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Abstract:

This paper introduces a new architecture for the design and development of speech user interfaces. In this
design, the speech input and output capabilities are implemented using the smallest reasonable components
and combining these components into sophisticated interfaces by hierarchical composition, cross-
referencing, customization and extension. To define legal spoken input, a speech user interface component
comprises any number of input expressions each of which concisely defines syntactic, semantic and
activation constraints plus support for composition by cross-reference to other input expressions. Similarly,
components contain output expressions with equivalent compositional capabilities for dynamic generation
of spoken output. The component design follows the Model-View-Controller architecture. The architecture
has been applied to the development of multi-modal desktop applications and speech-only dialog systems.
The benefits of this fine-grained component-based architecture include simplification of speech application
development, enhancement of speech user interface consistency by automatic generation of common
patterns, and improved maintainability and readability of speech software. In analyzing the architecture,
we explore some of the fundamental differences between the requirements to support graphical interfaces
and speech interfaces.
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1.  Introduction

Research towards the goal of spoken interactions between humans and computers falls int
broad areas. Firstly, computers must have the ability to process incoming speech and to p
speech output. This is the domain of speech recognition and speech synthesis research, field
have been active for several decades. Secondly, we need to understand the human perspe
spoken interaction with computers. Research on human-computer interaction by speech is
recent but has brought about a better understanding of how and when to use speech and
design around some of the limitations of the underlying speech technologies ([1], [2]). This field
drawn from other areas of user interface design and extensively from study of spoken langu
linguistics and psychology. Finally, we need to understand the structures and principles o
computer systems that use speech recognition and synthesis for the construction of usable
applications. It is in this third domain that we see limitations in both the research understandin
commercial practice of speech system design. In this paper we present a novel architecture
design and development of speech user interfaces that embodies new ideas about how to co
speech interfaces. We reflect on both the pragmatic issues of building systems with this archit
and on some of the principles of building speech systems.

1.1  Background

Speech enginesare those parts of the system that process incoming or outgoing speech sig
Specifically, aspeech recognizeris an engine that converts incoming speech to text and aspeech
synthesizeris an engine that converts text to speech output. Speaker verifiers and classifiers f
third class of speech engine but are not used in this work.

While existing commercial and research speech engines are sufficiently powerful to imple
sophisticated speech user interfaces, the engines still have weaknesses that limit deployment i
domains and cause applications to fall short of user expectations. Current speech recogniz
flexible, inexpensive and widely available but are not robust and accurate across applic
domains. Current speech synthesizers are understandable but produce mechanical-sounding
that reduces user acceptance of synthetic speech output. In both cases it is very likely that o
improvements in speech engines will facilitate more sophisticated and usable speech interfac

The field of speech user interface design has been studying effective use of spoken langua
means of facilitating human interaction with computers. For computer input, the user inte
design addresses what a user can say and when it can be said. For computer output, the
specifies computer prompts, feedback to users, and other spoken and non-speech out
1
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combining input and output, user interface designs also consider dialog flow, timing, h
disambiguation, recovery for errors and more. While it is likely that there is much still to be lea
about good speech user interface design, the existing body of knowledge is sufficient to build u
conversational systems.

Our observation is that the current systems for implementing the advanced speech
interfaces are too complex and require a high degree of expertise. Our research is motivate
belief that a better understanding of how to construct speech applications will both simplify sp
interface development and facilitate advances in speech user interface design.

1.2  Related Work

Much of the research and deployment of speech systems has focused on dialog systems in
voice is the only means of communication. Common evaluation paradigms such as the Air T
Information System task [3] and, more recently, the DARPA Communicator project [4] h
focussed the research community on specific tasks that have pushed the bounds of aut
conversational interactions. For example, the MIT JUPITER system [5], on which
Communicator architecture is partially based, combines multiple capabilities to impleme
telephone weather system: recognition and understanding of noisy natural conversational s
processing of that speech to database queries, and conversion of query responses to natural l
spoken output. The JUPITER system and others participating in the Communicator projec
capable of holding long conversations (exceeding 50 turns), recovering from communication e
and handling complex dialog phenomena such as ellipsis, ambiguity and mixed-initiative dialo

These research systems are not intended for widespread deployment and the in
mechanisms for processing speech and dialog require tremendous expertise to understa
maintain. However, the experience of the advanced systems has been distilled into comm
systems and emerging standards that have less sophisticated conversational capabilities
simpler and typically faster to develop. The SpeechObjects system [6] and the DialogMo
system [7] are reusable software components that implement sub-dialogs such as the collec
phone numbers, credit card information and so on. The VoiceXML specification [8] and
predecessors such as VoxML and SpeechML take a complementary approach of authoring
systems in a textual markup language.

1.3  Objectives

Following the observation that current systems for implementing advanced speech user inte
are too complex, our research objective was to investigate means for simplifying the developm
speech applications. Based on current object-oriented design practice, we explored comp
based designs with the intention of identifying and using the smallest, reasonable s
components and understanding the desirable and undesirable properties of these compone
instance, we wanted to produce an effective design pattern for speech components that would
components to operate independently but also enable composition of components to pr
sophisticated speech interfaces. From a deployment perspective, our goal was to provide
application developers with an effective toolkit with which they may build effective end-u
2
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applications. There were additional constraints to address the pragmatics of supporting de
systems.

♦Simplify development of speech user interfaces. The design should reduce development time, r
duce cost, reduce requirements for developer training and expertise, enhance maintainabili
shield developers from unnecessary complexity.

♦Promote good speech user interfaces. The design should facilitate rapid prototyping of speech i
terfaces, support iterative redesign of the interface based on user trials, and allow user int
designers without programming skills to build and modify those parts of the systems that dir
impact the user experience. The design should embody good speech user interface princip
cluding promoting the consistency of spoken interfaces, plus anticipation and recognition of
users are likely to say.

♦Embody common patterns. Common sets of speech patterns (e.g., “set theproperty to value”),
components for common objects (e.g., numbers, lists), common operations upon the comp
(e.g., turning components on and off as focus changes) and other recurring patterns should b
into the design to promote reusability, consistency and speed of development.

♦Support customization and extensibility. Developers should be able to extend and customize
common patterns to meet specific application needs.

♦Support multi-modal and speech-only interfaces. The architecture should be appropriate for th
design and deployment of speech-only interfaces (e.g., telephone-based dialog system
multi-modal interfaces (e.g.,desktop and small-device interfaces that combine speech and
ical interfaces).

Section 2 describes the fine-grained speech component architecture in detail. Section 3 an
the architecture against the objectives and discusses aspects of the architecture including its
key application classes, experiences from our implementation, some significant differences be
graphical and speech user interfaces, and some of the tools that we have used with the archite
facilitate the design and analysis of applications. In Section 4 we present our conclusions.

2.  Architecture

2.1  Speech User Interface Components

In graphical environments, a component-based approach to building applications has p
continuously successful. The core graphical components are abstract entities that are re
visually and which permit manipulation by users with a mouse and keyboard. For example, a b
object is a virtual proxy for a physical button. The Model-View-Controller (MVC) design pattern
is commonly used to implement the graphical components. The Model represents the unde
application data, the View presents the data to the user, and the Controller allows a us
manipulate the Model.
3
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In our architecture, we apply a component-based, MVC design pattern to buildingspeech user
interface components(for brevity we use the termspeech component). As in graphical applications,
the model continues to represent the application data and functionality. The view, which bro
speaking is the flow of information from the computer to the user, is implemented with sp
output provided by speech synthesis technology (a view does not need to be visual). The con
which handles the flow of information from the user to the computer, is implemented with sp
input provided by speech recognition technology.

We have sought to identify and implement small, reusable speech components. For instan
speech component for an integer allows a user to give commands to modify the integer value
hear the integer being read back. If the integer represents a user’s age, then one reasonab
would be “I am thirty years old,” and one output might be “Records show you are thirty years old.”

In following sections, we describe the speech input and speech output systems implemen
expressionsthat define what the user may say to a component (for input) and what the compute
say to the user (for output).

Following that, we introduce the use of collections of speech components that work togethe
hierarchy to permit sophisticated interfaces to be built by linking expressions of multiple sp
components together. To implement linking, each speech component is required to have an ide
(we use a string) that is at least unique amongst its siblings in the component hierarchy — we
to this as thespeech component name.

2.1.1   Pre-built, Customized and Extended Components

As with most speech component systems, our system includes pre-built, generic, s
components. This is most conveniently represented by classes and inheritance in an object-o
system (we have used the Java™ Programming Language [10]). The root class is a generic
component class. Table 1 lists some of the classes that inherit from the root class.

Given the tremendous flexibility of human language and the possibility for signific
differences in language use across applications, it is necessary to be able to modify pre
components, develop new components and so on. An implementation in an object-oriented lan
can provide this flexibility by permitting customization and inheritance (extension) of the bui
classes. Customization of any speech component is possible by direct modification of any or

Name Description Example

Action Perform a specified action when directed. Send email command.

Choice Select amongst an enumerated set of options. Turning on or off bold text in a text ed

Value Input/output for a named value. Value is sub-
classed for booleans, integers, and floats.

Interest rate in a mortgage application.

List Selection amongst a set of many components. Airline preference selection in a trave
reservation system.

Table 1: A set of basic building-block speech components
4
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the input expressions including the automatically generated expressions. Also, as we will expl
later sections, the basic speech components can be combined into compound components a
hierarchies to produce more advanced interfaces. Table 2 lists some examples of application-s
speech components with an explanation of how they might be implemented.

2.2  Speech Input

The basic building block of the speech input system is theinput expression. An input expression
defines a phrase or phrases that a user may speak. These may be full utterances (complete
sentences) or may be any continuous segment within an utterance.

Each input expression is associated with a speech component. Any speech component ma
any number of input expressions (zero, one or many) and each expression represents someth
can be said about that component. Each input expression of a speech component must have
unique to the component. By combining the unique component names and unique input expr
names, it is possible to unambiguously reference any expression of any component.

In the following sections we explain the core functionality and data that must be captured b
input expression:

1. What can the user say?

2. What does the user mean?

3. When can the user say it?

Example Description Implementation

Age Interface to a user’s age. Integer component named “age.”

Mortgage Represents the term, interest rate, loan
amount and payment plan for a mortgage.

Compound component including floating
point values for the interest rate, loan
amount and payment amount, plus a
choice to select between weekly and
monthly repayments.

Name list Select one or more individuals from a list of
people.

Compound component constructed from a
component for each name and a list
component that allows selection.

Font chooser Select font characteristics including typeface,
bolding, italics, size and so on.

Compound component constructed from a
choice for typefaces, an integer for size,
and switch for bold and italics.

Table 2: Examples of application-specific speech components
5
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2.2.1   What Can the User Say?

In each input expression, we represent what the user can say by agrammar fragment. The grammar
fragment should be a legal expansion of a rule definition (also known as a non-terminal) tha
speech recognizer can understand. For our work, and in the examples below, we use the
defined in the Java™ Speech API Grammar Format [11].

An input expression may represent a complete speakable utterance about the speech com
or may represent part of an utterance. As an example, consider a speech component for an
rate for which the model is a floating point number representing the current rate as a percenta
can define input expressions that capture various utterances to set the rate:“set the interest rate to 7
percent,” “make the rate 3.5 percent.”We might also define an input expression for utterances t
request a relative setting:“increase the rate by a percent.”

An input expression can also represent a part of an utterance. A common pattern is to defi
input expression representing the various ways in which an application’s data value can be re
For the interest rate component we could define a list of aliases as:

<alias> = [the] (rate | interest rate | annual interest rate);

The syntax is that angle brackets represent the name of an expression, a vertical bar indi
set of alternative phrases, square brackets indicates optionality, and parentheses performs gr
This expression allows phrases such as“the rate” , “rate” , or “the annual interest rate.”

The expression for aliases is not intended to allow a user to say just “rate.” This express
instead intended to be used as a building block for more complex input expressions. Simila
common pattern is to define an input expression for the legal values which, for the interest
would include sub-utterances such as“5 percent” or “10.3 percent.”Together, these two expression
can build an expression that supports the user saying“make the rate 3.5 percent”and the other
examples above.

<assign> = make <alias> <legalValue>;

A less obvious input expression might be one that combines the aliases and legal valu
follows:

<phrase> = <alias> <legalValue>;

The syntax of this expression is that the expression namedphrase comprises a sequence tha
first contains a reference to the expression namedalias followed by the expression named
legalValue . It will match phrases such as“the rate 10 percent.”This expression becomes usefu
when we get to compound components that support commands such as“make the rate 10 percent
andthe term 15 years”  by compounding an interest rate component and a term component.

It is particularly useful to allow the definition of what the user can say to change as
application’s data or state changes (assuming the underlying recognizer supports such chang
example, a list of available printers might be dynamically created according to system resource
might change as a user request narrows the list (e.g., by selecting only color printers).
6
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2.2.2   What Does the User Mean?

Understanding user input involves the conversion of a string of natural language into a forma
can be interpreted and executed by an application. Many existing natural language proc
systems typically perform this conversion by producing a set offeature-value pairsor some similar
representation (also referred to as a slot filling system). For example, the Swiftus natural lan
processor of the SpeechActs system developed previously in Sun Microsystems Laboratories
the predecessor of the system described below and used Lisp code to interpret speech in
feature-value pairs.

Given an input of“set the interest rate to 7 percent,”the semantic output might be the two
follows features with values:

value = 7; action = set interest rate;

From this data it is obvious how to write application code to perform the requested ac
However, with our focus on efficient application development, we desired a more direct proce
the interpretation of actions results directly in function calls on the data models. For the interes
example we would expect a call of the form:

appObject.setInterestRate(7.0);

The system we developed for this purpose embeds scripting tags into the grammars of
expressions. These tags interpret the speech input and perform the actions requested by the
input and so are known asAction Tags. A full explanation of this system is beyond the scope of th
paper so we will describe only the capabilities necessary to understand how the speech com
architecture operates.

A tag is a string associated with some part of the regular expression defined in an
expression. For the Java Speech API Grammar Format, a tag is an arbitrary string enclosed b
braces as shown in the following example (see [11] for details).

<city> = (New York | the big apple) {cityCode = "NYC";} ;

The Action Tags system allows the tag to contain programming code and defines how tha
is executed. In our current implementation, the tags contain fragments of ECMAScript [13] whi
a standardized form of JavaScript™ [14]. The Action Tags system permits each input express
have a return value which is an ECMAScript object. The most effective approach is for the scr
tags to transform the spoken input into a programmatic form that captures the meaning of the
that match the input expression. To perform this transformation, the scripted tag has access
words detected by the recognizer that match the input expression and to the objects returned
expressions that are referenced in this expression. For example, an input expression for a date
typically return an object that contains the day, month and year spoken by the user.

We have found it particularly useful to use the LiveConnect [14] capability of so
ECMAScript implementations. LiveConnect allows direct reference to application objects f
within tags and also allows the scripted tags to create application objects dynamically. Thu
possible to define an input expression that contains an action tag that references an application
(typically a model object) and directly performs function calls that carry out the actions request
the spoken input that matches the input expression.
7
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For example, the mechanism to set the interest rate is implemented as follows. The
expression for legal values is defined to return a value that is a floating point number (not sh
We define an input expression that performs the set as follows:

<setValue> = <legalValue> {rateModel.setRate($legalValue);};

The string between curly braces is the tag containing a fragment of ECMAScript code.
reference torateModel is a reference to the application object for the model underlying the inte
rate speech component. The syntax of$legalValue is an ECMAScript variable that references th
return value of the<legalValue> expression. Finally, the command calls thesetRate function on
therateModel  with the value spoken in thelegalValue .

Of course the method described here is not the only way to translate spoken words into ac
We argue, however, that this method is simpler and more direct than most systems and
enhances the overall architecture by making code more readable and maintainable.

As evidence for this claim we suggest that theco-locationof syntax and semantics is importan
Because we define what can be said (the syntax captured by the regular expression) and
means (the semantic interpretation embodied in scripts in tags) in one place, there is an inc
chance that they will be consistent and can be maintained consistently. Moreover, unlike many
systems, the extraction and execution of the semantics are co-located, a feature that we have f
substantially reduce the amount of code and the number of human coding errors.

2.2.3   When Can the User Say it?

As the state and data of an application change, the set of utterances that the user might s
change. Thus, we need to continually update the set of utterances that the recognizer is listen
We capture this byactivatinganddeactivatinginput expressions. More specifically, we define th
concept of anenabling conditionwhich is a boolean value that indicates whether a specific in
expression should be currently active.

There may be input expressions that are always active, for example,“quit.” There are also input
expressions that are never active, such as the sub-utterance expressions explored in Section

The most interesting enabling conditions are those that are dynamic. Some of the com
conditions we have encountered are focus-related. In a dialog system, support for deictic fo
necessary to capture a sequence of commands like“Set the interest rate to 5 percent. No, makethat
6 percent.”The exact same sequence may occur in a desktop application that combines speec
a graphical user interface. However, in a multi-modal system with graphics and speech, deictic
is also tied to keyboard focus. For instance, a user may click on a visual interest rate field an
say “Makethat 6 percent.”(In Section 3, we explore the similarities and differences in GUI and S
design in more detail.)

Deictic focus is explicitly built into the architecture since it is a shared resource. I
implemented as an enabling condition that is true when a component has deictic focus and
automatically returns to false when another component grabs focus. Typically only one entity is
to own deictic focus at any time. One exception is for spoken input that refers to more than
entity. For example, following the command“set the interest rate to 5 percent and make week
8
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payments of $200,”it might be reasonable to say“makethat 6 percent”or “makethat $300.”Shared
deictic focus is supported by granting deictic focus to all components that request focus on a
input utterance. We return to this issue in Section 3 since this reveals an interesting distin
between the focus models of speech user interfaces and graphical user interfaces.

Other forms of dynamic activation we encountered include tracking window activation
graphical application and tracking arbitrary properties of objects (e.g., only allow the interest
set once a user name has been entered). It is also useful to construct enabling conditions as
operations composed of other enabling conditions.

2.2.4   Automatically Generated Expressions

There are many groups of expressions and many sets of components that exhibit similar s
forms. We introduce the idea ofgenerated expressionsas a way of capturing spoken patterns.
generated expression is one that it automatically created by the system — not by the appli
developer. As with all input expressions, an automatically generated expression must be cons
with its grammar fragment, with the action tags for semantic interpretation, and with an approp
enabling condition.

The most common occurrence of generated expression is in parametrically-generated s
components. For instance, we see common spoken structures in named values (e.g.,“interest rate is
5 percent,” “employee id is 1234,” “departure date is June 23”). In our existing implementation
nearly all speech components for named values are implemented by providing just the
definitions for aliases and legal values. A set of complementary input expressions is automa
generated to capture a sophisticated set of commands relating to the value. Table 3 lists
illustrative examples of generated expressions that we build around those two rule definition
current implementation provides 13 automatically generated expressions).

There are two motivations for the use of generated expressions. First, there is a demon
reduction in the amount of work to be done by the developer resulting in saved time and red
errors. Second, there is increased consistency in the user interface because the patterns are

Name Meaning Example Phrase

setValue Wraps the legal values and adds action tag to
perform a set call on the model.

5 percent

assignCommand Complete sentence that performs assignment of
value.

make the rate 5 percent

relativeAssign Modify numeric values by a relative amount. increase the rate by 2 percent

deicticAssign Assignment when component has deictic focus. make that 7 percent

requestFocus Explicit request to obtain deictic focus. go to the interest rate

speakValue Command to have the value read. what’s the rate?

Table 3: Examples of generated input expressions for a named value component
9
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in multiple components across the entire speech user interface. A desirable effect is that a us
learns a particular pattern of issuing commands to one component can reliably apply that
pattern elsewhere. Moreover, if user testing reveals that the patterns need to be added to or m
to capture additional patterns spoken by users, a modification to the generated expressions i
once and can be automatically distributed across the entire speech interface, even at runtime

2.2.5   Cross-referencing Expressions

In previous sections, we have alluded to the ability to build input expressions that include refer
to other input expressions. For this mechanism to work we require two conditions. First,
expression must have a unique name. This is enforced by ensuring that each speech compone
unique name and that each input expression within the component has a unique name.
examples here, a fully-qualified input expression name is a concatenation of the compone
expression name. For example,<mortgage.rate.legalValue> references the legal value
expression of the interest rate component in the mortgage application. For simplicity, referen
expressions defined in the same speech component are typically the expression name o
example,<legalValue> .

There are no explicit constraints on cross-references within or across expressions or even
component hierarchies (explained below). There may, however, be constraints applied by the
recognizer or natural language systems. For example, recursion may be prohibited.

2.3  Output

The design of the speech output capabilities mirrors the speech input system in most respec
speech component may have any number of associatedoutput expressions. Output expressions may
contain cross-references to other output expressions either within or across speech comp
Output expressions may be automatically generated, may be customized, and so on.

There are differences between input and output expressions and these differences refl
asymmetry in speech user interfaces. Because the computer can only speak a single
expression at a time, output expressions do not require an enabling condition but do req
mechanism that triggers an output expression to be spoken. By comparison, when it is the use
to talk there may be multiple (possibly hundreds) input expressions active because there is
range of things that the user may say, and there is not a method to force a user to speak.

The semantic interpretation is also asymmetric. Output expressions are typically construc
the developer or are embodied in a generated pattern that was human-authored. The compu
not need to understand the content of the output expression. Thus, unlike input expressions,
expressions have no semantic interpretation capabilities.

Two useful features of output expressions are that they may be dynamically generated an
they may contain text markup to control the output rendering by the speech synthesizer. Dy
generation is the ability to generate the text to be spoken only at the instant that the request to
is made. For example, in a speaking clock application there may be an expression for current t
which the text to be spoken is generated by getting the clock time and converting it to an appro
10
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format at the time that the request to speak is made. Without a dynamic generation capabili
application could be burdened with updating the output expression for the clock every seco
minute. By comparison, current speech recognition systems do not provide an ability to m
grammars during recognition of a utterance so input expressions need to be static leading up
time that a user starts speaking.

The text markup capability allows the generated output text to include directives to the sp
synthesizer that influence the way text should be spoken. The type of control depends up
capabilities of the underlying speech synthesizer. In our work and in the following example we
the Java Speech API Markup Language [15]. This allows, for example, marking of emphasis, c
of pronunciation, control of pitch, speaking rate and other prosodic features, and marking of s
text constructs such as dates and times.

In the following output expression, namedstock , we reference thecurrentTime expression of
the clock component and thecurrentValue expression on the stock component (both the
referenced expressions are likely to be dynamically generated). This example also shows the
the <emp> element which is the element of the Java Speech API Markup Language that req
emphasis of the words between the<emp> and</emp> tags (standard XML syntax). Note that fo
output expression we use double angle brackets to indicate expression names to avoid am
with the single angle bracket syntax of XML.

<<stock>> = At <<clock.currentTime> the price was
<emp> <<currentValue>> </emp>;

When an application requests that thestock expression be spoken, the expression is expand
It might generate text for the speech synthesizer such as the following.

At <sayas class=”time”>2:45pm</sayas> the price was <emp> $78 </emp>.

2.4  Component Hierarchies and Compounding

Individual speech components can support considerable input and output expressive power b
they permit multiple expressions and cross-referencing of those expressions (both for inpu
output). When cross-referencing is used across components, the expressive power is inc
further. For example, for a font selection speech component (with similar functionality to
selection in typical document systems) we may permit the input command “use a 10 point bold
Helvetica font.” The basic components might be an integer component for point size, a boolean
for both bolding and italics and a choice list for typeface. Each of these components may ha
active input expression that controls the component alone (e.g., “select Courier font”). Each
component should also have an input expression that can be used in compound statements (e.
the compound command above, “10 point,” “ bold,” “ Helvetica”).

We construct an input expression to combine appropriate input expressions of the point
bolding and typeface components. In most designs we have found it logical to have a con
component that is the parent of all the font selection speech components and that contains th
expressions that combine those components. There is, however, no architectural requirement
11
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since cross-references can go between any pair of components without restriction by th
hierarchy. For the font example, the parent may have an input expression such as:

<command> = use [a] [<size.value>] [<bold.value>] [<face.value>] font;

There are several advantages to combining expressions in this way. First, any change
referred expressions is automatically captured by the compound expression and thus cons
within the user interface is preserved while development effort is reduced. Second, expression
to be simpler and thus easy to write and evolve. Third, for input expressions, the sem
interpretation responsibility is delegated from the parent to the child and thus processing input i
broken into smaller, simpler actions. Finally, the compounding mechanism is identical for both
expressions and output expressions making the design style easier to learn.

2.4.1   Designing Hierarchies

The design of component hierarchies is under the control of the application developer sinc
architecture imposes no specific constraints. We have found three considerations import
designing hierarchies: joint activation of components, reusability and clarity. Each of t
considerations reflects the common-sense approach of putting related components togethe
hierarchy.

Our implementation provides a default enabling condition for a speech component which t
the activation of its parent component. With this design, activation and deactivation of a
component turns the speech input of the entire sub-tree on and off (except components that o
this behavior). One common use of this behavior is in joint speech-graphical user interfaces. W
window has focus, we want all the associated speech components to be active. If the s
components associated with the window share a common root and if the enabling condition fo
root component tracks the activation of the window, then the whole tree of speech componen
be enabled and disabled automatically as window focus is gained and lost.

Reusability of speech component hierarchies is encouraged when the component hie
reflects the design of the application’s model objects. Often this also leads to cross-refer
between objects that are closer in the component tree which tends to make the designs ea
understand and maintain. So, although cross-references can occur between input expressions
pair of components, good programming practice tends towards localization of references.

Finally, although it is not a requirement of the architecture, our system ties the use of sp
recognizers and synthesizers to the component tree. The speech engines are resources main
the root component and are inherited down the tree except where a component and its s
choose to override the selection. In a multi-lingual application we might override the speech en
at specific points in the component tree to create a sub-tree for each language supported
application.

2.5  Rendering

In this section we describe the mechanism by which the data contained in the speech compon
transformed into data and controls for the speech recognizer and speech synthesizer. Althou
12
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describe a system based on a single speech recognizer and a single speech synthesi
architecture can support multiple input and output engines (e.g. for multiple languages
selectively rendering components to different engines.

2.5.1   Controller

The controller is the module of the architecture responsible for intermediating between the
speech components created by the application and the speech recognizer. We use th
“controller” from the Model-View-Controller architecture. It’s specific responsibilities are to:

♦Extract information from the speech components and their input expressions and set up the
recognizer to listen for the appropriate input speech.

♦Update the recognizer’s data as the components and input expressions are dynamically ch
Changes that must be tracked include changes in enabling conditions or the grammars o
expressions, changes in component hierarchies and the creation and deletion of compone
expressions.

♦Process speech recognition results by processing the action tags to determine the meaning
tions requested by the user. These typically lead to changes in the model.

The transformation process is dependent upon the underlying speech recognizer’s desi
capabilities. For this architecture to be effective, we require the following minimum capabilities.
recognizer must be capable of performing recognition of speech input against dynamically cr
and possibly changing grammars (changes in grammars may be restricted to times betwee
utterances). It must be possible to activate for recognition any combination of rules (also called
terminals) defined in these grammars and to change the set of active rules dynamically (aga
reasonable to restrict changes to between input utterances). The recognizer must be cap
generating recognition results that convey the string of detected words and rejecting the sequ
it is not an exact match to an active grammar.

The following method for mapping speech components onto a speech recognizer is str
forward and is implementable with most commercial and research recognizers. Each s
component is associated with a grammar in the speech recognizer. Each input expression
component creates a rule in the component’s grammar. The definition of the rule is the re
expression defined for the input expression. The rule is activated and deactivated according
enabling condition of the input expression. When the recognizer detects incoming speec
matches the rule, it is passed to the speech component that owns the matched input express
action tags are executed in the context of the component and any other components reference
matched input expression.

As was mentioned in Section 2.2.2, action tags in input expressions co-locate the sy
semantic interpretation and semantic execution. The controller design facilitates this co-locati
transferring the spoken input back to the speech components for processing and by allowin
processing to descend down the tree of referring input expressions. From a development vie
we have also found this provides significant reduction in the amount of supporting code.
13
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The mapping of speech components and input expressions to grammars and rules, respe
does not need to be one-to-one, as is the case for the system described above. One import
that we have found for modifying this mapping is when optimizations of the grammars can imp
recognition performance (especially accuracy). A side-effect of using generated expressions
an application can easily generate many similar expressions (e.g.,“change the font to Helvetica,”
“change the font size to 10 point,”and so on). Having many branches in active grammars with
same word patterns confuses many speech recognizers. We have implemented a control
compresses out these redundancies to improve recognizer accuracy without affecting what th
can say, without placing any burden on the developer to be aware of such details of the s
recognition performance, and without affecting the processing of recognition results with a
tags.

Other possible functions for the controller which we have considered but not tested
performing automatic tests for ambiguities in grammars, monitoring for complex grammars tha
degrade recognition performance (e.g., by runtime calculation of perplexity), and providin
checkpoint for debugging and system monitoring.

2.5.2   View

Once again, the speech output functionality mirrors that of the speech input system and is
simpler. The viewer is the module of the architecture that is responsible for intermediating bet
the application’s set of speech components and the speech synthesizer. It’s specific respons
are as follows:

♦Upon a call to speak an output expression, the viewer recursively expands the expression
duce a text string that may contain text markup.

♦The viewer passes the text string to the speech synthesizer.

♦Depending upon application requirements the viewer may track the progress of the spoken
of the expression (e.g., wait until output is complete).

2.5.3   Separation of the User Interface Data and Engines

The controller and viewer operate to convert the user interface data contained by speech comp
and their input / output expression to a form that can be processed by the speech engine
separation is particularly advantageous to application developers that lack any speci
knowledge of speech engines since much of the complexity of the systems can be hidden from

The separation also permits specialized capabilities such as dividing the computational res
across machines. The speech components may reside with the application data on one machin
the speech engines reside elsewhere on a network. One application of this client-server config
is the deployment of speech interfaces on computing devices that lack sufficient resources to p
speech recognition or synthesis.
14
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Finally, if the grammar format of input expressions or the markup of output expression
incompatible with those of the recognizer and synthesizer, the controller and viewer may pe
automatic conversions.

2.6  Dynamic Definitions

As an application’s data and state change it is often necessary to update the user interfa
mentioned previously, any change in state or data may require a change in the definition of the
expressions (the grammar, the semantics or the enabling condition) or the definition of the o
expressions. Moreover, these changes may also cause expressions to be created or deleted
components to be created or deleted and even the hierarchy of components to be modified.

It is the responsibility of the viewer and the controller to reflect these changes. For insta
when the controller is informed that any part of the speech input data is changed, it must reflect
changes into the recognizer. Because changes tend to occur in collections, we have fo
important to apply a full set of changes simultaneously rather than one at a time to avoi
recognizer having an inconsistent set of grammar definitions.

3.  Speech vs. Graphics

If there is a single lesson to be learned from developing an architecture for speech application
that writing a speech user interface is not the same as writing a graphical user interface. From
follows that there is no way by which we could trivially or automatically extend existing graph
applications to support a compelling speech interface. In this section we explore some similari
speech and graphics as user interfaces, but focus primarily on some of the fundamental and
differences in designing and implementing applications with these different modes of interactio
how this is reflected in our architecture.

3.1  Similarities of Speech and Graphics

It is worth noting briefly some of the similarities of speech and graphical systems. First, m
advantages of the MVC pattern apply to the design of both graphical and speech interface
separation of the core application logic of the model from the interface implementation in the
and controller represent separation of function and form. This permits separate evolution of th
logic and the presentation to the user. This also permits the same application logic to be pre
through more than one user interface, either through multiple simultaneous views/controlle
through different views/controllers at different times. As a result, we have found that exis
graphical applications designed with separated models and user interface software have be
easiest to extend to speech interfaces.

Second, there are similarities in the user interface design process that need to be supporte
architecture. For example, rapid development and iterative enhancement of interfaces throug
testing are solid practices in both graphical and speech interface design.
15
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Third, although the nature of component-based designs may differ for speech and gra
applications, the use of common object designs wherever practical is useful to developers s
reduces the learning curve.

3.2  Fundamental Differences between Speech and Graphics

The differences between graphical and speech user interfaces derive, in large part, fro
fundamental difference between spoken and visual communication human-to-human and hum
computer. These fundamental differences affect the user interface design of speech vs. gr
interfaces, impact the implementation of applications with speech or graphical interfaces, and
our design of an architecture intended to effectively supports both these activities.

Previous research in our group involved the deployment of conventional desktop applica
including email and calendars, as conversational speech-only agents [1]. This work confront
differences between the graphical and speech versions of the applications from a user in
perspective.

♦Visibility: Graphical interfaces are visible to the user and most functionality is apparent to the
by visual inspection or by manipulation (e.g., exploring menus). In contrast, Speech is invi
which makes it challenging to communicate the functional boundaries of an application t
user [1]. Users may experience more difficulty determining what actions they can perform
how to invoke those actions. Moreover, if speech input is misrecognized and the misrecog
is not apparent to the user’s mental model of the application, the boundaries may become
cially unclear. From a developer viewpoint, the invisibility of speech systems makes them h
to develop and debug and motivates the use of visual monitors (see Section 4.2).

♦Transience: Speech input and output are transient: once you hear it or say it, it’s gone. By con
graphical interfaces may be persistent and good design practice leaves information visibl
user until it is no longer required. Thus speech interfaces make different demands upon the
attention and memory ([1], [2]).

♦Bandwidth Asymmetry: Speech input is typically much faster than typed input whereas spe
output can be much slower than reading graphical output, particularly in circumstances tha
mit visual scanning [1].

♦Temporality: Keyboard and mouse events are discrete, nearly instantaneous events in
meaning and intent may be conveyed by a single event or may be conveyed by a sequence
crete events. Speech input is neither instantaneous or discrete since an utterance may tak
seconds to be spoken and consists of continuous data that is transformed to a word seque
the speech recognizer. Although the final speech recognition result is effectively an instanta
event it may be delayed by a noticeable time from when the user stops speaking.

♦Concurrency: Speech-only communication tends to be both single-channel and serial. Most
ple find it difficult to listen and speak simultaneously or to actively listen to more than one v
at a time. Even though most listeners are capable of selecting one voice amongst competin
es (referred to as the “Cocktail Party” effect), the same is not true for multiple simultaneous c
nels of speech synthesis output from a computer. By contrast, visual output allows concu
16
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displays of multiple channels of data which may be processed together by user or amongst
the user’s attention may shift. Furthermore, many aspects of visual output are designed to re
in real-time to user input (e.g., text scrolls as a user manipulates a scroll bar) so input and o
may be concurrent.

3.3  Semantic Differences between Speech and Graphics

The differences between speech and graphical user interfaces cited in the previous section de
timing and presentation issues. There are also differences in the ways in which informati
packaged and interpreted. These differences are most apparent in the input to an application.
section we explore how the traditional input by keyboard and mouse differs from input by spee

The basic communicative function for a user interface is to support a user who has a part
thought or intention and who wishes to convey that thought or intention to an application. We
assume for now that the thought or action makes sense to the application. Thesurface formis the
input actually received by the computer: mouse movements, mouse clicks, keyboard press
audio input containing speech made up of a sequence of words.

As the previous section explained, these input forms differ temporally, especially in bandw
The way in which high level meaning is contained differs as well. A keyboard input for “B” m
have no particularly meaning. However, when followed by “oston” and when typed in the conte
a text field which an application developer associates with the destination city for a flight reserv
there is an emergent meaning. Thus, it becomes the responsibility of the input capabiliti
graphical toolkit and an application’s usage of the toolkit to providecontextto keyboard and mouse
input so that an input event sequence is converted into meaningful application behavior.

The use of action tags in input expressions of speech components serves the same pur
defining the context in which a word sequence from a recognizer is converted into meaningfu
appropriate application behavior (see Section 2.2.2). Because of the differences in the two fo
input it is no surprise that the software that supports interpretation of the input is very diffe
between graphical and speech interfaces.

Speech input can efficiently conveycompound semantics: more than one piece of information o
command in one input event. For example,“fly from Boston to London next Thursday, preferably i
the morning.”To convey the same data by keyboard and mouse input would require multiple i
events which together have the same meaning. There are examples of compound sema
graphical systems (e.g., a mouse press indicating both “x” and “y” coordinates and an “OK” b
on a dialog box that causes a set of values to be applied and the dialog box to close) but
interface design practice tends to guard against “overloading” the functionality of vi
components.

One common form of compound semantics in speech involves commands that require
selection and action. For example, in“forward the last three messages from Bob to Nicole”there is
an advanced selection of three messages, an action in the form of forwarding the messages
property in the form of the recipient. Even a simple command such as“set the interest rate to 8%”
involves both selection of the interest rate field and entry of a value.
17
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Dialog context is a form of context for which there is no direct counterpart in graph
interfaces. Anaphoric, deictic and elliptic references are examples of spoken forms that req
context to be maintained in which the references can be resolved. This is an area in whic
flexibility of natural communication can become a liability for computer systems that are
sufficiently well-designed to interpret user input. That said, it is not an area in which we can
light except to say that it stands as a complex research issue.

Keyboard input is targeted to specific components by window focus and by keyboard f
within an application (except for capabilities such as hot keys). Mouse input is targeted at sp
components by the location of the pointer. Being invisible, speech is not also targeted at a sp
component so it is not always clear what context should interpret particular spoken input. I
worst case, which is not necessarily uncommon, there is an ambiguity because more tha
component may be listening for a specific command. The commonly-cited advantage to
flexibility of speech input is, however, that a user can quickly jump between topics or ac
functionality that may be buried in graphical menus.

There are some areas in which speech input is substantially lacking by comparison to key
and mouse input because of differences in the communication of semantics. For example, the
the mouse as a pointing device makes input of spatial data very effective (e.g., setting the loca
a scroll bar, choosing a color in a continuous palette, or drawing arcs). By contrast, speech i
inefficient for conveying spatial information (e.g.,“up, up, up more, up, right a bit, OK!”).

3.4  Applied Differences between Speech and Graphics

The basic differences between speech and graphical systems that we have outlined in the pre
sections directly or indirectly impacted the design of a software architecture to support sp
application development. The following are some of our findings including several distinct
between our architecture and existing software systems for building graphical user interfaces.

♦No “auto-speech-enabling”: We often encounter developers with a desire to automatica
speech-enable existing applications, for instance, by scanning graphical components for d
build the speech interface. This approach is often described as “speech buttons” since it would be
desirable, for example, to click a button by speaking its label. Although this may be highly d
able, there is insufficient information in existing configurations of graphical components to
tain natural speech interfaces. For instance, buttons may display iconic images or abbre
text, neither of which would be normally spoken by users. Furthermore, user studies have
that spoken and graphical vocabularies differ — users do not always say what they see [1
worth noting that problems from transition between user interface paradigms are not new
transition from text-based to graphical user interfaces required re-engineering of application
efforts at automated conversions were found lacking.

♦Differing adherence to the MVC pattern: Most developers currently design applications fo
graphical interfaces alone and this constraint does not force separation of the data model a
interface code. In prototype applications we have found it strongly desirable to separate th
model from the speech component system. This separation becomes particularly import
multi-modal applications since a single model may have multiple views and controllers w
18
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♦Different type hierarchies: The component inheritance hierarchy for GUIs tends to reflect eit
the visual representation or the form of manipulation of objects. For example, buttons and c
boxes often inherit from the same class since they are both manipulated in the same way, n
by a mouse click. The speech type hierarchy tends to reflect the meaning of the underlying
For example, all integer components may inherit from the same objects even if they might b
resented visually as a text field, a slider or a list.

♦Complexity asymmetry: Broadly speaking, developers spend more time developing the visua
sign of GUI applications than the input capabilities (for mouse and keyboard). The reverse
to be true in speech since setting up the grammars and activation of input expressions is typ
a more complex process than defining the output expressions.

♦Undoing compound semantics: Because a single utterance may contain more than one comm
or result in more than one action, mechanisms to undo commands must be capable of undo
the actions of each command.

♦Focus: We have found that speech focus, modelled as deictic focus, seems reasonably cor
with window and keyboard focus in the graphical interface. In both cases, the focus attem
capture the user’s current attention, which in dialog terms may be the current topic. Howeve
similarities and differences deserve considerable research. For example, if the user speaks
lowing two commands, “Set the height to 6 meters and the length to 8 meters. No, make th
meters.” Should the application change the length or the height?

♦Misunderstandings: In graphical interfaces, when the user types a key on the keyboard or m
the mouse, there is no mistaking what the user has done. With speech, the speech recogn
misunderstand what the user has said. For example, the recognizer may think the user said
a nice beach” instead of “recognize speech.” When a speech recognition error occurs, the e
not always detected by the user and it is not always easy to design a user interface that p
feedback to the user to detect those errors without overburdening the user with feedback
tracting from the interface. Thus speech applications tend to adopt different strategies for r
ering from mistakes.

♦Different hierarchies: The primary function of graphical containers that implement hierarchies
components is to control screen real-estate and to determine the layout of components with
space. Hierarchies of speech components do not have a strong functional role beyond as
developers in presenting and understanding code and with concurrent activation.

♦Different compounds: The only form of compounding in speech components is cross-referen
between expressions. There is no form in speech that is analogous to compounds in graph
terfaces: for example, using an icon in a menu.
19
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4.  Discussion

4.1  Implementation Overview

In Section 2.1.1 and elsewhere in Section 2, we described some of the basic components
speech component system. In this section we describe some additional details of our impleme
of the architecture.

Because we developed the architecture in the Java Programming Language, it was our in
to make speech components that were compatible with existing technologies and APIs for the J
platform. Some of the basic design decision (which need not be followed in alterna
implementations) include:

♦Event delegation model: The event delegation (or event-listener) model is used extensively in
plications written using the Java programming language. As such, the design pattern is fa
to developers and widely supported in development environments (e.g., JavaBeans™ too
our implementation all asynchronous communication between models and speech compo
amongst speech components and between speech components and their viewers and con
uses the event delegation model.

♦Swing and AWT support: To support common patterns in implementation of multi-modal app
cations we optionally allow any AWT component (and by extension any Swing component)
tracked by a speech component. This allows us to conveniently tie the deictic focus for spe
the keyboard focus for the tracked component or to activate and deactivate the speech com
as the graphical component gains or loses window focus.

♦Java Speech API support: We use the Java Speech API [16] to access speech recognition
speech synthesis resources. We have also used the Java Speech API Grammar Format
writing input expression grammars and the Java Speech API Markup Language [15] for w
output expressions.

♦Client-server model: As was pointed out in Section 2.5, the architecture makes no assump
about the location of the speech resources used to process speech input and output. Thus
server speech recognition and synthesis is supportable without application redesign. We ha
signed a controller and viewer to use remote speech engines. We anticipate that this separa
user interface logic and I/O resources will be useful in large-scale telephony service deploy
and for providing speech interfaces to small devices that lack the computing resources to pe
speech recognition or synthesis.

♦Tools: In the next section we briefly describe a visual development tool that permits softwar
velopers and user interface designers to view and manipulate speech components of a live
cation. This facilitates both debugging and rapid application development.

♦Accessibility: Following our observation that automatically speech-enabling a graphical app
tion will not produce an elegant user interface, we have not attempted to build an accessibilit
from our speech components (what is known as aType 2accessible application, [17]). Instead ou
objective has been to enable a developer to directly author the speech user interface for an
20
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cation. If the application supports both graphics and speech then it may be directly accessi
users through different modalities (what is known as aType 1accessible application). For exam
ple, users with visual impairments may be able to use the spoken interface while users with
ing impairments may be able use the graphical interface. However, as we pointed out in S
3.2 and Section 3.3, it is not possible to guarantee that all forms of access to a multi-modal
cation are equally effective.

4.2  Visualizing Speech Components

The invisibility of speech interfaces (see Section 3.2) provides an analogous problem to deve
since they are unable to see the interface they have written and determine quickly whether it
intended design. Moreover, because speech applications can often allow thousands or eve
millions of different input utterances at some point in time, it is usually not possible for
developer to determine or say all possible input utterances to determine whether the applica
operating to specification. To address these problems we developed graphical tools that disp
current state of the speech component hierarchy and allow the developer to introspect the syst
even modify the system at runtime. These developer tools have become practical because
break-down of the user interface software into many components that are easily navigable th
the component hierarchy and which are each small enough to display and understand.

This visual tool is also very useful to speech user interface designers because it allows th
directly modify the speech input and output interface designs. By allowing runtime changes t
interface, the visual tools facilitate rapid iteration of the design. For instance, in respons
problems encountered by trial users the designer can immediately modify and test a speech int

4.3  Future Work

Despite every effort to simplify the development of speech interfaces we do not claim that we
made the process simple, only simpler than with previous methods. Software developers an
interface designers still have to learn the idiosyncrasies of spoken communication and in mos
developers and designers must learn some of the differences between speech and graphical s

There are some specific technical issues that we have not yet addressed. We are hopeful
architecture can be extended effectively to address many, but not all, of these issues.

♦Disambiguation: There are two forms of input ambiguity possible in this architecture. There m
be ambiguity within a component or input expression. For example, the command“send a mes-
sage to Bob,”the name may come from a list component in which there is more than one Bo
most cases such ambiguities are easily detectable and we are confident that a framework
developed for resolving ambiguities at the component level. Ambiguity across compone
more complex. The ambiguity of focus given in Section 3.4 is one example. If a developer is
to anticipate such ambiguities there may be some possibility that they could provide their
disambiguator (e.g., by checking with the user). If, however, a cross-component ambiguity
anticipated we do not see yet how to automatically resolve the ambiguity with the user.

♦Undo: We have not implemented an undo mechanism on any of our prototype applications b
21
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expect that the architecture can work with existing undo techniques, especially if the facil
supported by the models or wrappers for the models. One interesting undo feature requir
speech is that it must be possible to undo multiple actions triggered by compound seman
speech input.

♦Out-of-grammar errors: No matter how well a speech user interface is designed and how flex
its input grammars are, it is not possible to constrain what a user says except by ignoring e
thing we don’t understand. The current design of input expressions with explicit grammar
what the user can say is not robust when presented with unexpected input. Statistical tech
for speech recognition are able to cope with out-of-vocabulary and out-of-grammar inpu
present greater complexity to the semantic interpretation of speech input. It would be a pa
larly interesting challenge to try to modify the design of input expressions to support statis
grammars and robust parsing.

♦Help: With the invisibility of speech interfaces it is particularly useful to be able to inform t
user at any time what they can say. The speech component architecture presents two oppor
which we have only partially explored. The application designer may assume responsibilit
building a help system, for example, by providing a list of acceptable commands in any app
tion state. As the size of the application grows and as the set of acceptable commands is ch
dynamically it could be more effective to have a partially or completing automated system. S
the enabling conditions define when particular input expressions can be spoken and becaus
expressions define what the user can say, it could be practical to automatically generate a
date a list of legal commands for a user.

♦Dictation: We have focussed on a speech input capability that can be used in speech-only
multi-modal applications. Since dictation is currently only effective when visual feedbac
available we have not attempted to develop a component for dictation input.

♦Internationalization: The separation of the model from the view and controller and the co-lo
tion of syntax and semantics for input expressions both facilitate the authoring of internati
ized applications. We have not, however, explored how to implement user interfaces tha
functionally different or presented in a different ways across languages. For example, di
have a different flow in different languages often because of cultural differences like politene
the start or end of a conversation.

♦Speech engines performance: We are bound by the performance of speech recognition and spe
synthesis technologies. Limitations in the accuracy and robustness of speech recognizers
tively impact the design of speech interfaces by requiring constraints in the input expression
limit what the users can say. Limitations in the quality of speech synthesizers constrain the
speech output and compound the inherit bandwidth limitations and transience of speech
(see Section 3.2). However, it is also the case that ongoing improvements in the speech e
can be translated into more sophisticated user interfaces.
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5.  Conclusions

We have presented a new approach to building applications with speech user interfaces by usin
grained speech components. The architecture simplifies the development of speech applicatio
requires less experience to construct and evolve speech interfaces than previous system
architecture is intended to support good speech user interface design principles.

The system for breaking down the interface into speech components each with a multiplic
input expressions and output expressions allows each component to be simple and to o
independently. The input expressions capture the basic requirements of what a user can say,
means and when they can say it in one object. The output expressions encapsulate what the u
say. References are permitted across input expressions and across output expressions
compounding of expressions permits complex interfaces to be constructed from simple compo
Furthermore, for many classes of speech components there are common patterns for input and
expressions that can be automatically generated by templates which both reduces the worklo
developers and increases the consistency of the user interface.

In Sun-internal deployments, we found significant reductions in the amount of code requir
implement speech interfaces along with greater simplicity of that code and even gr
functionality. The architecture is simpler to explain and learn and, with the use of visual to
applications are easier to develop and debug. The visual tools also permit rapid iteration
enhancement of the user interface by allowing the user interface designer to modify the inpu
output expressions at runtime in response to problems encountered by users.

Through developing a speech component architecture and implementing applications with
graphical and speech user interfaces we have explored some of the basic differences between
and graphical systems. Understanding these differences will be important for the majori
developers who have prior experience in developing graphical applications but who hav
previously worked with speech interfaces.
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