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SENDING A COMMUNICATIONS HEADER
WITH VOICE RECORDING TO SEND
METADATA FOR USE IN SPEECH
RECOGNITION, FORMATTING, AND
SEARCH MOBILE SEARCH APPLICATION
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BACKGROUND

1. Field

The present invention is related to speech recognition, and
specifically to speech recognition in association with a
mobile communications facility or a device that provides a
service to a user such as a music-playing device or a naviga-
tion system.

2. Description of the Related Art

Speech recognition, also known as automatic speech rec-
ognition, is the process of converting a speech signal to a
sequence of words by means of an algorithm implemented as
a computer program. Speech recognition applications that
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have emerged in recent years include voice dialing (e.g., call
home), call routing (e.g., I would like to make a collect call),
simple data entry (e.g., entering a credit card number), and
preparation of structured documents (e.g., a radiology
report). Current systems are either not for mobile communi-
cation devices or utilize constraints, such as requiring a speci-
fied grammar, to provide real-time speech recognition.

SUMMARY

In embodiments, a solution to the instantiation problem
may be to implement “application naming.” A name may be
assigned to the application, and the user is told that they must
address the application (or their digital “personal assistant™)
by name before telling the application what they want—e.g.,
“Vlingo, call John Jones.” If the time needed to say the name
before the command is sufficient to allow the key press to be
detected, only part of the name will be cut off, and the com-
mand will be left intact. While the command itself is fully
intact, the problem of dealing with a clipped name remains,
since we must “remove” this remnant so that it doesn’t get
incorporated into the interpretation of the spoken command.
Giving the application a name has the additional advantage
that it can “personalize” it, making it seem more like a human
assistant than software, and increasing acceptance of the
application.

In embodiments, the present invention may provide for a
method of interacting with a mobile communication facility
comprising receiving a switch activation from a user to ini-
tiate a speech recognition recording session, wherein the
speech recognition recording session comprises a voice com-
mand from the user followed by the speech to be recognized
from the user; recording the speech recognition recording
session using a mobile communication facility resident cap-
ture facility; recognizing at least a portion of the voice com-
mand as an indication that user speech for recognition will
begin following the end of the at least a portion of the voice
command; recognizing the recorded speech using a speech
recognition facility to produce an external output; and using
the selected output to perform a function on the mobile com-
munication facility. In embodiments, the voice command
may be a single word or multiple words. The switch may be a
physical switch on the mobile communication facility. The
switch may be a virtual switch displayed on the mobile com-
munications facility. The voice command may be pre-de-
fined. The voice command may be an application name. The
voice command may be user selectable. The user may input
the voice command by voice input, by typing, and the like.
The voice command may be verified by the characteristics of
the user’s voice. The at least a portion of the voice command
may be a portion of the command that was not clipped off
during the speech recognition recording session as a result of
user providing the command before the mobile communica-
tion facility resident capture facility was ready to receive. The
recognizing at least a portion of the voice command may be
through language modeling. The language modeling may
involve collecting examples of portions of the voice com-
mand as spoken by a plurality of users. The recognizing at
least a portion of the voice command may be through dictio-
nary representation, acoustic modeling, and the like. The
acoustic modeling may create a statistical model that can be
used in Hidden Markov Model processing to fit a sound of the
at least a portion of the voice command. The at least a portion
ofthe voice command may be an individual sound, a plurality
of sounds, and the like. The acoustic modeling may involve
collecting examples of sounds for the voice command as
spoken by a plurality of users. The speech recognition facility
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may be internal to the mobile communication facility, exter-
nal to the mobile communication facility, or a combination of
the two. The recognizing at least a portion of the voice com-
mand may be performed internal to the mobile communica-
tion facility, and recognizing the recorded speech may be
performed external to the mobile communications facility.

In embodiments, the present invention may provide for a
method of interacting with a mobile communication facility
comprising receiving a switch activation from a user to ini-
tiate a speech recognition recording session, wherein the
speech recognition recording session comprises a voice com-
mand from the user followed by the speech to be recognized
from the user; recording the speech recognition recording
session using a mobile communication facility resident cap-
ture facility; recognizing the voice command as an indication
that user speech for recognition will begin following the end
of voice command; recognizing the recorded speech using a
speech recognition facility to produce an external output; and
using the selected output to perform a function on the mobile
communication facility.

These and other systems, methods, objects, features, and
advantages of the present invention will be apparent to those
skilled in the art from the following detailed description of the
preferred embodiment and the drawings. All documents men-
tioned herein are hereby incorporated in their entirety by
reference.

BRIEF DESCRIPTION OF THE FIGURES

The invention and the following detailed description of
certain embodiments thereof may be understood by reference
to the following figures:

FIG. 1 depicts a block diagram of the mobile environment
speech processing facility.

FIG. 1A depicts a block diagram of a music system.

FIG. 1B depicts a block diagram of a navigation system.

FIG. 1C depicts a block diagram of a mobile communica-
tions facility.

FIG. 2 depicts a block diagram of the automatic speech
recognition server infrastructure architecture.

FIG. 2A depicts a block diagram of the automatic speech
recognition server infrastructure architecture including a
component for tagging words.

FIG. 2B depicts a block diagram of the automatic speech
recognition server infrastructure architecture including a
component for real time human transcription.

FIG. 3 depicts a block diagram of the application infra-
structure architecture.

FIG. 4 depicts some of the components of the ASR Client.

FIG. 5A depicts the process by which multiple language
models may be used by the ASR engine.

FIG. 5B depicts the process by which multiple language
models may be used by the ASR engine for a navigation
application embodiment.

FIG. 5C depicts the process by which multiple language
models may be used by the ASR engine for a messaging
application embodiment.

FIG. 5D depicts the process by which multiple language
models may be used by the ASR engine for a content search
application embodiment.

FIG. 5E depicts the process by which multiple language
models may be used by the ASR engine for a search applica-
tion embodiment.

FIG. 5F depicts the process by which multiple language
models may be used by the ASR engine for a browser appli-
cation embodiment.

FIG. 6 depicts the components of the ASR engine.
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FIG. 7 depicts the layout and initial screen for the user
interface.

FIG. 7A depicts the flow chart for determining application
level actions.

FIG. 7B depicts a searching landing page.

FIG. 7C depicts a SMS text landing page

FIG. 8 depicts a keypad layout for the user interface.

FIG. 9 depicts text boxes for the user interface.

FIG. 10 depicts a first example of text entry for the user
interface.

FIG. 11 depicts a second example of text entry for the user
interface.

FIG. 12 depicts a third example of text entry for the user
interface.

FIG. 13 depicts speech entry for the user interface.

FIG. 14 depicts speech-result correction for the user inter-
face.

FIG. 15 depicts a first example of navigating browser
screen for the user interface.

FIG. 16 depicts a second example of navigating browser
screen for the user interface.

FIG. 17 depicts packet types communicated between the
client, router, and server at initialization and during a recog-
nition cycle.

FIG. 18 depicts an example of the contents of a header.

FIG. 19 depicts the format of a status packet.

DETAILED DESCRIPTION

The current invention may provide an unconstrained, real-
time, mobile environment speech processing facility 100, as
shown in FIG. 1, that allows a user with a mobile communi-
cations facility 120 to use speech recognition to enter text into
an application 112, such as a communications application, an
SMS message, IM message, e-mail, chat, blog, or the like, or
any other kind of application, such as a social network appli-
cation, mapping application, application for obtaining direc-
tions, search engine, auction application, application related
to music, travel, games, or other digital media, enterprise
software applications, word processing, presentation soft-
ware, and the like. In various embodiments, text obtained
through the speech recognition facility described herein may
be entered into any application or environment that takes text
input.

In an embodiment of the invention, the user’s 130 mobile
communications facility 120 may be a mobile phone, pro-
grammable through a standard programming language, such
as Java, C, Brew, C++, and any other current or future pro-
gramming language suitable for mobile device applications,
software, or functionality. The mobile environment speech
processing facility 100 may include a mobile communica-
tions facility 120 that is preloaded with one or more applica-
tions 112. Whether an application 112 is preloaded or not, the
user 130 may download an application 112 to the mobile
communications facility 120. The application 112 may be a
navigation application, a music player, a music download
service, a messaging application such as SMS or email, a
video player or search application, a local search application,
amobile search application, a general internet browser, or the
like. There may also be multiple applications 112 loaded on
the mobile communications facility 120 at the same time. The
user 130 may activate the mobile environment speech pro-
cessing facility’s 100 user interface software by starting a
program included in the mobile environment speech process-
ing facility 120 or activate it by performing a user 130 action,
such as pushing a button or a touch screen to collect audio into
a domain application. The audio signal may then be recorded
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and routed over a network to servers 110 of the mobile envi-
ronment speech processing facility 100. Text, which may
represent the user’s 130 spoken words, may be output from
the servers 110 and routed back to the user’s 130 mobile
communications facility 120, such as for display. In embodi-
ments, the user 130 may receive feedback from the mobile
environment speech processing facility 100 on the quality of
the audio signal, for example, whether the audio signal has the
right amplitude; whether the audio signal’s amplitude is
clipped, such as clipped at the beginning or at the end;
whether the signal was too noisy; or the like.

The user 130 may correct the returned text with the mobile
phone’s keypad or touch screen navigation buttons. This pro-
cess may occur in real-time, creating an environment where a
mix of speaking and typing is enabled in combination with
other elements on the display. The corrected text may be
routed back to the servers 110, where an Automated Speech
Recognition (ASR) Server infrastructure 102 may use the
corrections to help model how a user 130 typically speaks,
what words are used, how the user 130 tends to use words, in
what contexts the user 130 speaks, and the like. The user 130
may speak or type into text boxes, with keystrokes routed
back to the ASR server infrastructure 102.

In addition, the hosted servers 110 may be run as an appli-
cation service provider (ASP). This may allow the benefit of
running data from multiple applications 112 and users 130,
combining them to make more effective recognition models.
This may allow usage based adaptation of speech recognition
to the user 130, to the scenario, and to the application 112.

One of the applications 112 may be a navigation applica-
tion which provides the user 130 one or more of maps, direc-
tions, business searches, and the like. The navigation appli-
cation may make use of a GPS unit in the mobile
communications facility 120 or other means to determine the
current location of the mobile communications facility 120.
The location information may be used both by the mobile
environment speech processing facility 100 to predict what
users may speak, and may be used to provide better location
searches, maps, or directions to the user. The navigation
application may use the mobile environment speech process-
ing facility 100 to allow users 130 to enter addresses, business
names, search queries and the like by speaking.

Another application 112 may be a messaging application
which allows the user 130 to send and receive messages as
text via Email, SMS, IM, or the like to and from other people.
The messaging application may use the mobile environment
speech processing facility 100 to allow users 130 to speak
messages which are then turned into text to be sent via the
existing text channel.

Another application 112 may be a music application which
allows the user 130 to play music, search for locally stored
content, search for and download and purchase content from
network-side resources and the like. The music application
may use the mobile environment speech processing facility
100 to allow users 130 to speak song title, artist names, music
categories, and the like which may be used to search for music
content locally or in the network, or may allow users 130 to
speak commands to control the functionality of the music
application.

Another application 112 may be a content search applica-
tion which allows the user 130 to search for music, video,
games, and the like. The content search application may use
the mobile environment speech processing facility 100 to
allow users 130 to speak song or artist names, music catego-
ries, video titles, game titles, and the like which may be used
to search for content locally or in the network
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Another application 112 may be a local search application
which allows the user 130 to search for business, addresses,
and the like. The local search application may make use of a
GPS unit in the mobile communications facility 120 or other
means to determine the current location of the mobile com-
munications facility 120. The current location information
may be used both by the mobile environment speech process-
ing facility 100 to predict what users may speak, and may be
used to provide better location searches, maps, or directions
to the user. The local search application may use the mobile
environment speech processing facility 100 to allow users
130 to enter addresses, business names, search queries and the
like by speaking.

Another application 112 may be a general search applica-
tion which allows the user 130 to search for information and
content from sources such as the World Wide Web. The gen-
eral search application may use the mobile environment
speech processing facility 100 to allow users 130 to speak
arbitrary search queries.

Another application 112 may be a browser application
which allows the user 130 to display and interact with arbi-
trary content from sources such as the World Wide Web. This
browser application may have the full or a subset of the
functionality of a web browser found on a desktop or laptop
computer or may be optimized for a mobile environment. The
browser application may use the mobile environment speech
processing facility 100 to allow users 130 to enter web
addresses, control the browser, select hyperlinks, or fill in text
boxes on web pages by speaking.

In an embodiment, the speech recognition facility 142 may
be built into a device, such as a music device 140 or a navi-
gation system 150, where the speech recognition facility 142
may be referred to as an internal speech recognition facility
142, resident speech recognition facility 142, device inte-
grated speech recognition facility 142, local speech recogni-
tion facility 142, and the like. In this case, the speech recog-
nition facility allows users to enter information such as a song
or artist name or a navigation destination into the device, and
the speech recognition is preformed on the device. Inembodi-
ments, the speech recognition facility 142 may be provided
externally, such as in a hosted server 110, in a server-side
application infrastructure 122, on the Internet, on an intranet,
through a service provider, on a second mobile communica-
tions facility 120, and the like. In this case, the speech recog-
nition facility may allow the user to enter information into the
device, where speech recognition is performed in a location
other than the device itself, such as in a networked location. In
embodiments, speech recognition may be performed internal
to the device; external to the device; in a combination, where
the results of the resident speech recognition facility 142 are
combined with the results of the external speech recognition
facility 142; in a selected way, where the result is chosen from
the resident speech recognition facility 142 and/or external
speech recognition facility 142 based on a criteria such as
time, policy, confidence score, network availability, and the
like.

FIG. 1 depicts an architectural block diagram for the
mobile environment speech processing facility 100, includ-
ing a mobile communications facility 120 and hosted servers
110 The ASR client may provide the functionality of speech-
enabled text entry to the application. The ASR server infra-
structure 102 may interface with the ASR client 118, in the
user’s 130 mobile communications facility 120, via a data
protocol, such as a transmission control protocol (TCP) con-
nection or the like. The ASR server infrastructure 102 may
also interface with the user database 104. The user database
104 may also be connected with the registration 108 facility.
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The ASR server infrastructure 102 may make use of external
information sources 124 to provide information about words,
sentences, and phrases that the user 130 is likely to speak. The
application 112 in the user’s mobile communication facility
120 may also make use of server-side application infrastruc-
ture 122, also via a data protocol. The server-side application
infrastructure 122 may provide content for the applications,
such as navigation information, music or videos to download,
search facilities for content, local, or general web search, and
the like. The server-side application infrastructure 122 may
also provide general capabilities to the application such as
translation of HTML or other web-based markup into a form
which is suitable for the application 112. Within the user’s
130 mobile communications facility 120, application code
114 may interface with the ASR client 118 via a resident
software interface, such as Java, C, C++, and the like. The
application infrastructure 122 may also interface with the
user database 104, and with other external application infor-
mation sources 128 such as the World Wide Web 330, or with
external application-specific content such as navigation ser-
vices, music, video, search services, and the like.

FIG. 1A depicts the architecture in the case where the
speech recognition facility 142 as described in various pre-
ferred embodiments disclosed herein is associated with or
built into a music device 140. The application 112 provides
functionality for selecting songs, albums, genres, artists, play
lists and the like, and allows the user 130 to control a variety
of other aspects of the operation of the music player such as
volume, repeat options, and the like. In an embodiment, the
application code 114 interacts with the ASR client 118 to
allow users to enter information, enter search terms, provide
commands by speaking, and the like. The ASR client 118
interacts with the speech recognition facility 142 to recognize
the words that the user spoke. There may be a database of
music content 144 on or available to the device which may be
used both by the application code 114 and by the speech
recognition facility 142. The speech recognition facility 142
may use data or metadata from the database of music content
144 to influence the recognition models used by the speech
recognition facility 142. There may be a database of usage
history 148 which keeps track of the past usage of the music
system 140. This usage history 148 may include songs,
albums, genres, artists, and play lists the user 130 has selected
in the past. In embodiments, the usage history 148 may be
used to influence the recognition models used in the speech
recognition facility 142. This influence of the recognition
models may include altering the language models to increase
the probability that previously requested artists, songs,
albums, or other music terms may be recognized in future
queries. This may include directly altering the probabilities of
terms used in the past, and may also include altering the
probabilities of terms related to those used in the past. These
related terms may be derived based on the structure of the
data, for example groupings of artists or other terms based on
genre, so that if a user asks for an artist from a particular
genre, the terms associated with other artists in that genre may
be altered. Alternatively, these related terms may be derived
based on correlations of usages of terms observed in the past,
including observations of usage across users. Therefore, it
may be learned by the system that if a user asks for artistl,
they are also likely to ask about artist2 in the future. The
influence of the language models based on usage may also be
based on error-reduction criteria. So, not only may the prob-
abilities of used terms be increased in the language models,
but in addition, terms which are misrecognized may be penal-
ized in the language models to decrease their chances of
future misrecognitions.
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FIG. 1B depicts the architecture in the case where the
speech recognition facility 142 is built into a navigation sys-
tem 150. The navigation system 150 might be an in-vehicle
navigation system, a personal navigation system, or other
type of navigation system. In embodiments the navigation
system 150 might, for example, be a personal navigation
system integrated with a mobile phone or other mobile facil-
ity as described throughout this disclosure. The application
112 of the navigation system 150 can provide functionality
for selecting destinations, computing routes, drawing maps,
displaying points of interest, managing favorites and the like,
and can allow the user 130 to control a variety of other aspects
of the operation of the navigation system, such as display
modes, playback modes, and the like. The application code
114 interacts with the ASR client 118 to allow users to enter
information, destinations, search terms, and the like and to
provide commands by speaking. The ASR client 118 interacts
with the speech recognition facility 142 to recognize the
words that the user spoke. There may be a database of navi-
gation-related content 154 on or available to the device. Data
or metadata from the database of navigation-related content
154 may be used both by the application code 114 and by the
speech recognition facility 142. The navigation content or
metadata may include general information about maps,
streets, routes, traffic patterns, points of interest and the like,
and may include information specific to the user such as
address books, favorites, preferences, default locations, and
the like. The speech recognition facility 142 may use this
navigation content 154 to influence the recognition models
used by the speech recognition facility 142. There may be a
database of usage history 158 which keeps track of the past
usage of the navigation system 150. This usage history 158
may include locations, search terms, and the like that the user
130 has selected in the past. The usage history 158 may be
used to influence the recognition models used in the speech
recognition facility 142. This influence of the recognition
models may include altering the language models to increase
the probability that previously requested locations, com-
mands, local searches, or other navigation terms may be
recognized in future queries. This may include directly alter-
ing the probabilities of terms used in the past, and may also
include altering the probabilities of terms related to those
used in the past. These related terms may be derived based on
the structure of the data, for example business names, street
names, or the like within particular geographic locations, so
that if a user asks for a destination within a particular geo-
graphic location, the terms associated with other destinations
within that geographic location may be altered. Or, these
related terms may be derived based on correlations of usages
of terms observed in the past, including observations of usage
across users. So, it may be learned by the system that if a user
asks for a particular business name they may be likely to ask
for other related business names in the future. The influence
of the language models based on usage may also be based on
error-reduction criteria. So, not only may the probabilities of
used terms be increased in the language models, but in addi-
tion, terms which are misrecognized may be penalized in the
language models to decrease their chances of future misrec-
ognitions.

FIG. 1C depicts the case wherein multiple applications
112, each interact with one or more ASR clients 118 and use
speech recognition facilities 110 to provide speech input to
each of the multiple applications 112. The ASR client 118
may facilitate speech-enabled text entry to each of the mul-
tiple applications. The ASR server infrastructure 102 may
interface with the ASR clients 118 via a data protocol, such as
a transmission control protocol (TCP) connection, HTTP, or
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the like. The ASR server infrastructure 102 may also interface
with the user database 104. The user database 104 may also be
connected with the registration 108 facility. The ASR server
infrastructure 102 may make use of external information
sources 124 to provide information about words, sentences,
and phrases that the user 130 is likely to speak. The applica-
tions 112 in the user’s mobile communication facility 120
may also make use of server-side application infrastructure
122, also via a data protocol. The server-side application
infrastructure 122 may provide content for the applications,
such as navigation information, music or videos to download,
search facilities for content, local, or general web search, and
the like. The server-side application infrastructure 122 may
also provide general capabilities to the application such as
translation of HTML or other web-based markup into a form
which is suitable for the application 112. Within the user’s
130 mobile communications facility 120, application code
114 may interface with the ASR client 118 via a resident
software interface, such as Java, C, C++, and the like. The
application infrastructure 122 may also interface with the
user database 104, and with other external application infor-
mation sources 128 such as the World Wide Web, or with
external application-specific content such as navigation ser-
vices, music, video, search services, and the like. Each of the
applications 112 may contain their own copy of the ASR
client 118, or may share one or more ASR clients 118 using
standard software practices on the mobile communications
facility 118. Each of the applications 112 may maintain state
and present their own interfaces to the user or may share
information across applications. Applications may include
music or content players, search applications for general,
local, on-device, or content search, voice dialing applications,
calendar applications, navigation applications, email, SMS,
instant messaging or other messaging applications, social
networking applications, location-based applications, games,
and the like. In embodiments speech recognition models may
be conditioned based on usage of the applications. In certain
preferred embodiments, a speech recognition model may be
selected based on which of the multiple applications running
on a mobile device is used in connection with the ASR client
118 for the speech that is captured in a particular instance of
use.

FIG. 2 depicts the architecture for the ASR server infra-
structure 102, containing functional blocks for the ASR client
118, ASR router 202, ASR server 204, ASR engine 208,
recognition models 218, usage data 212, human transcription
210, adaptation process 214, external information sources
124, and user 130 database 104. In a typical deployment
scenario, multiple ASR servers 204 may be connected to an
ASR router 202; many ASR clients 118 may be connected to
multiple ASR routers 102 and network traffic load balancers
may be presented between ASR clients 118 and ASR routers
202. The ASR client 118 may present a graphical user 130
interface to the user 130, and establishes a connection with
the ASR router 202. The ASR client 118 may pass informa-
tion to the ASR router 202, including a unique identifier for
the individual phone (client ID) that may be related to a user
130 account created during a subscription process, and the
type of phone (phone ID). The ASR client 118 may collect
audio from the user 130. Audio may be compressed into a
smaller format. Compression may include standard compres-
sion scheme used for human-human conversation, or a spe-
cific compression scheme optimized for speech recognition.
The user 130 may indicate that the user 130 would like to
perform recognition. Indication may be made by way of
pressing and holding a button for the duration the user 130 is
speaking. Indication may be made by way of pressing a button
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to indicate that speaking will begin, and the ASR client 118
may collect audio until it determines that the user 130 is done
speaking, by determining that there has been no speech within
some pre-specified time period. In embodiments, voice activ-
ity detection may be entirely automated without the need for
an initial key press, such as by voice trained command, by
voice command specified on the display of the mobile com-
munications facility 120, or the like.

The ASR client 118 may pass audio, or compressed audio,
to the ASR router 202. The audio may be sent after all audio
is collected or streamed while the audio is still being col-
lected. The audio may include additional information about
the state of the ASR client 118 and application 112 in which
this client is embedded. This additional information, plus the
client ID and phone ID, comprises at least a portion of the
client state information. This additional information may
include an identifier for the application; an identifier for the
particular text field of the application; an identifier for content
being viewed in the current application, the URL of the cur-
rent web page being viewed in a browser for example; or
words which are already entered into a current text field.
There may be information about what words are before and
after the current cursor location, or alternatively, a list of
words along with information about the current cursor loca-
tion. This additional information may also include other
information available in the application 112 or mobile com-
munication facility 120 which may be helpful in predicting
what users 130 may speak into the application 112 such as the
current location of the phone, information about content such
as music or videos stored on the phone, history of usage ofthe
application, time of day, and the like.

The ASR client 118 may wait for results to come back from
the ASR router 202. Results may be returned as word strings
representing the system’s hypothesis about the words, which
were spoken. The result may include alternate choices of
what may have been spoken, such as choices for each word,
choices for strings of multiple words, or the like. The ASR
client 118 may present words to the user 130, that appear at
the current cursor position in the text box, or shown to the user
130 as alternate choices by navigating with the keys on the
mobile communications facility 120. The ASR client 118
may allow the user 130 to correct text by using a combination
of selecting alternate recognition hypotheses, navigating to
words, seeing list of alternatives, navigating to desired
choice, selecting desired choice, deleting individual charac-
ters, using some delete key on the keypad or touch screen;
deleting entire words one at a time; inserting new characters
by typing on the keypad; inserting new words by speaking;
replacing highlighted words by speaking; or the like. The list
of alternatives may be alternate words or strings of word, or
may make use of application constraints to provide a list of
alternate application-oriented items such as songs, videos,
search topics or the like. The ASR client 118 may also give a
user 130 a means to indicate that the user 130 would like the
application to take some action based on the input text; send-
ing the current state of the input text (accepted text) back to
the ASR router 202 when the user 130 selects the application
action based on the input text; logging various information
about user 130 activity by keeping track of user 130 actions,
such as timing and content of keypad or touch screen actions,
or corrections, and periodically sending it to the ASR router
202; or the like.

The ASR router 202 may provide a connection between the
ASR client 118 and the ASR server 204. The ASR router 202
may wait for connection requests from ASR clients 118. Once
a connection request is made, the ASR router 202 may decide
which ASR server 204 to use for the session from the ASR
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client 118. This decision may be based on the current load on
each ASR server 204; the best predicted load on each ASR
server 204; client state information; information about the
state of each ASR server 204, which may include current
recognition models 218 loaded on the ASR engine 208 or
status of other connections to each ASR server 204; informa-
tion about the best mapping of client state information to
server state information; routing data which comes from the
ASR client 118 to the ASR server 204; or the like. The ASR
router 202 may also route data, which may come from the
ASR server 204, back to the ASR client 118.

The ASR server 204 may wait for connection requests from
the ASR router 202. Once a connection request is made, the
ASR server 204 may decide which recognition models 218 to
use given the client state information coming from the ASR
router 202. The ASR server 204 may perform any tasks
needed to get the ASR engine 208 ready for recognition
requests from the ASR router 202. This may include pre-
loading recognition models 218 into memory or doing spe-
cific processing needed to get the ASR engine 208 or recog-
nition models 218 ready to perform recognition given the
client state information. When a recognition request comes
from the ASR router 202, the ASR server 204 may perform
recognition on the incoming audio and return the results to the
ASR router 202. This may include decompressing the com-
pressed audio information, sending audio to the ASR engine
208, getting results back from the ASR engine 208, optionally
applying a process to alter the words based on the text and on
the Client State Information (changing “five dollars” to $5 for
example), sending resulting recognized text to the ASR router
202, and the like. The process to alter the words based on the
text and on the Client State Information may depend on the
application 112, for example applying address-specific
changes (changing “seventeen dunster street” to “17 dunster
st.”) in a location-based application 112 such as navigation or
local search, applying internet-specific changes (changing
“yahoo dot com” to “yahoo.com”) in a search application
112, and the like.

The ASR router 202 may be a standard internet protocol or
http protocol router, and the decisions about which ASR
server to use may be influenced by standard rules for deter-
mining best servers based on load balancing rules and on
content of headers or other information in the data or meta-
data passed between the ASR client 118 and ASR server 204.

In the case where the speech recognition facility is built-
into a device, each of these components may be simplified or
non-existent.

The ASR server 204 may log information to the usage data
212 storage. This logged information may include audio com-
ing from the ASR router 202, client state information, recog-
nized text, accepted text, timing information, user 130
actions, and the like. The ASR server 204 may also include a
mechanism to examine the audio data and decide if the cur-
rent recognition models 218 are not appropriate given the
characteristics of the audio data and the client state informa-
tion. In this case the ASR server 204 may load new or addi-
tional recognition models 218, do specific processing needed
to get ASR engine 208 or recognition models 218 ready to
perform recognition given the client state information and
characteristics of the audio data, rerun the recognition based
on these new models, send back information to the ASR
router 202 based on the acoustic characteristics causing the
ASR to send the audio to a different ASR server 204, and the
like.

The ASR engine 208 may utilize a set of recognition mod-
els 218 to process the input audio stream, where there may be
a number of parameters controlling the behavior of the ASR
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engine 208. These may include parameters controlling inter-
nal processing components of the ASR engine 208, param-
eters controlling the amount of processing that the processing
components will use, parameters controlling normalizations
of the input audio stream, parameters controlling normaliza-
tions of the recognition models 218, and the like. The ASR
engine 208 may output words representing a hypothesis of
what the user 130 said and additional data representing alter-
nate choices for what the user 130 may have said. This may
include alternate choices for the entire section of audio; alter-
nate choices for subsections of this audio, where subsections
may be phrases (strings of one or more words) or words;
scores related to the likelihood that the choice matches words
spoken by the user 130; or the like. Additional information
supplied by the ASR engine 208 may relate to the perfor-
mance of the ASR engine 208. The core speech recognition
engine 208 may include automated speech recognition
(ASR), and may utilize a plurality of models 218, such as
acoustic models 220, pronunciations 222, vocabularies 224,
language models 228, and the like, in the analysis and trans-
lation of user 130 inputs. Personal language models 228 may
be biased for first, last name in an address book, user’s 130
location, phone number, past usage data, or the like. As a
result of this dynamic development of user 130 speech pro-
files, the user 130 may be free from constraints on how to
speak; there may be no grammatical constraints placed on the
mobile user 130, such as having to say something in a fixed
domain. The user 130 may be able to say anything into the
user’s 130 mobile communications facility 120, allowing the
user 130 to utilize text messaging, searching, entering an
address, or the like, and ‘speaking into’ the text field, rather
than having to type everything.

The recognition models 218 may control the behavior of
the ASR engine 208. These models may contain acoustic
models 220, which may control how the ASR engine 208
maps the subsections of the audio signal to the likelihood that
the audio signal corresponds to each possible sound making
up words in the target language. These acoustic models 220
may be statistical models, Hidden Markov models, may be
trained on transcribed speech coming from previous use of
the system (training data), multiple acoustic models with each
trained on portions of the training data, models specific to
specific users 130 or groups of users 130, or the like. These
acoustic models may also have parameters controlling the
detailed behavior of the models. The recognition models 218
may include acoustic mappings, which represent possible
acoustic transformation effects, may include multiple acous-
tic mappings representing different possible acoustic trans-
formations, and these mappings may apply to the feature
space of the ASR engine 208. The recognition models 218
may include representations of the pronunciations 222 of
words in the target language. These pronunciations 222 may
be manually created by humans, derived through a mecha-
nism which converts spelling of words to likely pronuncia-
tions, derived based on spoken samples of the word, and may
include multiple possible pronunciations for each word in the
vocabulary 224, multiple sets of pronunciations for the col-
lection of words in the vocabulary 224, and the like. The
recognition models 218 may include language models 228,
which represent the likelihood of various word sequences that
may be spoken by the user 130. These language models 228
may be statistical language models, n-gram statistical lan-
guage models, conditional statistical language models which
take into account the client state information, may be created
by combining the effects of multiple individual language
models, and the like. The recognition models 218 may
include multiple language models 228 which may be used in
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a variety of combinations by the ASR engine 208. The mul-
tiple language models 228 may include language models 228
meant to represent the likely utterances of a particular user
130 or group of users 130. The language models 228 may be
specific to the application 112 or type of application 112.

In embodiments, methods and systems disclosed herein
may function independent of'the structured grammar required
in most conventional speech recognition systems. As used
herein, references to “unstructured grammar” and “unstruc-
tured language models” should be understood to encompass
language models and speech recognition systems that allow
speech recognition systems to recognize a wide variety of
input from users by avoiding rigid constraints or rules on what
words can follow other words. One implementation of an
unstructured language model is to use statistical language
models, as described throughout this disclosure, which allow
a speech recognition system to recognize any possible
sequence of a known list of vocabulary items with the ability
to assign a probability to any possible word sequence. One
implementation of statistical language models is to use
n-gram models, which model probabilities of sequences of n
words. These n-gram probabilities are estimated based on
observations of the word sequences in a set of training or
adaptation data. Such a statistical language model typically
has estimation strategies for approximating the probabilities
of unseen n-gram word sequences, typically based on prob-
abilities of shorter sequences of words (so, a 3-gram model
would make use of 2-gram and 1-gram models to estimate
probabilities of 3-gram word sequences which were not well
represented in the training data). References throughout to
unstructured grammars, unstructured language models, and
operation independent of a structured grammar or language
model encompass all such language models, including such
statistical language models.

The multiple language models 228 may include language
models 228 designed to model words, phrases, and sentences
used by people speaking destinations for a navigation or local
search application 112 or the like. These multiple language
models 228 may include language models 228 about loca-
tions, language models 228 about business names, language
models 228 about business categories, language models 228
about points of interest, language models 228 about
addresses, and the like. Each of these types of language mod-
els 228 may be general models which provide broad coverage
for each of the particular type of ways of entering a destina-
tion or may be specific models which are meant to model the
particular businesses, business categories, points of interest,
or addresses which appear only within a particular geo-
graphic region.

The multiple language models 228 may include language
models 228 designed to model words, phrases, and sentences
used by people speaking into messaging applications 112.
These language models 228 may include language models
228 specific to addresses, headers, and content fields of a
messaging application 112. These multiple language models
228 may be specific to particular types of messages or mes-
saging application 112 types.

The multiple language models 228 may include language
models 228 designed to model words, phrases, and sentences
used by people speaking search terms for content such as
music, videos, games, and the like. These multiple language
models 228 may include language models 228 representing
artist names, song names, movie titles, TV show, popular
artists, and the like. These multiple language models 228 may
be specific to various types of content such as music or video
category or may cover multiple categories.
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The multiple language models 228 may include language
models 228 designed to model words, phrases, and sentences
used by people speaking general search terms into a search
application. The multiple language models 228 may include
language models 228 for particular types of search including
content search, local search, business search, people search,
and the like.

The multiple language models 228 may include language
models 228 designed to model words, phrases, and sentences
used by people speaking text into a general internet browser.
These multiple language models 228 may include language
models 228 for particular types of web pages or text entry
fields such as search, form filling, dates, times, and the like.

Usage data 212 may be a stored set of usage data 212 from
the users 130 of the service that includes stored digitized
audio that may be compressed audio; client state information
from each audio segment; accepted text from the ASR client
118; logs of user 130 behavior, such as key-presses; and the
like. Usage data 212 may also be the result of human tran-
scription 210 of stored audio, such as words that were spoken
by user 130, additional information such as noise markers,
and information about the speaker such as gender or degree of
accent, or the like.

Human transcription 210 may be software and processes
for a human to listen to audio stored in usage data 212, and
annotate data with words which were spoken, additional
information such as noise markers, truncated words, infor-
mation about the speaker such as gender or degree of accent,
orthe like. A transcriber may be presented with hypothesized
text from the system or presented with accepted text from the
system. The human transcription 210 may also include a
mechanism to target transcriptions to a particular subset of
usage data 212. This mechanism may be based on confidence
scores of the hypothesized transcriptions from the ASR server
204.

The adaptation process 214 may adapt recognition models
218 based on usage data 212. Another criterion for adaptation
214 may be to reduce the number of errors that the ASR
engine 208 would have made on the usage data 212, such as
by rerunning the audio through the ASR engine 208 to see if
there is a better match of the recognized words to what the
user 130 actually said. The adaptation 214 techniques may
attempt to estimate what the user 130 actually said from the
annotations of the human transcription 210, from the
accepted text, from other information derived from the usage
data 212, or the like. The adaptation 214 techniques may also
make use of client state information 514 to produce recogni-
tion models 218 that are personalized to an individual user
130 or group of users 130. For a given user 130 or group of
users 130, these personalized recognition models 218 may be
created from usage data 212 for thatuser 130 or group, as well
as data from users 130 outside of the group such as through
collaborative-filtering techniques to determine usage patterns
from a large group of users 130. The adaptation process 214
may also make use of application information to adapt rec-
ognition models 218 for specific domain applications 112 or
text fields within domain applications 112. The adaptation
process 214 may make use of information in the usage data
212 to adapt multiple language models 228 based on infor-
mation in the annotations of the human transcription 210,
from the accepted text, from other information derived from
the usage data 212, or the like. The adaptation process 214
may make use of external information sources 124 to adapt
the recognition models 218. These external information
sources 124 may contain recordings of speech, may contain
information about the pronunciations of words, may contain
examples of words that users 130 may speak into particular
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applications, may contain examples of phrases and sentences
which users 130 may speak into particular applications, and
may contain structured information about underlying entities
or concepts that users 130 may speak about. The external
information sources 124 may include databases of location
entities including city and state names, geographic area
names, zip codes, business names, business categories, points
of interest, street names, street number ranges on streets, and
other information related to locations and destinations. These
databases of location entities may include links between the
various entities such as which businesses and streets appear in
which geographic locations and the like. The external infor-
mation 124 may include sources of popular entertainment
content such as music, videos, games, and the like. The exter-
nal information 124 may include information about popular
search terms, recent news headlines, or other sources of infor-
mation which may help predict what users may speak into a
particular application 112. The external information sources
124 may be specific to a particular application) 12, group of
applications 112, user 130, or group of users 130. The exter-
nal information sources 124 may include pronunciations of
words that users may use. The external information 124 may
include recordings of people speaking a variety of possible
words, phrases, or sentences. The adaptation process 214 may
include the ability to convert structured information about
underlying entities or concepts into words, phrases, or sen-
tences which users 130 may speak in order to refer to those
entities or concepts. The adaptation process 214 may include
the ability to adapt each of the multiple language models 228
based on relevant subsets of the external information sources
124 and usage data 212. This adaptation 214 of language
models 228 on subsets of external information source 124 and
usage data 212 may include adapting geographic location-
specific language models 228 based on location entities and
usage data 212 from only that geographic location, adapting
application-specific language models based on the particular
application 112 type, adaptation 124 based on related data or
usages, or may include adapting 124 language models 228
specific to particular users 130 or groups of users 130 on
usage data 212 from just that user 130 or group of users 130.

The user database 104 may be updated by a web registra-
tion 108 process, by new information coming from the ASR
router 202, by new information coming from the ASR server
204, by tracking application usage statistics, or the like.
Within the user database 104 there may be two separate
databases, the ASR database and the user database 104. The
ASR database may contain a plurality of tables, such as
asr_servers; asr_routers; asr_am (AM, profile name & min
server count); asr_monitor (debugging), and the like. The
user 130 database 104 may also contain a plurality of tables,
such as a clients table including client ID, user 130 ID, pri-
mary user 130 ID, phone number, carrier, phone make, phone
model, and the like; a users 130 table including user 130 ID,
developer permissions, registration time, last activity time,
activity count recent AM ID, recent LM ID, session count, last
session timestamp, AM 1D (default AM for user 130 used
from priming), and the like; a user 130 preferences table
including user 130 ID, sort, results, radius, saved searches,
recent searches, home address, city, state (for geocoding), last
address, city, state (for geocoding), recent locations, city to
state map (used to automatically disambiguate one-to-many
city/state relationship) and the like; user 130 private table
including user 130 ID, first and last name, email, password,
gender, type of user 130 (e.g. data collection, developer, VIP,
etc), age and the like; user 130 parameters table including
user 130 ID, recognition server URL, proxy server URL, start
page URL, logging server URL, logging level, isLogging,
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isDeveloper, or the like; clients updates table used to send
update notices to clients, including client ID, last known
version, available version, minimum available version, time
lastupdated, time last reminded, count since update available,
count since last reminded, reminders sent, reminder count
threshold, reminder time threshold, update URL, update ver-
sion, update message, and the like; or other similar tables,
such as application usage data 212 not related to ASR.

FIG. 2A depicts the case where a tagger 230 is used by the
ASR server 204 to tag the recognized words according to a set
of types of queries, words, or information. For example, in a
navigation system 150, the tagging may be used to indicate
whether a given utterance by a user is a destination entry or a
business search. In addition, the tagging may be used to
indicate which words in the utterance are indicative of each of
a number of different information types in the utterance such
as street number, street name, city name, state name, zip code,
and the like. For example in a navigation application, if the
user said “navigateto 17 dunster street Cambridge Mass.”, the
tagging may be [type=navigate] [state=MA]
[city=Cambridge] [street=dunster] [street_number=17]. The
set of tags and the mapping between word strings and tag sets
may depend on the application. The tagger 230 may get words
and other information from the ASR server 204, or alterna-
tively directly from the ASR engine 208, and may make use of
recognition models 218, including tagger models 232 specifi-
cally designed for this task. In one embodiment, the tagger
models 232 may include statistical models indicating the
likely type and meaning of words (for example “Cambridge”
has the highest probability of being a city name, but can also
be a street name or part of a business name), may include a set
of transition or parse probabilities (for example, street names
tend to come before city names in a navigation query), and
may include a set of rules and algorithms to determine the best
set of tags for a given input. The tagger 230 may produce a
single set of tags for a given word string, or may produce
multiple possible tags sets for the given word string and
provide these to the application. Each of the tag results may
include probabilities or other scores indicating the likelihood
or certainty of the tagging of the input word string.

FIG. 2B depicts the case where real time human transcrip-
tion 240 is used to augment the ASR engine 208. The real time
human transcription 240 may be used to verify or correct the
output of the ASR engine before it is transmitted to the ASR
client 118. The may be done on all or a subset of the user 130
input. If on a subset, this subset may be based on confidence
scores or other measures of certainty from the ASR engine
208 or may be based on tasks where it is already known that
the ASR engine 208 may not perform well enough. The out-
put of the real time human transcription 240 may be fed back
into the usage data 212. The embodiments of FIGS. 2, 2A and
2B may be combined in various ways so that, for example,
real-time human transcription and tagging may interact with
the ASR server and other aspects of the ASR server infrastruc-
ture.

FIG. 3 depicts an example browser-based application
infrastructure architecture 300 including the browser render-
ing facility 302, the browser proxy 604, text-to-speech (TTS)
server 308, TTS engine 310, speech aware mobile portal
(SAMP) 312, text-box router 314, domain applications 312,
scrapper 320, user 130 database 104, and the World Wide Web
330. The browser rendering facility 302 may be a part of the
application code 114 in the user’s mobile communication
facility 120 and may provide a graphical and speech user
interface for the user 130 and display elements on screen-
based information coming from browser proxy 304. Elements
may include text elements, image elements, link elements,
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input elements, format elements, and the like. The browser
rendering facility 302 may receive input from the user 130
and send it to the browser proxy 304. Inputs may include text
in a text-box, clicks on a link, clicks on an input element, or
the like. The browser rendering facility 302 also may main-
tain the stack required for “Back™ key presses, pages associ-
ated with each tab, and cache recently-viewed pages so that
no reads from proxy are required to display recent pages (such
as “Back”™).

The browser proxy 304 may act as an enhanced HTML
browser that issues http requests for pages, http requests for
links, interprets HTML pages, or the like. The browser proxy
304 may convert user 130 interface elements into a form
required for the browser rendering facility 302. The browser
proxy 304 may also handle TTS requests from the browser
rendering facility 302; such as sending text to the TTS server
308; receiving audio from the TTS server 308 that may be in
compressed format; sending audio to the browser rendering
facility 302 that may also be in compressed format; and the
like.

Other blocks of the browser-based application infrastruc-
ture 300 may include a TTS server 308, TTS engine 310,
SAMP 312, user 130 database 104 (previously described), the
World Wide Web 330, and the like. The TTS server 308 may
accept TTS requests, send requests to the TTS engine 310,
receive audio from the TTS engine 310, send audio to the
browser proxy 304, and the like. The TTS engine 310 may
accept TTS requests, generate audio corresponding to words
in the text of the request, send audio to the TTS server 308,
and the like. The SAMP 312 may handle application requests
from the browser proxy 304, behave similar to a web appli-
cation 330, include a text-box router 314, include domain
applications 318, include a scrapper 320, and the like. The
text-box router 314 may accept text as input, similar to a
search engine’s search box, semantically parsing input text
using geocoding, key word and phrase detection, pattern
matching, and the like. The text-box router 314 may also
route parse requests accordingly to appropriate domain appli-
cations 318 or the World Wide Web 330. Domain applications
318 may refer to a number of different domain applications
318 that may interact with content on the World Wide Web
330 to provide application-specific functionality to the
browser proxy. And finally, the scrapper 320 may act as a
generic interface to obtain information from the World Wide
Web 330 (e.g., web services, SOAP, RSS, HTML, scrapping,
and the like) and formatting it for the small mobile screen.

FIG. 4 depicts some of the components of the ASR Client
118. The ASR client 118 may include an audio capture 402
component which may wait for signals to begin and end
recording, interacts with the built-in audio functionality on
the mobile communication facility 120, interact with the
audio compression 408 component to compress the audio
signal into a smaller format, and the like. The audio capture
402 component may establish a data connection over the data
network using the server communications component 410 to
the ASR server infrastructure 102 using a protocol such as
TCP or HTTP. The server communications 410 component
may then wait for responses from the ASR server infrastruc-
ture 102 indicated words which the user may have spoken.
The correction interface 404 may display words, phrases,
sentences, or the like, to the user, 130 indicating what the user
130 may have spoken and may allow the user 130 to correct or
change the words using a combination of selecting alternate
recognition hypotheses, navigating to words, seeing list of
alternatives, navigating to desired choice, selecting desired
choice; deleting individual characters, using some delete key
on the keypad or touch screen; deleting entire words one at a
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time; inserting new characters by typing on the keypad;
inserting new words by speaking; replacing highlighted
words by speaking; or the like. Audio compression 408 may
compress the audio into a smaller format using audio com-
pression technology built into the mobile communication
facility 120, or by using its own algorithms for audio com-
pression. These audio compression 408 algorithms may com-
press the audio into a format which can be turned back into a
speech waveform, or may compress the audio into a format
which can be provided to the ASR engine 208 directly or
uncompressed into a format which may be provided to the
ASR engine 208. Server communications 410 may use exist-
ing data communication functionality built into the mobile
communication facility 120 and may use existing protocols
such as TCP, HTTP, and the like.

FIG. 5A depicts the process S00A by which multiple lan-
guage models may be used by the ASR engine. For the rec-
ognition of a given utterance, a first process 504 may decide
on an initial set of language models 228 for the recognition.
This decision may be made based on the set of information in
the client state information 514, including application 1D,
user 1D, text field ID, current state of application 112, or
information such as the current location of the mobile com-
munication facility 120. The ASR engine 208 may then run
508 using this initial set of language models 228 and a set of
recognition hypotheses created based on this set of language
models 228. There may then be a decision process 510 to
decide if additional recognition passes 508 are needed with
additional language models 228. This decision 510 may be
based on the client state information 514, the words in the
current set of recognition hypotheses, confidence scores from
the most recent recognition pass, and the like. If needed, a
new set of language models 228 may be determined 518
based on the client state information 514 and the contents of
the most recent recognition hypotheses and another pass of
recognition 508 made by the ASR engine 208. Once com-
plete, the recognition results may be combined to form a
single set of words and alternates to pass back to the ASR
client 118.

FIG. 5B depicts the process S00B by which multiple lan-
guage models 228 may be used by the ASR engine 208 for an
application 112 that allows speech input 502 about locations,
such as a navigation, local search, or directory assistance
application 112. For the recognition of a given utterance, a
first process 522 may decide on an initial set of language
models 228 for the recognition. This decision may be made
based on the set of information in the client state information
524, including application ID, user ID, text field ID, current
state of application 112, or information such as the current
location of the mobile communication facility 120. This cli-
ent state information may also include favorites or an address
book from the user 130 and may also include usage history for
the application 112. The decision about the initial set of
language models 228 may be based on likely target cities for
the query 522. The initial set of language models 228 may
include general language models 228 about business names,
business categories, city and state names, points of interest,
street addresses, and other location entities or combinations
of these types of location entities. The initial set of language
models 228 may also include models 228 for each of the types
of location entities specific to one or more geographic
regions, where the geographic regions may be based on the
phone’s current geographic location, usage history for the
particular user 130, or other information in the navigation
application 112 which may be useful in predicting the likely
geographic area the user 130 may want to enter into the
application 112. The initial set of language models 228 may
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also include language models 228 specific to the user 130 or
group to which the user 130 belongs. The ASR engine 208
may then run 508 using this initial set of language models 228
and a set of recognition hypotheses created based on this set
of language models 228. There may then be a decision pro-
cess 510 to decide if additional recognition passes 508 are
needed with additional language models 228. This decision
510 may be based on the client state information 524, the
words in the current set of recognition hypotheses, confidence
scores from the most recent recognition pass, and the like.
This decision may include determining the likely geographic
area of the utterance and comparing that to the assumed
geographic area or set of areas in the initial language models
228. This determining the likely geographic area of the utter-
ance may include looking for words in the hypothesis or set of
hypotheses, which may correspond to a geographic region.
These words may include names for cities, states, areas and
the like or may include a string of words corresponding to a
spoken zip code. If needed, a new set of language models 228
may be determined 528 based on the client state information
524 and the contents of the most recent recognition hypoth-
eses and another pass of recognition 508 made by the ASR
engine 208. This new set of language models 228 may include
language models 228 specific to a geographic region deter-
mined from a hypothesis or set of hypotheses from the pre-
vious recognition pass Once complete, the recognition results
may be combined 512 to form a single set of words and
alternates to pass back 520 to the ASR client 118.

FIG. 5C depicts the process 500C by which multiple lan-
guage models 228 may be used by the ASR engine 208 for a
messaging application 112 such as SMS, email, instant mes-
saging, and the like, for speech input 502. For the recognition
of a given utterance, a first process 532 may decide on an
initial set of language models 228 for the recognition. This
decision may be made based on the set of information in the
client state information 534, including application ID, user
ID, text field ID, or current state of application 112. This
client state information may include an address book or con-
tact list for the user, contents of the user’s messaging inbox
and outbox, current state of any text entered so far, and may
also include usage history for the application 112. The deci-
sion about the initial set of language models 228 may be based
on the user 130, the application 112, the type of message, and
the like. The initial set of language models 228 may include
general language models 228 for messaging applications 112,
language models 228 for contact lists and the like. The initial
set of language models 228 may also include language mod-
els 228 that are specific to the user 130 or group to which the
user 130 belongs. The ASR engine 208 may then run 508
using this initial set of language models 228 and a set of
recognition hypotheses created based on this set of language
models 228. There may then be a decision process 510 to
decide if additional recognition passes 508 are needed with
additional language models 228. This decision 510 may be
based on the client state information 534, the words in the
current set of recognition hypotheses, confidence scores from
the most recent recognition pass, and the like. This decision
may include determining the type of message entered and
comparing that to the assumed type of message or types of
messages in the initial language models 228. If needed, a new
set of language models 228 may be determined 538 based on
the client state information 534 and the contents of the most
recent recognition hypotheses and another pass of recogni-
tion 508 made by the ASR engine 208. This new set of
language models 228 may include language models specific
to the type of messages determined from a hypothesis or set of
hypotheses from the previous recognition pass Once com-
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plete, the recognition results may be combined 512 to form a
single set of words and alternates to pass back 520 to the ASR
client 118.

FIG. 5D depicts the process S00D by which multiple lan-
guage models 228 may be used by the ASR engine 208 for a
content search application 112 such as music download,
music player, video download, video player, game search and
download, and the like, for speech input 502. For the recog-
nition of a given utterance, a first process 542 may decide on
an initial set of language models 228 for the recognition. This
decision may be made based on the set of information in the
client state information 544, including application 1D, user
ID, text field ID, or current state of application 112. This
client state information may include information about the
user’s content and play lists, either on the client itself or stored
in some network-based storage, and may also include usage
history for the application 112. The decision about the initial
set of language models 228 may be based on the user 130, the
application 112, the type of content, and the like. The initial
set of language models 228 may include general language
models 228 for search, language models 228 for artists, com-
posers, or performers, language models 228 for specific con-
tent such as song and album names, movie and TV show
names, and the like. The initial set of language models 228
may also include language models 228 specific to the user 130
or group to which the user 130 belongs. The ASR engine 208
may then run 508 using this initial set of language models 228
and a set of recognition hypotheses created based on this set
of language models 228. There may then be a decision pro-
cess 510 to decide if additional recognition passes 508 are
needed with additional language models 228. This decision
510 may be based on the client state information 544, the
words in the current set of recognition hypotheses, confidence
scores from the most recent recognition pass, and the like.
This decision may include determining the type of content
search and comparing that to the assumed type of content
search in the initial language models 228. If needed, a new set
of language models 228 may be determined 548 based on the
client state information 544 and the contents of the most
recent recognition hypotheses and another pass of recogni-
tion 508 made by the ASR engine 208. This new set of
language models 228 may include language models 228 spe-
cific to the type of content search determined from a hypoth-
esis or set of hypotheses from the previous recognition pass
Once complete, the recognition results may be combined 512
to form a single set of words and alternates to pass back 520
to the ASR client 118.

FIG. 5E depicts the process S00E by which multiple lan-
guage models 228 may be used by the ASR engine 208 for a
search application 112 such as general web search, local
search, business search, and the like, for speech input 502. For
the recognition of a given utterance, a first process 552 may
decide on an initial set of language models 228 for the rec-
ognition. This decision may be made based on the set of
information in the client state information 554, including
application ID, user ID, text field ID, or current state of
application 112. This client state information may include
information about the phone’s location, and may also include
usage history for the application 112. The decision about the
initial set of language models 228 may be based on the user
130, the application 112, the type of search, and the like. The
initial set of language models 228 may include general lan-
guage models 228 for search, language models 228 for dif-
ferent types of search such as local search, business search,
people search, and the like. The initial set of language models
228 may also include language models 228 specific to the user
or group to which the user belongs. The ASR engine 208 may
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then run 508 using this initial set of language models 228 and
a set of recognition hypotheses created based on this set of
language models 228. There may then be a decision process
510 to decide if additional recognition passes 508 are needed
with additional language models 228. This decision 510 may
be based on the client state information 554, the words in the
current set of recognition hypotheses, confidence scores from
the most recent recognition pass, and the like. This decision
may include determining the type of search and comparing
that to the assumed type of search in the initial language
models. If needed, a new set of language models 228 may be
determined 558 based on the client state information 554 and
the contents of the most recent recognition hypotheses and
another pass of recognition 508 made by the ASR engine 208.
This new set of language models 228 may include language
models 228 specific to the type of search determined from a
hypothesis or set of hypotheses from the previous recognition
pass. Once complete, the recognition results may be com-
bined 512 to form a single set of words and alternates to pass
back 520 to the ASR client 118.

FIG. 5F depicts the process S00F by which multiple lan-
guage models 228 may be used by the ASR engine 208 for a
general browser as a mobile-specific browser or general inter-
net browser for speech input 502. For the recognition of a
given utterance, a first process 562 may decide on an initial set
of language models 228 for the recognition. This decision
may be made based on the set of information in the client state
information 564, including application ID, user ID, text field
ID, or current state of application 112. This client state infor-
mation may include information about the phone’s location,
the current web page, the current text field within the web
page, and may also include usage history for the application
112. The decision about the initial set of language models 228
may be based on the user 130, the application 112, the type
web page, type of text field, and the like. The initial set of
language models 228 may include general language models
228 for search, language models 228 for date and time entry,
language models 228 for digit string entry, and the like. The
initial set of language models 228 may also include language
models 228 specific to the user 130 or group to which the user
130 belongs. The ASR engine 208 may then run 508 using this
initial set of language models 228 and a set of recognition
hypotheses created based on this set of language models 228.
There may then be a decision process 510 to decide if addi-
tional recognition passes 508 are needed with additional lan-
guage models 228. This decision 510 may be based on the
client state information 564, the words in the current set of
recognition hypotheses, confidence scores from the most
recent recognition pass, and the like. This decision may
include determining the type of entry and comparing that to
the assumed type of entry in the initial language models 228.
If needed, a new set of language models 228 may be deter-
mined 568 based on the client state information 564 and the
contents of the most recent recognition hypotheses and
another pass of recognition 508 made by the ASR engine 208.
This new set of language models 228 may include language
models 228 specific to the type of entry determined from a
hypothesis or set of hypotheses from the previous recognition
pass Once complete, the recognition results may be combined
512 to form a single set of words and alternates to pass back
520 to the ASR client 118.

The process to combine recognition output may make use
of multiple recognition hypotheses from multiple recognition
passes. These multiple hypotheses may be represented as
multiple complete sentences or phrases, or may be repre-
sented as a directed graph allowing multiple choices for each
word. The recognition hypotheses may include scores repre-
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senting likelihood or confidence of words, phrases, or sen-
tences. The recognition hypotheses may also include timing
information about when words and phrases start and stop. The
process to combine recognition output may choose entire
sentences or phrases from the sets of hypotheses or may
construct new sentences or phrases by combining words or
fragments of sentences or phrases from multiple hypotheses.
The choice of output may depend on the likelihood or confi-
dence scores and may take into account the time boundaries
of the words and phrases.

FIG. 6 shows the components of the ASR engine 208. The
components may include signal processing 602 which may
process the input speech either as a speech waveform or as
parameters from a speech compression algorithm and create
representations which may be used by subsequent processing
in the ASR engine 208. Acoustic scoring 604 may use acous-
tic models 220 to determine scores for a variety of speech
sounds for portions of the speech input. The acoustic models
220 may be statistical models and the scores may be prob-
abilities. The search 608 component may make use of the
score of speech sounds from the acoustic scoring 602 and
using pronunciations 222, vocabulary 224, and language
models 228, find the highest scoring words, phrases, or sen-
tences and may also produce alternate choices of words,
phrases, or sentences.

In embodiments, the present invention may enable a user
130 to interact with the mobile communication facility 120
where the user 130 records speech using a mobile communi-
cation facility resident capture facility. The recorded speech
may be sent to both an external speech recognition facility
142 and a resident speech recognition facility 142 for recog-
nition analysis, where sending to the external speech recog-
nition facility 142 may include a communications facility.
Individual results from the separate speech recognition facili-
ties may be alternatively selected or combined using one or
more of the outputs of the external speech recognition facility
142 and resident speech recognition facility 142. The com-
bined or selected result may be used to perform a function on
the mobile communication facility 120, such as filling in a
text field, launching an application, and the like as described
herein.

In embodiments, a user 130 may provide a speech input to
the mobile communication facility 120, and the speech may
be simultaneously provided to a resident speech recognition
facility 142 and transmitted to an external speech recognition
facility 142, as described herein. In embodiments, the two
speech recognition facilities 142 may both begin the process
of speech recognition in an attempt to provide a result to the
user 130. The resident speech recognition facility 142 and
external speech recognition facility 142 may have different
capabilities that may help to determine which result will be
used, or if a combination of the results will be used. For
instance, the resident speech recognition facility 142 may
provide a faster response due to being resident on the device;
may be able to provide more user applicable results due to
having access to user information such as usage history,
grammar, and the like; may be able to provide more location
applicable responses; and the like. On the other hand, the
external speech recognition facility 142 may provide a more
comprehensive result due to access to greater information
facilities, processing facilities, vocabulary, language models,
and the like. In embodiments, the speech processing facility
100 may select the result from the resident or external speech
recognition facility 142 based on a predetermined criteria,
such as whether the network is available to access the external
speech recognition facility, the time it takes the external
speech recognition facility 142 to respond in comparison with
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the response time of the resident speech recognition facility
142, a confidence score from at least one of the speech rec-
ognition facilities 142, a confidence score threshold, and the
like. For example, the speech processing facility 100 may run
speech recognition on both the resident speech recognition
facility 142 and the external speech recognition facility 142,
and if the resident speech recognition facility 142 indicates a
high confidence score with a faster response time than the
external speech recognition facility 142, to choose the resi-
dent speech recognition facility result and present the resultto
the user 130. In embodiments, selection of either the external
output from the external speech recognition facility 142 or the
internal output from the internal speech recognition facility
142 may be based on a criterion, such as a confidence score,
the time to receive the external output, and the like.

In embodiments, the attempt to recognize the user’s speech
using the external speech recognition facility 142 may be
aborted, such as based in part on the amount of time taken by
the external speech recognition facility 142, based in part on
information from the resident speech recognition facility 142,
based in part on information from the resident speech recog-
nition facility 142 where the information from the resident
speech recognition facility 142 includes a score which indi-
cates a confidence that the results provided by the resident
recognition facility 142 correctly represents what the user
spoke, based in part on the amount of time taken by the
external speech recognition facility 142 and on information
from the resident speech recognition facility 142, based in
part on the amount of time taken by the external speech
recognition facility 142 and on information from the resident
speech recognition facility 142 where the information from
the resident speech recognition facility 142 includes a score
which indicates a confidence that the results provided by the
resident recognition facility 142 correctly represents what the
user spoke, and the like.

In embodiments, the resident speech recognition facility
142 may be adapted based on information about the user 130,
such as the usage history of this user. In addition, the adaption
may be performed externally, on the device, and the like. For
example, the speech processing facility 100 may use process-
ing capabilities associated with the external speech recogni-
tion facility 142 to adapt the vocabulary, grammar, and the
like, for the resident speech recognition facility 142 based on
usage, such as in keeping track of the most frequent usages of
user speech, and keep the resident speech recognition facility
142 updated based on this information. In embodiments, this
may result in higher confidence scores from the resident
speech recognition facility 142.

In embodiments, the present invention may interact with a
mobile communication facility, where speech presented by a
user is recorded using a mobile communication facility resi-
dent capture facility. The recorded speech may be recognized
using an external speech recognition facility to produce an
external output and a resident speech recognition facility to
produce an internal output, where at least one of the external
output and the internal output may be selected based on a
criteria. The selected output may then be used to perform a
function on the mobile communication facility. In embodi-
ments, the criteria may be based on a confidence score, a time
to respond by at least one of the internal and external speech
recognition facilities, information from the resident speech
recognition facility, and the like. The time to respond by the
external speech recognition facility may be longer than the
time for the internal speech recognition facility because the
internal speech recognition facility is constrained to a gram-
mar, such as the grammar of the user, and the external speech
recognition facility is not. In embodiments, the resident
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speech recognition facility may be adapted based on infor-
mation about the user, such as usage history. The adaption
may be performed externally, internally, on the device, and
the like. In embodiments, the selection of the internal output
may be based in part on the amount of time taken by the
external speech recognition facility and on information from
the resident speech recognition facility. The information from
the resident speech recognition facility may include a score
which indicates a confidence that the results provided by the
resident recognition facility correctly represents what the
user spoke. In embodiments, the recognizing of the recorded
speech using an external speech recognition facility may be
aborted when the internal output is selected.

In embodiments, the present invention may interact with a
mobile communication facility, where speech presented by a
user is recorded using a mobile communication facility resi-
dent capture facility. The recorded speech may be communi-
cated and recognized by an external speech recognition facil-
ity to produce an external output and to a resident speech
recognition facility to produce an internal output. The exter-
nal output may be selected based on the timely receiving of
the external output at the mobile communication facility, and
using the selected external output to perform a function onthe
mobile communication facility.

FIG. 7 shows an example of how the user 130 interface
layout and initial screen 700 may look on a user’s 130 mobile
communications facility 120. The layout, from top to bottom,
may include a plurality of components, such as a row of
navigable tabs, the current page, soft-key labels at the bottom
that can be accessed by pressing the left or right soft-keys on
the phone, a scroll-bar on the right that shows vertical posi-
tioning of the screen on the current page, and the like. The
initial screen may contain a text-box with a “Search” button,
choices of which domain applications 318 to launch, a pop-up
hint for first-time users 130, and the like. The text box may be
a shortcut that users 130 can enter into, or speak into, to jump
to a domain application 318, such as “Restaurants in Cam-
bridge” or “Send a text message to Joe”. When the user 130
selects the “Search” button, the text content is sent. Applica-
tion choices may send the user 130 to the appropriate appli-
cation when selected. The popup hint 1) tells the user 130 to
hold the green TALK button to speak, and 2) gives the user
130 a suggestion of what to say to try the system out. Both
types of hints may go away after several uses.

FIG. 7A depicts using the speech recognition results to
provide top-level control or basic functions of a mobile com-
munication device, music device, navigation device, and the
like. In this case, the outputs from the speech recognition
facility may be used to determine and perform an appropriate
action of the phone. The process depicted in FIG. 7A may
start at step 702 to recognize user input, resulting in the
words, numbers, text, phrases, commands, and the like that
the user spoke. Optionally at a step 704 user input may be
tagged with tags which help determine appropriate actions.
Thetags may include information about the input, such as that
the input was a messaging input, an input indicating the user
would like to place a call, an input for a search engine, and the
like. The next step 708 is to determine an appropriate action,
such as by using a combination of words and tags. The system
may then optionally display an action-specific screen at a step
710, which may allow a user to alter text and actions at a step
712. Finally, the system performs the selected action at a step
714. The actions may include things such as: placing a phone
call, answering a phone call, entering text, sending a text
message, sending an email message, starting an application
112 resident on the mobile communication facility 120, pro-
viding an input to an application resident on the mobile com-
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munication facility 120, changing an option on the mobile
communication facility 120, setting an option on the mobile
communication facility 120, adjusting a setting on the mobile
communication facility 120, interacting with content on the
mobile communication facility 120, and searching for con-
tent on the mobile communication facility 120. The perform
action step 714 may involve performing the action directly
using built-in functionality on the mobile communications
facility 120 or may involve starting an application 112 resi-
dent on the mobile communication facility 120 and having the
application 112 perform the desired action for the user. This
may involve passing information to the application 112 which
will allow the application 112 to perform the action such as
words spoken by the user 130 or tagged results indicating
aspects of action to be performed. This top level phone con-
trol is used to provide the user 130 with an overall interface to
a variety of functionality on the mobile communication facil-
ity 120. For example, this functionality may be attached to a
particular button on the mobile communication facility 120.
The user 130 may press this button and say something like
“call Joe Cerra” which would be tagged as [type=call]
[name=Joe Cerra], which would map to action DIAL, invok-
ing a dialing-specific GUI screen, allowing the user to correct
the action or name, or to place the call. Other examples may
include the case where the user can say something like “navi-
gate to 17 dunster street Cambridge Mass.”, which would be
tagged as [type=navigate] [state=MA] [city=Cambridge]
[street=cdunster] [street_number=17], which would be
mapped to action NAVIGATE, invoking a navigation-specific
GUI screen allowing the user to correct the action or any of
the tags, and then invoking a build-in navigation system on
the mobile communications facility 120. The application
which gets invoked by the top-level phone control may also
allow speech entry into one or more text boxes within the
application. So, once the user 130 speaks into the top level
phone control and an application is invoked, the application
may allow further speech input by including the ASR client
118 in the application. This ASR client 118 may get detailed
results from the top level phone control such that the GUI of
the application may allow the user 130 to correct the resulting
words from the speech recognition system including seeing
alternate results for word choices.

FIG. 7B shows as an example, a search-specific GUI screen
that may result if the user says something like “restaurants in
Cambridge Mass.”. The determined action 720 is shown in a
box which allows the user to click on the down arrow or other
icon to see other action choices (if the user wants to send
email about “restaurants in Cambridge Mass.” for example).
There is also a text box 722 which shows the words recog-
nized by the system. This text box 722 may allow the user to
alter the text by speaking, or by using the keypad, or by
selecting among alternate choices from the speech recog-
nizer. The search button 724 allows the user to carry out the
search based on a portion of the text in the text box 722. Boxes
726 and 728 show alternate choices from the speech recog-
nizer. The user may click on one of these items to facilitate
carrying out the search based on a portion of the text in one of
these boxes. Selecting box 726 or 728 may cause the text in
the selected box to be exchanged with the text in text box 722.

FIG. 7C shows an embodiment of an SMS-specific GUI
screen that may result if the user says something like “send
SMS to joe cerra let’s meet at pete’s in harvard square at 7
am”. The determined action 730 is shown in a box which
allows the user to click on the down arrow or other icon to see
other action choices. There is also a text box 732 which shows
the words recognized as the “to” field. This text box 732 may
allow the user to alter the text by speaking, or by using the
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keypad, or by selecting among alternate choices from the
speech recognizer. Message text box 734 shows the words
recognized as the message component of the input. This text
box 734 may allow the user to alter the text by speaking, or by
using the keypad, or by selecting among alternate choices
from the speech recognizer. The send button 738 allows the
user to send the text message based on the contents of the “to”
field and the message component.

This top-level control may also be applied to other types of
devices such as music players, navigation systems, or other
special or general-purpose devices. In this case, the top-level
control allows users to invoke functionality or applications
across the device using speech input.

This top-level control may make use of adaptation to
improve the speech recognition results. This adaptation may
make use of history of usage by the particular user to improve
the performance of the recognition models. The adaptation of
the recognition models may include adapting acoustic mod-
els, adapting pronunciations, adapting vocabularies, and
adapting language models. The adaptation may also make use
of history of usage across many users. The adaptation may
make use of any correction or changes made by the user. The
adaptation may also make use of human transcriptions cre-
ated after the usage of the system.

This top level control may make use of adaptation to
improve the performance of the word and phrase-level tag-
ging. This adaptation may make use of history of usage by the
particular user to improve the performance of the models used
by the tagging. The adaptation may also make use of history
of usage by other users to improve the performance of the
models used by the tagging. The adaptation may make use of
change or corrections made by the user. The adaptation may
also make use of human transcription of appropriate tags
created after the usage of the system,

This top level control may make use of adaptation to
improve the performance selection of the action. This adap-
tation may make use of history of usage by the particular user
to improve the performance of the models and rules used by
this action selection. The adaptation may also make use of
history of usage by other users to improve the performance of
the models and rules used by the action selection. The adap-
tation may make use of change or corrections made by the
user. The adaptation may also make use of human transcrip-
tion of appropriate actions after the usage of the system. It
should be understood that these and other forms of adaptation
may be used in the various embodiments disclosed through-
out this disclosure where the potential for adaptation is noted.

Although there are mobile phones with full alphanumeric
keyboards, most mass-market devices are restricted to the
standard telephone keypad 802, such as shown in FIG. 8.
Command keys may include a “TALK”, or green-labeled
button, which may be used to make a regular voice-based
phone call; an “END” button which is used to terminate a
voice-based call or end an application and go back to the
phone’s main screen; a five-way control navigation pad that
users may employ to move up, down, left, and right, or select
by pressing on the center button (labeled “MENU/OK” in
FIG. 8); two soft-key buttons that may be used to select the
labels at the bottom of the screen; a back button which is used
to go back to the previous screen in any application; a delete
button used to delete entered text that on some phones, such as
the one pictured in FIG. 8, the delete and back buttons are
collapsed into one; and the like.

FIG. 9 shows text boxes in a navigate-and-edit mode. A text
box is either in navigate mode or edit mode 900. When in
navigate mode 902, no cursor or a dim cursor is shown and
‘up/down’, when the text box is highlighted, moves to the
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next element on the browser screen. For example, moving
down would highlight the “search” box. The user 130 may
enter edit mode from navigate mode 902 on any of a plurality
of actions; including pressing on center joystick; moving
left/right in navigate mode; selecting “Edit” soft-key; press-
ing any of the keys 0-9, which also adds the appropriate letter
to the text box at the current cursor position; and the like.
When in edit mode 904, a cursor may be shown and the left
soft-key may be “Clear” rather than “Edit.” The current shift
mode may be also shown in the center of the bottom row. In
edit mode 904, up and down may navigate within the text box,
although users 130 may also navigate out of the text box by
navigating past the first and last rows. In this example, press-
ing up would move the cursor to the first row, while pressing
down instead would move the cursor out of the text box and
highlight the “search” box instead. The user 130 may hold the
navigate buttons down to perform multiple repeated naviga-
tions. When the same key is held down for an extended time,
four seconds for example, navigation may be sped up by
moving more quickly, for instance, times four in speed. As an
alternative, navigate mode 902 may be removed so that when
the text box is highlighted, a cursor may be shown. This may
remove the modality, but then requires users 130 to move up
and down through each line of the text box when trying to
navigate past the text box.

Text may be entered in the current cursor position in multi-
tap mode, as shown in FIGS. 10, 11, and 12. As an example,
pressing “2” once may be the same as entering “a”, pressing
“2” twice may be the same as entering “b”, pressing “2” three
times may be the same as entering “c”, and pressing “2” 4
times may be the same as entering “2”. The direction keys
may be used to reposition the cursor. Back, or delete on some
phones, may be used to delete individual characters. When
Back is held down, text may be deleted to the beginning of the
previous recognition result, then to the beginning of the text.
Capitalized letters may be entered by pressing the “*” key
which may put the text into capitalization mode, with the first
letter of each new word capitalized. Pressing “*” again puts
the text into all-caps mode, with all new entered letters capi-
talized. Pressing “*” yet again goes back to lower case mode
where no new letters may be capitalized. Numbers may be
entered either by pressing a key repeatedly to cycle through
the letters to the number, or by going into numeric mode. The
menu soft-key may contain a “Numbers” option which may
put the cursor into numeric mode. Alternatively, numeric
mode may be accessible by pressing “*”” when cycling capi-
talization modes. To switch back to alphanumeric mode, the
user 130 may again select the Menu soft-key which now
contains an “Alpha” option, or by pressing “*”. Symbols may
be entered by cycling through the “1” key, which may map to
a subset of symbols, or by bringing up the symbol table
through the Menu soft-key. The navigation keys may be used
to traverse the symbol table and the center OK button used to
select a symbol and insert it at the current cursor position.

FIG. 13 provides examples of speech entry 1300, and how
it is depicted on the user 130 interface. When the user 130
holds the TALK button to begin speaking, a popup may
appear informing the user 130 that the recognizer is listening
1302. In addition, the phone may either vibrate or play a short
beep to cue the user 130 to begin speaking. When the user 130
is finished speaking and releases the TALK button, the popup
status may show “Working” with a spinning indicator. The
user 130 may cancel a processing recognition by pressing a
button on the keypad or touch screen, such as “Back” or a
directional arrow. Finally, when the result is received from the
ASR server 204, the text box may be populated.

20

25

40

45

60

65

28

Referring to FIG. 14, when the user 130 presses left or right
to navigate through the text box, alternate results 1402 for
each word may be shown in gray below the cursor for a short
time, such as 1.7 seconds. After that period, the gray alter-
nates disappear, and the user 130 may have to move left or
right again to get the box. If the user 130 presses down to
navigate to the alternates while it is visible, then the current
selection in the alternates may be highlighted, and the words
that will be replaced in the original sentence may be high-
lighted in red 1404. The image on the bottom left of FIG. 14
shows a case where two words in the original sentence will be
replaced 1408. To replace the text with the highlighted alter-
nate, the user 130 may press the center OK key. When the
alternate list is shown in red 1408 after the user 130 presses
down to choose it, the list may become hidden and go back to
normal cursor mode if there is no activity after some time,
such as 5 seconds. When the alternate list is shown in red, the
user 130 may also move out of it by moving up or down past
the top or bottom of the list, in which case the normal cursor
is shown with no gray alternates box. When the alternate list
is shown in red, the user 130 may navigate the text by words
by moving left and right. For example, when “Nobel” is
highlighted 1404, moving right would highlight “bookstore”
and show its alternate list instead.

FIG. 15 depicts screens that show navigation and various
views of information related to search features of the methods
and systems herein described. When the user 130 navigates to
a new screen, a “Back” key may be used to go back to a
previous screen. As shown in FIG. 15, if the user 130 selects
“search” on screen 1502 and navigates to screen 1504 or
1508, pressing “Back” after looking through the search
results of screens 1504 or 1508 the screen 1502 may be shown
again.

Referring to FIG. 16, when the user 130 navigates to a new
page from the home page, a new tab may be automatically
inserted, such as to the right of the “home” tab, as shown in
FIG. 16. Unless the user 130 has selected to enter or alter
entries in a text box, tabs can be navigated by pressing left or
right keys on the user interface keypad. The user 130 may also
move the selection indicator to the top of the screen and select
the tab itself before moving left or right. When the tab is
highlighted, the user 130 may also select a soft-key to remove
the current tab and screen. As an alternative, tabs may show
icons instead of names as pictured, tabs may be shown at the
bottom of the screen, the initial screen may be pre-populated
with tabs, selection of an item from the home page may take
the user 130 to an existing tab instead of a new one, and tabs
may not be selectable by moving to the top of the screen and
tabs may not be removable by the user 130, and the like.

Referring again briefly to FIG. 2, communication may
occur among at least the ASR client 118, ASR router 202, and
ASR server 204. These communications may be subject to
specific protocols. In an embodiment of these protocols, the
ASR client 118, when prompted by user 130, may record
audio and may send it to the ASR router 202. Received results
from the ASR router 202 are displayed for the user 130. The
user 130 may send user 130 entries to ASR router 202 for any
text entry. The ASR router 202 sends audio to the appropriate
ASR server 204, based at least on the user 130 profile repre-
sented by the client ID and CPU load on ASR servers 204. The
results may then be sent from the ASR server 204 back to the
ASR client 118. The ASR router 202 re-routes the data if the
ASR server 204 indicates a mismatched user 130 profile. The
ASR router 202 sends to the ASR server 204 any user 130 text
inputs for editing. The ASR server 204 receives audio from
ASR router 202 and performs recognition. Results are
returned to the ASR router 202. The ASR server 204 alerts the
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ASR router 202 ifthe user’s 130 speech no longer matches the
user’s 130 predicted user 130 profile, and the ASR router 202
handles the appropriate re-route. The ASR server 204 also
receives user-edit accepted text results from the ASR router
202.

FIG. 17 shows an illustration of the packet types that are
communicated between the ASR client 118, ASR router 202,
and server 204 at initialization and during a recognition cycle.
During initialization, a connection is requested, with the con-
nection request going from ASR client 118 to the ASR router
202 and finally to the ASR server 204. A ready signal is sent
back from the ASR servers 204 to the ASR router 202 and
finally to the ASR client 118. During the recognition cycle, a
waveform is input at the ASR client 118 and routed to the ASR
servers 204. Results are then sent back out to the ASR client
118, where the user 130 accepts the returned text, sent back to
the ASR servers 104. A plurality of packet types may be
utilized during these exchanges, such as PACKET WAVE-
FORM=1, packet is waveform; PACKET_TEXT=2, packetis
text; PACKET_END_OF_STREAM=3, end of waveform
stream; PACKET_IMAGE=4, packet is image; PACK-
ET_SYNCLIST=S, syncing lists, such as email lists; PACK-
ET_CLIENT_PARAMETERS=6, packet contains parameter
updates for client; PACKET_ROUTER_CONTROL=7,
packet contains router control information; PACKET_MES-
SAGE=8, packet contains status, warning or error message;
PACKET_IMAGE_REQUEST=9, packet contains request
for an image or icon; or the like.

Referring to FIG. 18, each message may have a header, that
may include various fields, such as packet version, packet
type, length of packet, data flags, unreserved data, and any
other dat, fields or content that is applicable to the message.
All multi-byte words may be encoded in big-endian format.

Referring again to FIG. 17, initialization may be sent from
the ASR client 118, through the ASR router 202, to the ASR
server 204. The ASR client 118 may open a connection with
the ASR router 202 by sending its Client ID. The ASR router
202 in turnlooks up the ASR client’s 118 most recent acoustic
model 220 (AM) and language model 228 (LM) and connects
to an appropriate ASR server 204. The ASR router 202 stores
that connection until the ASR client 118 disconnects or the
Model ID changes. The packet format for initialization may
have a specific format, such as Packet type=TEXT, Data=ID:
<client id string> ClientVersion: <client version string>, Pro-
tocol:<protocol id string> NumReconnects: <# attempts cli-
ent has tried reconnecting to socket>, or the like. The
communications path for initialization may be (1) Client
sends Client ID to ASR router 202, (2) ASR router 202 for-
wards to ASR a modified packet: Modified Data=<client’s
original packet data> SessionCount: <session count string>
SpeakerID: <user id sting>\0, and (3) resulting state: ASR is
now ready to accept utterance(s) from the ASR client 118,
ASR router 202 maintains client’s ASR connection.

As showninFIG. 17, aready packet may be sent back to the
ASR client 118 from the ASR servers 204. The packet format
for packet ready may have a specific format, such as Packet
type=TEXT, Data=Ready\0, and the communications path
may be (1) ASR sends Ready router and (2) ASR router 202
forwards Ready packet to ASR client 118.

As shown in FIG. 17, a field ID packet containing the name
of'the application and text field within the application may be
sent from the ASR client 118 to the ASR servers 204. This
packet is sent as soon as the user 130 pushes the TALK button
to begin dictating one utterance. The ASR servers 204 may
use the field ID information to select appropriate recognition
models 142 for the next speech recognition invocation. The
ASR router 202 may also use the field ID information to route
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the current session to a different ASR server 204. The packet
format for the field ID packet may have a specific format, such
as Packet type=TEXT; Data=FieldID; <type> <url> <form
element name>, for browsing mobile web pages;
Data=FieldID: message, for SMS text box; or the like. The
connection path may be (1) ASR client 118 sends Field ID to
ASR router 202 and (2) ASR router 202 forwards to ASR for
logging.

As shown in FIG. 17, a waveform packet may be sent from
the ASR client 118 to the ASR servers 204. The ASR router
202 sequentially streams these waveform packets to the ASR
server 204. If the ASR server 204 senses a change in the
Model ID, it may send the ASR router 202 a ROUTER_CON-
TROL packet containing the new Model ID. In response, the
ASR router 202 may reroute the waveform by selecting an
appropriate ASR and flagging the waveform such that the new
ASR server 204 will not perform additional computation to
generate another Model ID. The ASR router 202 may also
re-route the packet if the ASR server’s 204 connection drops
or times out. The ASR router 202 may keep a cache of the
most recent utterance, session information such as the client
ID and the phone ID, and corresponding FieldID, in case this
happens. The packet format for the waveform packet may
have a specific format, such as Packet type=WAVEFORM;
Data=audio; with the lower 16 bits of flags set to current
Utterance ID of the client. The very first part of WAVEFORM
packet may determine the waveform type, currently only
supporting AMR or QCELP, where “#!AMR\n” corresponds
to AMR and “RIFF” corresponds to QCELP. The connection
path may be (1) ASR client 118 sends initial audio packet
(referred to as the BOS, or beginning of stream) to the ASR
router 202, (2) ASR router 202 continues streaming packets
(regardless of their type) to the current ASR until one of the
following events occur: (a) ASR router 202 receives packet
type END_OF_STREAM, signaling that this is the last
packet for the waveform, (b) ASR disconnects or times out, in
which case ASR router 202 finds new ASR, repeats above
handshake, sends waveform cache, and continues streaming
waveform from client to ASR until receives END_OF_
STREAM, (c) ASR sends ROUTER_CONTROL to ASR
router 202 instructing the ASR router 202 that the Model ID
for that utterance has changed, in which case the ASR router
202 behaves asin ‘b’, (d) ASR client 118 disconnects or times
out, in which case the session is closed, or the like. If the
recognizer times out or disconnects after the waveform is sent
then the ASR router 202 may connect to a new ASR.

As shown in FIG. 17, a request model switch for utterance
packet may be sent from the ASR server 204 to the ASR router
202. This packet may be sent when the ASR server 204 needs
to flag that its user 130 profile does not match that of the
utterance, i.e. Model ID for the utterances has changed. The
packet format for the request model switch for utterance
packet may have a specific format, such as Packet
type=ROUTER_CONTROL; Data=SwitchModelID:
AM=<integer> LM=<integer>  SessionlD=<integer>
UttID=<integer>. The communication may be (1) ASR server
204 sends control packet to ASR router 202 after receiving the
first waveform packet, and before sending the results packet,
and (2) ASR router 202 then finds an ASR which best matches
the new Model ID, flags the waveform data such that the new
ASR server 204 will not send another SwitchModellD
packet, and resends the waveform. In addition, several
assumptions may be made for this packet, such as the ASR
server 204 may continue to read the waveform packet on the
connection, send a Alternate String or SwitchModelID for
every utterance with BOS, and the ASR router 202 may
receive a switch model id packet, it sets the flags value of the
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waveform packets to <flag value> & 0x8000 to notify ASR
that this utterance’s Model ID does not need to be checked.

As shown in FIG. 17, a done packet may be sent from the
ASR server 204 to the ASR router 202. This packet may be
sent when the ASR server 204 has received the last audio
packet, such as type END_OF_STREAM. The packet format
for the done packet may have a specific format, such as Packet
type=TEXT; with the lower 16 bits of flags set to Utterance ID
and Data=Done\0. The communications path may be (1) ASR
sends done to ASR router 202 and (2) ASR router 202 for-
wards to ASR client 118, assuming the ASR client 118 only
receives one done packet per utterance.

As shown in FIG. 17, an utterance results packet may be
sent from the ASR server 204 to the ASR client 118. This
packet may be sent when the ASR server 204 gets a result
from the ASR engine 208. The packet format for the utterance
results packet may have a specific format, such as Packet
type=TEXT, with the lower 16 bits of flags set to Utterance ID
and Data=ALTERNATES: <utterance result string>. The
communications path may be (1) ASR sends results to ASR
router 202 and (2) ASR router 202 forwards to ASR client
118. The ASR client 118 may ignore the results if the Utter-
ance ID does not match that of the current recognition

As shown in FIG. 17, an accepted text packet may be sent
from the ASR client 118 to the ASR server 204. This packet
may be sent when the user 130 submits the results of a text
box, or when the text box looses focus, as in the API, so that
the recognizer can adapt to corrected input as well as full-text
input. The packet format for the accepted text packet may
have a specific format, such as Packet type=TEXT, with the
lower 16 bits of flags set to most recent Utterance 1D, with
Data=Accepted Text: <accepted utterance string>. The com-
munications path may be (1) ASR client 118 sends the text
submitted by the user 130 to ASR router 202 and (2) ASR
router 202 forwards to ASR server 204 which recognized
results, where <accepted utterance string™> contains the text
string entered into the text box. In embodiments, other log-
ging information, such as timing information and user 130
editing keystroke information may also be transferred.

Router control packets may be sent between the ASR client
118, ASR router 202, and ASR servers 204, to help control the
ASR router 202 during runtime. One of a plurality of router
control packets may be a get router status packet. The packet
format for the get router status packet may have a specific
format, such as Packet type=ROUTER_CONTROL, with
Data=GetRouterStatus\0. The communication path may be
one or more of the following: (1) entity sends this packet to
the ASR router 202 and (2) ASR router 202 may respond with
a status packet.

FIG. 19 depicts an embodiment of a specific status packet
format 1900, that may facilitate determining status of the
ASR Router 202, ASR Server 204, ASR client 118 and any
other element, facility, function, data state, or information
related to the methods and systems herein disclosed.

Another of a plurality of router control packets may be a
busy out ASR server packet. The packet format for the busy
out ASR server packet may have a specific format, such as
Packet type=ROUTER_CONTROL, with
Data=BusyOutASRServer: <ASR Server ID>\0. Upon
receiving the busy out ASR server packet, the ASR router 202
may continue to finish up the existing sessions between the
ASR router 202 and the ASR server 204 identified by the
<ASR Server ID>, and the ASR router 202 may not start a
new session with the said ASR server 204. Once all existing
sessions are finished, the ASR router 202 may remove the said
ASR server 204 from its ActiveServer array. The communi-
cation path may be (1) entity sends this packet to the ASR
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router 202 and (2) ASR router 202 responds with ACK packet
with the following format: Packet type=TEXT, and
Data=ACK\0.

Another of a plurality of router control packets may be an
immediately remove ASR server packet. The packet format
for the immediately remove ASR server packet may have a
specific format, such as Packet type=ROUTER_CONTROL,
with Data=RemoveASRServer: <ASR Server ID>\0. Upon
receiving the immediately remove ASR server packet, the
ASR router 202 may immediately disconnect all current ses-
sions between the ASR router 202 and the ASR server 204
identified by the <ASR Server ID>, and the ASR router 202
may also immediately remove the said ASR server 204 from
its Active Server array. The communication path may be (1)
entity sends this packet to the ASR router 202 and (2) ASR
router 202 responds with ACK packet with the following
format: Packet type=TEXT, and Data=ACK\0.

Another of a plurality of router control packets may be an
add of an ASR server 204 to the router packet. When an ASR
server 204 is initially started, it may send the router(s) this
packet. The ASR router 202 in turn may add this ASR server
204 to its Active Server array after establishing this ASR
server 204 is indeed functional. The packet format for the add
an ASR server 204 to the ASR router 202 may have a specific
format, such as Packet type=ROUTER_CONTROL, with
Data=AddASRServer: ID=<server id> IP=<server ip
address> PORT=<server port> AM=<server AM integer>
LM=<server LM integer> NAME=<server name string>
PROTOCOL=<server protocol float>. The communication
path may be (1) entity sends this packet to the ASR router 202
and (2) ASR router 202 responds with ACK packet with the
following format: Packet type=TEXT, and Data=ACK\0.

Another of a plurality of router control packets may be an
alter router logging format packet. This function may cause
the ASR router 202 to read a logging.properties file, and
update its logging format during runtime. This may be useful
for debugging purposes. The location of the logging.proper-
ties file may be specified when the ASR router 202 is started.
The packet format for the alter router logging format may
have a  specific  format, such as  Packet
type=ROUTER_CONTROL, with Data=ReadLogCon-
figurationFile. The communications path may be (1) entity
sends this packet to the ASR router 202 and (2) ASR router
202 responds with ACK packet with the following format:
Packet type=TEXT, and Data=ACK\0.

Another of a plurality of router control packets may be a get
ASR server status packet. The ASR server 204 may self report
the status of the current ASR server 204 with this packet. The
packet format for the get ASR server 204 status may have a
specific format, such as Packet type=ROUTER_CONTROL,
with data=RequestStatus\0. The communications path may
be (1) entity sends this packet to the ASRServer 204 and (2)
ASR Server 204 responds with a status packet with the fol-
lowing format: Packet type=TEXT; Data=ASRServerStatus:

Status=<1 for ok or 0 for error> AM=<AM id>LM=<LM id>
NumSessions=<number of active sessions>
NumUtts=<number of queued utterances>
TimeSinceLastRec=<seconds  since last recognizer

activity>\n Session: client=<client id> speaker=<speaker id>
sessioncount=<sessioncount>\n<other Session: line if other
sessions exist>\n \0. This router control packet may be used
by the ASR router 202 when establishing whether or not an
ASR server 204 is indeed functional.

There may be a plurality of message packets associated
with communications between the ASR client 118, ASR
router 202, and ASR servers 204, such as error, warning, and
status. The error message packet may be associated with an
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irrecoverable error, the warning message packet may be asso-
ciated with a recoverable error, and a status message packet
may be informational. All three types of messages may con-
tain strings of the format: “<messageType><message>mes-
sage</message><cause>cause</cause><code>code</code>
</messageType>".

Wherein “messageType” is one of either “status,” “warn-
ing,” or “error”; “message” is intended to be displayed to the
user; “cause” is intended for debugging; and “code” is
intended to trigger additional actions by the receiver of the
message.

The error packet may be sent when a non-recoverable error
occurs and is detected. After an error packet has been sent, the
connection may be terminated in 5 seconds by the originator
if not already closed by the receiver. The packet format for
error may have a specific format, such as Packet
type=MESSAGE; and Data="<error><message>error mes-
sage</message><cause>error  cause</cause><code>error
code</code></error>". The communication path from ASR
client 118 (the originator) to ASR server 204 (the receiver)
may be (1) ASR client 118 sends error packet to ASR server
204, (2) ASR server 204 should close connection immedi-
ately and handle error, and (3) ASR client 118 will close
connection in 5 seconds if connection is still live. There are a
number of potential causes for the transmission of an error
packet, such as the ASR has received beginning of stream
(BOS), but has not received end of stream (EOS) or any
waveform packets for 20 seconds; a client has received cor-
rupted data; the ASR server 204 has received corrupted data;
and the like. Examples of corrupted data may be invalid
packet type, checksum mismatch, packet length greater than
maximum packet size, and the like.

The warning packet may be sent when a recoverable error
occurs and is detected. After a warning packet has been sent,
the current request being handled may be halted. The packet
format for warning may have a specific format, such as Packet
type=MESSAGE;  Data="<warning><message>warning
message</message><cause>warning cause</cause>
<code>warning code</code></warning>". The communica-
tions path from ASR client 118 to ASR server 204 may be (1)
ASR client 118 sends warning packet to ASR server 204 and
(2) ASR server 204 should immediately handle the warning.
The communications path from ASR server 204 to ASR client
118 may be (1) ASR server 204 sends error packet to ASR
client 118 and (2) ASR client 118 should immediately handle
warning. There are a number of potential causes for the trans-
mission of a warning packet; such as there are no available
ASR servers 204 to handle the request ModelID because the
ASR servers 204 are busy.

The status packets may be informational. They may be sent
asynchronously and do not disturb any processing requests.
The packet format for status may have a specific format, such
as  Packet type=MESSAGE; Data="<status><mes-
sage>status message</message><cause>status cause
</cause><code>status code</code></status>". The commu-
nications path from ASR client 118 to ASR server 204 may be
(1) ASR client 118 sends status packet to ASR server 204 and
(2) ASR server 204 should handle status. The communication
path from ASR server 204 to ASR client 118 may be (1) ASR
server 204 sends status packet to ASR client 118 and (2) ASR
client 118 should handle status. There are a number of poten-
tial causes for the transmission of a status packet, such as an
ASR server 204 detects a model ID change for a waveform,
server timeout, server error, and the like.
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In embodiments, it may be useful to use a switch to indicate
when the user is giving a command or information request,
such as (1) push-to-talk, where the system listens while the
switch or button is depressed; (2) push-to-start and push-to-
end, where the system starts to listen when the button is
pressed (and released) and stops when it is pressed again; and
the like. The “button” might be a physical button or a virtual
button on a display (e.g., a touch screen, activated by a touch).
The button might be, for example, on a mobile phone, oron a
mouse attached to a PC. On a mobile phone, the “talk” button
might be used.

Being able to tell the speech recognition software or hard-
ware when to listen (and, conversely, when to ignore the
signal from the microphone) has a clear advantage. For
instance, the speech recognition won’t do something when it
thinks it hears a command, but the user did not intend a
command, e.g., when background noise triggers an erroneous
response. Also, running the speech recognition software
unnecessarily can waste computational resources on the
device and slow other applications, as well as drain power
unnecessarily. A button press to turn “listening” on and off
with a positive action, as opposed to the possibility of an
always-listening device, also gives the user a sense of security
that the device isn’t listening when it shouldn’t.

Some solutions have used a “wake-up” word or “keyword”
to tell the system to start listening. This doesn’t solve the
problem, since the system must be listening constantly for
such a wake-up word. Wake-up words often require a distinct
pause after the wake-up word to work, and users have diffi-
culty consistently inserting such a pause after a wake-up word
followed by a command. And wake-up words often have a
latency, in that, once a wake-up word is detected, a secondary
speech recognition process that can handle a full set of com-
mands must be activated. Further, if the speech recognition is
network-based, a wake-up word may have to initiate a net-
work connection, adding further latency.

A problem with using a button, commonly observed in
practice, is that a user will begin speaking as the button as
pressed. Buttons have some resistance to being pressed and a
travel time before the switch is actually closed; otherwise, the
slightest touch would activate the switch inadvertently. Thus,
the first part of a speech utterance is often not captured. If part
of a word is cut off, the utterance may not be recognized
accurately, and often the first word is a command that needs to
be recognized accurately (e.g., “Search . . . ” versus
“Call . . .”). We will refer to this as the “instantiation prob-
lem.”

The instantiation problem can be compounded in some
devices, where the key press is interpreted by software, par-
ticularly on a mobile phone. The key is pressed, but the
software must decide what to do with that press, and some-
times adds a further delay to the key travel.

One approach to the instantiation problem is to buffer the
microphone signal, e.g., always “listen” and store perhaps a
second of the speech signal in a buffer, so that when the button
is pressed, the software can look backward in time (that is, use
the buffer) and find the beginning of the speech with speech
boundary detection algorithms. This requires memory and
constant processing, at times when nothing else is going on
and the device might otherwise “go to sleep.” This problem is
a particular issue with battery-powered devices such as
mobile phones, and not a generally attractive solution.

In embodiments, a solution to the instantiation problem
may be to implement “application naming.” A name may be
assigned to the application, and the user is told that they must
address the application (or their digital “personal assistant™)
by name before telling the application what they want—e.g.,
“Vlingo, call John Jones.” If the time needed to say the name
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before the command is sufficient to allow the key press to be
detected, only part of the name will be cut off, and the com-
mand will be left intact. While the command itself is fully
intact, the problem of dealing with a clipped name remains,
since we must “remove” this remnant so that it doesn’t get
incorporated into the interpretation of the spoken command.
Giving the application a name has the additional advantage
that it can “personalize” it, making it seem more like a human
assistant than software, and increasing acceptance of the
application.

The key issue in using application naming in this context is
dealing with the clipped name. The name or part of the name
thatisn’t clipped should be recognized as the name, so that the
start of the command can be accurately identified and recog-
nized. There are several ways that this can be accomplished.
Some can be used alone, and some can be combined.

In a statistical or grammar-based model of what the user
will say (a “language model”), the application name (or
names) can be an optional word at the start of any utterance,
with probabilities (if the model is statistical) reflecting differ-
ent variations on how the name is spoken, as described herein.
The possibility that the name isn’t spoken should be allowed,
since it may be cut off entirely. This may also allow a com-
mand to be recognized at least some of the time when the
application name is not spoken. The application is designed to
ignore the application name, except in special cases where it
contains information (e.g., there is more than one name used,
as discussed in a later section).

The way of handling clipping of the application name that
appears to require the minimal change in methodology over
standard recognition techniques is to add dictionary spellings
of possible clipped names. For example, if the application
name is “Vlingo,” then the dictionary can include as possible
pronunciations of Vlingo (represented phonetically):
“Vlingo,” “lingo,” “ingo,” “ngo,” “go,” and “0.”) The case of
it being clipped entirely is probably best handled as part of the
definition of the language model, as discussed, but could be
an option in the dictionary (that is, a possible silent pronun-
ciation). If there are multiple names, as discussed in a later
section, the application should encourage choosing names
that have clearly distinct final syllables.

When speech is present as the switch closes, the clipping
looks like a sudden appearance of energy to the speech pro-
cessing software. This is somewhat like a “stop consonant,”
like “b” or “t” might look, since these are produced by closing
the mouth and suddenly releasing a sound. If the sound were
listened to, it might sound like a click, which has a character-
istic spectrum. Whatever the specific spectrum of this onset,
examples of it from many utterances can be collected, an
acoustic model created for that phoneme, and it can be put in
the dictionary spelling as a possible first “phoneme” for the
application name, including shortened versions of that name.
This creates a specific statistical model that can be used in
processing, such as Hidden Markov Model processing, to fit
the observed sound and give accurate recognition results.

Since the application name will be used more than any
other word (in theory, at the start of every utterance), extra
modeling effort is warranted. Phonetically based Hidden
Markov Model (HMM) technology usually uses acoustic
models of individual sounds, such as how the “a” sound in
“make” sounds when the “a” sound is preceded by an “m
sound and followed by a “k” sound. It can be extended to use
larger units, however, such as the “ingo” in “Vlingo.” This
explicit modeling should increase recognition accuracy rela-
tive to the approximate modeling of the partial phonetic spell-

20

25

w

0

65

36

ings, even with the use of a special acoustic model for the
clipped-onset sound. As the device is used, the models can be
adapted using new examples.

To model some or all of the partial words as units, however,
may require collecting extensive examples of the partial word
if the model is to be fully general and in fact increase accu-
racy. Data could be collected conventionally over time from
many speakers speaking many commands. This data, how-
ever, might in some cases, be specific to a particular mobile
device or switch, and of limited extensibility to other cases. A
shortcut that might provide more data quickly, as well as more
variety, may be to artificially generate data by taking many
examples of the application name in unclipped form, and
using those examples to create many clipped versions from
each by simulating the clipping. Since switches go from
“silence” (no energy) to the speech signal being received by
the microphone (created by the sound pressure wave) almost
instantaneously, the simulation of this onset is particularly
simple. One can simply cut off the first part of the example at
a series of increasingly later points in time to create many
samples from one. These samples can then be used to create
an acoustic HMM model for the application name. That
model could then be used as acoustic models are typically
used in HMM technology.

The speech recognition technology discussed here
assumes that a typical speech recognition method such as
Hidden Markov Modeling (HMM) with acoustic units such
as phonetic variants (e.g., triphones) is used. This methodol-
ogy is well understood, and this document discusses how to
vary it to accomplish the desired objectives. Explanations of
the core technology include: Huang, X., Acero, A., and Hon,
H-W., Spoken Language Processing, Prentice-Hall, 2001;
and Rabiner, L., and Juang, B-H., Fundamentals of Speech
Recognition, Prentice-Hall, 1993.

There are several possible variations on the application-
naming theme, as examples:

Allow there to be more than one application name on one
device, so that more than one user can have a personal-
ized assistant. The application can use those names to
treat the user differently, despite, for example, it being a
single mobile phone.

Allow there to be more than one application name for one
user, where the each different “assistant” does different
things and may be personalized differently. For
example, there could be a business persona and a per-
sonal-activity persona. Another distinction could be
between general applications and the “banker,” that is,
applications that, for example, provided information on
the value of a stock portfolio or provided access to an
electronic wallet. (See “Speaker authentication for secu-
rity” following.)

The user can be given a list of pre-defined names, which
have been previously checked for sufficient length,
which differ in final syllables in case more than one is
used, and which can have empirically derived models
from examples of those names collected from many
speakers.

Allow the user to choose an application name, rather than
having a fixed name or a list for a voice “assistant.”
Typically, the name will be entered as text.

If the user is given a choice of pre-defined names from a
list, the names can be pre-analyzed. As noted under “Varia-
tions,” however, it may be desirable to allow the user to
choose the name by which the application is addressed (or
names for different functions, as discussed). In that case,
there is less control, and specialized techniques can be used to
make that case more effective.
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If the user enters the name as text, a letter-to-sound algo-
rithm (typically part of a text-to-speech system) can be used
to create a phonetic spelling of the word that is used in the
application dictionary. As noted earlier, clipped phonetic
spellings can also be added.

As a variation, multiple possible phonetic spellings can be
created (e.g., for names that have multiple pronunciations).
Fach of those can be repeated to the user using text-to-speech
software, and the user can pick the one that sounds closest to
the desired pronunciation.

As a further variation, the user may be asked to speak the
name once or more. The system can then pick from available
phonetic spellings, and use the one which has the highest
average recognition score.

Once the user has picked a name, the system can immedi-
ately check that if the name has sufficient duration (pho-
nemes) to avoid clipping a command and warn the user if
otherwise. The system can also ask for the name to be spoken,
and suggest that another name be chosen if the recognition
score is low.

Many of the techniques suggested can be done immedi-
ately when a name is chosen. Most allow improvement
through adaptation using examples as the application name is
used in regular usage.

With increasingly more personal data, even electronic wal-
lets, being associated with mobile devices and PCs, security is
an increasingly pressing issue. The current application-nam-
ing method can be extended to include speaker authentica-
tion, verifying a user by the characteristics of their voice
(sometimes called a “voiceprint”). In the current context,
verification by voice characteristics can be done “invisibly”
(without specific action other than an initial enrollment) for
access to specified data or applications within the device. The
user can specify what data or applications require authenti-
cation.

The “token” used in speaker verification is typically differ-
ent than used in speech recognition, characterized by differ-
ent measurements. Speaker verification can be based on com-
paring how a specific word is said during an enrollment
period versus during a request for access. It may be necessary
to create tokens for parts of the name as defined in the speech
recognition processing (parts after clipping of the initial part
of the name), using the speech recognition models to first
decide which was spoken. Creation of tokens for parts of the
name can be done artificially during enrollment, cutting off
successive pieces of a spoken token algorithmically. Within
the context of the recognition of the application name, the
additional processing and memory required for speaker
authentication is minimal.

Alternatively, there are methods for text-independent veri-
fication that can be used on arbitrary requests, with the system
stopping and asking for a password or other confirmation of
the user if cumulative testing suggests the owner of the device
is not the speaker. This requires a longer enrollment, and more
continuous processing.

A further refinement could be to ask for a repetition of the
name for particularly high-sensitivity data. When the name is
requested for authentication, a data buffer could be selec-
tively used to get the whole phrase.

There are known methods for speaker authentication that
can be adapted to this context. The basic distinction is that, in
speech recognition, we want to remove speaker differences in
describing the speech, and use representations such as Mel-
Frequency Cepstral Coefficients (MFCCs) that try to remove,
for example, the impact of different average pitch values. In
speaker verification, we try to retain information on where the
specific resonances are within the vocal tract with different
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signal processing. See, for example, the following references:
Cambell, J., “Speaker recognition: A tutorial,” Proc. of the
IEEE, 1997, 85(9), pp. 1437-1462; and Furui, S., “Recent
Advances in Speaker Recognition,” Pattern Recognition Let-
ters, 1997, 18, pp. 859-872.

The methods discussed in this document can be used with
speech recognition in the network (voice data transmitted
over a network), speech recognition in the device (“embed-
ded” speech recognition), and a combination of the two. Note
that, even if the speech recognition is done entirely on the
device, network-based processing can be done as part of the
set-up process (e.g., to create clipped acoustic models) and
those results uploaded for use on the device.

This section discusses how the processing of an utterance
with an application name can be distributed between a device
that the user is addressing and a network-based server or
servers.

Continuous speech recognition technology uses search
techniques that find a good (sometimes “optimal’’) match to
what was said given all the parameters of the speech engine,
including acoustic models, language models, and dictionar-
ies. The methods use various search techniques that include
the Viterbi algorithm and branch-and-bound techniques (e.g.
see section 8.2.3, “How to decode an HMM—the Viterbi
algorithm,” and chapter 13, “Large-vocabulary search algo-
rithms,” in Spoken Language Processing, previously refer-
enced herein).

If the entire decoding may be done on a device such as a
mobile phone (a fully embedded solution), it may (1) require
more processing power and memory than the device can
provide; (2) use more battery power than desired; (3) create an
unacceptable delay in the software responding; (4) require
compromises that reduce accuracy, and the like. One
approach is to do only part of the processing on the device,
and particularly the part that is most predictable and doesn’t
require network-based data. That part is detecting the spoken
application name (or clipped part thereof).

One approach to doing so is to create a language model that
expects the name (defined as including parts of the name,
using methods already outlined), followed by some command
or information-request utterance. The last part of the utter-
ance (after the name) can be specified in the language model
as starting with an arbitrary phonetic sequence; the rest of the
language model is relatively unimportant. The search method
can then begin at the start of the utterance and stop when it has
best matched the name. The remainder of the utterance is then
the command; that part of the speech is passed on to the
network system for processing (along with the name, in case
there is more than one name with different handling).

This has some advantages. It off-loads part of the process-
ing from the network system, and, of course, has the advan-
tage that the start of the command is not clipped. Since name
detection is done on the device, it is easier to manage the
creation of user-chosen names without network interaction or
to create multiple names for different classes of tasks.

Additional speech recognition processing can be done on
the device, e.g., checking the command part of the utterance
to see if it matches a voice dialing grammar (dialing by
spoken name or number), and completing the command if it
does, but otherwise sending the speech data on for network
processing.

In embodiments, the present invention may provide for
dictation facilities on a mobile device, such as in a client-
server implementation. For instance, a dictation facility on
the mobile device may perform certain functions upon first
startup and first recognition, such as sending contact infor-
mation, sending a header with header information, sending
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upload data, and the33 like. Header information may include
adevice name (e.g. iPhone 3G), anetwork type (e.g. WiFi), an
audio source (e.g. speaker and microphone), carrier, client
version, command to execute on the server (e.g. upload),
language, LCD dimensions for the display, location, geo-
graphic locale (e.g. U.S.), geographic region (e.g. New
England), mobile device model (e.g. iPhone), phone number
(such as hashed and/or encrypted), phone sub-model, session
information, and the like. Upload data may include data in
blocks, such as each data block specifying a dictionary, speci-
fying contacts, an action clear function (such as for the first
block), add name function, and the like. In response, the
server may send back a result to indicate that the upload is
complete, such as including number of contacts, contacts sum
(such as a checksum to ensure data integrity), contacts gram
version, and the like. The client may also send that the data
was received. As the user dictates, each utterance may include
data, such as sending header information similar to that sent at
startup (such as a header with a command indicating a dicta-
tion request plus the addition of a device codec, such as for
audio format), a grammar block associated with the current
text field, encoded audio data, and the like. The server may
respond with contact information (e.g. number of contacts,
contacts sum, contacts gram version, and the like), text of
transcription, information about signal quality (e.g. signal-to-
noise ratio, clipping, energy, and the like), information about
silence detection, and the like. The client may then respond,
such as with logging information, including end-pointer type,
audio source, push-to-talk information, end-pointer informa-
tion, encoder information, and the like. Dictation results may
bedisplayed in atext field, where speaking again may add text
to the end. Capitalization may depend on existing text in the
text box (e.g. if at the beginning or after punctuation, then
capitalize). If a user pushes a ‘next’ button, or some other next
step indicator, a menu may come up for emailing the text, text
messaging, copying to memory (such as the clipboard), and
the like. When an email is sent, the client may send header
information (such as described herein), a command, a log
revision, an event message send indication (e.g. recipients,
subject, text), and the like. The server may finally send a result
acknowledgment, such as including a log revision, number of
contacts, contacts sum, contacts gram version, and the like.
In embodiments, the present invention may convert voice
to text on a mobile communication facility comprising cap-
turing speech presented by a user using a resident capture
facility on the mobile communication facility; transmitting a
communications header to a speech recognition facility from
the mobile communication facility via a wireless communi-
cations facility, wherein the communications header includes
at least one of device name, network provider, network type,
audio source, a display parameter for the wireless communi-
cations facility, geographic location, and phone number infor-
mation; transmitting at least a portion of the captured speech
as data through a wireless communication facility to a speech
recognition facility; prompting the user to manage contacts
associated with usage of the mobile communication facility;
transmitting contact names to the speech recognition facility,
wherein the contact names are used by the speech recognition
facility to at least one of tune, enhance, and improve the
speech recognition of the speech recognition facility; trans-
mitting to the speech recognition facility information relating
to the current contents of a target text field on the mobile
communication facility; generating speech-to-text results for
the captured speech utilizing the speech recognition facility
based at least in part on at least one of a contact name, the
communications header, and information relating to the cur-
rent content of the target text field; transmitting the text results
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from the speech recognition facility to the mobile communi-
cations facility, including text from the speech-to-text results
and information on signal quality, such information including
at least one of signal-to-noise ratio, clipping, and energy
entering the text results into a text field on the mobile com-
munications facility; presenting to the user through the
mobile communications facility a choice of action, including
at least one of emailing and texting the text results; monitor-
ing for a user selected transmission of the entered text results
through a communications application on the mobile com-
munications facility; receiving the user selected transmitted
text at the speech recognition facility and using it to improve
the performance of the speech recognition facility, and the
like.

In embodiments, the present invention may collect contact
list information from the mobile communication facility to
improve speech recognition. For instance, voice may be con-
verted to text on a mobile communication facility comprising
capturing speech presented by a user using a resident capture
facility on the mobile communication facility; transmitting at
least a portion of the captured speech as data through a wire-
less communication facility to a speech recognition facility;
prompting the user to manage contacts associated with usage
of the mobile communication facility; transmitting contact
names to the speech recognition facility, wherein the contact
names may be used by the speech recognition facility to at
least one of tune, enhance, and improve the speech recogni-
tion of the speech recognition facility; generating speech-to-
text results for the captured speech utilizing the speech rec-
ognition facility based at least in part on at least one of a
contact name; transmitting the text results from the speech
recognition facility to the mobile communications facility;
and entering the text results into a text field on the mobile
communications facility. Transmitting contact names may
occur in the case where the user approves transmission of
contacts names. The contacts may be stored on the mobile
communications facility. At least a portion of the contacts
may be stored apart from the mobile communications facility.
Managing contacts may include retrieving, adding, deleting,
modifying data, and the like, associated with a contact.

In embodiments, the present invention may add voice-to-
text to existing text, such as from a previous voice-to-text
session, from a user entering the existing text through a key-
pad interface on the mobile communications facility, and the
like. For instance, voice may be converted to text on a mobile
communication facility comprising capturing speech pre-
sented by a user using a resident capture facility on the mobile
communication facility; transmitting at least a portion of the
captured speech as data through a wireless communication
facility to a speech recognition facility; transmitting to the
speech recognition facility information relating to the current
contents of a target text field on the mobile communication
facility generating speech-to-text results for the captured
speech utilizing the speech recognition facility; transmitting
the text results from the speech recognition facility to the
mobile communications facility; and entering the text results
into a text field on the mobile communications facility.

In embodiments, user emailed text may be utilized to
improve a language model. For instance, voice may be con-
verted to text on a mobile communication facility comprising
capturing speech presented by a user using a resident capture
facility on the mobile communication facility; transmitting at
least a portion of the captured speech as data through a wire-
less communication facility to a speech recognition facility;
generating speech-to-text results for the captured speech uti-
lizing the speech recognition facility; transmitting the text
results from the speech recognition facility to the mobile
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communications facility; entering the text results into a text
field on the mobile communications facility; monitoring for a
user selected transmission of the entered text results through
a communications application on the mobile communica-
tions facility; and receiving the user selected transmitted text
at the speech recognition facility and using it to improve the
performance of the speech recognition facility.

In embodiments, a communications header may be sent
with the voice recording to send metadata for use in speech
recognition and formatting. For instance, voice may be con-
verted to text on a mobile communication facility comprising
capturing speech presented by a user using a resident capture
facility on the mobile communication facility; transmitting a
communications header to a speech recognition facility from
the mobile communication facility via a wireless communi-
cations facility, where the communications header includes at
least one of device name, network provider, network type,
audio source, a display parameter for the wireless communi-
cations facility, geographic location, and phone number infor-
mation; transmitting at least a portion of the captured speech
as data through a wireless communication facility to a speech
recognition facility; generating speech-to-text results for the
captured speech utilizing the speech recognition facility
based at least in part on the communications header; trans-
mitting the text results from the speech recognition facility to
the mobile communications facility; and entering the text
results into a text field on the mobile communications facility.

In embodiments, a user may be provided choices, includ-
ing emailing the text. For instance, voice may be converted to
text on a mobile communication facility comprising captur-
ing speech presented by a user using a resident capture facility
on the mobile communication facility; transmitting at least a
portion of the captured speech as data through a wireless
communication facility to a speech recognition facility; gen-
erating speech-to-text results for the captured speech utilizing
the speech recognition facility; transmitting the text results
from the speech recognition facility to the mobile communi-
cations facility; entering the text results into a text field on the
mobile communications facility; and presenting to the user
through the mobile communications facility a choice of
action, including at least one of emailing and texting the text
results.

In embodiments, signal quality information may be trans-
mitted for use. For instance, voice may be converted to text on
a mobile communication facility comprising capturing
speech presented by a user using a resident capture facility on
the mobile communication facility; transmitting at least a
portion of the captured speech as data through a wireless
communication facility to a speech recognition facility; gen-
erating speech-to-text results for the captured speech utilizing
the speech recognition facility; transmitting the text results
from the speech recognition facility to the mobile communi-
cations facility, including text from the speech-to-text results
and information on signal quality, such information including
at least one of signal-to-noise ratio, clipping, and energy; and
entering the text results into a text field on the mobile com-
munications facility.

In embodiments, the present invention may provide a
search facility on a mobile device, such as where the search
facility searches multiple sources. For instance, the search
facility may search through Google, yahoo, iTunes, YouTube,
twitter, Facebook, Foursquare, and like, providing the user of
the mobile device with search results from a number of
sources at once. Search terms may be received through an
audio input, and displayed in a text input box. Search terms
may be typed into a text box, such as through a virtual key-
board that pops up when the text box is entered or touched if
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a touch screen. There may be a tap-and-speak function, a
facility for displaying and/or clearing search history, and the
like. Similar to the dictation embodiment described herein,
with each utterance the client may send a header (e.g. with the
same information as described herein for dictation), send
encoded audio, and the like. The server may send a response,
such as including a text string, multiple web search URL’s
(e.g. a URL represented as base plus replacement format,
such as for creating a URL out of a recognition result). The
client may send back logging information. The client may
display text in a text field, a set of possible search engines, the
results for a default search engine, and the like. The user may
then be able to select on alternate search tabs for each of the
different possible search engines, where results may be
cached for each selection so that the user may go back and
re-view a result quickly.

In embodiments, the present invention may provide a mul-
tiple web-based content search user interface. For instance,
web content may be searched for on a mobile communication
facility comprising capturing speech presented by a user
using a resident capture facility on the mobile communication
facility; transmitting at least a portion of the captured speech
as data through a wireless communication facility to a speech
recognition facility; generating speech-to-text results utiliz-
ing the speech recognition facility; and transmitting text from
the speech-to-text results along with URL usage information
configured to enable a user to conduct a search on the mobile
communication facility. The URL usage information may be
associated with a plurality of base URLs and include at least
one formatting rule specifying how search text may be com-
bined with a base URL to form a search URL that enables a
search based on the text using the mobile communications
facility. URL usage information may be included for a plu-
rality of distinct web-based search facilities. The text results
may be provided, the plurality of base URLs, and the plurality
of formatting rules to a web-based search utilizing a first of
the multiple web-based search facilities, where results of the
search are returned to and cached in the mobile communica-
tions facility as a first search result. The text results may be
provided, the plurality of base URLs, and the plurality of
formatting rules a second web-based search to a plurality of
web-based search facilities, wherein results of the search are
returned to and cached in the mobile communications facility
as a plurality of search results. The user may be allowed to
select a plurality of web-based search facilities for content
searching. A user may be enabled to select search results
through a multiple domain search user interface.

In embodiments, the present invention may provide for
multiple web-based content category searching. For instance,
web content may be searched for on a mobile communication
facility comprising: capturing speech presented by a user
using a resident capture facility on the mobile communication
facility; transmitting at least a portion of the captured speech
as data through a wireless communication facility to a speech
recognition facility; generating speech-to-text results for the
captured speech utilizing the speech recognition facility; and
transmitting the text results and a plurality of formatting rules
specifying how search text may be used to form a query for a
search capability on the mobile communications facility,
wherein each formatting rule is associated with a category of
content to be searched. The categories may include web infor-
mation, music, videos, audio, social network related informa-
tion, and the like. The text results may be provided, a plurality
of base URLs, and the plurality of formatting rules to a
web-based search utilizing a first of the multiple web-based
search facilities, where results of the search are returned to
and cached in the mobile communications facility as a first
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search result. The user may select a second of the multiple
web-based search facilities for content searching. The text
results may be provided, the plurality of base URLs, and the
plurality of formatting rules a second web-based search to a
second of the multiple web-based search facilities, wherein
results of the search are returned to and cached in the mobile
communications facility as a second search result. The user
may be enabled to select one of the cached first and second
search results.

In embodiments, the present invention may send a com-
munications header with the voice recording to send metadata
for use in speech recognition, formatting, and search. For
instance, web content may be searched for on a mobile com-
munication facility comprising capturing speech presented
by a user using a resident capture facility on the mobile
communication facility; transmitting a communications
header to a speech recognition facility from the mobile com-
munication facility through a wireless communications facil-
ity, wherein the communications header includes at least one
of device name, network type, audio source, display param-
eters for the wireless communications facility, geographic
location, and phone number information; transmitting at least
a portion of the captured speech as data through the wireless
communication facility to a speech recognition facility; gen-
erating speech-to-text results utilizing the speech recognition
facility based at least in part on the information relating to the
captured speech and the communications header; and trans-
mitting text from the speech-to-text results along with URL
usage information configured to enable a user to conduct a
search on the mobile communication facility. The URL usage
information may be associated with a plurality of base URLs
and includes at least one formatting rule specifying how
search text may be combined with a base URL to form a
search URL that enables a search based on the text using the
mobile communications facility. URL usage information
may be included for a plurality of distinct web-based search
facilities. The text results may be provided, the plurality of
base URLs, and the plurality of formatting rules to a web-
based search utilizing a first of the multiple web-based search
facilities, where results of the search are returned to and
cached in the mobile communications facility as a first search
result. The text results may be provided, the plurality of base
URLs, and the plurality of formatting rules a second web-
based search to a plurality of web-based search facilities,
wherein results of the search are returned to and cached in the
mobile communications facility as a plurality of search
results. The user may be allowed to select a plurality of
web-based search facilities for content searching. A user may
be enabled to select search results through a multiple domain
search user interface.

In embodiments, the present invention may provide for
command and control applications. For instance, a mobile
communication facility may be controlled by accepting
speech presented by a user using a resident capture facility on
the mobile communication facility while the user engages an
interface that enables a command mode for the mobile com-
munications facility; processing the speech using a resident
speech recognition facility to recognize command elements
and content elements, wherein the content elements include
the contact name for at least one of a text message and an
email message; transmitting at least a portion of the speech
through a wireless communication facility to a remote speech
recognition facility; transmitting information from the
mobile communication facility to the remote speech recog-
nition facility, wherein the information includes information
about a command recognizable by the resident speech recog-
nition facility, information about contacts stored on the
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mobile communication facility, information about the con-
tent recognized by the resident speech recognition facility,
and at least one of language, location, display type, model,
identifier, network provider, and phone number associated
with the mobile communication facility; generating speech-
to-text results utilizing a hybrid of the resident speech recog-
nition facility and the remote speech recognition facility
based at least in part on the speech and on the information
related to the mobile communication facility; transmitting the
text results for use on the mobile communications facility,
and the like. A command may be transmitted that is recog-
nizable by the mobile communications facility. Structured
information may be provided from the remote speech recog-
nition facility to the mobile communication facility suitable
for use by the mobile communication facility. An action may
be executed on the mobile communication facility based on
the results of the resident speech recognition facility and
remote speech recognition facility. The action may include
placing a phone call, executing a web search, finding a busi-
ness, sending a text message, sending an email, and the like.

In embodiments, command and control may include uti-
lizing contact names in sending email, test messages, and the
like. For instance, a method of controlling a mobile commu-
nication facility by accepting speech presented by a user
using a resident capture facility on the mobile communication
facility while the user engages an interface that enables a
command mode for the mobile communications facility; pro-
cessing the speech using aresident speech recognition facility
to recognize command elements and content elements,
wherein the content elements include the contact name for at
least one of a text message and an email message; transmit-
ting at least a portion of the speech through a wireless com-
munication facility to a remote speech recognition facility;
transmitting information from the mobile communication
facility to the remote speech recognition facility, wherein the
information includes information about a command recog-
nized by the resident speech recognition facility and informa-
tion about contacts stored on the mobile communication
facility; generating speech-to-text results utilizing the remote
speech recognition facility based at least in part on the speech
and on the information related to the mobile communication
facility; and transmitting the text results for use on the mobile
communications facility. A command may be transmitted that
is recognizable by the mobile communications facility. Struc-
tured information may be provided from the remote speech
recognition facility to the mobile communication facility
suitable for use by the mobile communication facility. An
action may be executed on the mobile communication facility
based on the results of the resident speech recognition facility
and remote speech recognition facility. The action may
include placing a phone call, executing a web search, finding
a business, sending a text message, sending an email, and the
like.

In embodiments, command and control may include uti-
lizing content information. For instance, a mobile communi-
cation facility may be controlled by accepting speech pre-
sented by a user using a resident capture facility on the mobile
communication facility while the user engages an interface
that enables a command mode for the mobile communica-
tions facility; processing the speech using a resident speech
recognition facility to recognize command elements and con-
tent elements; transmitting at least a portion of the speech
through a wireless communication facility to a remote speech
recognition facility; transmitting information from the
mobile communication facility to the remote speech recog-
nition facility, wherein the information includes information
about a command recognized by the resident speech recog-
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nition facility and information about the content recognized
by the resident speech recognition facility; generating
speech-to-text results utilizing the remote speech recognition
facility based at least in part on the speech and on the infor-
mation related to the mobile communication facility; and
transmitting the text results for use on the mobile communi-
cations facility. A command may be transmitted that is rec-
ognizable by the mobile communications facility. Structured
information may be provided from the remote speech recog-
nition facility to the mobile communication facility suitable
for use by the mobile communication facility. An action may
be executed on the mobile communication facility based on
the results of the resident speech recognition facility and
remote speech recognition facility. The action may include
placing a phone call, executing a web search, finding a busi-
ness, sending a text message, sending an email, and the like.

In embodiments, command and control may utilize ancil-
lary information. For instance, a mobile communication
facility may be controlled by accepting speech presented by a
user using a resident capture facility on the mobile commu-
nication facility while the user engages an interface that
enables a command mode for the mobile communications
facility; processing the speech using a resident speech recog-
nition facility to recognize command elements and content
elements; transmitting at least a portion of the speech through
a wireless communication facility to a remote speech recog-
nition facility; transmitting information from the mobile
communication facility to the remote speech recognition
facility, wherein the information includes information about a
command recognizable by the resident speech recognition
facility and at least one of language, location, display type,
model, identifier, network provider, and phone number asso-
ciated with the mobile communication facility; generating
speech-to-text results utilizing the remote speech recognition
facility based at least in part on the speech and on the infor-
mation related to the mobile communication facility; and
transmitting the text results for use on the mobile communi-
cations facility. A command may be transmitted that is rec-
ognizable by the mobile communications facility. Structured
information may be provided from the remote speech recog-
nition facility to the mobile communication facility suitable
for use by the mobile communication facility. An action may
be executed on the mobile communication facility based on
the results of the resident speech recognition facility and
remote speech recognition facility. The action may include
placing a phone call, executing a web search, finding a busi-
ness, sending a text message, sending an email, and the like.

In embodiments, the present invention may provide for
hybrid command control between resident and remote speech
recognition facilities. For instance, a mobile communication
facility may be controlled by accepting speech presented by a
user using a resident capture facility on the mobile commu-
nication facility while the user engages an interface that
enables a command mode for the mobile communications
facility; processing the speech using a resident speech recog-
nition facility to recognize command elements and content
elements; transmitting at least a portion of the speech through
a wireless communication facility to a remote speech recog-
nition facility; transmitting information from the mobile
communication facility to the remote speech recognition
facility, wherein the information includes information about a
command recognizable by the resident speech recognition
facility; generating speech-to-text results utilizing a hybrid of
the resident speech recognition facility and the remote speech
recognition facility based at least in part on the speech and on
the information related to the mobile communication facility;
and transmitting the text results for use on the mobile com-
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munications facility. A command may be transmitted that is
recognizable by the mobile communications facility. Struc-
tured information may be provided from the remote speech
recognition facility to the mobile communication facility
suitable for use by the mobile communication facility. An
action may be executed on the mobile communication facility
based on the results of the resident speech recognition facility
and remote speech recognition facility. The action may
include placing a phone call, executing a web search, finding
a business, sending a text message, sending an email, and the
like.

The methods and systems described herein may be
deployed in part or in whole through a machine that executes
computer software, program codes, and/or instructions on a
processor. The present invention may be implemented as a
method on the machine, as a system or apparatus as part of or
in relation to the machine, or as a computer program product
embodied in a computer readable medium executing on one
or more of the machines. The processor may be part of a
server, client, network infrastructure, mobile computing plat-
form, stationary computing platform, or other computing
platform. A processor may be any kind of computational or
processing device capable of executing program instructions,
codes, binary instructions and the like. The processor may be
or include a signal processor, digital processor, embedded
processor, microprocessor or any variant such as a co-proces-
sor (math co-processor, graphic co-processor, communica-
tion co-processor and the like) and the like that may directly
or indirectly facilitate execution of program code or program
instructions stored thereon. In addition, the processor may
enable execution of multiple programs, threads, and codes.
The threads may be executed simultaneously to enhance the
performance of the processor and to facilitate simultaneous
operations of the application. By way of implementation,
methods, program codes, program instructions and the like
described herein may be implemented in one or more thread.
The thread may spawn other threads that may have assigned
priorities associated with them; the processor may execute
these threads based on priority or any other order based on
instructions provided in the program code. The processor
may include memory that stores methods, codes, instructions
and programs as described herein and elsewhere. The proces-
sor may access a storage medium through an interface that
may store methods, codes, and instructions as described
herein and elsewhere. The storage medium associated with
the processor for storing methods, programs, codes, program
instructions or other type of instructions capable of being
executed by the computing or processing device may include
but may not be limited to one or more of a CD-ROM, DVD,
memory, hard disk, flash drive, RAM, ROM, cache and the
like.

A processor may include one or more cores that may
enhance speed and performance of a multiprocessor. In
embodiments, the process may be a dual core processor, quad
core processors, other chip-level multiprocessor and the like
that combine two or more independent cores (called a die).

The methods and systems described herein may be
deployed in part or in whole through a machine that executes
computer software on a server, client, firewall, gateway, hub,
router, or other such computer and/or networking hardware.
The software program may be associated with a server that
may include a file server, print server, domain server, internet
server, intranet server and other variants such as secondary
server, host server, distributed server and the like. The server
may include one or more of memories, processors, computer
readable media, storage media, ports (physical and virtual),
communication devices, and interfaces capable of accessing

Amazon EX1052 Page 60



US 8,635,243 B2

47

other servers, clients, machines, and devices through a wired
or a wireless medium, and the like. The methods, programs or
codes as described herein and elsewhere may be executed by
the server. In addition, other devices required for execution of
methods as described in this application may be considered as
a part of the infrastructure associated with the server.

The server may provide an interface to other devices
including, without limitation, clients, other servers, printers,
database servers, print servers, file servers, communication
servers, distributed servers and the like. Additionally, this
coupling and/or connection may facilitate remote execution
of program across the network. The networking of some or all
of these devices may facilitate parallel processing of a pro-
gram or method at one or more location without deviating
from the scope of the invention. In addition, any of the devices
attached to the server through an interface may include at
least one storage medium capable of storing methods, pro-
grams, code and/or instructions. A central repository may
provide program instructions to be executed on different
devices. In this implementation, the remote repository may
act as a storage medium for program code, instructions, and
programs.

The software program may be associated with a client that
may include a file client, print client, domain client, internet
client, intranet client and other variants such as secondary
client, host client, distributed client and the like. The client
may include one or more of memories, processors, computer
readable media, storage media, ports (physical and virtual),
communication devices, and interfaces capable of accessing
other clients, servers, machines, and devices through a wired
or a wireless medium, and the like. The methods, programs or
codes as described herein and elsewhere may be executed by
the client. In addition, other devices required for execution of
methods as described in this application may be considered as
a part of the infrastructure associated with the client.

The client may provide an interface to other devices includ-
ing, without limitation, servers, other clients, printers, data-
base servers, print servers, file servers, communication serv-
ers, distributed servers and the like. Additionally, this
coupling and/or connection may facilitate remote execution
of program across the network. The networking of some or all
of these devices may facilitate parallel processing of a pro-
gram or method at one or more location without deviating
from the scope of the invention. In addition, any of the devices
attached to the client through an interface may include at least
one storage medium capable of storing methods, programs,
applications, code and/or instructions. A central repository
may provide program instructions to be executed on different
devices. In this implementation, the remote repository may
act as a storage medium for program code, instructions, and
programs.

The methods and systems described herein may be
deployed in part or in whole through network infrastructures.
The network infrastructure may include elements such as
computing devices, servers, routers, hubs, firewalls, clients,
personal computers, communication devices, routing devices
and other active and passive devices, modules and/or compo-
nents as known in the art. The computing and/or non-com-
puting device(s) associated with the network infrastructure
may include, apart from other components, a storage medium
such as flash memory, buffer, stack, RAM, ROM and the like.
The processes, methods, program codes, instructions
described herein and elsewhere may be executed by one or
more of the network infrastructural elements.

The methods, program codes, and instructions described
herein and elsewhere may be implemented on a cellular net-
work having multiple cells. The cellular network may either
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be frequency division multiple access (FDMA) network or
code division multiple access (CDMA) network. The cellular
network may include mobile devices, cell sites, base stations,
repeaters, antennas, towers, and the like. The cell network
may be a GSM, GPRS, 3G, EVDO, mesh, or other networks
types.

The methods, programs codes, and instructions described
herein and elsewhere may be implemented on or through
mobile devices. The mobile devices may include navigation
devices, cell phones, mobile phones, mobile personal digital
assistants, laptops, palmtops, netbooks, pagers, electronic
books readers, music players and the like. These devices may
include, apart from other components, a storage medium such
as a flash memory, buffer, RAM, ROM and one or more
computing devices. The computing devices associated with
mobile devices may be enabled to execute program codes,
methods, and instructions stored thereon. Alternatively, the
mobile devices may be configured to execute instructions in
collaboration with other devices. The mobile devices may
communicate with base stations interfaced with servers and
configured to execute program codes. The mobile devices
may communicate on a peer to peer network, mesh network,
or other communications network. The program code may be
stored on the storage medium associated with the server and
executed by a computing device embedded within the server.
The base station may include a computing device and a stor-
age medium. The storage device may store program codes
and instructions executed by the computing devices associ-
ated with the base station.

The computer software, program codes, and/or instruc-
tions may be stored and/or accessed on machine readable
media that may include: computer components, devices, and
recording media that retain digital data used for computing
for some interval of time; semiconductor storage known as
random access memory (RAM); mass storage typically for
more permanent storage, such as optical discs, forms of mag-
netic storage like hard disks, tapes, drums, cards and other
types; processor registers, cache memory, volatile memory,
non-volatile memory; optical storage such as CD, DVD;
removable media such as flash memory (e.g. USB sticks or
keys), floppy disks, magnetic tape, paper tape, punch cards,
standalone RAM disks, Zip drives, removable mass storage,
off-line, and the like; other computer memory such as
dynamic memory, static memory, read/write storage, mutable
storage, read only, random access, sequential access, location
addressable, file addressable, content addressable, network
attached storage, storage area network, bar codes, magnetic
ink, and the like.

The methods and systems described herein may transform
physical and/or or intangible items from one state to another.
The methods and systems described herein may also trans-
form data representing physical and/or intangible items from
one state to another.

The elements described and depicted herein, including in
flow charts and block diagrams throughout the figures, imply
logical boundaries between the elements. However, accord-
ing to software or hardware engineering practices, the
depicted elements and the functions thereof may be imple-
mented on machines through computer executable media
having a processor capable of executing program instructions
stored thereon as a monolithic software structure, as standa-
lone software modules, or as modules that employ external
routines, code, services, and so forth, or any combination of
these, and all such implementations may be within the scope
of the present disclosure. Examples of such machines may
include, but may not be limited to, personal digital assistants,
laptops, personal computers, mobile phones, other handheld
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computing devices, medical equipment, wired or wireless
communication devices, transducers, chips, calculators, sat-
ellites, tablet PCs, electronic books, gadgets, electronic
devices, devices having artificial intelligence, computing
devices, networking equipments, servers, routers and the like.
Furthermore, the elements depicted in the flow chart and
block diagrams or any other logical component may be imple-
mented on a machine capable of executing program instruc-
tions. Thus, while the foregoing drawings and descriptions set
forth functional aspects of the disclosed systems, no particu-
lar arrangement of software for implementing these func-
tional aspects should be inferred from these descriptions
unless explicitly stated or otherwise clear from the context.
Similarly, it will be appreciated that the various steps identi-
fied and described above may be varied, and that the order of
steps may be adapted to particular applications of the tech-
niques disclosed herein. All such variations and modifications
are intended to fall within the scope of this disclosure. As
such, the depiction and/or description of an order for various
steps should not be understood to require a particular order of
execution for those steps, unless required by a particular
application, or explicitly stated or otherwise clear from the
context.

The methods and/or processes described above, and steps
thereof, may be realized in hardware, software or any com-
bination of hardware and software suitable for a particular
application. The hardware may include a general purpose
computer and/or dedicated computing device or specific
computing device or particular aspect or component of a
specific computing device. The processes may be realized in
one or more microprocessors, microcontrollers, embedded
microcontrollers, programmable digital signal processors or
other programmable device, along with internal and/or exter-
nal memory. The processes may also, or instead, be embodied
in an application specific integrated circuit, a programmable
gate array, programmable array logic, or any other device or
combination of devices that may be configured to process
electronic signals. It will further be appreciated that one or
more of the processes may be realized as a computer execut-
able code capable of being executed on a machine readable
medium.

The computer executable code may be created using a
structured programming language such as C, an object ori-
ented programming language such as C++, or any other high-
level or low-level programming language (including assem-
bly languages, hardware description languages, and database
programming languages and technologies) that may be
stored, compiled or interpreted to run on one of the above
devices, as well as heterogeneous combinations of proces-
sors, processor architectures, or combinations of different
hardware and software, or any other machine capable of
executing program instructions.

Thus, in one aspect, each method described above and
combinations thereof may be embodied in computer execut-
able code that, when executing on one or more computing
devices, performs the steps thereof. In another aspect, the
methods may be embodied in systems that perform the steps
thereof, and may be distributed across devices in a number of
ways, or all of the functionality may be integrated into a
dedicated, standalone device or other hardware. In another
aspect, the means for performing the steps associated with the
processes described above may include any of the hardware
and/or software described above. All such permutations and
combinations are intended to fall within the scope of the
present disclosure.

While the invention has been disclosed in connection with
the preferred embodiments shown and described in detail,
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various modifications and improvements thereon will
become readily apparent to those skilled in the art. Accord-
ingly, the spirit and scope of the present invention is not to be
limited by the foregoing examples, but is to be understood in
the broadest sense allowable by law.

All documents referenced herein are hereby incorporated
by reference.

What is claimed is:

1. A method of searching for web content on a mobile
communication facility comprising:

capturing, by the mobile communication facility, having

one or more processors, speech presented by a user using
aresident capture facility on the mobile communication
facility;

transmitting, by the mobile communication facility, a com-

munications header to a speech recognition facility from
the mobile communication facility through a wireless
communications facility, wherein the communications
header includes at least one of device name, network
type, audio source, display parameters for the wireless
communications facility, geographic location, or phone
number information;

transmitting, by the mobile communication facility, at least

a portion of the captured speech as data through the
wireless communication facility to a speech recognition
facility;

receiving, by the mobile communication facility, text from

the speech recognition facility from speech-to-text
results generated by the speech recognition facility
based at least in part on the data relating to the at least a
portion of the captured speech and based on the commu-
nications header, the text including URL usage informa-
tion configured to enable a user to conduct the search on
the mobile communication facility, wherein the Uni-
form Resource Locators (URL) usage information is
included for a plurality of distinct web-based search
facilities; and

searching for web content on the mobile communication

facility.

2. The method of claim 1, wherein the URL usage infor-
mation is associated with a plurality of base URLs and
includes at least one formatting rule specifying how search
text is combined with a base URL to form a search URL that
enables a search based on the text using the mobile commu-
nications facility.

3. The method of claim 1, wherein the mobile communi-
cation facility comprises a resident search engine for search-
ing for the web content.

4. The method of claim 1, wherein the step of receiving
comprises receiving the text from the speech recognition
facility into a text field on the mobile communications facil-
ity.

5. The method of claim 1, further comprising loading the
loading the text into a search application resident on the
mobile communications facility.

6. A method of searching for web content on a mobile
communication facility comprising:

capturing, by the mobile communication facility, having

one or more processors, speech presented by a user using
aresident capture facility on the mobile communication
facility;

transmitting, by the mobile communication facility, a com-

munications header to a speech recognition facility from
the mobile communication facility through a wireless
communications facility, wherein the communications
header includes metadata with at least one of device
name, a network type, an audio source, display param-
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eters for the wireless communications facility, a geo-
graphic location, or phone number information;

transmitting, by the mobile communication facility, at least
a portion of the captured speech as data through the
wireless communication facility to a speech recognition
facility;

receiving, by the mobile communication facility, text from
the speech recognition facility from speech-to-text
results generated by the speech recognition facility
based at least in part on information relating to the cap-
tured speech and the communications header, the text
including information configured to enable a user to
conduct a search on the mobile communication facility,
wherein the speech-to-text results are generated using at
least one statistical language model selected from a set
of language models based at least in part on the infor-
mation relating to the captured speech and the commu-
nications header, wherein the received text includes
URL usage information configured to enable the user to
conduct the search on the mobile communication facil-
ity; and

20

52

loading the text into a search application resident on the
mobile communications facility to search for the web
content.

7. The method of claim 6, wherein the speech-to-text
results are generated using client state information relating to
the captured speech.

8. The method of claim 7, wherein the client state informa-
tion comprises information selected from the group consist-
ing of a user identification, a usage history of the search
application on the mobile communications device, and aloca-
tion of the mobile communications device.

9. The method of claim 6, further comprising deciding
whether the at least one selected statistical language model
provides insufficient recognition output for the speech-to-text
results and repeating the step of receiving text from speech-
to-test results, wherein the speech-to-text results are gener-
ated using at least one additional language model from the
first set of language models for a subsequent step of receiving
text.

10. The method of claim 6, further comprising receiving
results of the search on the mobile communication facility.
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