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METHOD AND APPARATUS FOR IMPROVING
SPEECH COMMAND RECOGNITION ACCURACY
USING EVENT-BASED CONSTRAINTS

ABSTRACT OF THE DISCLOSURE

A method and system for improving the speech command recognition accuracy ot a computer
speech recognition system uses event-based constraints to recognize a spoken command. The
constraints are system states and events, which include system activities, active applications, prior
commands and an event queue. The method and system is performed by monitoring events and
states of the computer system and receiving a processed command corresponding to the spoken
command. The processed command is statistically analyzed in light of the system events and states
as well as according to an acoustic model. The system then identities a recognized command

corresponding to the spoken command.
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METHOD AND APPARATUS FOR IMPROVING SPEECH COMMAND
RECOGNITION ACCURACY USING EVENT-BASED CONSTRAINTS

BACKGROUND OF THE INVENTION

Technical Field

This invention relates to the field of speech recognition computer applications, and more

specifically, to a system for improving the command recognition accuracy of a speech recognition

system.

Description of the Related Art

Speech recognition is the process by which acoustic signals, received via a microphone, are
converted into words by a computer. Once recognized, the words may be used in a variety of
computer software applications for purposes such as document preparation, data entry and command
and control. Speech recognition is generally a difficult problem due to the wide variety of
pronunciations, accents and speech characteristics of individual speakers. Consequently, sets of
constraints are used to make decisions about the words a user spoke.

Typical speech dictation recognition systems use two sets of constraints, namely, an acoustic
model and a language model. The acoustic model considers the sounds that make up the words and
the language model considers the grammatical context in which the words are used. These models
are often used to help reduce the search space of possible words and to resolve ambiguities as
between similar sounding words. Such models tend to be statistically-based systems and can be
provided 1n a variety of forms. The simplest language model, for example, can be specified as a
finite state network, where the permissible words following each word are given explicitly.

However, more sophisticated language models have also been developed which are specified in

terms of a context-specified grammar.
When using a speech recognition system to control system and software application operation
and navigation, a set of commands is formulated for specific tasks and functions. Each command

1s typically one or two words or a short phase representing a common expression for performing a
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given operation. Typical speech command recognition systems can have a large number of such
commands. So that the speaker does not have to memorize the precise phrasing of the commands,
sophisticated systems also recognize alternate expressions having the same meaning as a known
command. Typically, language models, as used for dictation recognition, are employed to constrain
the spoken commands syntactically.

However, because the commands, and their synonymous counter-parts, are typically one or
two words, syntax language models are often ineffective. Thus, conventional speech recognition
systems rely heavily on acoustic models to select one of a set of commands, and as a result, they
have ditficultly recognizing the spoken commands. For example, if the spoken command sounds
similar to other commands, the command recognition system may execute an unintended command,
or the recognition system may not execute any command at all. In either case, the speaker will have
to re-dictate the command or enter it with another input device.

Accordingly, 1t would be desirable to provide a system for improving the recognition

accuracy of spoken commands for controlling system and application operation.

SUMMARY OF THE INVENTION

The present inventors have determined that the context in which a spoken command is
executed can be utilized as a surrogate for the language models used for dictation recognition. In
particular, event-based data structures, indicative of the context in which the command is given, are
used as constraints in the recognition process. Thus, the present invention provides a system for
improving command recognition accuracy of speech recognition systems.

Specifically, the present invention operates in a computer system for speech recognition
operating at various states and running a program to perform various events. The method and system
1s performed by monitoring the events and states and receiving a processed command corresponding
to a spoken command. The processed command 1s analyzed according to one or more acoustic
models to identify a probable acoustic match. Likewise, the command is analyzed according to at
least one of the events and states to identify a probable context match. Based upon the probable
acoustic and context matches, the system provides a recognized command.

The present invention provides the object and advantage of accurately recognizing spoken
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system and application control commands. The present invention provides accurate speech

command recognition even if the spoken command is only a single word.

The states and events can include system control activity, active applications, prior
commands and an event queue. Thus, the present invention provides an additional object and
advantage in that the one or more context constraining parameters exist on, or can be performed by,
the computer system without the need for the speech recognition system to supply additional data
and utilize storage space or computer memory.

The analysis of the system states and events to identify the probable context match can be
accomplished using a statistical modeling technique. And, past events and states can be used to
modity the statistical model. Thus, the present invention affords the further object and advantage

of providing a statistical model tailored to the command choices of a given speaker or set of speakers

using the system.

These and other objects, advantages and aspects of the invention will become apparent from
the tollowing description. Inthe description, reference is made to the accompanying drawings which
form a part hereof, and in which there is shown a preferred embodiment of the invention. Such

embodiment does not necessarily represent the full scope of the invention and reference is made

therefore, to the claims herein for interpreting the scope of the invention.

BRIEF DESCRIPTION OF THE DRAWINGS

There are shown in the drawings embodiments which are presently preferred, it being
understood, however, that the invention is not so limited to the precise arrangements and
instrumentalities shown, wherein:

Fig. 1 shows a computer system for speech recognition with which the method and system
of the present invention may be used;

Fig. 2 1s a block diagram showing a typical architecture for the computer system of Fig. 1
having a speech recognition engine;

Fig. 3 1s ablock diagram showing the architecture for a speech recognition engine, including
the present invention;

Fig. 4 1s a flow chart illustrating a process for recognizing spoken commands according to
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the present invention;

Fig. 5 shows exemplary system states and events that may be used in practicing the present

invention; and

Fig. 6 shows the process of recognizing spoken commands according to the present invention

tor the exemplary system states and events of Fig. 5.

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENT

Referring to the drawings in detail, wherein like reference characters represent corresponding
elements throughout the several views, more specifically referring to Fig. 1, a computer system with
which the present invention may be practiced is referred to generally by reference number 10. The
computer system 10 is preferably comprised of a computer 12 having a central processing unit 14
(F1g. 2), at least one memory device 16 and related electronic circuitry (not shown). The computer
system 10 also includes user input devices, a keyboard 18 and a pointing device 20, a microphone
22, audio loud speakers 24, and a video display 26, all of which are operatively connected to the
computer 10 via suitable interface circuitry. The pointing device 20 and loud speakers 24 may be
a part of the computer system 10, but are not required for the operation of the invention.

Generally, the computer system 10, as described above, can be satisfied by any one of many
high speed multi-media personal computers commercially available from manufacturers such as
International Business Machines Corporation, Compaq, Hewlett Packard, or Apple Computers. The
memory devices 16 preferably include an electronic random access memory module and a bulk
storage device, such as a magnetic disk drive. The central processing unit 14 may be any suitable
processing chip, such as any of the Pentium family microprocessing chips commercially available
from Intel Corporation.

Reterring to Fig. 2, which illustrates a typical architecture for a computer system 10 having
a speech recognition system, the system includes an operating system 28 and a speech recognition
system 30. The speech recognition system 30 includes a speech recognition engine application 32
and a voice navigation application 34. A speech text processor application 36 may also be included.

In Fig. 2, the speech recognition engine 32, voice navigator 34 and text processor 36 are

shown as separate application programs. It should be noted, however, that the invention is not
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limited 1n this regard, and these applications could be implemented as a single, more complex
application. Also, the system 30 may be modified to operate without the text processor application
36, 1t the speech recognition system 30 is to be used solely for command and control.

In a preferred embodiment, the operating system 28 is one of the Windows family of
operating systems, such as Windows NT, Windows ‘95 or Windows ‘98, which are available from
Microsott Corporation of Redmond, Washington. The present invention is not limited in this regard,
however, as it may also be used with any other type of computer operating system.

Reterring still to Fig. 2, in general, an analog audio signal containing speech commands is
received by the microphone 22 and processed within the computer 12 by conventional audio
circuitry, having an analog to digital convertor, which produces a digitized form of the signal. The
operating system 28 transfers the digital command signal to the speech recognition system 30, where
the command is recognized by the speech recognition engine 32 (as described below). The
recognized command is then sent as a text phrase to an application, such as the voice navigator
application 34, to perform the control function.

Reterring now to Fig. 3, in greater detail, the speech recognition engine 32 receives a digital
speech command signal from the operating system 28. The digital signal is subsequently
transformed in representation block 38 into a useful set of data by sampling the digital signal at some
fixed rate, typically every 10-20 milliseconds. Block 38 produces a new representation of the audio
signal, which can then be used in subsequent stages of the speech command recognition process to
determine the probability that the portion of an analyzed wave form corresponds to a particular
phonetic event. This process is intended to emphasize perceptually important speaker independent
tfeatures of the digitized speech command signal received from the operating system 28. In
classification block 40, the processed speech command signal is used to identify, from the entire set
of control commands, a subset of probable commands corresponding to the digitized speech
command (as described in detail below). This subset of probable commands is searched at block 42
to obtain the recognized command. Once the command is recognized, it is used to execute the
corresponding system or application function.

Reterring still to Fig. 3, classification block 40 is performed by acoustic modeling block 44,

context modeling block 46 and statistical analysis block 48. At acoustic modeling block 44, known
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algorithms process the speech command signal to adapt speaker-independent acoustic models,
contained in memory 16, to the acoustic signal of the current speaker and identify one or more
probable matching commands. At block 46, additional algorithms process the command signal
according to the current state of the computer system as well as context events occurring prior to or
contemporaneously with the spoken command. At block 48, the system states and events are
preferably statistically analyzed, using known statistical modeling techniques, to identify one or
more probable commands matching the context in which the command was given. Block 46 may
be executed independent of the acoustic modeling 44 or performed following the acoustic modeling
to further constrain the probable acoustic matches.

Referring now to Fig. 4, the process for recognizing spoken commands begins at step 50
where the speech recognition engine 32 obtains the digitized command signal from the operating
system 28. Atstep 52, the speech recognition engine 32 acquires acoustic models from memory 16.
Then, at step 54, computer system 10 is monitored to discern the current state of the system as well
as system or application events executed prior to or contemporaneously with the spoken command.

The state and event data may be logged in the random access memory or in a history file stored in
the bulk storage device, and called up during the command recognition process. Or, the system state
and events may be checked once, or sampled at a fixed rate, during the recognition process without
saving to memory. Either way, the states and events themselves supply the data for the context
analysis, and therefore, the speech recognition system of the present invention does not require
storing large context data files.

In particular, the speech recognition engine 32 acquires data pertaining to system activity,
active applications, prior commands, and an event queue. Specifically, these data structures include
activities such as: user inputs from voice or a mouse, stylus or keyboard; operation of drop-down
menus or buttons; the activation of applications or applets within an application; prior commands;
and 1dle events, 1.e., when no activity is logged in an event queue for a prescribed time period. These
system state and events, the prior commands in particular, can be tracked and used by the speaker
or the system to create new or truncated speech commands based on the frequency in which certain
command combinations are used. This data may also be used on an on-going basis to update the

statistical model, so that it can be adapted to a specific user’s command choice pattern.
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Refterring still to Fig. 4, at step 56, the audio signal is acoustically modeled and the context
data 1s statistically analyzed to identify respective probable acoustic and context matches, as
described above. Based on these matches, at step 58, a command is “recognized” which corresponds
to the spoken command. At step 60, the speech recognition engine 32 communicates with the
operating system 28 or an application, such as the voice navigator 34, to perform the recognized
command. The system then checks for an additional command signal at step 62. If there is an
additional command, the speech recognition engine 32 receives the signal and the above process is
repeated, otherwise, the routine is halted.

By way of illustration, the present invention may be performed using the sample finite
network of states and events illustrated in Fig. 5. In this case, the network begins at state 64 with
the computer system having a text processor application active. At this state, since no text file is
loaded, a set of events includes the commands: “new” and “open”. Performing one of these events
causes the system to be at a “file loaded” state 66, at which, the events “close” or “exit” may be
performed to place the system at a “no file loaded” state 68.

Referring now to Fig. 6 which illustrates a sample recognition process using the contextual
system states and events of Fig. 5, at block 70, a speaker utters a “new” file command which is
received via the microphone 22. At block 72, an acoustic model is acquired, which in this case is
a finite set of words. At block 74, the spoken command is acoustically modeled and recognition
values or weights are assigned to each command in the acoustic model set. The highest weighted
word, here “new” at 50%, is identified as the most probable acoustic match. Also, the computer
operating system 28 1s monitored for current and prior system states and events, at block 76. In this
case, as shown in block 78, this includes only the “text processor active” state. At block 80, the
spoken command is statistically analyzed, here according to a finite set of commands weighted
according to the statistical probability of their corresponding events occurring at the given state. The
highest weighted command, “new’ at 60%, is identified as the most probable context match. At this
point, both models match the spoken command to the “new” command, which the speech
recognition selects as the spoken command.

Referring still to Fig. 6, the “new” file command is then executed and the system moves to

the “file loaded” state 66. Now, the speaker utters a “close” file command which is received via the
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microphone 22, at block 82. Note that since conventional speech recognition systems pertorm both
speech dictation and command and control functions, the acoustic models contain terms other than
commands, such as “clothes” in this example. At block 84, another acoustic model 1s acquired,
which again is a finite set of commands. At block 84, the spoken command is acoustically modeled
and recognition values or weights are assigned to each command in the acoustic model set to identify
a probable acoustic match. Again, the computer operating system 28 1s monitored for the current
and prior system states and events, at block 88, which now includes the states of “text processor
active’” and “file loaded” as well as the “new” file event, as shown in block 90. At block 92, the
spoken command 1s statistically analyzed, again according to a finite set of weighted commands and
a probable context match is identified. Now, according to the acoustic modeling, two words: “close”
and *“‘clothes™ are equally likely to be the spoken command. However, according to the analysis of
the states and events, the matching command 1s ““close”. Thus, the system recognizes and executes
the file “close” command.

In the event the acoustic modeling and context analysis provide different terms as probable
matches, the acoustic match and the context match can each be weighted to establish which one
governs.

While the foregoing specification illustrates and describes the preferred embodiments of the
invention, it is to be understood that the invention is not limited to the precise construction herein
disclosed. The invention can be embodied in other specific forms without departing from the spirit
or essential attributes of the invention. Accordingly, reference should be made to the following

claims, rather than to the foregoing specification, as indicating the scope of the invention.
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The embodiments of the invention in which an exclusive property or privilege are claimed are

defined as follows:

1. In a computer system for speech recognition operating at various states and running a

program to perform various events, a method for recognizing a spoken command, comprising the

steps of:

monitoring at least one of said events and states;

receiving a processed command corresponding to said spoken command;

analyzing said processed command according to at least one acoustic model to identify a
probable acoustic match;

analyzing said processed command according to at least one of said events and states to
identify a probable context match; and

providing a recognized command based on said probable acoustic and context matches.

2. The method according to claim 1, wherein said events include at least one of a system control

activity, an active application, a prior command and an event queue.

3. The method according to claim 1, wherein said probable context match is identified by using a

statistical model to analyze at least one of said events and states.

4. The method according to claim 3, wherein past events and states are used to modify said

statistical model.

5. In a computer system for speech recognition, a method for improving the accuracy by which a
spoken command is recognized, comprising the steps of:

monitoring system events;

predicting a next event according to said system events; and

estimating said spoken commands according to said next event.

BOC9-1998-0079 9
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6. The method according to claim 5, wherein said system events include at least one of a system

control activity, an active application, a prior command and an event queue.

7. The method according to claim 5, wherein said predicting step includes using a statistical model

to analyze said system events.

8. The method according to claim 7, wherein past system events are used to modify said statistical

model.

9. The method according to claim 7, further comprising the step of receiving a processed command

corresponding to said spoken command, wherein said predicating step further includes analyzing
said processed command according to one or more acoustic models and said estimating step further

includes 1dentifying a probable command according to said one or more acoustic models.

10. A system for recognizing a spoken command, comprising:
means for monitoring at least one of system events and states;

means for receiving a processed command corresponding to said spoken command;
means for analyzing said processed command according to at least one acoustic model so as
to identify a probable acoustic match and according to at least one of said events and states so as to

identify a probable context match; and

means for providing a recognized command based on said probable acoustic and context

matches.

11. The system as recited in claim 10, wherein said events include at least one of a system control

activity, an active application, a prior command and an event queue.

12. The system as recited in claim 11, wherein said probable context match is identified by using

a statistical model to analyze at least one of said events and states.
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13. The system as recited in claim 12, wherein past events and states are used to modify said

statistical model.

14. A machine readable storage, having stored thereon a computer program having a plurality of
code sections executable by a machine for causing the machine to perform the steps of:

monitoring system events and states;
receiving a processed command corresponding to a spoken command;

analyzing said processed command according to at least one acoustic model to identify a

probable acoustic match;

analyzing said processed command according to at least one of said events and states to

identify a probable context match; and

providing a recognized command based on said probable acoustic and context matches.
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