, the commu-
nication links 110 can each be any known or later developed
connection system or structure usable to connect devices and
facilitate communication

[0061] Further, it should be appreciated that the communi-
cation link 110 can be a wired or wireless link to a network.
The network can be a local area network, a wide area network,
an intranet, the Internet, or any other distributed processing
and storage network.

[0062] While this invention has been described in conjunc-
tion with the exemplary embodiments outlines above, it is
evident that many alternatives, modifications and variations
will be apparent to those skilled in the art. Accordingly, the
exemplary embodiments of the invention, as set forth above,
are intended to be illustrative, not limiting. Various changes
may be made without departing from the spirit and scope of
the invention.

What is claimed is:

1. A method of performing speech recognition, the method
comprising:

receiving a voice request from a user at the device;

determining an identity of the user;

retrieving a speaker independent speech recognition model

based on the user identification; and

if the user is new to the device, dynamically adapting the

device to provide speech recognition specific to the new
user.

2. The method of claim 1, wherein determining the identity
of'the user occurs by receiving a unique user code at a begin-
ning of a usage session.

3. The method of claim 1, wherein dynamically adapting
further comprises adapting a background model and trans-
ducer model based on the identified user.

4. The method of claim 1, further comprising:

estimating a background noise parameter and a transducer

noise parameter; and
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adapting the speaker independent speech recognition
model based on the background noise parameter and the
transducer noise parameter.

5. The method of claim 1, further comprising:

generating a user-specific speech recognition model based
at least on a background model, a transducer model and
the user identification.

6. The method of claim 1, further comprising performing
the speech recognition for the new user on speech received by
the device.

7. A device for processing speech, the device comprising:

a processor;

a module configured to control a processor to receive a
voice request from a user of the device;

a module configured to control the processor to determine
an identity of the user;

a module configured to control the processor to retrieve a
speaker independent speech recognition model based on
the user identification; and

a module configured to control the processor, if the user is
new to the device, to dynamically adapt the device to
provide speech recognition specific to the new user.

8. The device of claim 7, wherein the module configured to
control the processor to determine the identity of the user
occurs by receiving a unique user code at a beginning of a
usage session.

9. The device of claim 7, wherein the module configured to
control the processor to dynamically adapt further adapts a
background model and a transducer model based on the iden-
tified user.

10. The device of claim 7, further comprising a module
configured to control the processor to estimate a background
noise parameter and a transducer noise parameter and a mod-
ule configured to control the processor to adapt the speaker
independent speech recognition model based on the esti-
mated background noise parameter and the transducer noise
parameter.

11. The device of claim 7, further comprising a module
configured to control the processor to generate a user specific
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speech recognition model based on at least one of a back-
ground model, a transducer model and user identification.

12. The device of claim 7, further comprising a module
configured to control the processor to perform speech recog-
nition for the new user for speech received by the device.

13. A computer-readable medium storing instructions for
controlling a device to process speech, the instructions com-
prising:

receiving a voice request from a user at the device;

determining an identity of the user;

retrieving a speaker independent speech recognition model

based on the user identification; and

if the user is new to the device, dynamically adapting the

device to provide speech recognition specific to the new
user.

14. The computer-readable medium of claim 13, wherein
the instruction of determining the identity of the user occurs
by receiving a unique user code at a beginning of a usage
session.

15. The computer-readable medium of claim 13, wherein
the instruction of dynamically adapting further comprises
adapting a background model and a transducer model based
on the identified user.

16. The computer-readable medium of claim 13, wherein
the instructions further comprise:

estimating a background noise parameter and a transducer

noise parameter; and

adapting the speaker independent speech recognition

model based on the background noise parameter and the
transducer noise parameter.

17. The computer-readable medium of claim 13, wherein
the instructions further comprise:

generating a user-specific speech recognition model based

at least on a background model, a transducer model and
the user identification.

18. The computer-readable medium of claim 13, wherein
the instructions further comprise performing the speech rec-
ognition for the new user on speech received by the device.
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