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[0002]

BACKGROUND
Field
[0003]

The technology of the present application relates generally to dictation systems,
and more particular, to a distributed dictation system that is adapted to return in real¬
time or near real-time a transcription of the dictation.

Background
[0004]

Originally, dictation was an exercise where one person spoke while another
person transcribed what was spoken. With modem technology, dictation has advanced
to the stage where voice recognition and speech-to-text technologies allow computers
and processors to serve as the transcriber.

[0005]

Current technology has resulted in essentially two styles of computer based
dictation and transcription. One style involves loading software on a machine to receive
and transcribe the dictation, which is generally known as client side dictation.

The

machine transcribes the dictation in real-time or near real-time. The other style involves
saving the dictation audio file and sending the dictation audio file to a centralized
server, which is generally known as server side batch dictation. The centralized server
transcribes the audio file and returns the transcription.

Often the transcription is

accomplished after hours, or the like, when the server has less processing demands.
[0006]

As can be appreciated, the present computer based dictation and transcription
systems have drawbacks. One drawback of client side dictation is that the dictation and
transcription is limited to a single or particular machine, sometimes referred to as a thick

or heavy client as most of the processing is accomplished at the local user's machine.
Thus, unless the user has the particular machine available, the user cannot accomplish
dictation. One drawback of server side batch dictation is that the transcript is not

provided in real or near real-time. So, while the server side batch dictation systems may
use thin clients, the transcription is not provided in real-time or near real-time.
[0007]

Moreover, the return time for transcriptions are related to the processing power
of the machine accomplishing the transcription. Thus, thick or heavy client machines
may have long delays between speech and the transcription being returned. Often thick

or heavy client machines in the end reply on server side batch dictation as they lack
sufficient processing power.

In either case, the return is delayed, sometimes

significantly.
[0008]

Published United States Patent Application Publication Number 2006/005259
filed by Bahl et al. (hereinafter Bahl), provides a thin client distributed

dictation/transcription system.

The disclosure of Bahl is incorporated herein by

reference as if set out in full, in particular, Bahl discloses using a wireless device, such
as a cellular phone, a personal digital assistant, or other electronic device to transmit
audio to a networked service manager.

The service manager includes a resource

management component and a profile management component.

The resource

management component, on receipt of the audio, selects one of a plurality of
transcription servers networked to the service manager. Once a transcription server is
selected and the transcription server accepts the task, the service manager identifies a
user or a default voice profile that is uploaded over a network to the transcription server.
The transcription server is selected by the resource management component of the
service manager using factors such as processor availability, network bandwidth,
proximity, and the like, where such factors are consistent with typical load balancing
devices. Once selected, the audio is sent to the transcription server, which converts the
audio to text Bahl does not return the transcription to the client and does not indicate
what, if anything, is done with the text or transcription file.
[0009]

Thus, against this background, it is desirable to develop an improved distributed,
real or near real-time dictation and transcription system.

SUMMARY
To attain the advantages and in accordance with the purpose of the technology of

[0010]

the present application, a distributed, real-time dictation system is provided.

The

distributed, real-time dictation system includes a client station connected to a dictation
manager via a network connection. The dictation manager identifies a dictation server
that includes a speech transcription engine that converts the speech

om an audio

stream or file to transcription results, such as text files or meta data, and returns the

transcription results to the client station in real, or near real time. The dictation manager
in selecting a transcription engine identifies if one of the available transcription engines

has previously been used by the same client and selects that transcription engine as the
user profile is already uploaded to the transcription engine.
Aspects of the technology of the present invention provide a remote client

00 ]

station that simply requires the ability to transmit audio files via a streaming connection
to the dictation manager or the dictation server. The dictation server can return the
transcription results via the dictation manager or via a direct connection depending on
the configuration of the system.

BRIEF DESCRIPTION O F THE DRAWINGS
FIG. 1 is a functional block diagram of an exemplary system consistent with the

[0012]

technology of the present application;
FIG. 2 is a functional block diagram of an exemplary system consistent with the

[0013]

technology of the present application;
FIG. 3 is a functional block diagram of dictation manager and dictation server of

[0014]

FlG. 2;
[0015]

FIG. 4 is a functional block diagram illustrative of a methodology consistent

with the technology of the present application.
[0016]

FIG. 5 is a sample database containing information and data used in certain
illustrative embodiments of the present invention;

[0017]

FIG. 6 is a functional block diagram illustrative of a methodology consistent

with the technology of the present application; and
[0018]

FIG. 7 is a functional block diagram illustrative of a methodology consistent

with the technology of the present application.

DETAILED DESCRIPTION
[0019]

The technology of the present application will now be explained with reference
to figures 1-7. While the technology of the present application is described with relation
to internet connections and streaming audio over an internet connection using
conventional streaming protocols, one of ordinary skill in the art will recognize on
reading the disclosure that other configurations are possible.

For example, the

technology of the present application is described with regard to a thin client station but
more processor intensive options could be deployed. Moreover, the technology of the
present application is described with regard to certain exemplary embodiments. The
word "exemplary" is used herein to mean "serving as an example, instance, or
illustration." Any embodiment described herein as "exemplary" is not necessarily to be
construed as preferred or advantageous over other embodiments.

All embodiments

described herein should be considered exemplary unless otherwise stated.
[0020]

Referring first to figure I a distributed dictation system 100 is provided.
Distributed dictation system 100 may provide transcription of dictation in real-time or
near real-time allowing for delays associated with transmission time, processing, and the
like. Of course, delay could be built into the system to allow, for example, a user the
ability to select either real-time or batch transcriptions services. For example, to allow
batch transcription services, system 100 may cache audio files at a client device, a
server, a transcription engine or the like to allow for later transcription of the audio file
to text that may be returned to the client station or retrieved by the client at a later time.

[0021]

As shown in distributed dictation system 100, one or more client stations 102 are
connected to a dictation manager 104 by a first network connection 106. First network
connection 106 can be any number of protocols to allow transmission of audio
information using a standard internet protocol. Client station 102 would receive audio
(i.e., dictation) from a user via a microphone 108 or the like. While shown as a separate
part, microphone 108 may be integrated into client station 102, such as, for example, a
cellular phone. Also, while shown as a monitor or computer station, client station 102
may be a wireless device, such as a wifi enabled computer, a cellular telephone, a PDA,
a smart phone, or the like. Client station 102 also may be a wired device, such as a
laptop or desktop computer, using conventional internet protocols to transmit audio.

[0022]

Dictation manager 104 may be connected to one or more dictation servers 110
by a second network connection 1 12. Second network connection 112 may be the same

or different than first network connection. Second network connection also may be any
of a number of conventional wireless or wired connection protocols. Dictation manager
104 and dictation server 10 may be a single integrated unit connected via a PCl bus or

other conventional bus. Each dictation server 110 incorporates or accesses a speech
transcription engine as is generally known in the art.

Operation of the speech

transcription engine will not be further explained herein except as necessary in
conjunction with the technology of the present application as speech recognition and
speech transcription engines are generally understood in the art

For any given

dictation, dictation manager 104 would direct the audio file from client station 102 to an
appropriate dictation server 110 that would transcribe the audio and return transcription
results, i.e., the text of the audio. The connection between client station 102 and
dictation server U 0 may be maintained via dictation manager 104. Alternatively, a
connection may be established directly between client station 102 and dictation server
110.

Additionally, dictation manager 104 may manage a number of simultaneous

connections so several client stations 102 and dictation servers 110 can be managed by
dictation manager 104.

Dictation manager 104 also provides the added benefit of

facilitating access to between multiple client stations and multiple dictation servers
over, for example, using a conventional call center where management and
administration of changing clients is difficult to accomplish.
Network connections

106 and

112 may be any conventional network

connections capable of providing streaming audio from client station 102 to dictation
manager 104 and from dictation manager 104 to the dictation server 1lO. Moreover,
dictation manager 104 may manage the transmission of data in both directions. From
the client station 102, dictation manager 104 receives the audio stream and directs the
audio stream to a dictation server 110. The dictation server 110 transcribes the audio to
text and transmits the text to dictation manager 104 and dictation manager 104 directs
the text back to client station 102 to display on a monitor or other output device
associated with client station 102. Of course, similar to caching the audio for later
transcription, the text may be stored for later retrieval by the user of client station 102.
Storing the text for later retrieval may be beneficial for situations where the text cannot
be reviewed due to conditions, such as driving a car, or the client station does not have a
sufficient display to name but two situations. Network connections 106 and 112 allow
streaming data from dictation server 110 though dictation manager 104 to client station

102. Dictation manager 104 may manage the data as well. Client station 102 would use

the data from dictation server 110 to populate a display on client station 102, such as,
for example, a text document that may be a word document.
[0024]

Referring now to figure 2, a distributed dictation system 200 is provided.
Distributed dictation system 200 is similar to distributed dictation system 100, but
includes a number of dictation managers 202. Also, client stations 102 are connected to
one of the dictation managers 202 via a first network connection 204 where the first
network connection 204 is an Internet connection or World Wide Web connection.
Moreover, dictation manager 202 is connected to dictation servers 110 via a second
network connection 206 where the second network connection 206 also is an Internet
connection or World Wide Web connection. As can be appreciated, the technology of
the present application is a very robust and scalable solution for remote dictation.

[0025]

Referring to figure 3, dictation manager 104 is shown in more detail. Dictation
managers 202 would be substantially similar. Dictation manager 104/202 includes a
processor 302, such as a microprocessor, chipsets, field programmable gate array logic,
or the like, that controls the major functions of the manager, such as, for example,
obtaining a user profile with respect to a user of client station 102, selection of a
dictation server 110, or the like. Processor 302 also processes various inputs and/or data
that may be required to operate the dictation manager 104/202. Dictation manager
104/202 also includes a memory 304 that is interconnected with processor 302.

Memory 304 may be remotely located or co-located with processor 302. The memory
304 stores processing instructions to be executed by processor 302. The memory 304
also may store data necessary or convenient for operation of the dictation system. For
example, memory 304 may store the transcription for the client so that the transcription
may be processed later by the client. At least a portion of memory 304 includes user
profiles 305 associated with users of distributed dictation system 100 or distributed
dictation system 200. User profiles 30S would be associated with individual users by a
pass code, user identification number, biometric information or the like and is usable by
dictation servers 110 to facilitate the speech transcription engine in converting the audio
to text Associating users and user profiles using a database or relational memory is not
further explained except in the context of the present invention. Memory 304 may be
any conventional media and include either or both volatile or nonvolatile memory.
Dictation manager 104/202, optionally, may be preprogrammed so as not to require a

user interface 306, but typically dictation manager 104/202 includes user interface 306
that is interconnected with processor 302.

Such user interface 306 could include

speakers, microphones, visual display screens, physical input devices such as a
keyboard, mouse or touch screen, track wheels, cams or special input buttons to allow a
user to interact with dictation manager 104/202. Dictation managers have a network
interlace 308 (as would the client station and the dictation server) to allow transmissions
and reception of data (text, audio, or the like) between networked devices.

Client

station 102 and dictation servers H 0 would have structure similar to the dictation
manager.
[0026]

Dictation manager 104/202 would accept requests from client station 102 and
direct the streaming audio to dictation servers 110 in any of a number of conventional
manners. One exemplary methodology is provided in United States Patent 7,185,094,
issued on February 27, 2007, to Marquette et al., titled Media session framework using a
control module to direct and manage application and service servers, the disclosure of
which is incorporated herein by reference as if set out in full. Using the methodology,
dictation manager 104, for example, would receive a request for dictation services from
client station 102. Dictation manager 104 would send a service request to the dictation
servers 110 until one of the dictation servers 110 sends back an acceptance of the
service request Audio would then be streamed from client station 102 to the dictation
manager 104 which would in turn stream the audio to dictation server 110. Dictation
server 110 would then transcribe dictation by using the speech transcription engine
associated with dictation server 110, and the transcription results would be sent back to
client station 102 through the dictation manager 104 as textual data. Alternatively, or in
combination with the above, processor 302 could incorporate a load balancing device
similar to the resource manager service discussed in Bahl.

[0027]

Referring now to figure 4, a flow chart 400 is provided illustrative of a
methodology of using the technology of the present application. While described in a
series of discrete steps, one of ordinary skill in the art would recognize on reading the
disclosure that the steps provided may be performed in the described order as discrete
steps, a series of continuous steps, substantially simultaneously, simultaneously, in a

different order, or the like. Moreover, other, more, less, or different steps may be
performed to use the technology of the present application.

In the exemplary

methodology, however, a user at client station 102 would first select a dictation

application from a display 116 on client station 102, step 402. The selection of an
application that has been enabled for dictation that can be either a client or web based
application. The application may be selected using a conventional process, such as, for
example, double clicking on an icon, selecting the application from a menu, using a
voice command, or the like. Alternatively to selecting the application from a menu on a
display, client station 102 may connect to the server running the application by inputting
an internet address, such as a URL, or calling a number using conventional call
techniques, such as, for exmaple PSTN, VoIP, a cellular connection or the like. The
application as explained above may be web enabled, loaded on the client station, or a
combination thereof.

Client station 102 would establish a connection to dictation

manager 104 using a first network connection 106/204, step 404. Dictation manager
104 may be integrated into one of the client station 102 s a matter of design choice or a

stand alone unit as shown. The first network connection could be via a LAN, WAN,
WLAN, WiFi, Ethernet, WiMax, Bluetooth, Internet or the like. Alternatively, the

connectionmay be a bus or ribbon, such as, for example, a PCI bus. The dictation
manager next identifies and connects to one of the dictation servers 110 via a second
network connection, steps 406/408. The second network connection also could be any
of a LAN, WAN, WLAN, WiFi, Ethernet, WiMax, Bluetooth, Internet or the like.
Alternatively, the second connection also may be a bus, ribbon, or the like.

The

selection of a dictation server 110 for an exemplary embodiment will be further
described below. Typically, the first and second network connections would be the
same, but they do not need to be the same. Once the communication link of step 404 is
established, the user of client station 102 may begin dictating audio to be transcribed.
The audio signal would be stored in a buffer associated with memory 304 until the
communication link of step 408 is established. At that time, the dictation manager
104/202 may transmit an audio signal to the dictation server as explained below. Using

most conventional free form dictation processes today, dictation server 1 10 and an
associated speech transcription engine will use a user profile to facilitate transcription of
the dictation.

Thus, the user of client station 102 optionally transmits a user

identification to the dictation manager, step 410. The dictation manager would retrieve
a user profile based on the user identification, step 412. The user identification could be
any conventional identification, such as, for example, a user password, a user identifier,
a device identifier, a biometric identifier, or any association as is generally understood

in the art.

The user profile is transmitted to dictation server H 0 to facilitate

transcription, step 414.

Once the connection between the client station 102 and

dictation server 110 is established though the dictation manager 104 and the user profile
(if available or necessary) is uploaded to dictation server 110, client station 102 streams
audio (i.e., dictation) to dictation server 110 though dictation manager 104, step 416.
The audio signal may be stored in a buffer associated with memory 304 of dictation
manager 104/202 or streamed from client station 102 through dictation manager
104/202 or streamed directly from client station 102 to dictation server 1 10. Optionally,

client station 102 may provide controls such as, start, stop, pause, reverse, etc., similar
to a conventional tape to start, stop, pause, or the like, of dictation manager 104. One
type of control may simply be a talk icon on display 116 that a user would click to begin
dictation and click to cease dictation. Dictation manager 104 receives the streamed
audio from client station 102 and directs the audio to a speech recognition engine, step
418. Optionally, the audio signal may be streamed from a buffer as mentioned above,
streamed from client station to dictation manager to dictation server or directly from
client station to dictation server. Speech transcription engine converts the audio to text
- in other words - performs transcription, step 420, and transmits the transcription result
to dictation manager 104 which in turn transmits the transcription result to client station
102 by, for example, streaming or downloading the text to client station 102, step 422.

The transcription file may be generally referred to as textual data. Alternatively or in
combination with sending the textual data directly to the client station, the textual data
may be stored in memory 304. Client station 102 displays the transcription results, such
as, for example, supplying text in a word document on display 116 of client station 102,
step 424. The user may use client station 102 to correct the textual data from the
transcription file to generate corrective textual data, step 426. The corrective textual
data may be transmitted back to dictation manager 104/202 to update the user profile
with the corrections in a manner generally known in the art associated with training a
user profile, step 428.
To avoid inadvertently holding resources, the connection between client station
102 and dictation manager 104 or connections between dictation manager 104 and

dictation server 110 may optionally have a time out feature where a period of silence for
a predetermined time would cause a connection break so either the client station 102 or
the dictation server 110 could be freed for other uses.

Notice, optionally, if a dictation server 110 is not available, the dictation

[0029]

manager may batch or cache the audio file in, for example, memory 304 until a dictation
server becomes available. Thus, the dictation may be delayed, but provided as soon as a
dictation server is available to begin the dictation. The batch or cache of audio also
could allow the user to begin dictation while the dictation server is uploading the user

profile. In this case, a buffer, such as memory 304. may store the audio file until a
dictation server becomes available. Once available, the dictation manager 104 may
stream the audio from the buffer to the dictation server.

Optionally, a user at client station 102 may select batch style dictation to

[0030]

conserve processing resources. In this instance, client station 102, dictation manager
104/202, dictation server 110, or some other accessible memory may store the audio file

for later processing.
Using the technology of the present application provides a distributed, real or

[0031]

near real time server based dictation. This technology allows remote users to connect to
a dictation server from anywhere in the work) to perform a real time or near real time
transcription. This technology of the present application allows many advantages which
include, for example,

•

Dynamic user profile loading;

•

Dictation affinity;

•

Dictation load balancing;

•

Corrective and real time training;

•

Distributed audio and user profile data;

•

High availability of dictation servers; and

•

Adaptive Training.

[0032]

Dynamic User Profile Loading

[0033]

Current dictation systems force the user profile to be set in advance to
transcription.

In other words, the user profile must be loaded on the machine

performing the transcription, which in the present application corresponds to the
dictation servers. Bahl, for example, either uploads the user profile or uses a default
profile prc-stored at the dictation server. Only after uploading of the user profile is the
an acknowledgement sent to the client device to begin transcription. The technology of

the present application allows for real time user profile loading such that the user can

begin dictation prior to uploading a user profile and, in fact, prior to even identifying a

transcription engine. The framework allows any application developer to determine
which user profile to load and when to load it. The user profile can be loaded while the

user is still speaking resulting in faster transcription times, removing the batch nature
and introducing real time server based transcriptions. Moreover, as will be described
further below, the present technology will remember which dictation servers still have
valid user profiles uploaded.

The dictation manager will, in some embodiments,

preferentially select those dictation servers to reduce the need to upload

user's profile

multiple times.
[0034]

Dictation Affinity

[0035]

The technology of the present application provides a dictation framework to
support a new affinity for transcriptions being performed by users. The technology

developed can track which server was last used for the current user's transcription and
direct the request to that server. This avoids the problem of the server having to reload
the user profile and increases the speed in which the transcription of audio can occur. In
addition to this optimized profile management, the technology of the present application
provides a dictation framework that provides priority based dictation. This allows high
priority transcriptions from users to be processed before other transcription requests are

processed.
00

]

[0037]

Dictation Server Load Balancing
The technology of the present application provides a dictation framework that
allows for dictation server load balancing. This technology allows user requests to be
spread across multiple servers to improve user transcription time. The load balancing Is
facilitated by the dictation manager which maintains a list of available dictation servers

and the state of these servers. Load balancing decisions will be made based on server
state. The load balancing may be triggered by, but not limited to, queue length, average

time to process requests, CPU utilization, memory utilization, user class, or available
disk space.
[0038]

Corrective and Real Time Training

[0039]

The technology of the present application provides a dictation framework that
allows for real time correct training for dictation user profiles to the extent user profiles
are necessary to facilitate dictation and transcription. This is performed by allowing
users the ability to modify the transcription results and feed these back to the server in
real time. The dictation servers then run the training algorithm with the modified text

and the stored audio file. The modified user profile is then republished to all dictation
servers.
[0040]

The technology of the present application may be implemented to provide real
time training through a Java API. This allows the training API to be plugged into any
application and allow access to server based training. This allows the technology o f the
present application to remove the dependency o f the user having to have access to the
server to provide training data and execute the batch training application - i.e., training
can be from anywhere at any time.

[0041]

Distributed Audio and User Profile Data

[0042]

Using the technology of the present application provides a dictation framework
that users are allowed to store and retrieve user profiles and dictation audio through a
distributed network.

Traditional dictation processes require the user profile data and

user audio to be stored locally. The dictation framework is able to store and retrieve the
dictation user profile and audio on any network storage device.

This solves the

constraint o f the audio having to be supplied locally through the system running the
dictation process.

The dictation framework does not care where the audio input is

coming from. It can come from, but is not limited to, audio, telephone, media gateway,
RTP, RMI, or Citrix for example.
Availability of Dictation Servers

[0043]

High

[0044]

The technology of the present application provides a dictation framework that
makes dictation servers highly available. The dictation framework has the ability to
recover from dictation server crashes and overloaded dictation servers.

When the

dictation manager is overloaded or reached a predetermined number o f dictation server
registrations, it will direct servers and user requests to another dictation manager that is
configured for dictation requests. Dictation managers are also able to manage a dynamic
set of dictation servers. Today if users run a dictation process on their desktop, they
must always work from that desktop or ensure they can copy their profile to new
desktops. The other option for users is to submit a batch request to a server and receive
results at some unknown time. With the technology o f the present application, the
dictation framework provides users the ability to obtain a level o f n+k redundancy.
[0045]

As mentioned above, the dictation manager may track what user profiles are sent
to particular dictation servers.

For example, as shown in figure 5. dictation manager

104 may include a database, such as Database 500 stored in, for example, memory 304.

Database 500 may provide a user profile field S02, such as, for example, user profile
XYZ representing Charlie Brown's user profile. Database S00 may further provide a
series of dictation server fields 504 t-o that identify dictation server 110 in field 504
that may indicate Charlie Brown's user profile was last uploaded to dictation server
1104. Field 504j may identify dictation server 1107 was the dictation server that had
Charlie Brown's user profile uploaded prior to uploading the profile to dictation server
1104 . Field 5043 may identify dictation server 1103 was the dictation server that had
Charlie Brown's user profile uploaded prior to uploading the profile to dictation server
110 7 . The history may be maintained as long as desired.
[0046]

Referring now to figure 6, an exemplary methodology associated with
identifying and selecting a dictation server 110 is provided. First, a user of client station
102 initiates an application capable of dictation, step 602, and establishes a

communication link to dictation manager 104/202, step 604. User or client station 102
transmits an identifier or user identifier to dictation manager 104/202, such as, for
example, a password and login that identifies the user as Charlie Brown, step 606.
Dictation manager 104/202 uses the user identifier and matches the user identifier with
the appropriate user profile, step 607. Next, dictation manager would review database
500 to determine if Charlie Brown's user profile had been previously uploaded to at
least one dictation server, step 608. If Charlie Brown's user profile had been previously

uploaded to, for example, dictation server 1104, dictation manager 104/202 would next
determine whether dictation server 1104 is available using conventional methodologies,
such as previously described in Marquette and Bahl identified above. If dictation server
1104 is available, dictation manager would direct the audio to dictation server 1104

without first retrieving and uploading a profile as described above.
[0047]

If no user profile is identified (or if the user is not identified), a user identifier
and a user profile may be established or the user may elect to use a default profile, step
614. Optionally, the call may be terminated. If the user profile has not previously been

uploaded, or the user is not identified, does not have a user profile, or a default profile is
used, an appropriate dictation sever may be selected using conventional load balancing

or resource selection methods as explained in, for example, Marquette or Bahl, step 616.
[0048]

Referring now to figure 7, an exemplary methodology associated with
identifying a user profile is provided.
identification, step 702.

First, dictation manager receives a user

User identification, as mentioned above, may be a login

identification and password, biometric, or the like as are conventionally known in the art
and will not be further explained herein except as necessary to understand the present
invention.

The dictation manager 104/202 next reviews stored user profiles to

determine whether the user identification matches a stored user profile, step 704. If a
match is made, the dictation manager selects the matched user profile as the user profile
for the user.

The memory 304 may, for example, store user profiles and user

identifications in a file system or relational database similar to database 500 explained
above.
[0049]

Those of skill in the art would understand that information and signals may be
represented using any of a variety of different technologies and techniques.

For

example, data, instructions, commands, information, signals, bits, symbols, and chips
that may be referenced throughout the above description may be represented by
voltages, currents, electromagnetic waves, magnetic fields or particles, optical fields or
particles, or any combination thereof.
[0050]

Those of skill would further appreciate that the various illustrative logical
blocks, modules, circuits, and algorithm steps described in connection with the

embodiments disclosed herein may be implemented as electronic hardware, computer
software, or combinations of bom.

To clearly illustrate this interchangeability of

hardware and software, various illustrative components, blocks, modules, circuits, and
steps have been described above generally in terms of their functionality. Whether such
functionality is implemented as hardware or software depends upon the particular
application and design constraints imposed on the overall system. Skilled artisans may
implement the described functionality in varying ways for each particular application,
but such implementation decisions should not be interpreted as causing a departure from
the scope of the present invention.
[0051]

The various illustrative logical blocks, modules, and circuits described in
connection with the embodiments disclosed herein may be implemented or performed
with a general purpose processor, a Digital Signal Processor (DSP), an Application
Specific Integrated Circuit (ASIC) a Field Programmable Gate Array (FPGA) or other
programmable logic device, discrete gate or transistor logic, discrete hardware
components, or any combination thereof designed to perform the functions described
herein. A general purpose processor may be a microprocessor, but in the alternative, the
processor may be any conventional processor, controller, microcontroller, or state

machine.

A processor may also be implemented as a combination of computing

devices, e.g., a combination of a DSP and a microprocessor, a plurality of
microprocessors, one or more microprocessors in conjunction with a DSP core, or any

other such configuration.
The previous description of the disclosed embodiments is provided to enable any
person skilled in the art to make or use the present invention. Various modifications to

these embodiments will be readily apparent to those skilled in the art, and the generic
principles defined herein may be applied to other embodiments without departing from

the spirit or scope of the invention. Thus, the present invention is not intended to be
limited to the embodiments shown herein but is to be accorded the widest scope

consistent with the principles and novel features disclosed herein.

WHAT IS CLAIMED IS:

CLAIMS

1.

A dictation manager adapted to have a network connection to at least one client

station and at least one dictation server, comprising:
at least one network data port to receive audio signals from a client station, to
transmit the received audio signals to a dictation server, to receive textual data from the
dictation server where the textual data comprises data from the audio signal transformed
into textual data by the dictation server;

a dictation server selector to select one of the at least one dictation servers from
which the dictation manager transmits the received audio signal and receives the textual
data;

at least one memory containing a user profile, an indication of whether the user
profile has been uploaded to any of the at least one dictation server, and a buffer to
cache the received audio signal;
wherein if the dictation server selector determines that the user profile has been
uploaded, the dictation server selector selects as the one of the at least one dictation
server a dictation server to which the user profile has already been uploaded;
wherein if the dictation server selector determines that the user profile has not
been uploaded, the dictation server selector selects any one of the at least one dictation

server and uploads the user profile; and
wherein the dictation manager stores the received audio signal in the buffer and
transmits the audio signal from the buffer once the dictation server is selected by the
dictation server selector.

2.

The dictation manager of claim 1 wherein the at least one network data port

comprises a plurality of data ports configured to receive and transmit audio signals and
data signals.

3.

The d i ct a ton manager of claim 2 wherein the audio signal is stored in the buffer

while the dictation server selector is selecting one of the at least one dictation server.

4.

The dictation manager of claim 1 wherein the dictation server selector further

comprises a load balancer.

5.

The dictation manager of claim 4 wherein the dictation server selector selects a

dictation server based on a determination of the load balancer.

6.

The dictation manager of claim 5 wherein the determination is based at least one

of queue length, average time to process, process load, and memory.

7.

The dictation manager of claim 1 further comprising a user profile corrector

wherein the dictation manager is further adapted to receive corrective textual data from
the client station and the user profile corrector updates the user profile based on the
corrective textual data.

8.

A method of distributed dictation and transcription performed using at least one

processor associated with a dictation manager, the method comprising the steps of:
receiving an audio signal from a user operating a client station;
identifying a user profile stored in a memory of the dictation manager associated
with the user of the received audio signal;

determining whether the identified user profile of the user has been previously
provided to any of a plurality of servers coupled to the dictation manager;
selecting the dictation server to be one of the any dictation servers if it is
determined that the identified user profile has been previously provided to any of the
plurality of servers;
causing the audio signal to be converted into a textual data signal by transmitting
the received audio signal to the selected dictation server and receiving from the selected
dictation server transcription textual data; and
transmitting transcription textual data to the client station.

9.

The method of claim 8 wherein the step of selecting the dictation server also

comprises balancing a load between dictation servers.

10.

The method of claim 8 wherein the step of determining whether the identified

user profile has been previously provided comprises determining at least two dictation
servers of the plurality of dictation servers have been previously provided with the

identified user profile and the step of selecting the dictation server further comprises

selecting one of the at least two dictation servers to balancing a load between the at least
two dictation servers.

11.

The method of claim 8 wherein the step of determining whether the identified

user profile has been previously provided to any of the plurality of dictation servers
determines the identified user profile has not been previously provided and the step of
selecting the one dictation server from the plurality of dictation servers comprises
balancing a load between the plurality of dictation servers and further comprising the
step of transmitting the identified user profile to the selected one of the plurality of
dictation servers.

12.

The method of claim 8 further comprising the step of buffering the audio signal

prior to the step of causing the audio to be converted into textual data.

13.

The method of claim 11 further comprising the step of buffering the audio signal

until the identified user profile is transmitted to the selected one of the plurality of

dictation servers.

14.

The method of claim 8 further comprising the steps of:
receiving a revised textual data signal from the client station wherein the revised

textual data signal comprises at least one correction of the transcription;
using the revised textual data signal to modify the identified user profile: and
storing the modified, identified user profile.

15.

A system to provide a client station with a distributed dictation and transcription

service comprising:

at least one dictation manager adapted to have a network connection to at least
one client station, the network connection comprising at least one of a data port to
receive audio signals from the at least one client station, to transmit textual data to the at
least one client station, and to receive textual data from the at least one client station;

at least one dictation server comprising at least one transcription engine that is
adapted to transform audio signals of dictated words to textual data signals;

at least one network connection between the at least one dictation manager and
the at least one dictation server adapted to transmit audio signals and textual data signals
between the at least one dictation manager and the at least one dictation server;
the at least one dictation manager comprising a processor with a means for
selecting one of the at least one dictation servers to transform audio signals of dictated
words to textual data signals; and

a memory containing at least one user profile and information indicating which
of the at least one dictation servers has been provided the at least one user profile and
wherein the information is used by the means for selecting to assist in selecting the one
of the at least one dictation servers.

16.

The system of claim 15 wherein the means for selecting one of the at least one

dictation servers comprises a load balancer.

17.

The system of claim 15 wherein the means for selecting one of the at least one

dictation server comprises a determinator that uses the information in memory to

determine one of the at least one dictation servers that has been provided with the at
least one user profile.

18.

The system of claim 15 wherein the dictation manager transmits a user profile to

the selected one of the at least one dictation servers.

19.

The system of claim 18 wherein the audio signal received from the client station

by the dictation manager is stored in a buffer while the dictation manager is transmitting
the user profile.

20.

The system of claim 15 wherein the dictation manager comprises a user profile

corrector that updates the user profile based on received corrective textual data from the
client station.
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