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1 Introduction

In this review paper we are investigating the state of the art in the technologies involved in the field of Human
Computer Interfaces for Multimedia Retrieval. In the first section, we present a state-of-the-art review of HCI.
First we define the area of Human Computer Interaction HCI and give a brief historical overview of the most
important breakthroughs seen as usability paradigms of the domain. Then we analyze the components of
HCI, namely the user, the system and the interaction. In the analysis of the system we introduce the main
input/output components and modalities of the system. Then we introduce the main styles of interaction that
take place between the computer and the end user. At the end of this chapter we present research issues and
challenges of HCI technology.

In Chapter 3, we review Graphical User Interfaces (GUIs); GUIs dominate today’s user interfaces. We begin
by giving the definition of the GUI area of research. We then present the main GUI design principles and
guidelines. Afterwords we present the X-Window system case study in order to show the layered architecture
of graphical user interfaces. Then a historical review on the various tools used to create GUIs is presented;
a distinction between successful and unsuccessful tools is included. Finally in this chapter, we include the
information exploration and visualization subsection. In the information visualization section, we point out the
importance of this task and introduce the data type by taxonomy schema for information visualization.

In Chapter 4, we investigate the speech and natural language interfaces based on the technologies of Auto-
matic Speech Recognition, Text-to-Speech Synthesis, Natural Language Understanding and Natural Language
Generation. The technology is introduced and its benefits are outlined; a historical reviews of speech appli-
cations is also included. Then we analyze the effects of speech technology on system application design. The
state of the art of the main components of spoken language interfaces, namely speech recognition (ASR), speech
synthesis (TTS), semantics and spoken language understanding is also presented.

In Chapter 5, we review efforts in defining design principles and creating tools for building multimodal dialog
systems with emphasis on the speech modality. General design principles for architecting and building such
systems are reviewed and challenges are outlined. The focus is on system architecture, application and speech
interface design, data collection and evaluation tools. We conclude that modularity, flexibility, customizability,
domain-independence and automatic dialog generation are some important features of successful dialog systems
and design tools.

Next, we turn our attention to the very active field of multimodal systems, which uses a multiple of modal-
ities (speech, gesture, etc) to augment user’s interaction with the system. First we provide motivation for the
use of multimodal interfaces and briefly review some examples of multimodal applications. Then we examine
topics such as multimodal interaction (mainly fusion and integration techniques) and dialog management han-
dling strategies. In the dialog management section, we focus on dialog manager initiative strategies namely
system initiative, user initiative and mixed initiative dialog strategies. Then a brief presentation of the dialog
management models used by various systems to control the dialog is presented, namely finite states machine and
frame-based strategies. Finally we examine issues regarding to system architecture and conclude with various
efforts for standardizing multimodal interaction specially on the web.

Special issues like Eye Tracking and Audio-Visual Speech Recognition are discussed in the following chapters.
We begin with an introduction to the technology and the methods that have been developed over the years.
Then a review of the human gaze behavior is presented analyzing various experiments that have been conducted
to explore human gaze behavior for different purposes. A state of the art review of Eye Tracking Interfaces
is included. Finally we outline the main shortcomings of the eye tracking technology. Audio-Visual Speech
Recognition is discussed in the next chapter. Multimodal feature extraction and multimodal feature fusion are
two main areas investigated in this review.

Adaptive user interfaces are discussed in Chapter 9. We start by motivating the work and giving the definition
of adaptive user interfaces. Then we discuss the nature of adaptive interfaces by giving a reference to rapid and
online learning. Next we define the main categories of adaptive user interfaces namely informative, generative
and conversational systems based mainly on the of communication between the system and the end user. Next,
we provide a section with the main benefits and limitations of such systems followed by the main approaches for
designing adaptive user interfaces. We conclude this chapter with an outline of the most important objective
measures in the evaluation of various types of adaptive user interfaces.

In the final chapter of this state-of-the-art review, mobile interfaces are presented. Mobile content should be
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easy to create and access with mobile devices which have limited capabilities for input, output, storage, memory,
processing power, etc. Novel methods for overcoming these difficulties are presented. Alternative interfaces are
presented, as well as semantics and meta-data for efficient storage and retrieval of multimedia content. Some
comparisons between capabilities of handheld devices and those of “traditional” PCs are also considered.

This paper is by no means an exhaustive review of the area of human-computer interfaces. This state-of-the
art review mainly concentrates on areas and cutting-edge technologies that are most interesting and relevant for
the MUSCLE NoE project, and specifically by WP10 participants, i.e., interfaces for multimedia information
retrieval.
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2 Human Computer Interaction

Human-computer interaction is the study, planning and design of how people and computers work together
so that a person’s needs are satisfied in the most effective way. We study HCI to determine how we can
make computer technology more usable by people, which requires an understanding of at least four things: the
computer technology, the people who interact with it, what is meant by more usable and also the understanding
the work people are trying to accomplish by using computer technology.

HCI is multi-disciplinary subject, since a designer of an interactive system would have expertise in range of
topics: psychology and cognitive science to give knowledge of user’s perceptual, cognitive and problem solving
skills, sociology to help the user understand the wider context of interaction, ergonomics for the user’s physical
capabilities, graphic design to produce effective interface presentation, computer science and engineering to be
able to build necessary technology, etc. The question of whether HCI is a science or a craft discipline is an
interesting one. Does it involve artistic skill and fortuitous insight or methodological science? Drawing an
analogy with architecture, beautiful and novel interfaces are artistically pleasing and capable of fulfilling the
tasks required. However, interface efficiency and usability are equally important.

This chapter, is an introduction to HCI. First, we present a brief history of HCI and then analyze its three
components, namely the user, the system and the interaction and we conclude with some interesting research
issues and challenges. We address special issues in the following chapters.

2.1 Usability paradigms in HCI history

Before starting developing some of the elements of theory of HCI, we give a brief historical overview, with some
of the more important breakthroughs seen as usability paradigms.

One of the first advances in computer interaction is the transition from the early batch systems to multi-user
time-sharing systems. By the 1960s, it was becoming apparent that the explosion of growth in computer power
would be wasted if there was not an equivalent explosion of ideas about how to channel that power. Previously
users(programmers) were restricted to batch sessions, in which complete jobs were submitted on punched cards
to operators who would run them on the computer. Rather than rely on a model of interaction as a pre-planned
activity, truly interactive exchange between programmer and computer was now possible. Computers became
dedicated partners with each individual user and allowed the human to become a more reactive and spontaneous
collaborator.

By mid-1950s researchers experimented with the possibility of presenting and manipulating information from
a computer in the form of images on a video display unit (VDU). It was 1962 when Ivan Sutherland a graduate
student of MIT, astonished the computer science community with his Sketchpad program ( [303], [304]) that the
capabilities of visual images was realized. Sketchpad was not just a tool for creating visual displays, it was a
kind of simulation language and a model for totally new ways of using computers by changing something on the
display screen. Sketchpad demonstrated that computers could be used to extend user’s ability to abstract away
from some levels of detail by visualizing and manipulating different representations of the same information. It
also showed how important the contribution of one creative mind could be to the entire history of computing.

Douglas Engelbart’s ambition at Berkeley was to use computers for teaching. The dream of naive users
learning from computers sound at least ambitious that times. Many of his ideas became reality during the
development of the NLS/Augment system at Standford Research Institute (SRI) during 1960s, with the invention
of word-processing and the mouse [105]. But building complex interactive systems required the use of appropriate
tools. Software programs servicing that role became a reality, giving the idea of software toolkits. In 1970s
Seymour Papert at MIT, wanted to develop a language that was easy for children to use thus inventing LOGO
language, demonstrating that no matter how powerful a system may be, it will always be more powerful the
easier it is to use.

Alan Kay, influenced by Engelbart and Papert realized that the power of a system such as NLS was only
going to be successful, if it was accessible by novice users as was LOGO. His view of the future of computing
was embodied in small, powerful machines which were dedicated to single users, that is personal workstations.
Kay and a team from Xerox Palo Alto Research Center (PARC) worked on incorporating a powerful and simple
visually based programming environment, Smalltalk, for the personal computer that was just becoming feasible.
Kay’s vision extended to handheld personal computing with Dynabook, a portable interactive personal computer,
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as accessible as a book (what is now known as a laptop/tablet pc).

The Xerox Alto and Star (1981) were the first personal workstations having significant local processing power
and memory, networking capabilities, a high resolution bit-mapped display, a keyboard and a mouse. The user
interface incorporated windows, menus, scrollbars, mouse control and selection mechanisms ( WIMP interface -
windows, icons, menus and pointers) and views of abstract structures all presented in a consistent manner. These
systems introduced several innovative concepts found in todays personal computers: the desktop metaphor, direct
manipulation and WYSIWYG -what you see is what you get-in which a user sees and manipulates in the screen
a representation of a document that looks identical to the eventual printed page.

Vannevar Bush in 1945, then the highest ranking scientific administrator in US, realized that it was becoming
extremely difficult to keep in touch with the growing body of the scientific knowledge in the literature. To this
end, he described in his article As we may think [67] an innovative and futuristic information storage and
retrieval apparatus -the memez- which was constructed with technology wholly existing in 1945 and aimed at
increasing the human capacity to store and retrieve connected pieces of knowledge my mimicking the ability to
create random associative links. Stored information in memex would resemble a vast interconnected mesh of
data, similarly to how many perceive information is stored in the human brain. Later, Ted Nelson’s quest to
produce Xanadu, a revolutionary worldwide publishing and retrieval system based on the idea of interconnected
non-linear text(hypertert) and other media forms, finally took place with the creation of the World Wide Web
(WWW) by Tim Berners-Lee in 1990s.

2.2 Foundations of HCI: the user, the system and the interaction

In the following three sections we analyze the three components of HCI namely the user, the system and the
interaction between them.

2.3 The user

The study of human in the context of HCI draws mainly from cognitive psychology. In order to design something,
we need to understand the capabilities and limitations of humans: how they perceive the world around them,
how they store and process information and solve problems. The Human Model Processor (described in [73]) is
a simplified view of the human processing involved in interacting with computer systems. The model comprises
three subsystems, namely: the perceptual system handling sensory stimulus from the outside world, the motor
system which controls actions and the cognitive system which provides the necessary processing to connect the
two.

Retaining the analogy of the user as an information processing system but making the analogy closer to a
user of a conventional computer system, the model components would include the input-output, memory and
processing systems. Study of input-output channels (vision, hearing, touch and movement), human memory
(sensory, short-term and working or long-term memory) and processing capabilities (reasoning, problem solving
and skill acquisition) should all be considered when designing computer systems with usability in mind. Many
studies in literature analyze each subsytem in detail but as such an analysis wouldn’t fit here, the interested
user should check [95].

2.4 The system

The remarkable progress of the latest years in computer processors speed, memory and storage capabilities is
matched by improvement in many input and output devices. We mainly focus on most common Input/Output
devices and modalities in this paragraph.

2.4.1 Keyboard

The primary mode for textual data entry is still the keyboard. By the 1870’s Christopher Latham Sholes invented
a good mechanical design and a clever placement of the letters by putting frequently used letter pairs far apart,
thereby increasing finger travel distances. This layout’s success led to widespread standardization (QWERTY
layout). Various other attempts were made for alternative layouts such as the Dvorak layout developed in 1920
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or the ABCDE style which had all the 26 letters in alphabetical order. However the widespread use of the
QWERTY keyboard standardized it.

2.4.2 Pointing Devices

In graphical user interfaces, the user points at and selects items. This results faster performance, fewer errors,
easier learning and higher user satisfaction. According to ([68, 72]) the diversity of tasks and variety of devices
plus strategies for using them, create a rich design space. Pointing devices are applicable in six types of
interaction [111]: select, position, orient, path, quantify and text.

Pointing devices are grouped in two categories according to what they offer: a) direct control on the screen
surface such as light pen, touch screen and stylus, b) indirect control away from the screen surface such as mouse,
track ball, joystick, graphics tablet and touch pad.

Direct control pointing devices

The light pen was an early device that allowed users to perform all six tasks (see [111]) but also had some
disadvantages: user’s hand obscured part of the screen; users had to remove their hand from the keyboard and
to pick up the pen. The stylus is attractive to designers because it permits high precision with good control
to limit inadvertent selection especially in small screens such as the PDAs. Alternatives to keyboard entry
are gaining popularity with touch screens or stylus entry on virtual keyboards, but these mechanisms have
data-entry rates of only 20 to 30 words per minute according to[285].

Indirect Control Pointing Devices

Indirect control pointing devices eliminate the hand fatigue and screen obscuring problems but must overcome
the problem of indirection. As with light pen the off-keyboard hand position and pick up problems still remain.
Also, indirect control devices require more cognitive processing and hand-eye coordination to bring the on
screen cursor to the desired position. The mouse is appealing because the hand rests in a comfortable position,
buttons on the mouse are easily pressed, even long motions can be rapid and positioning can be precise. It was
developed at SRI in 1965 as part of the NLS project to be a cheap replacement of light-pens which had been
used at least since 1954 [120]. The trackball has sometimes been described as an upside-down mouse. It has
been the preferred device in the high-stress world of air-traffic control and in some video games. The joysticks
long history began in aircraft-control devices. Joysticks are appealing for tracking purposes. Graphics tablet is
a touch sensitive surface separate from the screen, usually laid flat on the table or in the user’s lap. A touchpad
built in near the keyboard offers the convenience and precision of a touchscreen while keeping the user’s hand
off the display surface.

2.4.3 Output Devices

The primary source of feedback from the computer to the user is the visual display unit (VDU) ([70, 106, 31]).
Display technologies include: raster-scan cathode-ray tube (CRT), liquid-crystal displays (LCD), plasma panels
and Light-emitting diodes(LEDs). Through the visual display unit, feedback can be represented to the user in
the form of text, graphics and video.

2.5 The interaction

Interaction can be seen as a dialogue of the user and the computer. The choice of the interaction style can have
a profound effect on the nature of this dialogue. We briefly review most of them in the first part of this section
and then we address the topic of interaction models.

2.5.1 Styles of interaction

The command line interface was the first interactive dialogue style to be commonly used and despite of the
availability of menu driven interfaces, it is still widely used. Command line interfaces are powerful in that they
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offer direct access to system functionality and can be combined to apply a number of tools to the same data.
They are also flexible, since most commands have a large number of options and parameters which vary its
behavior and can be applied at many objects at once. However this power and flexibility brings with it difficulty
in use and learning, so they are better for expert users.

In menu-driven interface, the set of options available to the user is displayed in the screen and selected using
the mouse or keyboard. Since the options are visible, they are less demanding on the user relying on recognition
rather than recall. However menu options should be meaningful and logically grouped to aid recognition. Often
menus are hierarchically ordered and the option required may not be available in top layer of the hierarchy.
Grouping and naming of menu options then provides the cues for the user or find the required option.

Perhaps the most attractive means of communicating with computers is by natural language. Natural
language understanding, both of speech and written input is the subject of much interest and research. Because
language is ambiguous at a number of levels it seems unlikely that a general language interface will be available
for some time, if at all. However, systems can be built to understand restricted subsets of a language. For a
known and restricted domain, the system can be provided with sufficient information to disambiguate terms.
However the user must learn which phrases the computer understands. But even if general language interface
ever become available, it is questionable how useful such an interface would be, since language is by nature
vague and imprecise -this gives its flexibility and allows creativity in expression- while computers require precise
instructions!

Question and answer dialogue is a simple mechanism for providing input to an application in a specific
domain. The user is asked a series of questions and so is led through the interaction step by step. These
interfaces are easy to learn and use but are limited in functionality and power. As such they are appropriate
for restricted domains and novice users. Query languages on the other hand are used to construct queries to
retrieve information from databases. They use natural language style phrases but in fact require special syntax
as well as knowledge of the database structure, so it is useful mainly for experienced users.

The design of a wvisual representation of the world of action can greatly simplify user’s tasks because direct
manipulation of familiar objects is possible. Examples of such systems include the popular desktop metaphor,
CAD tools and video games. By pointing at visual representations of objects and actions, users can carry out
tasks rapidly and can observe results immediately. Direct manipulation is appealing to novices and easy to
remember.

2.5.2 Interaction models : GOMS and OAIM

In the early seventies Card, Moran and Nevell (1983) [73] from Xerox PARC Laboratories developed a series of
models and condensed them to the Goals, Operators, Methods and Selection (GOMS) rules model for analyzing
routine human computer interactions. The model explicitly integrated many components of skilled performance
to produce predictions about real tasks. The model was both a great advance to prior human factors modeling
and on cognitive psychology and set a standard for scientific and theoretical accuracy and innovation.

As GUIs have replaced command languages, intricate syntax has given way to relatively simple direct
manipulations applied to visual representation of objects and actions. By now objects and actions have become
dominant features. The underlying theory of design is called object action interface model (OAT). The emphasis
now is on the visual display of user task objects and actions. Object action design starts with understanding
the task, which includes the real-world objects with which users work to accomplish their intentions and the
actions they apply to these objects. Once these objects and actions are defined the designer can create the
metaphoric representation of the interface objects and actions. OAI model is an explanatory model that focuses
on task objects and actions and on interface objects and actions. It also reflects the high level of design with
which most designers deal when they use the widgets in user interface-building tools. OAI model is in harmony
with the software engineer trends towards object-oriented design and programming methods that have become
popular the past decade.

2.5.3 Novel devices and modalities

Quests and needs for new ways to interact with computers has led to the creation of various novel devices and
modalities. The future of computing is likely to include novel modalities such as gestures, speech, haptics, and
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innovative devices, sensors, opening the door to new applications ( [291, 124, 110, 72, 152]).

Speech is considered the most natural form of communication and although there are several limitations
when used in interaction with computers much progress in both system architectures and applications have
been noticed. Results of empirical studies show that animated characters may have a strong motivational
impact, since they are considered as being more lively and engaging for many users [191, 315]. Glove mounted
devices [295] and graspable user interfaces seem ripe for exploration ([118, 117]). Pointing devices with haptic
feedback, eye-tracking and gaze-detection [153] are also a field of scientific interest.

With the increase of use of portable devices such as PDAs, tablet computers and mobile phones the problem
of text entry arisen. Currently, there are many types of text entry methods [197] for mobile devices such
as reduced physical keyboards, handwriting recognition ([205, 49, 149]), word level [198] and wvirtual keyboards
([336, 335, 337])

2.6 Research issues and challenges

With the appearance of a vast array of computational devices such as phones, embedded systems, PDAs,
laptops desktops, wall size displays and various other devices with different sizes, computational power and
input/output capabilities the idea of ubiquitous computing [326] is becoming a reality. An important issue is
how the interaction techniques should change to take these varying input and output hardware into account
(e.g., using a stylus instead of a mouse). The system might choose the appropriate interaction techniques taking
into account input and output capabilities of the devices and user preferences. So nowadays many researchers
are focusing on such fields as context aware interfaces, recognition based interfaces, intelligent and adaptive
interfaces, and multimodal-perceptual interfaces.

Most tasks users perform are not isolated from the interrelated conditions but occur in certain context.
Context can be considered as knowledge of the environment, location, situation, user, or current task. Context
awareness can be exploited in selecting application or information, adjusting communication and adapting user
interface according to current context. One field where context aware interfaces show a lot of promise is in
portable mobile devices such as PDAs and mobile phones through the use of sensors (e.g., location awareness).

Multimodal (or perceptual) interfaces are interfaces where the communication between the system and the
user is made thought various modalities such as speech, gesture recognition, eye gaze, haptics, GUI, etc. These
systems should have the ability to fuse the information through the various modalities, to decide in each point
of the interaction which one is the best modality to communicate with the end user (adaptive interfaces) taking
into account various features at each time, and to be able to disambiguate input from a modality with the
use of an other one (intelligent interfaces). Multimodal interfaces differ from today’s interfaces in that input
is uncertain due to recognizer errors. Therefore interfaces must contain facilities to allow the user to monitor
and correct the interpretation, handle errors and interruption effectively and dynamically adapt to the current
context and situation.
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3 Graphical User Interfaces

In this chapter, we provide a review on Graphical User Interfaces(GUIs). We first define the GUI term, give
motivations for GUI usage and present some design principles/guidelines a graphical user interface should
fulfill. We present a brief review of the architecture and main components of GUI systems and a review on the
development tools (successful and unsuccessful according to [222]) used so far and conclude with a discussion
of information exploration and visualization techniques.

3.1 Definition

According to the Computing Dictionary GUI is the use of pictures rather than just words to represent the input
and output of a program. A program with a GUI runs under some windowing system (e.g. The X Window
System, MacOS, Microsoft Windows). The program displays certain icons, buttons, dialogue boxes, etc. in its
windows on the screen and the user controls it mainly by moving a pointer on the screen (typically controlled by
a mouse) and selecting certain objects by pressing buttons on the mouse while the pointer is pointing at them.
This contrasts with a command line interface (CLI) where communication is exchanged by strings of text.

3.2 Motivation

Graphical user interfaces are the applications window to the world. They often define the success of applications
in the real world. Software products ranging from simple web-sites to complex molecular visualization tools,
all need to provide usable, intuitive user interfaces. Recent technologies like speech and gesture recognition are
still not mature and usable enough. Even when they do, they will complement GUIs rather than replace them
because of the high bandwidth GUIs provide. Information can be better organized and presented to the end
user using GUIs.

3.3 Design Principles/Guidelines
In the design of HCI it is important that the system should achieve the following goals:

e Proper functionality: For this purpose task analysis is central; systems with inadequate functionality
frustrate the user and are often rejected or underutilized. If the functionality is inadequate it does not
matter how well the interface is designed.

o Reliability, Availability and Data integrity: A vital step is ensuring system reliability. Commands must
function as specified, displayed data must reflect the database contents and updates must be applied
correctly.

o Standardization, integration, consistency, portability: Standardization reflects to common user interface
features across multiple applications. Integration across application packages and software tools which
was one of the key design principles of UNIX. Consistency primarily refers to common action sequences,
terms, units, layouts, color, typography and so on within an application program. Consistence is a strong
determinant of the success of a system. Portability refers to the potential to convert data and to share
user interfaces across multiple software and hardware environments.

Multiple design alternatives must be evaluated for specific user communities and for specific benchmark tasks
which is the basis of human-factors goals. The five measurable human factors are central to evaluation:

e Time to learn: How long it will take typical members of the target community to learn how to use the
command relevant to a set of task.

e Speed of performance: How long it takes to carry out the benchmark tasks
e Retention over time: How well do users maintain their knowledge after some specific time

e Rate of errors by user: How many and what kind of errors do people make.
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Subjective satisfaction: How much users like or not the various aspects of the system.

The overall goal is to design usable systems that support specified users in their specified context to reach their
particular goals effective, efficient and with satisfaction (see ISO 9241-11). Furthermore the dialog has to be
designed in the sense that it must be:

suitable for the task
self-descriptive

controllable

conform with use expectations
error tolerant

suitable for individualization

suitable for learning

In the design of HCI it is important that “presentation of visual information enables the user to perform
perceptual task (e.g. searching for information on the screen) effectively, efficiently and with satisfaction” (ISO
9241-12). Following requirements for visual information must be fulfilled (see ISO - 241-12):

Clarity
Discriminability
Conciseness
Detectability
Legibility

Comprehensibility

General design goals derived from various principles described in [115, 148, 147, 211, 214, 215, 216] [236, 318]

are:

Aesthetically Pleasing:

— Provide meaningful contrast between screen elements
— Create Groupings
— Align screen elements and groups

— Use color and graphics effectively and simple
Clarity
Compatibility with: the user, the task and the product, in other words adopt the user’s perspective

Comprehensibility: Actions, responses, visual representations and information should be in a sensible
order.

Configurability: Permit easy personalization and configuration of settings
Consistency
Control: The user must control the interaction

— Actions result from explicit user requests

— Action should be performed quickly
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— Actions should be capable of interruption or termination
e Directness: Provide direct means to accomplish the task
e Efficiency: Minimize various movements and actions in order to perform the tasks.

e Familiarity: Concepts and language must be familiar to the end user. Interaction should be natural and
in accordance to the user’s behavior patterns.

e Flexibility: A system sensitive and efficient to the different needs of different users
e Forgiveness

— Forgive common and unavoidable human errors
— Whenever possible prevents errors from occurring
— Protect against possible catastrophic errors

— Provide constructive messages when an error occurs
e Predictability: The user must be able to anticipate the needed steps to accomplish the task

e Recovery: The user should be able to undo their action and should never loose their work from various
errors from their part or system hardware and/or software problems.

e Responsiveness: The system must rapidly respond the the user’s requests.
e Simplicity: The interface should be as simple as possible
e Transparency: User should be focused to the task without concern for the mechanisms of the interface

The overall goal of usability can only be reached, if the context of use and the human characteristics are
considered in design and evaluation of computer systems.

3.4 Components of User Interface Software - The X Window System case study

User interface software may be divided into various layers: The windowing system, the toolkit and higher level
tools. Of course many systems span multiple layers. The windowing system supports the separation of the
screen into different regions, usually rectangular.

The X system [267] divides the window functionality into 2 layers: “The window system” which is the
functional or programming interface, and the “window manager” which is the user interface. Thus the window
system provides procedures that allow the application to draw pictures on the screen and get input from the
user while the window manager allows the end user to move windows around and is responsible for displaying
the title lines, borders and icons around the windows.

Above the windowing system is the toolkit. The toolkit contains many commonly used widgets such as
menus, buttons, scroll bars, text input fields etc. It is a library of widgets where a widget is a way of using
a typical input device, such as those mentioned above, to pass a value to the application. Toolkits can be
implemented either using or being used by the window system. In the X window system the toolkit is being on
top of the windowing system witch result X programmers to be able to use a variety of toolkits, for example
xt [159], InterViews [201], Garnet [61], tk [160] and various other toolkits. The xt [159] is a result of designers
arguments in agreeing on a single look and feel. So they created an intrinsic layer where different widgets set
could be built on top.

A problem that arises by the various toolkits and windowing systems is that people find it difficult to port
their code from one toolkit to another. Therefore various virtual toolkits have been developed that hide the
differences between the toolkits by providing virtual widgets which later can be mapped to the widgets of each
toolkit. There are two type of virtual toolkits those that link to the different actual toolkits on the host machine
such as XVT [30] which provides a C or C++ interface that links to the actual Motif, Macintosh, Ms-Windows,
toolkits and those that implement the widgets in each style such as Galaxy [19] and Openlnterface [16].
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On the top of the toolkit may be higher level tools which help the designer to use the toolkit widgets.
In the X window system all communication between the application and the window system use inter-process
communication through a network protocol. The following section on tools, successful and unsuccessful tools
was taken from [222]

3.5 Tools

User interface software tools helps developers design and implement the user interface. Research on past tools
has had enormous impact on today’s developers. Virtually all applications today were built using some form of
user interface tool. These tools have achieved a high level of sophistication due in part to the homogeneity of
today’s user interfaces, as well as the hardware and software platforms they run on.

However, conventional GUI (Graphical User Interface) techniques appear to be ill-suited for some of the
kinds of interactive platforms now starting to emerge, with ubiquitous computing devices [326] having tiny and
large displays, recognition-based user interfaces using speech and gestures, and requirements for other facilities
such as end-user programming.

3.5.1 Successful tools

Window Managers and Toolkits: Many research systems in the 1960s, such as NLS [328], demonstrated the
use of multiple windows at the same time. Alan Kay proposed the idea of overlapping windows in his 1969
University of Utah Ph.D. thesis [170] and they first appeared in 1974 in his Smalltalk system from Xerox PARC.
Many other research and commercial systems picked up the idea from there, notably the Xerox Star, the Apple
Macintosh, and Microsoft Windows.

Event Languages: With event languages, the occurrence of each significant event — such as manipulation of
an input device by the user — is placed in an event record data structure (often simply called an event). These
events are then sent to individual event handlers that contain the code necessary to properly respond to that
input. Researchers have investigated this style in a number of systems, including the University of Alberta User
Interface Management System [123], Sassafras [266], and others. Event languages have been successful because
they map well to the direct manipulation graphical user interface. These systems generate events for each user
action with the mouse and keyboard, which are directed to the appropriate application that then must respond.
However, the recognition-based user interfaces that are emerging for modalities such as gestures and speech may
not map well to this event-based style.

Interactive Graphical Tools: Another important contribution of user interface research has been the creation
of what has come to be called interface builders. These are interactive tools that allow interactive components
to be placed using a mouse to create windows and dialog boxes. Early research on this class of tools includes
Trillium from Xerox PARC [132] and MenuLay from the University of Toronto [69]. The idea was refined by
Jean-Marie Hullot while a researcher at INRIA, and Hullot later brought the idea with him to NeXT, which
popularized this type of tool with the NeXT Interface Builder. An important reason for the success of interface
builders has been that they use graphical means to express graphical concepts (e.g., interface layout). These
properties of interface builders can be thought of as providing a low threshold to use, and avoiding a steep
learning curve (at least initially). In these systems, simple things can be done in simple ways.

Component Systems: The idea of creating applications by dynamically combining separately written and
compiled components was first demonstrated in the Andrew system [241] from Carnegie Mellon University’s
Information Technology Center. Each component controlled its rectangle of the screen, and other components
could be incorporated inside. This idea has been adopted by Microsoft’s OLE and ActiveX, Apple’s OpenDoc,
and Sun’s Java Beans [15]. One reason for the success of the component model is that it addresses the important
and useful aspect of application building: how to appropriately modularize the software into smaller parts, while
still providing significant capabilities and integration to users.

Hypertext: The World-Wide Web (WWW) is another spectacular success of research on user interface
software and technology. It is based on the hypertext idea. Ted Nelson coined the term “hypertext” in 1965
and worked on one of the first hypertext systems called the “Hypertext Editing System” at Brown University.
The NLS system [105] also had hypertext features. The University of Maryland’s Hyperties was the first system
where highlighted items in the text could be clicked on to go to other pages [181]. HyperCard from Apple was



3 GRAPHICAL USER INTERFACES 12

significant in helping popularize the idea for a wide audience. For a more complete history of Hypertext, see
[230]. Hypertext however did not attain widespread use, however, until the creation of the World-Wide Web
system by Berners-Lee in 1990, and the Mosaic browser a few years later.

Object-Oriented Programming: Object-oriented programming and user interface research have a long and in-
tertwined history, starting with Smalltalk’s motivation to make it easy to create interactive, graphical programs.
C++ became popular when programming graphical user interfaces became widely necessary with Windows 3.1.
Object-oriented programming is especially natural for user interface programming since the components of user
interfaces (buttons, sliders, etc) are manifested as visible objects with their own state (which corresponds to
instance variables) and their own operations (which correspond to methods).

3.5.2 TUnsuccessful tools

User Interface Management Systems: In the early 80’s, the concept of a user interface management system
(UIMS) [309] was an important focusing point for the then-forming user interface software community. The term
“user interface management system” was coined [167] to suggest an analogy to database management systems.
User interface management systems were to abstract the details of input and output devices, providing standard
or automatically generated implementations of interfaces, and generally allowing interfaces to be specified at
a higher level of abstraction. For every user interface, it is important to control the low-level pragmatics of
how the interactions look and feel, which these UIMSs tried to isolate from the designer. Furthermore, the
standardization of the user interface elements in the late 1980’s on the desktop paradigm made the need for
abstractions from the input devices mostly unnecessary. Thus, UIMSs fell victim to the moving target problem.

Formal Language Based Tools: A number of the early approaches to building a UIMS used techniques
borrowed from formal languages or compilers. For example, many systems were based on state transition
diagrams (e.g.,[154, 229, 325]) and parsers for context free grammars (e.g., [235]). Initially these approaches
looked very promising. However, these techniques did not catch on for several important reasons that can
serve as important lessons for future tools. The direct manipulation style of interface [294] was quickly coming
to prominence. In direct manipulation interfaces, the role of dialog management is greatly reduced. In these
systems it is very easy to express sequencing (and hard to express unordered operations). As a result, they
tend to lead the programmer to create interfaces with rigid sequences of required actions. Another reason that
some systems did not catch on is that had a high threshold for using them because they required programmers
to learn a new special purpose programming language (in addition to their primary implementation language
such as Pascal, C, or C++).

Constraints: Many research systems have explored the use of constraints, which are relationships that are
declared once and then maintained automatically by the system, for implementing several different aspects of a
user interface. Examples include Sketchpad [303, 303], ThingLab [59], HIGGENS [144], CONSTRAINT [316],
Garnet [61], Rendezvous [138], Amulet [223], and subArctic[145].

Constraint systems offer simple, declarative specifications for a capability useful in implementing several
different aspects of an interface. However, constraint systems have yet to be widely adopted beyond research
systems. One of the central reasons for this is that programmers do not like that constraint solvers are sometimes
unpredictable. If there is a bug in a constraint method, it can be difficult to find. Furthermore, the declarative
nature of constraints is often difficult to master for people used to programming in imperative languages. It
requires them to think differently about their problems, which also contributes to having a high threshold.

One area of user interface design for which constraints do seem successful is the layout of graphical elements.
Systems such as NeXTStep and Galaxy [19] provided a limited form of constraints using the metaphor of
“springs and struts” (for stretchy or rigid constraints) which could be used to control layout. These and other
metaphors have found wider acceptance because they provided a limited form of constraints in a way that was
easier to learn and more predictable for programmers.

3.6 Information Exploration and Visualization
3.6.1 Information Exploration

Information exploration should be a joyous experience, but many commentators talk of information overload
and anxiety. Exploring information collections becomes increasingly difficult as the volume and diversity grows.
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Computers are a powerfull tool for searching, but traditional user interfaces are a hurdle for novice users and
an inadequate tool for experts.

Interfaces for searching structured databases and textual-document libraries are good and getting better,
but searching multimedia document libraries is still in primitive stage. Current approaches to locating images,
sound, videos or animations depend on a parallel database or document search to locate the items.

Recent advances in computer algorithms may enable greater flexibility in locating items in multimedia
libraries. Most systems nowadays are moving towards graphical specification of query components such as:

e Photo Search: Finding photos with images is a substantial challenge for image-analysis researchers, who
describe this task as query by image content (QBIC).

e Map search: Search by features is becoming possible because the tools used to built maps preserve the
structural aspects and the multiple layers in maps.

e Design or Diagram search: Diagramming tools for making flowcharts or organization charts can add search
capabilities.

e Sound search: Searching sounds with the use of sound as query input is also a substantial challenge for
researchers. Finding a spoken word or phrase in database of telephone conversations is still difficult, but
is becoming possible, even on a speaker independent basis.

e Video search: Searching video is also a big challenge to the research community which involves more than
simply searching each of the frames.

e Animation search: Animation-authoring tools are still in early stages of development, but it might be
possible to specify searches for certain kinds of animation.

3.6.2 Information Visualization

As computer speeds and displays resolution increases, information visualization and graphic interfaces are likely
to have an expanding role. Overall, the bandwidth of information presentation is potentially higher in the
visual domain than it is for media reaching any of the other senses. Users can scan, recognize, and recall images
rapidly, and can detect subtle changes in size, color, shape, movement, or texture. So, as visual approaches are
explored appealing new opportunities are emerging.

Information visualization is a demanding and important task. Trying to characterize the multiple information-
visualization innovations and sort out the numerous prototypes Shneiderman [293] concluded on the data type
by task tazonomy (TTT) schema of information visualization. This schema is divided in two parts the data
types and the tasks. Seven major data types and seven tasks were outlined which are:

Types

e 1-D Linear Data: An early approach to dealing with one dimensional-data sets was the bifocal display
[299]. Another attempt was using fixes size space with a scrollbar like display called value pairs [82]. Other
attempt were SeeSoft [18], or lines in Hamlet, Document Lens [268], information mural algorithms [158].

e 2-D Map Data: Examples include geographical-information systems, which are a large research and com-
mercial domain [189, 101]. Information visualization researchers have used spatial displays of document
collections [180, 329] organized proximally by term co-occurrences.

e 3-D World: Examples of three-dimensional computer graphics design are numerous, but information-
visualization work in three-dimensions is still novel. A three-dimensional desktop is thought to be appeal-
ing to the user, but disorientation, navigation, and hidden data problems remain [74].

e Temporal Data: Time lines are widely used. The distinction of temporal data are that items have a start
and finish time and that items may overlap. There are many tools for visualization of time such as
perspective wall [269], Life-Lines [254]. Temporal data visualizations also appear in systems for editing
video data, composing music, or preparing animations.
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o Multidimensional Data: Most relational and statistical database contents are manipulated as multidimen-
sional data in which items with n attributes become points in an n-dimensional space. It can be represented
using a three-dimensional scattergun, but disorientation and occlusion can be problems. Various attempt
in visualizing Multi-Dimensional data are: [84, 121, 108, 85, 174, 265, 313]

e Tree Data: Tree structures are collections of items where each item (besides the root) has a link to one
parent item. Items and the links between them have multiple attributes. Interface representation of tree
data can use the style of indented labels used in table of contents, a node-link diagram or a treemap.
The treemap approach was successfully applied to to libraries, computer directories, sales data, business
decision making [42] and web browsing [218, 220].

e Network Data: Network visualization is an old but still imperfect art because of the complexity of rela-
tionships and user tasks. Commercial packages can handle small networks such as Netmap. New interest
in this topic has been spawned by attempts to visualize the World Wide web [39, 133].

Tasks

e Querview: Gain an overview of the entire collection

e Zoom: Zoom in on items of interest

e Filter: Filter out uninteresting items

e Details-on-Demand: Select an item and group and get details when needed

e Relate: View relationships among items

e History: Keep a History in actions to support undo, replay, and progressive refinement

e FExtract: Allow extraction of subcollections and of the query parameters

As in the case of search, users are assumed to be viewing collections of items, where items have multiple
attributes. In all seven data types the items have one or more attributes. The data types of the TTT characterize
the task domain information objects and are organized by the problems that users are trying to solve. These
seven data types represent an abstraction of the reality and many variations of them can be met.
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4 Speech and natural language interfaces

Speech is the most natural form of communication between humans, but it has several limitations when used in
interaction with computers. Although speech recognition technology has been studied actively during the past
decades and highly sophisticated recognizers have been constructed, it is considered as the main obstacle in
speech systems. Unrealistic assumptions and improper application design is the main reason, but with appro-
priate interaction techniques most limitations can be overcome and successful applications can be constructed.

The main problem is the variations in speech signal (context, style, speaker and environmental variability)
but some sources of variations can be controlled with the use of speaker and environmental adapted recognition
grammars and acoustic models. Also, spontaneous spoken language contains a lot of ungrammatical elements
such as hesitations, false starts, repairs and overlapping which cause complexity and make speech harder to
understand. Finally, people are used to talk differently to computers than to other people by often altering
their speaking styles.

In the first part of this section we briefly compare speech and GUI interfaces, highlighting strengths and
weaknesses of speech as an input /output modality. Next we review the most common kinds of speech applications
and analyze how the capabilities and features of a speech recognition system can affect the interaction of a
speech application. We delve more into the component technologies used in speech applications, namely speech
recognition and synthesis and language processing and understanding in section 4.3. Finally section 4.4 reviews
speech tools and technologies for development of speech applications.

4.1 Speech as an Input/Output Modality

With GUIs everything the user wants to do at any given time must be presented in the screen. Although this
is considered to be a limitation for GUIs, in the case of speech interfaces the lack of visual information requires
users to memorize all meaningful information. The temporal nature of speech loads the short-term memory and
takes up the linguistic channel, which makes speech interfaces unsuitable for some tasks. Also, users interacting
with speech interfaces don’t have the same feeling of control usually offered by GUI interfaces.

Spoken interaction may be faster if users immediately can say what they want to achieve without going
through menu hierarchies. Spoken messages may also be more expressive and convey richer information com-
pared to GUI actions, such as the selection of similar objects among a large number of them. However the
freedom and efficiency that speech gives to user makes speech harder for the computer to handle. It is also hard
for users to know the limitations of what they can say and how to explore the set of possible tasks they can
perform.

As an output channel, speech is too slow because of its sequential nature while GUIs convey information in
parallel thus making them suitable for presenting a large amount of information to the user.

4.2 Speech applications

The first speech applications were telephone-based interactive voice response systems, which used speech out-
puts and telephone keys for interaction. Such applications (possibly best examples of widely commercial speech
applications) are designed to replace human operators. Besides IVR, other telephony applications have domi-
nated the field such as information services(timetable, weather forecasting and e-banking), e-mail applications
and voice portals. These systems are fairly sophisticated and include state-of-the art recognizers, natural lan-
guage understanding and response generation components but still integration is the key issue for successful
applications ([213]).

Desktop applications such as dictation systems and command and control applications have also been shown.
Dictation systems are relatively popular to special user groups. Command and control applications usually
control existing graphical applications, without using mouse/keyboard, which can be very useful for devices
such as PDAs.

4.2.1 How speech recognizer features affect speech applications

The capabilities and features of a speech recognition system can affect the design and interaction of a speech
application. As shown in 4.2.1 ( [311]), several features affecting a speech recognizer’s suitability for different



4 SPEECH AND NATURAL LANGUAGE INTERFACES 16

tasks is depicted. Most difficult and desired properties are shown in the far right column.

Vocabulary size and recognition grammars characterize the interaction possibly better than other properties.
For example, it is possible to construct a speech-only e-mail application with a dozen of words, but for building
an information retrieval system, at least a middle-sized vocabulary is needed. The possibility to change or
dynamically construct grammars also affects interaction: for example allows the system to be context-sensitive
and use user profiles with personalized recognition grammars.

Communication style can vary from speaker-dependent, discrete speech and half-duplex to speaker-independent,
continuous and full duplex. Speaker-dependent or adaptive models are suitable for some applications (e.g. dicta-
tion) while speaker-independent in public application (information services). Although with current recognizers
there is no need to speak in a discrete manner, it usually helps if words are pronounced clearly and properly.
Spontaneous speech is still challenging and world-spotting is used. Finally, capabilities like barge-in which
can be used to interrupt system output can influence the design (the system can generate longer and more
informative responses).

Usage conditions can vary from clean to hostile environments and low (public mobile phone usage) to high
quality channels(close-talk microphones). Even with state-of-art recognizers, performance can dramatically
suffer is usage conditions don’t match recognizer training ones. This is usually compensated by usage of different
acoustic models for different conditions.

Vocabulary and language
Vocabulary size small middle-size very large
Grammar (LM) phrases CFG n-gram
Extensibility fixed changeable dynamic
Communication style
Speaker dependent adaptive independent
Speaking style discrete continuous spontaneous
Owerlap half-duplex barge-in full-duplex
Usage conditions

Environment clean normal hostile
Channel quality | low-quality | normal-quality | high-quality

Table 1: Properties of speech recognition systems

4.3 Speech application component technologies

Speech recognition and speech synthesis technology is the basis of spoken dialogue and multimodal dialogue
systems. Since the analytical study of these technologies is more than the brief review given here the interested
reader should check [264].

4.3.1 Speech recognition technology

Speech recognition is the key component technology. For a brief review see [332].

The recognition process

Automatic speech recognition (ASR), is the process of transforming the digitized acoustic signal into words.
When speech is produced as a sequence of words, language models or artificial grammars are used in order to
constrain the combination of words. General language models approximating natural language are specified in
terms of a context-sensitive grammar. One measure of the difficulty of the task, combining the vocabulary size
and the language model is perplezity, loosely defined as the geometric mean of the number of words that can
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follow a word after the language model has been applied. In order to recognize an input sentence the following
steps must be followed: The audio signal is digitized and is transformed into a set of useful measurements
or features (feature extraction) at a fixed rate, typically every 10-20 msec. For more information on feature
extraction technology see [202, 136, 113, 41], [300, 135, 139, 165, 194, 146]. These measurements are then used
to search for the most possible word candidates through the constraints imposed by the acoustic, lexical and
language model. For this process training data are used to determine the values of the model’s parameters.
The dominant recognition approaches used the past fifteen years are Hidden Markov Models (HMMs). For more
information on language models and HMMS see [143, 55, 50, 263, 94].

Recognition performance

Recent advances of automatic speech recognition (ASR) technology have achieved good word accuracy in adverse
conditions (high background noise or telephone speech) for specific tasks (small to medium vocabulary size).
The past decade significant progress has been made in speech recognition technology. According to [272] word
error rates continue to drop by a factor of two every two years. The best system in 1994 achieved an error
rate of 7.2% on read sentences drawn from North American business news [242]. In the Air Travel Information
Service (ATIS) domain, word error rates of less than 3% has been reported for a vocabulary of nearly 2,000
words and a bigram language model with a perplexity of around 15. In clean conditions, high accuracy can
be achieved for large vocabulary tasks, e.g., dictation. After working on isolated-word and speaker-dependent
systems for many years, since 1992 the community has moved towards very-large-vocabulary (20,000 words and
more), high-perplexity (200 and more) speaker-independent, continuous speech recognition.

Speech recognition systems have become much more robust in recent years with respect to both speaker
and acoustical variability. In addition to achieving speaker-independence, many current systems can also au-
tomatically compensate for modest amounts of acoustical degradation caused by the effects of unknown noise
and unknown linear filtering [32, 195, 114]. Substantial progress has also been made over the last decade in the
dynamic adaptation of speech recognition systems to new speakers, with techniques that modify or warp the
system’s phonetic representations to reflect the acoustical characteristics of individual speakers [116, 142, 283].

4.3.2 Speech synthesis technology

Speech synthesis research predates other forms of speech technology by many years. In the early days of
synthesis, research efforts were devoted mainly to simulating human speech production mechanisms, using basic
articulatory models based on electro-acoustic theories. Though, this modeling is still one of the ultimate goals
of synthesis research. Advances in computer science have widened the research field to include Text-to-Speech
(TTS) processing in which not only human speech generation but also text processing is modeled [35]. Because
this modeling is done by applying a set of rules e.g., from phonetic theories and acoustic analysis, the technology
is referred to as speech synthesis by rule. In contrast to this traditional rule-based approach, a corpus-based
approach has also been pursued. In the corpus-based work, well-defined speech data sets have been annotated
at various levels with information, such as acoustic-phonetic labels and syntactic bracketing. In TTS systems,
speech units that are typically smaller than words are used to synthesize speech from arbitrary input text. To
bring objective techniques into the generation of appropriate speech units, unit-selection synthesis has been
proposed [224, 234, 275], [307]. In unit-selection synthesis, speech units are algorithmically extracted from a
phonetically transcribed speech data set, using objective measures based on acoustic and phonetic criteria.

The main drawback of synthesized speech is that it doesn’t sound natural. For synthesis of natural-sounding
speech, it is essential to control prosody, to ensure appropriate rhythm, tempo, accent, intonation and stress.
Segmental duration control is needed to model temporal characteristics, just as fundamental frequency control
is needed for tonal characteristics ([45, 71, 75, 175]).

The field of spoken language generation is in its infancy, with very few researchers working on systems that
deal with all aspects of producing spoken language responses, i.e., determining what to say, how to say it,
and how to pronounce it. Within speech synthesis, research on controlling intonation to signal meaning and
discourse structure is relevant to the problem.
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4.3.3 Semantics grammars and understanding
The semantics

We understand larger textual units by combining our understanding of smaller ones. The main aim of linguistic
theory is to show how these larger units of meaning arise out of the combination of the smaller ones. This
is modeled by means of a grammar. Computational linguistics tries to implement this process in an efficient
way. It is traditional to subdivide the task into syntaz and semantics, where syntax describes how the different
formal elements of a textual unit, most often the sentence, can be combined and semantics describes how the
interpretation is calculated. The grammar consists of a lexicon, and rules that syntactically and semantically
combine words and phrases into larger phrases and sentences. In current research, very simple grammar models
are employed, e.g., different kinds of finite-state grammars that support highly efficient processing. Some
approaches do away with grammars altogether and use statistical methods to find basic linguistic patterns.

A very advanced and wide-spread class of linguistic formalisms are the so-called constraint-based gram-
mayr formalisms which are also often subsumed under the term unification grammars. Among the most used,
constraint-based grammar models are: Functional Unification Grammar (FUG), [172] Head-Driven Phrase-
Structure Grammar (HPSG),[255] Lexical Functional Grammar (LFG) [64], Categorial Unification Grammar
(CUG) [129], [166] and Tree Adjunction Grammar (TAG) [164]. For these or similar grammar models, powerful
formalisms have been designed and implemented that are usually employed for both grammar development and
linguistic processing, e.g, LFG [64], PATR [292], ALE [76], STUF [60] ALEP [36],[37] TDL [182],TFS [104].

However disambiguation using knowledge-based techniques requires the specification of too much detailed
semantic information to yield a robust domain-independent parser. The availability of large bodies of machine
readable textual data has provided impetus to statistical approaches to disambiguation. Some approaches
use stochastic language modeling inspired by the success of HMM-based lexical category disambiguation. For
example, probabilities for a probabilistic version of a context-free grammar (PCFG) can be re-estimated from
treebanks or plain text [112]. More recently, attempts have been made to use statistical induction to learn the
correct grammar for a given corpus of data, using generalizations of HMM maximum-likelihood re-estimation
techniques to PCFGs ([188]). [250] and [279] showed that constraining the analysis considered during re-
estimation to those consistent with manual parses of a treebank, reduces computational complexity and leads
to a useful grammar.

A semantic description of a language is a nicely stated mechanism that allows us to say, for each sentence
of the language, what its truth conditions are. Just as for grammatical description, a semantic theory will
characterize complex and novel sentences on the basis of their constituents: their meanings, and the manner
in which they are put together. Almost all current large scale implementations of systems with a semantic
component are inspired to a greater or lesser extent by the work of Montague [219],see [46, 34, 37]. Currently,
the most pressing needs for semantic theory are nowdays these of achieving wider and more robust coverage of
real data.

Spoken Language Understanding

Spoken Language Understanding involves two primary technologies: Speech Recognition and Natural Language
Understanding. The integration of these two technologies has great advantages. Language Understanding can
supplement speech recognition with informations that are not clearly represented in text such as syntax, semantics
and pragmatics. With Natural Language analysis, based predominantly on complete parsing of grammatically
correct sentences (written text), traditional Natural Language analysis often do very poorly when faced with
transcribed spontaneous speech. To combat the mismatch between existing SR and NL modules, two trends
have been observed. The first is an increased use of semantic, as opposed to syntactic grammars. Such grammars
rely on finding an interpretation without requiring grammatical input. Because semantic grammars focus on
meaning in terms of the particular application, they can be more robust to grammatical derivations. The second
observed trend is the n-best interface. In this approach the connection between the speech recognizer and the
natural language is completely serial. In this approach recognizer passes to the natural language the n-best
(n-most possible) transcriptions and the NL calculates scores on these, with the use of grammatical and other
knowledge sources.

With few exceptions Natural Language research has focused on the input side Understanding on spoken
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input. The use of output technologies is an important challenge to spoken language systems.In particular
reliable technique are needed in order to:

o decide when it is appropriate to provide a spoken output in conjunction with some other output and/or
to instigate a clarification dialogue in order to recover from a potential misunderstanding

e generate the content of spoken output given the data representation, context and dialogue state, and
coordinate it with other outputs when present

e synthesize a natural, easily interpreted and appropriate spoken version of the response taking advantage
of the context and dialogue state and emphasize on certain information or to express urgency,

e coordinate spoken outputs to guide the user toward usage better adapted to system capabilities.

By coordinating inputs and outputs, the system can guide the user toward better adaptation to the particular
system.

4.4 Tools and standards
4.4.1 VoiceXML

The VoiceXML Forum (an organization founded by Motorola, IBM, AT&T, and Lucent to promote voice-
based development) [21] introduced a new language called VoiceXML based on the legacy of languages already
promoted by these four companies. In March 2000 version 1.0 was released and in October 2001 the first
working draft of the latest VoiceXML 2.0 was published as a W3C recommendation [20]. VoiceXML has the
potential to boost the development of voice-based applications much like just as HTML did for the development
of web-based applications. It’s major advantage, is the ability to provide web content using only voice as an
input modality, making it accessible from devices like phones - fixed or mobile - thus, reaching a much greater
audience.

VoiceXML browsers consists of an interpreter and a set of VoiceXML documents. VXML supports dia-
logues in the form of menus and forms, sub-dialogues and embedded grammars. The woice browser renders
the VoiceXML documents as a sequence of the two-way interaction between the system and the end user, by
using the core VoiceXML interpreter, and software components such as Automatic-Speech-Recognition(ASR)
and Text-To-Speech(TTS).

Many companies provide solutions (by introducing custom tags of objects) to implement and test complete
VoiceXML-based applications and wvoice portals like the Nuance Voice Platform ([1]), which provides an easy
to use complete development environment. Other commercial offerings include servers for deploying these
applications ([2]), voice browsers, VoiceXML editors, grammar development tools and more ([3, 4, 5]). There
are also open source VoiceXML tools, such as Canregie Mellon’s OpenVXI interpreter [6].
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5 Spoken Dialogue Systems Design

In this section, we review efforts in defining design principles and creating tools for building multimodal dialog
systems with emphasis on the speech modality. General design principles for architecting and building such
systems are reviewed and challenges are outlined. The focus is on system architecture, application and speech
interface design, data collection and evaluation tools. We conclude that modularity, flexibility, customizability,
domain-independence and automatic dialog generation are some important features of successful dialog systems
and design tools.

5.1 Introduction

Building a successful dialog system requires inter-disciplinary expertise that goes beyond having state-of-the-art
speech and natural language processing technology. The modules of a dialog system include: automatic speech
recognition (ASR), text-to-speech (T'TS) synthesis, natural language understanding (NLU), application manager,
dialog manager, database, controller/event handler, and, for multimodal systems, graphical user interface (GUI),
gesture/sign recognition, visual speech recognition. Due to the lack of space we will not describe in detail the
building blocks of a dialog system. Instead we will focus on the system design process, provide guidelines
and outline challenges. Dialog system design is typically comprised of four steps: (i) architectural design, (ii)
application design and data collection, (iii) speech and natural language interface design and (iv) user feedback
and evaluation. Although these steps can be carried out more all less independently of each other, some degree
of coordination is needed to guarantee consistency and smooth integration.

The process of dialog system and interface design is an iterative one, as is the case for applications with
traditional input and output modalities. The main reason for the need of iterative enhancement is the lack of
accurate user models that could provide objective measures of system performance. In addition, application-
specific data needs to be collected and labeled. Given the iterative nature of system design it is important
to provide guidelines and tools that can reduce the concept-to-prototype development time and the number
of iterations required. In addition, this set of tools has to be flezible and general enough to be able to build
successful, modular and upgradeable dialog systems, with reusable components.

Natural language dialog system design has been an active research field for over four decades. Early theo-
retical contributions to the field were made by scientists from the areas of artificial intelligence and linguistics,
e.g., [297]. The advent of robust speech recognition technology and increased computing power towards the
end of the 80’s made applications in the area of spoken dialog systems possible. As a result, speech engineers
started applying machine learning techniques that have been shown to be successful for speech recognition, to
natural language understanding and dialog management (see [92] for historical notes). The travel reservation
domain and specifically the DARPA Airline Travel and Information System (ATIS) task was the driving force
in the beginning of the 90’s and provided the seed for most prototype dialog systems in industry and academia
[253, 287, 185).

In terms of system architecture, dialog systems have evolved from monolithic, hard-coded system design
to a modular architecture of re-usable and programmable building blocks [253, 287, 288, 323, 225]. Stateless
servers were introduced in [253, 287], where dialog and application state information is kept in a template that
is passed between and updated by the various modules. The communication between application and interface
modules was standardized in [247] using the Voice Interface Language (VIL). Concepts such as abstraction,
inheritance, encapsulation and polymorphism were borrowed from computer science for semantic and dialog
state representation [323]. Novel ideas for application and interface design such as customizability and automatic
dialog generation were introduced in [245, 246, 184]. Finally multimodal input/multimodal output system
design principles and an interface with personality was demonstrated in [225]. Spoken dialog technology has
been successfully used for building telephony applications (there speech provides clear advantages over the
traditional touch-tone user interface). A platform architecture that supports multiple telephony channels and
applications was proposed in [338]. Systems continue to evolve and new design principles are introduced that
improve functionality, modularity and versatility.

The organization of this section is as follows: We describe the steps involved in dialog system design and
provide guidelines for building such systems, in terms of architecture, data collection, application and dialog
design, speech and natural language interface, and evaluation. We then review the set of tools available for
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Figure 1: Multimodal system architecture.

building dialog systems and conclude the paper.

5.2 Design Guidelines

A fundamental issue in designing dialog systems is the choice of input and output modes in the user interface.
Few guidelines exist for selecting the appropriate mix of modalities [53], however, it is clear that a spoken
language interface is not the best choice for all applications. Other important issues include selecting a modular
architecture and a cooperative interface. Some of these issues are discussed in the following sections. Specifically,
the features of a successful system and the challenges that lie ahead are outlined. Note that general principles
from computer science such as abstraction, inheritance and encapsulation should also be applied to software
development of spoken dialog systems.

5.2.1 Architectural Guidelines

The architecture of dialog and multimodal systems has steadily evolved from a monolithic to a modular archi-
tecture with well-defined communication protocols between modules, e.g., [40]. In Fig. 1, a typical architecture
is shown for a multimodal system with emphasis on the speech modality (adapted from [247]). The audio,
speech recognizer and text-to-speech servers are controlled by a client layer through a well-defined application
programming interface (API). The client brokers connections between the audio and ASR server (speech input),
and the TTS and audio server (speech output). Multiple ASR, TTS or audio servers can be handled by the
client APIL. The controller determines the generic multimodal application control flow, merges the input streams
(speech, text, gestures) and synchronizes the output streams (speech, text, graphics, animation) [225].

The typical control flow is as follows: get transcription(s) from ASR and/or GUI, send them to the dialog
manager /NLU module for processing, get results from dialog manager and present them to the user. Database
information can be optionally requested from the controller by the application manager. A scripting language is
often used for the controller, e.g., PERL in [246, 225]; a new scripting language is defined in [287]. Variations on
the architecture in Fig. 1 can be found in the literature, e.g., in [287] some of the functionality of the application
manager has been transferred to the controller for increased modularity; this architecture was adopted by the
DARPA Communicator project.

There is no consensus among researchers on the communication protocol between the various modules.
Typically both synchronous and asynchronous (event-driven) communication are allowed, although synchronous
communication is preferred when possible. In some systems, information is communicated among and within
servers through message-passing. The message contains all state information and thus the servers are stateless
[253, 287, 225]. However, the format and content of these messages are very different among systems. The APIs
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for the communication between the dialog manager, controller, NLP and database modules need to be carefully
defined. In [247], the communication between the application manager and the audio, recognition and synthesis
server is done through the Voice Interface Language (VIL).

5.2.2 Data Collection and WoZ Experiments

Data collection and analysis form a crucial part of system development. In Fig. 2, we show the various stages
of application development, as the interface evolves from keyboard and mouse to spoken language. Data can be
collected at various stages either automatically or assisted by supervisors (wizards). The types of data collected
are acoustic, lexical, semantic and application/dialog flow data as shown in the figure. Word level transcriptions
and application-specific semantic labels are assigned to the data either manually or semi-automatically (using
the output of the recognition and understanding module). Collected data are typically very much dependent
on the system configuration and the application scenario. As a result, dialog system development is an iterative
process: collected data are used to improve the system, and more data are collected using the updated system
configuration.

Wizard of Oz (WoZ) scenarios have been used extensively for interface design [99]. WoZ systems can be
categorized into: (i) fully wizarded systems, (ii) wizard-supervised systems. Fully wizarded dialog systems use
two wizards: one transcribing the user input and another typing the system output. As a result, the response
time is large and the data obtained can be unrealistic. In practice, WoZ scenarios use a fully automatic prototype
system and the wizard acts as a supervisor for the system, correcting errors and intervening when things break
down, e.g., [140]. WoZ scenarios are especially useful for tactile input systems to emulate the voice modality
(“voicing-over” of an application) [257].
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5.2.3 Application and dialog manager design

Designing a good application is the first step towards building a successful dialog system. The importance of
application design is often overlooked by the speech community, where the emphasis is on a unimodal speech
interface. As a result, applications often focus on the interface, and have limited functionality. In Fig. 2, an
application-centric approach to dialog system design is outlined, where the application evolves as the interface
is augmented with natural language and spoken language capabilities. The main advantages of this approach
are: increased modularity (separation of interface and application), flexible multi-stage data collection as the
interface and the application evolves, and an interface that can easily be tailored for “universal access”, i.e.,
create the appropriate mix of modalities based on the way the application is accessed (telephone, personal digital
assistant or PC).

One important application area of dialog systems is the personal assistant/agent, which encompasses a
variety of sub-applications such as name-dialing, messaging (voice, e-mail, fax), information retrieval (news,
weather), finance (banking, stock trading), travel reservations (air, car, hotel) etc. In [245, 246], a hierarchical
top-down approach to application design is proposed. The services that the agent supports are organized in
a hierarchical tree-structure which users navigate using voice. A similar hierarchical organization is used for
navigating the world wide web using a mouse interface in Internet portals such as Yahoo and Excite.

For large dialog applications, the manual annotation of all possible state transitions can be a gruesome task.
In [245, 246], a paradigm for automatic application and dialog flow generation is proposed. Specifically, given a
hierarchical tree-structure of dialog states the dialog flow is generated automatically as follows: the system can
transition to states that are children nodes, sibling nodes or the parent node of the current application state.
Automatic dialog generation can also be based on user profile information and database constraints. Automatic
and dynamic dialog flow generation is a challenging new direction in dialog management.

An important feature of any good application is customizability. This can be achieved by building a user
profile either by explicitly querying the user or implicitly based on past interaction between the user and the
system. In [184], the user profile determines the services to be included in a particular application as well as
the format of the data presented to the user. For example, in an information retrieval application the user can
specify the genre of news or sports reports he is interesting in and the format the news headlines are presented
in. The importance of tailoring application content and form to the user’s needs is clearly demonstrated by
web-based news and information retrieval gateways such as Pointcast.

5.2.4 Speech and natural language interface design

Spoken and natural language interface design is the most challenging aspect of building a dialog system. A
variety of open research problems and practical issues have to be tackled successfully and expertise from different
disciplines has to be combined. Clearly good recognition and understanding performance are vital. In addition,
the dialog system should allow for user exploration, provide alternate routes to completing a task, and should
never let the user get lost or trapped. Versatility, customizability, cooperation and supervision (on a need-only
basis) are some of the features of a good interface. Active research issues in dialog system design relevant to
the goals outlined above include:

e handling spontaneous speech phenomena and robust speech recognition,

e dynamic creation of recognition grammars based on dialog history,

e dynamic generation of system prompts based on updated user beliefs,

e dynamic control of user/system initiative of the dialog as a function of user progress.

Some practical issues that are equally important are : echo cancellation of system prompts, timing in
turn-taking (system time-outs), user or system interruption of dialog flow (barge-in) etc. Prototypes of dialog
systems are starting to incorporate features that improve the flexibility of the spoken language interface, e.g.,
automatic relaxation of query constraints for queries with no matches, two-levels of system supervision, implicit
confirmation of user input, shorter prompts, optional spelling of proper nouns [185]. Even more ambitious goals
are to provide the interface with intelligence and personality [225, 306].
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A wuser-centric approach to dialog system design can help address some of the issues raised above. A static
or dynamic user model can be used to predict user intent given the current state of dialog. Grammar fragments
can be associated with each of the user’s intentions and a dialog state dependent grammar can be automatically
generated as a weighted combination of these grammar fragments. In addition, a model of user beliefs can be
used during generation of system responses; the user belief model is updated based on user input and system
responses. User-centric grammar design and dialog management can help customize and automate the dialog
system design process.

As mentioned above, dialog system design goes beyond building state of the art components, e.g., speech
recognizer, natural language understanding, dialog manager. An important focal point of dialog system design
is the interaction between the different modules. For example, acoustic confidence scores computed in the rec-
ognizer can be used to improve the performance of the understanding module and to determine the appropriate
dialog strategy in the dialog manager. Dialog history can be used to improve recognition and understanding
performance [258]. How to integrate the various sources of information to improve performance and enhance
user experience remains an open research issue.

Finally designing generic modules that are application independent to the degree possible (clearly some
application-dependent semantic representation is needed for designing the understanding module) is the ultimate
goal of dialog system design. Universal algorithms and tools that can be applied with minimal modifications
across applications will significantly speed up development time and create new challenging application areas.

5.2.5 User Feedback and System Evaluation

User feedback is a very important source of information for the designer of dialog systems. Despite recent
progress, user interface and application design is mostly an empirical field [99]. Focus groups and user-experience
forums can be used as a “proof of concept”, i.e., to determine if the application and interface meets user’s needs
and preferences.

Little formal work can be found in the area of dialog system evaluation. Objective evaluation metrics exist
for some of the modules of a dialog system, e.g., word and semantic label accuracy for the recognizer and
understanding module, respectively, provided that transcribed and semantically annotated text corpora are
available. End-to-end objective measures such as task completion and total number of dialog turns are often
used to measure the functionality and efficiency of dialog systems.

Clearly, the ultimate judge of system performance is the user.Subjective measures, such as system satisfac-
tion, perceived efficiency, flexibility and robustness of the system can provide valuable metrics for the evaluation
and iterative enhancement of a system. In [140], a mix of subjective and objective criteria was used to evaluate
the ATIS systems. In [322], the correlation between objective (word accuracy, task completion, number of
dialog turns) and subjective criteria (user satisfaction) was computed; the hope is that the relationship between
objective criteria and user-satisfaction is more or less task-independent.

5.3 Tools

An important effort to provide a set of tools for spoken dialog system design was made at the CSLU at Oregon’s
Graduate Institute. The toolbox provides the modules needed for system building and a graphical user interface
for application design. It has been successfully used by non-experts for building simple applications. The toolbox
can be downloaded from the web; for a review see [305].

Most commercially available tools for dialog system design have limited natural language understanding
capabilities, e.g., [314]. Dialog flow is typically modeled with a finite state machine and each dialog state
corresponds to a single application action. In [314], tools for user-centric grammar design are provided, i.e., dialog
state grammars are the union of all grammars that correspond to actions that the user can request. In general,
current tools require a significant amount of application-specific work, e.g., manual writing of semantic grammars
[287]. Further, most of the tools are designed with a specific set of applications in mind (communication assistant,
travel reservation) and tuning of the modules is required for each new application domain.

A set of dialog tools should be able to automatically design an application based on transcribed and se-
mantically annotated (in an action/attribute notation) data. In addition, generic dialog strategies should be
available for groups of applications, e.g., database queries, information retrieval and browsing, so that the dialog
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and application flow are generated automatically based on a user profile. More research is needed to advance
the state of the art and achieve these goals.

5.4 Relation to WP10

We have reviewed some important principles and trends in dialog system design. Previously dialog system
development has relied on collecting many application-specific examples. Dialog systems were usually not
extendable to other applications domains and provided little or no customizability to the user. Our work is
motivated by the desire to learn how the various building blocks of a dialog system interact and how a dialog
session can be automatically and dynamically generated based on user’s preferences. The ultimate goal is to
provide flexible and upgradable dialog systems, with general and reusable components. Designing an interface
that is versatile and customizable is essential for enhancing user experience. More research is needed to meet
these challenges. Modular architecture, automatic dialog generation, user modeling and the voice interface
language are important contributions towards achieving these goals.
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6 Multimodal Interfaces

As defined in [240], multimodal interfaces process two or more combined user input modalities such as speech,
pen, touch, manual gestures, gaze and head and body movements in a coordinated manner with multimedia
system output. This is a paradigm shift away from conventional WIMP interfaces towards more flexible, efficient
and powerfully expressive means of human computer interaction. Multimodal interfaces are expected to be easier
to learn and use, more robust and more adaptable to the user, tasks and usage environment.

In this section, we motivate the use of multimodal interfaces and briefly review some examples of multimodal
applications. Then we examine topics such as multimodal interaction (mainly fusion and integration techniques)
and dialogue management handling. Finally, we examine issues regarding to system architectures and conclude
with various efforts for standardizing multimodal interaction specially on the web.

6.1 Motivation

As shown in [86], multimodal interfaces may have many advantages: they prevent errors, bring robustness to the
interface, help the user to correct errors or recover from them easier, bring more bandwidth to the communication
and add alternative communication methods to different situations and environments. Disambiguation of error-
prone modalities using multimodal interfaces is the main motivation for the use of multiple modalities in many
systems. As shown in [238] error-prone technologies can compensate each other, rather than bring redundancy
to the interface and reduce the need for error correction.

It should be noted, however, that multiple modalities alone do not bring these benefits to the interface:
currently there is too much hype in multimodal systems, and the use of multiple modalities may be ineffective
or even disadvantageous. Oviatt [239] has presented common misconceptions (myths) of multimodal interfaces
most of them related to the use of speech as an input modality.

6.2 Example applications

From the historical perspective, multimodality offers promising opportunities, as presented Bolt’s “Put-That-
There” system [56]. Combined pointing and speech inputs offered a natural way to communicate, and later
authors added gaze direction tracking to disambiguate other modalities [56]. Other early systems used speech
input along with keyboard and mouse in an effort to support greater expressive power for complex visual
manipulation. Speech technology advances in late 1980s allowed speech to become an alternative to keyboard
leading to map and tourist information systems like CUBRICON [226] and Georal [296].

Bimodal systems that combine speech and pen-input or speech and lip-movements emerged in 1990s leading
to work on integration and synchronization issues and the development of new architectures to support them.
Speech and pen-input (2D or 3D gestures) involving hundreds of different interpretations beyond pointing have
advanced rapidly leading to mature research (e.g. Quickset [86]) and commercial systems. Speech and lip
movement systems exploit the detailed classification of human lip movements (visemes) and viseme-phoneme
mappings that occur during articulatory speech. Lip movement offers speech recognition robustness in noisy
environments and animated character systems with coordinated text-to-speech output and lip movement.

Examples of such systems include (talking heads or speaking agents) include the Rea system [79], KTH’s
August, Adapt and Pixie systems ([128, 127] and [126]). These systems use audiovisual speech synthesis and
anthropomorphic figures to convey facial expressions and head or body movements. Systems with animated
interactive characters have also been constructed such systems built at DFKI (see [38]). These systems mainly
focus on multimedia presentation techniques and agent technologies. Information kiosks (intelligent kiosks)
such as SmartKom ([321]) project use speech and haptics to provide interface for users in public places (e.g.
museums).

Recently, systems combining 3 or more modalities such as person identification and verification systems
which use both physiological (retina, fingerprints) and behavioral (voice, handwriting) modalities have been
developed. Also there is an increased interest in passive input modes which refer to naturally occurring user
behavior that is unobtrusively monitored by a computer (e.g., facial expressions). Ambient intelligence and
blending of active and passive modes is a promising direction to this end.
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6.3 Multimodal interaction

When the results of multiple modalities are combined, fusion techniques are needed for their integration. Early
multimodal interfaces were based on a specific control structure for multimodal fusion. For example Bolt’s
demo, searches for a synchronized gestural act that designates the spoken referent. To support more broadly
functional multimodal systems though, general processing architectures have been developed which handle a
variety of multimodal integration patterns and support joint processing of modalities.

6.3.1 Multimodality levels

According to [231], we can differentiate four different uses of multimodal inputs and outputs depending on
fusion type and use of modalities: ezclusive (independent fusion, sequential modalities), concurrent (independent
fusion, parallel modalities), alternate (combined fusion, sequential modalities) and synergistic (combined fusion,
parallel modalities).

use of modalities
fusion type | Sequential Parallel
Independent | Exclusive | Concurrent
Combined Alternate | Synergistic

Table 2: Levels of multimodality

The exclusive use of modalities is the most straightforward, since independent modalities can be used at
different times. This mode imposes the least requirements for a multimodal system. With concurrent fusion,
modalities are used concurrently but their results are not combined in any way (they can for example be used for
different tasks). Conversely, modalities are alternative when they are used at different times but their results are
combined in some way. Finally, with synergistic use (the most sophisticated use of multimodality), modalities
are combined at the same time. This puts heavy demands on the system and is seldom used.

6.3.2 Fusion techniques

Multimodal systems usually integrate signals at the feature level (early fusion) or at a higher semantic level
(late fusiom). In an early fusion architecture, the signal-level recognition process in one mode influences the
course of recognition in the other and so, is considered more appropriate for closely temporally synchronized
input modalities, such as speech and lip movements. Systems using the late fusion approach have been applied
to processing multimodal speech and pen input or manual gesturing, for which the input modes are less cou-
pled temporally and provide different but complementary information. Late semantic integration systems use
individual recognizers that can be trained using unimodal data and can be scaled up easier in number of input
modes or vocabulary size.

Alternatively, one can consider fusion at lexical, syntactic or semantic levels. Lexical fusion is used when
hardware primitives are mapped to application events, syntactic fusion synchronizes different modalities and
forms a complete representation of these and semantic fusion represents functional aspects of the interface by
defining how interaction tasks are represented using different modalities.

6.3.3 Integration techniques

Multimodal systems based on late (semantic) fusion integrate common meaning representations derived from
different modalities into a combined final interpretation. This requires: a common meaning representation
framework for all modalities used and a well-defined operation for integrating the partial meanings.

Meaning representation uses data structures such as frames [217] and feature structures [171] or typed
feature structures [77]. Frames represent objects and relations as consisting of nested sets of attribute/value
pairs while feature structures goes further to use shared variables to indicate common substructures. Typed
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feature structures are pervasive in natural language processing, and their primary operation is unification, which
determines the consistency of two representational structures and, if they are consistent, combines them.

Various integration techniques have been derived so far: frame-based integration techniques use a strategy of
recursively matching and merging attribute /value data structures (e.g., [289]) while unification-based integration
techniques use logic-based methods for integrating the partial meaning fragments. Unification-based architec-
tures have only recently been applied to multimodal system design [162, 161]. Some important unification-based
integration techniques include feature-structure and symbolic unification. Feature-structure unification is con-
sidered well suited to multimodal integration, because unification can combine complementary or redundant
input from both modes, but it rules out contradictory input. Symbolic unification which combined with sta-
tistical processing techniques results hybrid symbolic/statistical architectures which represent a new direction
for multimodal system development and achieve very robust functioning, compared with either an early or late
fusion approach alone.

6.3.4 Fission techniques

Fission is a process in which modalities are selected for outputs. For example, in multimodal speech systems
outputs can be expressed by using synthesized speech, non-speech audio, text or graphics. Fission techniques
have not gained as much attention as fusion techniques, and this is often thought of as a simple practical
issue. Work has been done mainly in the context of multimedia systems, for example in the area of automated
multimedia systems ([38]). The focus in these systems is often more on the rendering of the information for
different medias than in the selection of the media for different elements.

6.4 Dialogue management

The dialogue manager controls the overall interaction between the system and the user by finding suitable
system actions which corresponds to the user input, which can be seen as a mapping from a user action to
a system action, or from one system state to an another system state. Many dialogue managers (especially
those used in text based systems), tend to extend their functionality to natural language understanding and
generation as well. The communication with the data source such as the database is often one of the tasks of
the dialogue manager.

Although dialogue management is a fairly mature research area, and many sophisticated text-based systems
have been constructed, they have not been proven to be very successful. Although speech is different from text,
many of the principles found in these systems can be used in speech dialogue systems.

6.4.1 Dialogue initiative strategies

One of the key aspects in dialogue management is how the initiative is handled. The dialogue management
strategy used may be system-initiative, user-initiative or mixed-initiative. We briefly review and compare each
strategy in this section.

System-initiative dialogue strategy

With system-initiative dialogue, the computer asks questions from the user, and when the necessary information
has been received, a solution is computed and a response is produced. It can be highly efficient since the paths
which the dialogue flow can take are limited and predictable. It is most suitable for well-defined, sequential
tasks where the system needs to know certain pieces of information in order to perform a task (e.g. a database
queries for bus timetables or flights).

One key advantage is the predictable nature of the dialogue flow, which makes it possible to use context-
sensitive recognition grammars, for every dialogue state, helping the recognizer to achieve more robust recog-
nition results. Also, since the system asks questions, it can easier guide the user to reach his/her goal, making
sure all necessary steps will be performed. This makes the user feel comfortable with the system and prevent
disorientation (specially for the novice user). The main disadvantage is the clumsiness of interaction with ex-
perienced users, because only single pieces of information are exchanged in every dialogue turn, making the
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dialogue advance slowly. The system may let experienced users pass certain dialogue turns by using more com-
plicated expressions, but this may make the dialogue management complicated and recognition grammars more
complex.

User-initiative dialogue strategy

User-initiative dialogue strategy assumes that the user knows what to do and how to interact with the system.
The system waits for user inputs and reacts to these by performing corresponding operations. The main
advantage is that experienced users are able to use the system freely and perform operations any way they like
without the system getting in their way. This is also natural in open-ended tasks which have many independent
subtasks. The main weakness is that they assume (and require) that users are familiar with the system and
know how to speak. This imposes very open language models to the system and cognitive load to the user,
which are both difficult to handle.

Mixed-initiative dialogue strategy

There is no single dialogue management strategy which is suitable for all situations. Different users and appli-
cation domains have different needs, and different dialogue handling strategies may needed even inside a single
application. With mixed-initiative strategy, the initiative can be taken either by the user or the system. The
user has freedom to take the initiative, but when there are problems in the communication, or the task requires
it, the system takes the initiative and guides the interaction. If properly constructed, a mixed- initiative system
can help the user by employing system-initiative strategy while still preserving the freedom and efficiency of
user-initiative strategy.

6.4.2 Dialogue control models

Various models have been devised for the overall structure of the dialog flow, like event and plan based, agent-
based or even theorem-proving ones. In practice however models based on finite-state machines and frame-based
are the ones most usually used.

Finite-state machines

Most of the current commercial speech applications use finite-state machines for dialogue control, because they
are well known and straightforward to use. Finite-state machine consists of a set of nodes representing dialogue
states and a set of arcs between the nodes, which move the dialogue from one state to another. The resulting
network represents the whole dialogue structure, and paths through the network represent all the possible
dialogues which the system is able to produce. If there are numerous states, and a lot of transitions between
states, the complexity of the dialogue model increases rapidly, so they are mostly suitable for small-scale and
system-initiative applications

Frame-based systems

Frame-based systems use collections of information (templates) as a basis for dialogue management and the
purpose of the dialogue is to fill necessary information slots and then perform a query or similar operation
on the basis of the frame. In contrast to the state-machine approach, they are more open, since there is no
predefined dialogue flow (dialogue control is centralized and usually specified with a single algorithm), but
instead the required information is fixed. Multiple slots can be filled by using a single utterance, and the order
of filling the slots is usually free. It is a more natural choice for implementing mixed-initiative dialogue strategy,
since the computer may take the initiative by simply asking for the required fields. VoiceXML applications
(4.4.1) for example, use the frame-based approach for standard dialogue control and the event-based one for
cases like error handling.
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6.5 Architectures

Software architecture in multimodal systems was considered to be mostly a practical issue and it was often not
modeled explicitly. This has already been noticed [213] and as such systems become more complicated, even
more focus will be needed on system architectures. This is important, since systems can be more efficient and
easier to build and maintain if proper architectural models are used.

Most systems are very complex in terms of architecture and software design, so they usually mix and
exploit many software architectural styles and models like the pipe-and-filter, finite-state machine, event-based
model, client-server, object-oriented and agent-based ones. For example spoken dialogue systems are usually
structured either in a pipeline fashion or using the client-server model with a central component, which facilitates
the interaction between other components, like the Galaxy-II architecture [287, 288]. Multimodal systems are
based on even more sophisticated architectures like [183] or agent architectures (see 6.5.2).

In this paragraph we briefly examine the differences in requirements between GUI and multimodal architec-
tures, then we turn our attention to the most common style of multimodal architectures and conclude with the
development of multimodal frameworks which facilitate easier development of such complex applications.

6.5.1 GUIs vs Multimodal architectures

In Contrast with GUIs which assume that there is a single event stream that controls the underlying event
loop, multimodal interfaces process continuous and simultaneous input from parallel incoming streams. Also
GUIs assume that the basic interface actions, such as selection of an item, are atomic and unambiguous events,
while multimodal systems process input modes using recognition-based technologies, which are designed to
handle uncertainty and entail probabilistic methods of processing. Finally, multimodal interfaces that process
two or more recognition-based input streams require time-stamping of input, and the development of temporal
constraints on mode fusion operations.

6.5.2 Multimodal agent-based architectures

The most common infrastructure that has been adopted by the multimodal research community involves multi-
agent architectures, such as the Open Agent Architecture [203] and Adaptive Agent Architecture [183]. Multi-
agent architectures provide essential infrastructure for coordinating the many complex modules needed to im-
plement multimodal system processing, and they permit doing so in a distributed manner. In a multi-agent
architecture, the many components needed to support the multimodal system (e.g., speech recognition, gesture
recognition, natural language processing, multimodal integration) may be written in different programming
languages, on different machines, and with different operating systems. Agent communication languages are
being developed that can handle asynchronous delivery, triggered responses, multi-casting and other concepts
from distributed systems.

Using a multi-agent architecture, for example, speech and gestures can arrive in parallel or asynchronously
via individual modality agents, with the results recognized and passed to a facilitator. These results, typically
an nbest list of conjectured lexical items and related time-stamp information, then are routed to appropriate
agents for further language processing. Next, sets of meaning fragments derived from the speech, etc. arrive
at the multimodal integrator which decides whether and how long to wait for recognition results from other
modalities, based on the system’s temporal thresholds. It fuses the meaning fragments into a semantically-and
temporally-compatible whole interpretation before passing the results back to the facilitator. At this point, the
system’ s final multimodal interpretation is confirmed by the interface, delivered as multimedia feedback to the
user, and executed by any relevant applications.

6.5.3 Multimodal frameworks

Despite the availability of high-accuracy speech recognizers and the maturing of multimodal devices such as
gaze trackers, touch screens, and gesture trackers, very little applications take advantage of these technologies.
One reason for this may be that the cost in time of implementing a multimodal interface is prohibitive. One
desiring to equip an application with such an interface must usually start from scratch, implementing access to
external sensors, developing ambiguity resolution algorithms, etc. However, when properly implemented, a large
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part of the code in a multimodal system can be reused. This aspect has been identified and many multimodal
application frameworks have recently appeared such as VI'T’s Jaspis and Jaspis2 frameworks [312, 311], Rutgers
CAIP Center framework [109], the embassi system [103] and more.

6.6 Standards
6.6.1 W3C standards

The number of different kinds of devices that can access the Web has grown from a small number with essentially
the same core capabilities to many hundreds with a wide variety of different capabilities like mobile phones,
smart phones, personal digital assistants, kiosks, automotive interfaces, etc.

Device Independence

The range of capabilities for input and output and the range of markup languages and networks supported greatly
complicate the task of authoring web sites and applications that can be accessed by users whatever device they
choose to use. The W3C Dewvice Independence Working Group encompasses the techniques required to make
such support an affordable reality. In particular the activity focuses on methods by which the characteristics of
the device are made available for use in the processing associated with device independence methods to assist
authors in creating sites and applications that can support device independence in ways that allow it to be
widely employed. The group has overtaken work by Composite Capability/Preference Profiles Working Group
(CC/PP see [22]), and through coordination with Web Accessibility Initiative [29] and MultiModal Interaction
Working Group [25] continues it’s work on avoiding the fragmentation of the Web into spaces that are accessible
only from subsets of devices.

Multimodal Interaction Activity

Mobile profiles have emerged using a number of W3C specifications like XHTML, making mobile access more
close to reality. Recently, a tremendous growth of interest in using speech as a means to interact with Web-
based services over the telephone (Voice Browser Activity), but spoken interfaces (based upon VoiceXML), only
prompt users with pre-recorded or synthetic speech and understand simple words or phrases. There is now an
emerging interest in richer forms of interaction, combining speech with other modalities. Multimodal interaction
will enable the user to speak, write and type, as well as hear and see using a more natural user interface than
today’s single mode browsers.

The Multimodal Interaction Activity is extending the Web user interface to allow multiple modes of interac-
tion(aural, visual and tactile), offering users the means to provide input using their voice or their hands via a
key pad, keyboard, mouse, or stylus. For output, users will be able to listen to spoken prompts and audio, and
to view information on graphical displays. By allowing multiple modes of interaction (GUI, speech, vision, pen,
gestures, haptic interfaces, etc), to any device it facilitates the dream of accessibility to all.

The Working Group was launched in 2002 following a joint workshop between the W3C and the WAP
Forum with contributions from SALT [17] and XHTML+Voice (X+V) [14]. It’s major contributions include:
Multimodal Interaction Use Cases, Multimodal Interaction Use Requirements, the W38C Multimodal Interaction
Framework [26]. Work has also been done on dynamic adaptation to device configurations, user preferences and
environmental conditions (System and Environment Framework) [27], on integration of composite multimodal
input and modality component interfaces such as interfaces for ink and keystrokes which will enable the use of
grammars for constrained input, and the context sensitive binding of gestures to semantics (speech and DTMF
modalities are developed by the Voice Browser Working Group [28]).

Group’s work has also stimulated the creation of mark-up languages such as EMMA, and InkML. EMMA
(Extensible MultiModal Annotation Markup Language) [23], formerly known as Natural Language Semantics
Markup Language, is a markup language intended to represent semantic interpretations of user input (speech,
keystrokes, pen input etc.), together with annotations such as confidence scores, timestamps, input medium
etc. The interpretation of the user’s input is expected to be generated by signal interpretation processes, such
as speech and ink recognition, semantic interpreters, and other types of processors for use by components that
act on the user’s inputs such as i interaction managers. InkML [24], defines an XML data exchange format for
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ink entered with an electronic pen or stylus as part of a multimodal system, which will enable the capture and
server-side processing of handwriting, gestures, drawings and other specific notations.

6.6.2 Salt and X4V

Until W3C standards emerge and mature, other related efforts have been shown, namely SALT and XHTML
+ Voice. Speech Application Language Tags (SALT) [17], is a lightweight set of extensions to existing markup
languages, allowing developers to embed speech enhancements in existing HTML, XHTML and XML pages,
enabling multimodal and telephony-enabled access to information, applications, and Web services from PCs,
telephones, tablet PCs, and PDAs. XHTML+ Voice [14], by IBM, Motorola and Opera Software, is yet another
effort exploiting the combined use of XHTML and parts of VoiceXML through XML events to support for visual
and speech interaction. In contrast with SALT, X+V provides a standard visual markup language (XHTML)
and an event model, has reacher voice interaction and makes development easier by allowing separation of visual
and voice programming. Development tools from IBM are already available and so is a multimodal browser
from Opera for Sharp’s Zaurus PDA.
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7 Eye Tracking Interfaces

Research activity in eye tracking and visual attention has increased in the last few years due to improvements
in performance and reductions in the costs of eye tracking devices as well as better understanding of the human
visual system. Three types of movements need be modeled to gain insight into the overt localization of gaze.
These are the primary requirements of eye movement analysis: the identification of fixations, saccades, and
smooth pursuits. Fixations naturally correspond to the desire to maintain one’s gaze on an object of interest.
Eye pursuits follow objects in smooth motion. Saccades are the expression of the desire to voluntarily change
the focus of attention.

7.1 Eye Tracking Technology

A number of eye gaze detection methods have been developed over the years. There are four broad cate-
gories of eye movement measurement methods, involving the use of: electro-oculography (EOG), scleral contact
lens/search coil, photo-oculography (POG) or video-oculography (VOG), and video-based combined pupil and
corneal reflection. Electro-oculography, or EOG, relies on DC recordings of the electric potential differences of
the skin surrounding the ocular cavity. Invasive methods that required tampering directly with the eyes were
mostly used before the 70s. The search coil method [270] offers high accuracy and large dynamic range but
requires an insertion into the eye. Non-invasive methods such as the DPI (Dual Purkinje Image) eye tracker
[57] require the head to be restricted and are relatively expensive. More recently systems have appeared that
use video images and/or infrared cameras.

Several methods of improving the accuracy of estimating gaze direction and inferring intent from eye move-
ment have been proposed. The Eye-R system [286] is designed to be battery operated and is mounted on any
pair of glasses. It measures eye motion using infrared technology by monitoring light fluctuations from infrared
light and utilizes this as an implicit input channel to a sensor system and computer. As a person walks around,
information is exchanged between the Eye-R module and the exhibit that the user fixates on. This information
is transferred to a server using a network or through the glasses. All exhibits are fitted with an infra-red sensor
in this networked environment.

Some commercial manufacturers of eye trackers now have a head-based system that has an attached miniature
camera that takes an instant picture of the scene once a fixation is detected. Mulligan [221] uses a low cost
approach to track eye movement using compressed video images of the fundus on the back surface of the
eyeball. It is capable of high performance as off-line data analysis is acceptable. More accurate results can
be obtained when the imagery is analyzed off-line using more complex algorithms implemented in software. A
technical challenge for these types of trackers is the real time digitization and storage of the video stream from
the cameras. New video compression technology allows streams of video images to be acquired and stored on
normal computer system disks; however lossy compression can lead to loss of important information.

Bhaskar et al [54] propose a method that uses eye blink detection to locate an eye which is then tracked
using an eye tracker. Blinking is necessary for the tracker to work well and the user has to be aware of this.

ASL [7], Smarteye [8], IBM’s Blue Eyes [9], Arrington’s Viewpoint [10], SR’s Eyelink [11], EyeGaze [12] and
CRS [13] eye trackers are examples of recent commercial eye trackers. A typical commercial eye tracker tracks
the pupil and the first purkinje image (corneal reflex) and the difference gives a measure of eye rotation.

Most eye trackers require calibration because of individual differences of eyeball size and the difficulty in
measuring the position of the fovea. The FreeGaze System [308] attempts to limit errors arising from calibration
and gaze detection by using only two points for individual personal calibration. The position of the observed
pupil image is used directly to compute the gaze direction but this may not be in the right place due to refraction
in the surface of the cornea. The eyeball model corrects the pupil position for obtaining a more accurate gaze
direction.

7.2 Human Gaze Behaviour

Experiments have been conducted to explore human gaze behaviour for different purposes. Privitera et al [262]
use 10 image processing algorithms to compare human identified regions of interest with regions of interest
determined by an eye tracker and defined by a fixation algorithm. The comparative approach uses a similarity
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measurement to compare 2 aROIs (algorithmically-detected Region of Interests), 2 hROIs (human-identified
Region of Interests) and an aROI plus hROI. The prediction accuracy was compared in order to identify the
best matching algorithms. Different algorithms fared better under differing conditions. They concluded that
aROIs cannot always be expected to be similar to hROIs in the same image because 2 hROIs produce different
results in separate runs. This means that algorithms are unable in general to predict the sequential ordering of
fixation points.

Jaimes, Pelz et al [155] compare eye movement across categories and link category-specific eye tracking
results to automatic image classification techniques. They hypothesize that the eye movements of human
observers differ for images of different semantic categories, and that this information can be effectively used
in automatic content-based classifiers. The eye tracking results suggest that similar viewing patterns occur
when different subjects view different images in the same semantic category. Five different categories are
considered: handshakes, crowds, landscapes, main object in uncluttered background and miscellaneous images.
More consistent viewing patterns were found within the handshake and main object categories. Although, it
was unclear how it can be used to influence automatic classification techniques, they suggested that it is possible
to apply the Privitera’s fixation clustering approach [262] to cluster gaze points. The study showed that similar
viewing patterns can be category-specific hence this factor needs to be considered in future algorithms.

Pomplun and Ritter [256] present a three-level model, which is able to explain about 98% of empirical data
collected in six different experiments of comparative visual search. Pairs of almost identical items are compared
requiring subjects to switch between images several times before detecting a possible mismatch. The model
consists of the global scan path strategy, shifts of attention between two visual hemifields, and eye movement
patterns. Simulated gaze trajectories obtained from this model are compared with experimental data. Results
suggest that the model data of most variables presents a remarkably good correspondence to the empirical data.

Identification and analysis of fixations and saccades in eye tracking protocol is important in understanding
visual behaviour. Salvucci [277] classifies algorithms with respect to five spatial and temporal characteristics.
The spatial criteria divide algorithms in terms of their use of velocity, dispersion of fixation points, and areas
of interest information. The temporal criteria divide algorithms in terms of their use of duration information
and their local adaptivity. It was concluded that velocity-based and dispersion-based algorithms fared well and
provided similar performance.

Fixation Identification Algorithms

Criteria Velocity Hidden Dispersion Minimum Area of

Threshold | Markov Model | Threshold | Spanning Tree | Interest
Velocity-based X X
Dispersion-based X X
Area-based X
Duration-sensitive X X
Locally-adaptive X X X

Table 3: Identification and analysis of fixations and saccades in eye tracking

The five fixation identification algorithms are also described and compared in terms of their accuracy, speed,
robustness, ease of implementation, and parameters. The results show that hidden markov models and dispersion
based algorithms fare better in terms of their accuracy and robustness. The Minimum Spanning Tree uses a
minimized connected set of points and provides robust identification of fixation points, but runs slower due
to the two step approach of construction and search of the minimum spanning trees. The velocity threshold
has the simplest algorithm and is thus fast but not robust. Areas of Interest are found to perform poorly
on all fronts. These findings are implemented in the EyeTracer system [276], an interactive environment for
manipulating, viewing, and analyzing eye-movement protocols. EyeTracer facilitates both exploratory analysis
for initial understanding of behaviours and model prototyping and confirmatory analysis for model comparison



7 EYE TRACKING INTERFACES 35

and refinement.

NASA’s Lee Stone [190] focuses on the development and testing of human eye-movement control with
particular emphasis on search saccades and the response to motion (smooth pursuit). The specific goal is to
incorporate recently acquired empirical knowledge of how eye movements contribute to information gathering,
and of the relationship between the eye movement behaviour and the associated percept, into computational
tools for the design of more effective visual displays and interfaces that are matched to human abilities and
limitations. Much of the focus is on proposing a new control strategy for pursuit eye movement modified from
an existing model. Stone concludes that current models of pursuit should be modified to include visual input
that estimates object motion and not merely retinal image motion as in current models.

Duchowski [97] presents a 3D eye movement analysis algorithm for binocular eye tracking within Virtual
Reality. The signal analysis techniques are given three categories: position-variance, velocity-based and ROI-
based, again using two of Salvucci’s criteria [277]. The algorithm uses velocity and acceleration filters for eye
movement analysis in three-space. This is easily adapted to a 2D environment by holding head position and
visual angle constant. Gazepoints in the virtual environment are calculated by the 2D to 3D mapping of gaze
vectors. The computed gaze direction vector is use for calculating gaze intersection points. The algorithm is
evaluated using a virtual environment for aircraft visual inspection training. It was concluded that cognitive
feedback, in the form of visualized scan-paths, does not appear to be any more effective than performance
feedback (search timing). Also, the number of fixations decreases following training.

7.3 Visual Attention Modelling

Visual attention is a capability that allows us to focus on objects that are likely to be of interest whilst ignoring
background material that is of no relevance. It is a reasonable assumption that gaze behaviour will be influenced
to a large extent by the saliency of various regions in images as our eyes will be drawn towards those parts
that stand out or are anomalous in some way. Gaze will also be affected by the interests and motivation of the
viewer which may be more difficult to anticipate. Studies of visual attention models will be carried out in Work
Package 5 sub task 4 (Saliency detection, visual features and their organization).

7.4 Eye Tracking Interfaces

The best interfaces are the most natural ones. They need to be unobtrusive and provide relevant information
quickly and in ways that do not interfere with the task itself. Eye tracking offers new ways of measuring human
behaviours and is being used in both active and passive modes in several applications.

There have been many applications of eye tracking technology including a replacement for a mouse [131],
a tool to vary the screen scrolling speed [233] and a way of assisting disabled users [90]. Schnell and Wu [282]
apply eye tracking as an alternative method for the activation of controls and functions in aircraft. In another
domain marketing researchers frequently determine what features of product advertisements attract buyers’
attention and alter designs accordingly [43].

The Dasher system [324] captures text using a method that relies purely on gaze direction. The user composes
text by looking at characters as they stream across the screen from right to left. Dasher presents likely characters
in sizes according to the probability of their occurrence in that position. The user is often able to select rapidly
whole words or phases as their size increases on the screen. In comparison with on-screen keyboards, it is not
confounded by the problem of random, but natural eye movements, the so-called “Midas-Touch”.

Nikolov et al [232] propose a system for construction of gaze-contingent multi-modality displays of multi-
layered geographical maps. Gaze contingent multi-resolutional displays (GCMRDs) position high-resolution
information around the user’s gaze position, matching the user’s interest. In this system, different map infor-
mation is channeled to the central and peripheral vision giving real performance advantage.

Xin Fan et al [330] propose an image viewing technique based on an adaptive attention shifting model, which
addresses the problem of browsing large images on the small screens of mobile phones. Maximum use of screen
area is achieved by cropping images to those areas on which viewers are likely to fixate.

Following experiments on eye gaze behaviour Farid [107] concluded that systems performed well because
of the minimal latency and obtrusiveness. He also noted that dwell time was an unreliable indicator of user
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interest. A zooming technique was adopted that provided a magnified region of interest and multiple video
streams.

7.5 Shortcomings

The recent advances in eye tracking technology have played a large part in encouraging more research into
image analysis that take account of human behaviour. More accurate and precise eye tracking experiments are
leading to a better understanding of the human visual system (HVS) from which new models are derived and
new applications are stimulated.

Two main shortcomings have been identified with eye tracking system and attempts have been made with
varying success to combat these drawbacks. Firstly, eye tracking hardware systems must limit processing to
attain real-time performance whilst maintaining maximum accuracy of the eye movement measurement [221].
Blinking has been suggested for rapid eye localisation [54] and solving the Midas-touch problem [100], but this
puts a great burden upon the user. The use of a second device, such as a mouse, is distracting and negates
the need for interfaces controlled by the eyes in the first place. Fixation dwell times are simple to extract and
perhaps might be thought to yield more stable data, however, these have been shown to be unreliable indicators
of regions of interest.

Secondly, even though eye fixations provide some of the best measures of visual interest, they do not nec-
essarily provide a measure of cognitive interest. Although eye tracking offers an objective view of overt human
visual and attentional processes, it does not provide a measure of covert attention. Human visual attention is
frequently not always concentrated at the centre of vision, but often several degrees to one side. This effect
must be recognised in any application.

Many of the recent eye tracking investigations have concentrated upon replacing and extending existing
computer interface mechanisms rather than creating a new form of interaction. Gaze normally reflects our
intentions and desires and so data obtained by eye tracking could be used to provide a more intimate form
of human computer interaction. However, the imprecise and unpredictable nature of saccades and fixation
points has prevented eyetracking from yielding large benefits over conventional human interfaces. Fixations,
saccades and smooth pursuit vary considerable from person to person which means that statistical approaches
to interpretation (such as clustering, summation and differentiation) are inadequate for identifying salience in
an image. More robust methods of interpreting eye tracking data are needed.

7.6 Future Work and Relationship to WP10

Eye tracking technology is now a serious contender for new interfaces for accessing digital visual data. Patterns
of fixations and saccades certainly reflect image content and this information could be used not only to categorise
the material but also to infer the viewer’s intentions.

We plan to conduct experiments that relate eye behaviour to models of visual attention to determine the
feasibility of predicting fixation points while browsing an image database. Gaze information will be gathered
during task oriented search that will explore the variability of user behaviour and again provide information for
use in predicting behaviour during similar searches.

This work will lead naturally into a CBIR demonstrator that will show how a linked set of similar regions
across images in a data base may be traversed during a search driven by an eye tracker. Work carried out in
Work Package 5 sub task 4 (Saliency detection, visual features and their organization) will investigate automatic
techniques for setting up a network of visual similarity associations between images, although these may initially
be constructed manually for a small dataset in this task.
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8 Audio-Visual Speech Recognition and Interfaces

Commercial Automatic Speech Recognition (ASR) systems are uni-modal, i.e., only use features extracted from
the audio signal to perform recognition. Although audio-only speech recognition is a mature technology with
a long record of significant research and development achievements [264], current uni-modal ASR systems can
work reliably only under rather constrained conditions, where restrictive assumptions regarding the size of
the vocabulary, the amount of noise etc can be made. These shortcomings have seriously undermined the
role of ASR as a pervasive Human-Computer Interaction (HCI) technology and have limited the applicability of
speech recognition systems to well-defined applications like dictation and low-to-medium vocabulary transaction
processing systems.

On the other hand, speech recognition by humans is fundamentally multi-modal. Although audio is the
most important source of information for speech recognition, people also use visual cues as a complimentary
aid in order to successfully perceive speech. The key role of the visual modality is apparent in situations where
the audio signal is either unavailable or severely degraded, as is the case with hearing-impaired listeners or
very noisy environments, where seeing the speaker’s face is indispensable in recognizing what has been spoken.
Human perception weighs the visual information more when two articulated sounds are not easily discernible
acoustically, but can be discriminated visually due to a different place of articulation, as is the case with the
phonemes /n/ and /m/, which sound very similar but look quite different [260]. This phenomenon is lucidly
manifested in a well known psychological illusion, the so-called McGurk effect [212, 204]. In their experiments,
McGurk and MacDonald found out that when somebody experiences contradictory audio and visual speech
cues, he/she tends to perceive whatever is most consistent with both sensory information. The McGurk effect
shows that human speech understanding is multi-modal, resulting from sensory integration of audio and visual
stimuli.

These findings provide strong motivation for the Speech Recognition community to do research in exploiting
visual information for speech recognition, thus enhancing ASR systems with speech-reading capabilities [301].
Research in this relatively new area has shown that multimodal ASR systems can perform better than their
audio-only or visual-only counterparts. The first such results where reported back in the early 80’s by Petajan
[251]. The performance gain becomes more substantial in scenarios where the quality of the audio signal is
degraded, as is the case with particularly noisy environments such as a vehicle’s cabin [252].

However, the design of robust audio-visual ASR systems, which perform better than their audio-only ana-
logues in all scenarios, poses new research challenges. Two new major issues arise in the design of audio-visual
ASR systems, namely:

o Selection and robust extraction of visual speech features. From the extremely high data rate of the raw
video stream, one has to choose a small number of salient features which have good discriminatory power
for speech recognition and can be extracted automatically, robustly and with low computational cost.

o Optimal fusion of the audio and visual features. Inference should be based on the heterogenous pool of
audio and visual features in a way that ensures that the combined audiovisual system outperforms its
audio-only counterpart in practically all scenarios. This is definitely non-trivial, given that the relative
quality of the audio and visual features can vary dramatically during a typical session.

A block diagram of an audiovisual ASR system depicting its main components is shown in Fig. 3.

In the sequel, we will attempt to review the main trends in the literature for addressing the two aforemen-
tioned major research challenges in Audiovisual ASR (AV-ASR), namely the design of the visual front-end and
the fusion of audio-visual features. These two issues are by no means trivial to solve and are the subject of
current intensive research. Other reviews of the subject are [261, 301]. This is a short version of our report that
appears in the Work Package 6 deliverable.

8.1 The Visual Front End of Audio-Visual Automatic Speech Recognition Systems

As emphasized in Section 8, the design of the visual front end is one of the main challenges in building an
audiovisual ASR system. One can generally identify the following steps in the processing of the visual modality
input [134, 261]:
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Figure 3: Block diagram of a typical audiovisual ASR system. Figure from [261].

o Active speaker’s face detection and tracking. The speaker’s face contains significant information for visual
speech-reading and thus the system must reliably locate and track it.

e Facial model fitting. In the case an exemplar is used to model the lips’ borders (e.g. an active contour
model [168]) or even the whole face (e.g. an active appearance model [88]), the exemplar is roughly
initialized near the identified Region Of Interest (ROI) and evolves towards its final best-fit configuration.

o Visual features extraction. After the ROI has been identified, a number of visual features are extracted
from it. These features can be appearance-based, shape-based, or a combination of them.

We proceed by examining the main methodologies to address these problems.

8.1.1 Active speaker’s face detection and tracking

In order for the visual modality to be useful for the task of speech recognition, an AV-ASR system must be able
to reliably detect and track the speaker’s face, which contains important visual cues for speech recognition. This
task usually involves detecting human faces in the first video frame which are used in the sequel to initialize a
face tracker. The detector is typically triggered again periodically to accommodate for a possible tracking failure
and detect any new face entering the scene in the meantime. In the case of multiple persons being present in
the scene, an additional requirement for the visual front-end is to determine who of them is the active speaker.
Therefore the main tasks that the visual front-end of an AV-ASR system needs to do in order to detect and
track the speaker’s face are face detection, face tracking and active speaker detection.

Human face detection in still images is one of the main problems in Computer Vision, arising in important
applications, like face recognition, area surveillance and Human—Computer Interaction. We will review here the
main methods for face detection based on the statistical learning paradigm. For another recent survey consult
[331].

Schneiderman and Kanade [280] apply statistical likelihood tests, using feature output histograms. Sung
and Poggio [302] model faces and non-faces as mixtures of anisotropic Gaussians in a high-dimensional linear
space. Rowley and Kanade [274] use neural network-based filters to create an excellently performing (but slow)
face detection system. In Papageorgiou et al. [243] a general object detection scheme which uses a wavelet
representation and statistical learning techniques is proposed. Osuna et al. [237] apply support vector machines
as classifiers for face detection, and Romdhani et al. [271] improve on that work by devising a faster learning
algorithm. A breakthrough in the speed of face detection algorithms, with a system able to process 15 images
per second (an order of magnitude improvement over previous implementations of face detection algorithms)
is reported by Viola and Jones [319]. They achieve this introducing the integral image representation, which
allows for rapid computation of their rectangular features, in a system that uses the extremely efficient boosting
method as classifier. Another system based on the boosting paradigm, which can also detect profile faces, is
reported by Li and Zhang in [193].

After a face has been detected in a frame, a face tracking module is needed to track it for the subsequent
frames until the face detector is triggered again. This processing step is only needed when the face detector
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is not activated every single frame. The tracker might be designed to track either the speaker’s lips only or
his/her whole face, depending on the modeling approach. Since this is tightly connected with the model used
to describe the speaker’s face, we defer discussing the issue until 8.1.2.

The detection of the active speaker’s face (in contrast to non-speakers’ faces) in the case that many
people are present in the visual scene is the final step to be done in order to successfully locate and track the
speaker’s face. This is especially important for the deployment of AV-ASR systems in realistic environments,
like meeting rooms with many participants, where a number of attendants speak one after each other and the
system needs to discern who is the active speaker at each particular moment. The same requirement is also
posed by other applications, such as tele-conference systems, where the camera needs to zoom on the active
speaker [91].

For that purpose a number of techniques have been devised. While early attempts were based on audio-
only sound source localization techniques, most of the recent approaches to the problem utilize both audio and
visual cues to successfully identify the speaker among the different persons present in the scene. The resulting
fused system can be more robust to both vision and audio background clutter than corresponding single-modal
systems. Two such techniques, presented in [47] and [81]. Other relevant references are [317], [339] and [137].

8.1.2 Facial model fitting

After the speaker’s face has been located, speech related information must be extracted from it. There are
generally two approaches for achieving this goal. The first, model-free approach is to find a rectangular ROI
around the mouth area and subsequently use a transformation of the raw pixel values in this ROI as a feature
set. This approach will be discussed further in 8.1.3. The second, model-based approach is to try and match a
facial shape or appearance model to the observed face. The parameters of this model can be used in the sequel
for creating the feature set. In this subsection we will describe some representative approaches used to model
the face or parts of it.

Active contours (also called snakes) [168, 151] have been used to model and track the speaker’s lips
[63, 169, 83]. Accurate temporal tracking is achieved by means of a Kalman filter or a particle filter, after
learning the lip motion dynamics [150, 169]. It would be interesting to test in this problem the performance of
non-parametric, geometric active contour models, such as geodesic active contours with shape priors [78, 192].

A related method to model parts of the face is through deformable templates [334, 130], utilized in the
AV-ASR context in [134, 80]. Using deformable templates, the shape of the lips is modeled by a small number
of curves, capturing the shape of the lips with very few parameters. The template is allowed to deform by
minimizing an associated cost functional via gradient descent.

Another powerful approach to human face modeling is through Active Shape Models (ASMs) and Active
Appearance Models (AAMs). In ASMs, which were first proposed in [89], an object’s shape is modeled by
a set of landmark points. The shape’s main modes of variation are learned by means of a PCA analysis,
using a training set of images where the landmarks are manually annotated. A local appearance profile in the
neighborhood of each landmark is also learned during the training phase. ASMs were first applied to lipreading
by [196]. AAMs [88] and the closely related methods of Morphable Models [163] and Active Blobs [284] are an
extension of ASMs, in the sense that the main modes of variation of both the object’s shape and appearance
(after warped to the mean shape) are learned from the training data by applying PCA twice. A third PCA
is sometimes applied to capture the correlations between shape and appearance parameters. The model fits
a novel image by minimizing the appearance reconstruction error. By taking the appearance information into
account, AAMs are more robust to the initial condition than ASMs. AAMs were first used for AV-ASR in [206],
where it was shown that they perform better than ASMs in this task.

8.1.3 Visual Features

In order the visual information in a video stream depicting the speaker to be useful for speech recognition,
a compact set of about 10-100 informative features must be extracted from each frame and be used later for
statistical classification. These features should be as robust as possible when different people talk and their
poses or lighting conditions vary. Unlike audio-only speech recognition, where the properties of various sets
of features are well understood, research on the relative merits of alternative visual features for visual speech
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recognition is far less mature. One can classify the various visual features proposed in the literature into three
broad categories [261], namely:

e appearance features, which directly use (a transform of) the pixel values in the mouth ROIL.
e shape features, where the parameters of a shape model are used to derive the features.

o combined shape and appearance features, where information from both the shape and the appearance of
the ROI are used to form the features.

In the sequel we further discuss these approaches. One can refer to [261] for more details.

Appearance Features

This approach to feature extraction doesn’t need a shape model to be fit on the speaker’s face, as described in
8.1.2. It only requires that a ROI around the speaker’s mouth has been identified at each video frame. The
preliminary feature vector consists then of the concatenated greyscale or color pixel values, having length d = N
or d = 3N, respectively, where N is the number of pixels in the ROI. Since the length d of the preliminary
feature vector is usually still large, a dimensionality reduction technique is usually applied, before these features
are used for speech recognition.

One usual unsupervised learning approach to dimensionality reduction is through Principal Component
Analysis (PCA) [200]. This method uses a training set of ROI images to learn an affine space of reduced
dimensionality k < d capturing the main modes of variation (eigenimages) in the class of ROI images. PCA-
based dimensionality reduction has been used extensively in the context of speechreading (see the references
in [261]). Another popular approach for coding visual features for visual speech recognition is to use image
compression techniques, based on standard image transforms, such as the Discrete Cosine Transform (DCT)
and the Discrete Wavelet Transform (DWT) [259).

A different, supervised learning approach for dimensionality reduction used often in practice is Linear
Discriminant Analysis (LDA). LDA finds a projection matrix such that the between-class variance of the
projected data is maximized relative to their within-class variance and can be shown to be the optimal decision
rule in the case that the classes are Gaussian and have a common covariance matrix [98]. For more details and
enhancements to LDA, see the references in [261].

Shape Features

This approach to feature extraction assumes that the shape of the ROI contains enough information for visual
speech recognition. Shape based features are extracted utilizing shape models, which were described in 8.1.2.
The features of interest are usually extracted from the shape of the speaker’s lips area, although in some cases
larger parts of the face are used [207]. The feature vector can either describe some geometric properties of the
lip’s shape or, alternatively, just consist of the parameters of the specific shape model used for shape fitting.

After the lip contours have been identified in the current frame with one of the methods discussed in
Sec. 8.1, a vector of lip geometric features can be extracted from them to subsequently be used for visual
speech recognition. Examples of such features, which have been used extensively by various AV-ASR systems,
include the height, width, perimeter, as well as the area contained within the contour. Another approach to
describe the shape of the lips succinctly is through lip shape moments or Fourier descriptors [96]. See [261] for
more details.

If a parametric shape model has been fitted to the speaker’s face, as described in 8.1.2, it is natural to use the
shape model parameters as shape features. The parameters of Active Contours tracking the speaker’s lips
have been used for speech recognition in many speechreading systems, including the ones presented in [63, 83].
The variables controlling the shape of deformable templates fitted on the lips have been utilized for the same
task in [134, 80]. Finally, the parameters of ASMs have been used for AV-ASR in [196, 206], among others.

Combined Shape and Appearance Features

Since appearance or shape only features are useful for visual speechreading, it seems plausible that features
encoding both shape and appearance information can be most efficient in capturing visual information for
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speech recognition. Some researchers have therefore tried to integrate joint shape and appearance features
in their AV-ASR systems. In most early attempts to achieve this goal, features from each category are just
concatenated. In [196], for example, shape parameters from a fitted ASM model were combined with the
intensity profiles around each landmark of the ASM (see 8.1.2) in order to enhance the ASM with appearance
information. The advent of statistical tools such as the AAMs, described in 8.1.2, which can model both the
shape and the appearance of the face in a unified framework, has resulted in a more principled way to describe
visual speech information with combined shape and appearance features. The first AV-ASR system utilizing
AAMs in its visual front-end is reported in [206].

Visual Feature Comparison

An efficiency comparison between different sets of visual features is complicated, because the various researchers
usually test their methods on different AV-ASR corpora and on different tasks, ranging from connected digit
recognition to Large Vocabulary Continuous Speech Recognition (LVCSR).

Having said that, a couple of comparisons among different visual features are worth mentioning. First of
all, a number of studies have shown appearance information, in the form of either appearance features or joint
shape and appearance features, is indispensable in visual speech recognition. For example, AAMs outperform
ASMs in the work reported in [206] and simple DCT appearance features give better results than lip contour
geometric features in [259]. The experiment on speaker-independent LVCSR task documented in [207] shows
that simple, image transform, appearance-based features, which require no particular training, perform better
than AAMs, whose efficiency critically depends on careful training. For more references, one can consult [261].

8.2 Audio Visual Integration for Speech Recognition

To successfully address the problem of audiovisual speech recognition, it certainly does not suffice to complement
the set of robust audio features with an informative set of visual features from the video stream, following the
methods described in the previous section. The main task that needs to be addressed next is the fusion of the
heterogenous pool of audio and visual features in a way that ensures that the combined audiovisual system
outperforms its audio-only counterpart in all practical scenarios [33]. This task is complicated due to a couple
of issues, the main of them being:

e Audio and visual speech asynchrony. Although the audio and visual observation sequences are certainly
correlated over time, they exhibit state asynchrony, with visual activity preceding auditory activity by as
much as 120 ms [63], close to the average duration of a phoneme. As we will see, this asynchrony renders
modeling audiovisual speech with conventional HMMs [264] problematic.

e The relative speech discriminative power of the audio and visual streams can vary dramatically during a
typical session in unconstrained environments, making their optimal fusion a challenging task.

Therefore successful audio and visual feature integration requires utilization of advanced techniques and
models for cross-modal information fusion. This research area is currently very active and many different
paradigms have been proposed for addressing the general problem. In the sequel we will confine ourselves to
reviewing the main research trends for feature fusion in the context of audiovisual feature integration.

One can generally classify the various approaches to audio and visual feature integration into three main
categories [134], depending on the stage that the audio and visual streams are fused, namely early, intermediate
and late integration techniques. We will discuss next about the properties of these classes of methods.

8.2.1 Early Integration Techniques for Audio-Visual ASR

The simplest approach to audio-visual feature integration is through early integration methods. This class of
techniques utilize a single classifier, avoiding the explicit modeling of the two different speech modalities.

In early integration approaches to audiovisual integration one simply concatenates the audio and visual
feature vectors to obtain a single combined audiovisual vector [33]. In order to reduce the length of the resulting
feature vector, dimensionality reduction techniques like LDA are usually applied before the feature vector finally
feeds the recognition engine [260]. The classifier utilized by most early integration audiovisual ASR systems is a
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conventional HMM, which is trained using the mixed audiovisual feature vector. Additional details on AV-ASR
techniques based on audiovisual feature fusion can be found in [261].

8.2.2 Intermediate Integration Techniques for Audio-Visual ASR

Since early integration techniques avoid the explicit modeling of the multimodal nature of speech, they fail to
model both the fluctuations in the relative reliability and the asynchrony problems between the two distinct
audio and visual streams. In order to address these shortcomings, the multi-modality of audiovisual speech
needs to be modeled more faithfully than conventional HMMs allow. A number of HMM extensions, belonging
to the class of Dynamic Bayesian Networks (DBNs) [93], have been proposed in the literature in an attempt to
address this goal. These models have two aspects in common, namely:

e They attempt to explicitly capture the reliability of each modality by letting the class conditional obser-
vation likelihood to be the product of the observation likelihoods of the single-stream components, raised
to appropriate stream exponents that vary depending on the confidence of each stream.

e They allow modeling the state asynchrony of the audio and visual streams while preserving their natural
correlation over time.

Some representative such models are the multistream HMM [333], the product HMM, the factorial HMM [119]
and the coupled HMM [62]. A comparative study of the relative performance of these DBN-based architectures
for the isolated word recognition task has shown that the C-HMM outperforms the other models in almost all
cases [227].

8.2.3 Late Integration Techniques for Audio-Visual ASR

Late integration models utilize two independent HMMs, one for the audio and one for the visual features stream,
which can be trained separately. The final classification decision is reached by combining the partial outputs of
the uni-modal classifiers. The correlations between the visual and acoustic channels are not captured by these
models.

In more detail, for small-vocabulary, isolated word speech recognition, late integration can be easily imple-
mented by combining the audio- and visual-only log-likelihood scores for each word model in the vocabulary,
given the acoustic and visual observations [33]. However, this approach is intractable in the case of connected
word recognition or LVCSR, where the number of alternative paths explodes. A good heuristic alternative in
that case is through lattice rescoring [333]. The n most promising hypotheses are extracted from the audio-only
recognizer and they are rescored after taking the visual evidence into account. The hypothesis that has the
highest combined score is then selected. More details about this approach can be found in [228].

8.3 Conclusions

This section attempted to give an overview of the state-of-art in the area of audiovisual automatic speech
recognition. Currently, AV-ASR seems to be one of the most promising approaches in the effort to make
automatic speech recognition a ubiquitous HCI technology.

However, AV-ASR technology is not yet mature enough to be deployed in commercial ASR applications.
Further progress needs to be done in areas like the robust design of visual front-ends and the optimal fusion
of multimodal features. In order to successfully address challenges in these areas, current methods utilized for
audio-only speech recognition are probably not adequate and researchers will need to devise novel techniques,
specifically tailored for multimodal problems. Interdisciplinary research initiatives can play an important role
towards this goal. Additionally, the wide availability of big audiovisual speech corpora is expected to boost
AV-ASR research, the same way audio-only ASR technology vastly improved after audio speech corpora where
created.

In conclusion, audiovisual automatic speech recognition seems to be a very promising research area, with a
great potential for significant impact in the design of pervasive HCI systems.
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9 Adaptive Interfaces

9.1 Introduction

Today’s computer user interfaces have advanced from command like interfaces to direct manipulation (WIMP)
interfaces. Programmers and software designers usually create interfaces for pre-defined, hypothetical and
prototypical users [87] and attempt to make them appropriate for a large and diverse group of users. Because of
differences in the experience levels, learning/work styles, cognitive abilities etc. however, traditional interfaces
often pose problems for individual users. For example, an interface might be too complex for a novice user,
while appearing too simplistic to an expert user.

However, nowadays there is a significant trend towards adaptive and customizable interfaces, which use
modeling and reasoning about the domain, the task, the user etc. to extract and represent user’s knowledge,
skills, and goals, in order to better serve them with their tasks. Such systems can for example adapt their
interface to a specific user, give feedback about the user’s knowledge and predict user’s future behavior such as
answers, goals, preferences and actions [156].

9.2 Motivation

Adaptive human computer interaction promises to support more sophisticated and natural input and output,
to enable users to perform potentially complex tasks more quickly, with greater accuracy, and to improve user
satisfaction. They are a promising attempt to overcome such problems resulting from increasing complexity
of human-computer interaction. These systems are typically characterized by one or more of the following
properties [210], [209], [208]:

e Multimodal Input
e Multimodal Output
e Interaction Management

This new class of interfaces promises knowledge or agent-based dialog, in which the interface gracefully handles
errors and interruptions, and dynamically adapts to the current context and situation, needs of the task per-
formed and the user model. This interactive approach is believed to have great potential for improving the
effectiveness of human-computer interaction [187]. The overarching aim of intelligent interfaces is to both in-
crease the interaction bandwidth between human and machine at the same time increase interaction effectiveness
and naturalness by improving the quality of interaction. Effective human machine interfaces and information
services will also increase access and productivity for all. Studies [310] provided empirical support for the
concept that user performance can be increased when the interface characteristics match the user skill level,
emphasizing the importance of adaptive user interfaces. A grand challenge of adaptive interfaces is to represent,
reason, and exploit various models to more effectively process input, generate output, and manage the dialog
and interaction between human and machine so that we maximize the efficiency, effectiveness, and naturalness,
if not joy, of interacting.

9.3 Definitions

Literature on adaptive interfaces is very diverse. There are hundreds of articles and books that focus on
narrow domains, from searching information with a Wireless Application Protocol (WAP) device to automatic
task allocation systems for aircraft pilots. Because work on adaptive interfaces spans multiple disciplines, the
definition of an adaptive interface varies. In the introduction of the special issue of Interacting with Computers
about intelligent interface technology, Keebleq and Macredie [173] define an adaptive interface as:

One where the appearance, function or content of the interface can be changed by the interface (or
the underlying application) itself in response to the user’s interaction with it.

Langley [187] considers an adaptive interface as a special class of learning systems and defines it as:
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A software artifact that improves its ability to interact with a user by constructing a user model based
on partial experience with that user.

According to Rothrock et. al. [273] adaptive interfaces are defined as:

An adaptive interface autonomously adapts its displays and available actions to current goals and
abilities of the user by monitoring user status, the system task, and the current situation.

9.4 The Nature of Adaptive Interfaces

One central feature of adaptive interfaces is the manner in which the system uses the learned knowledge. Some
work in applied machine learning are designed to produce expert systems that is intended to replace human.
However work on adaptive interfaces intends to construct advisory-recommendation systems, which only make
recommendations to the user. These systems suggest information or generate actions that the user can always
override. Ideally, the learned by the system knowledge should reflect the preferences of the individual users,
thus providing personalized services to each one.

Every time the system suggests a choice to the user he/she accepts or rejects it, thus giving feedback to the
system to update it’s knowledge base either implicit or explicit. The system should carry out on-line learning,
in which the knowledge base is updated each time an interaction with the user occurs. Since adaptive user
interfaces collect data during their interaction with the user, one naturally expects them to improve during the
interaction process, making them “learning” systems rather than “learned” systems.

Because adaptive user interfaces must learn from observing their user’s behavior, another distinguishing
characteristic of these systems is their need for rapid learning. The issue here is the number of training cases
needed by the system to generate good advice. Thus, it is recommended the use of learning methods and
algorithms that achieve high accuracy from small training sets over those with higher asymptotic accuracy but
slower learning rates. On the other hand, the speed of interface adaptation to user’s needs is desirable but not
essential. An interface that learns slowly will be more useful to the user than an interface that does adapt to
the user at all. However adaptive interfaces that learn rapidly will be more competitive, in the user’s eyes, than
ones that learn slowly.

9.5 Types of Adaptive User Interfaces and Applications

Someone can view many decision-support tasks in terms of making recommendations. However is such systems
we have to specify certain details like how the user communicates his needs, the manner in which results are
represented, or even the number of recommended items. Any specific approach in developing a recommendation
system must take under consideration the above issues.

We can identify three main categories of adaptive user interfaces, whose differences have implications for
the type of feedback the user must provide. The first category are the Informative interfaces which attempt
to select or filter information for the user, presenting only those items he will find interesting or useful. The
most obvious examples of such systems are for product recommendation, news filtering and Web navigation and
information seeking. These systems usually directs the user’s attention within a large space of items. Typical
user feedback in such systems include marking recommended choices as desirable or undesirable, rating them
on some scale, or giving some similar form of system’s results evaluation.

9.5.1 Informative systems

Depending on the type of filtering and interaction with the user Informative systems, we can distinguish three
main classes of them. Those that perform content-based filtering, those that perform collaborative or social
filtering and those that do both. In content-based filtering the system presents to the user a number of recom-
mendations and the user marks the desirable and undesirable ones. Briefly, this scheme represents each item
with a set of descriptors, usually the words that occur in a document, and the filtering system uses these de-
scriptors as predictive features when deciding whether to recommend a document to the user. Example systems
of this category are [186], [58], [249]. Of course, content-based methods are also widely used in search engines
for the World Wide Web.
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In collaborative or social filtering the system requires the user to rate a series of sample items from which it
constructs a simple profile. Then it finds other people with similar profiles to the current user and recommends
items that they liked and the current user has not yet rated. Because these systems make predictions about
items based on feedback on many different users the filtering is called collaborative or social. Example systems
of collaborative filtering are [290] RINGO, and a number of vendors on the Web, including AMAZON.COM
which sell books and other items.

Although researchers typically contrast content-based and collaborative filtering, the two approaches are not
mutually exclusive. There exists systems that combine collaborative and content based methods . The intuition is
that content-based methods are best for suggesting topics similar to ones the user has liked in the past, whereas
collaborative methods can suggest items outside the user’s normal area that he will find interesting. Example
system is [44].

9.5.2 Generative systems

The second category of adaptive user interfaces are the generative interfaces which focus on the generation of
some useful knowledge structure. Examples of this category include document preparation, drawing packages,
spreadsheet programs, and systems for planning, scheduling and configuration. These areas support richer types
of feedback since the user can not only override a recommendation but can replace it with another one entirely.

9.5.3 Conversational systems

The third category of adaptive user interfaces are the conversational interfaces. Systems with conversational
interfaces, instead of accepting keywords and returning a long list of choices, they perform a dialog with the
user asking a series of questions each designed to reduce the number of acceptable candidates, and the user’s
answers provide constraints that narrow the search. For more information see [102].

9.6 Benefits and Limitations of Adaptive Interfaces

Before an adaptive interface is built, the designer should be aware of its potential benefits and limitations.

9.6.1 Benefits

In their comparison of clumsy, nonadaptive and workload adaptive interface systems, Parasuraman, Mouloua
and Hilburn [244] concluded that there are three benefits from using effective adaptive interfaces: enhanced
performance, regulated workload, and reduced reliance on static automation. They showed that through use
of an efficient adaptive interface, users were able to reduce the time to complete tasks and committed fewer
errors while user satisfaction was increased. An adaptive user interface can minimize the need for operators to
maintain or transform information in working memory when the operator’s workload is high through increasing
the number of tasks allocated to the machine. Therefore, if an adaptive system can reduce the workload level at
peak times, it will improve the overall human-machine system performance by lowering the number of possible
errors and decreasing the number of necessary personnel.

9.6.2 Limitations

Adaptive user interfaces should not be considered a panacea for all problems. The designer should seriously take
under consideration if the user really needs an adaptive system. The most common concern regarding the use of
adaptive interfaces is the violation of standard usability principles. In fact, there exists evidence that suggests
static interface designs sometimes promote superior performance than adaptive ones. In terms of consistency,
Somberg [298] found that retrieval time with a static alphabetic menu is as fast as with a frequency-based menu.
From a user control perspective, Schneiderman [281] and Keeble and Macredie [173] found that users of adaptive
interfaces sometimes felt that they were losing control of the system. In terms of transparency, Hook [141] and
Schneiderman [281] found that adaptivity obscured the visibility of the system. Hook and Schneiderman also
suggest that some adaptive systems hide the way they work and, in turn, cause a loss of user predictability.
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As a consequence of these factors, an adaptive interface may engender mistrust, or even distrust. In his
research for usability trade-offs in adaptive user interfaces Paymans et. al. [248] showed that adaptation
mechanisms have a cost-benefit trade-off for usability. Unpredictable autonomous interface adaptation can
easily reduce a system’s usability. To reduce this negative effect of adaptive behavior they attempted to help
users building adequate mental models for such systems. This user support attempt, improved ease of use but
unexpectedly reduced learnability. This shows that an increase of ease of use can be realized without actually
improving the user’s mental model of adaptive systems.

9.7 Approaches to Adaptive User Interface Design

The literature on the subject of adaptive interfaces is very heterogeneous and closely linked with each domain
of application. According to [273] we can classify existing designs and models along three main points of views:
human-factors, human-computer interaction, and hybrid.

9.7.1 The Human Factors Approach

The human factors approach focuses on two main topics. The first topic addresses the appropriate choice of
automation level and the degree to which a task must be shared between the operator and the system. The
issues that are typically raised include the selection of tasks to be automated, the time at which automation
should be switched on or off, and the entity (human or machine) that is responsible for the switch. The second
topic focuses on the identification and measurement of the user s resources. Of particular interest is the issue
of workload, which is assumed to be the main trigger of the adaptive process.

9.7.2 The Human-Computer Interaction Approach

In the HCI field, adaptive interfaces are often called Intelligent User Interfaces. This approach focuses on a
table of variables that categorizes the user called the user profile. Of particular interest within the profile are
user s goals and preferences. The profile is inferred by analyzing the user s behavior, which generally consists
of his interactions with the system.

9.7.3 Hybrid Approaches

To incorporate the user-centered focus of the human factors approach with the systems-oriented view of the HCI
approach, researchers have derived hybrid frameworks. Various approaches are taken in the design of systems
using Hybrid Approaches. For more information see [157], [66], [320].

9.8 Evaluation

The literature on the subject of adaptive interfaces is very heterogeneous and closely linked with each domain.
Nevertheless adaptive user interfaces differ from previous software entities in some important ways, which
suggests a careful examination of the issues surrounding their experimental evaluation. In the following section
we are trying to outline the most important features that could be objective measures in the evaluations of
various types of adaptive user interfaces.

9.8.1 Efficiency

People typically invoke computational decision aids, including adaptive user interfaces because they expect the
software will help them accomplish their tasks more rapidly and with less effort than they can do on their
own. This makes efficiency an obvious measure to use in evaluating adaptive user interfaces. However one can
instantiate this measure in different ways.

One natural measure of efficiency is the time the user takes to accomplish his task. But the time is not the
only measure of efficiency. Another facet is the effort that the user must exert to make a decision or solve a
problem. Here the most obvious measure is the number of user actions that take place during the solution of a
problem.
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9.8.2 Measures of Quality

Another main reason that users turn to advisory systems is to improve the quality of solutions to their task.
This goal is very common in situation where someone wants to solve a problem that takes many steps, but is
also common in situations where one wants to find an appropriate item. As with efficiency someone can define
the notion of quality in different ways.

If there exists some objective measure of quality for a domain, one can use this directly in an evaluating
experimental study. For example if there is a site that find the lowest price for a product the the resulting price
constitutes an objective measure of quality. However, evaluating quality in domains that involve more than one
criterion becomes more complicated.

9.8.3 Measures of User Satisfaction

This evaluation suggests reliance on some separate measure of user satisfaction to determine quality of the
system’s behavior. One way to achieve this is to present each user with a questionnaire that asks about their
subjective experience.

Another measure of user’s satisfaction involves giving the user some control over weather they use certain
features of the system. If the user turns off the system’s advisory capability or disables its personalization
module, one can safely conclude that the user has not been satisfied by his experience with these features.

9.8.4 Measures of Predictive Accuracy

Because the user model in an adaptive user interface makes predictions about user responses it is natural to
rely on predictive accuracy. Accuracy is the most wide spread measure in machine learning which makes it very
familiar to adaptive interface developers.

However, there are some inherent problems with using predictive accuracy to determine the success of a
system. Although this measure can be a useful analytical tool for understanding the details of a system behavior
it does not reflect directly the overall efficiency or quality of solutions which should be the main concern.

9.9 Relation to WP10

In order to cope with an ever-increasingly large and complex Web, there is a demand for intelligent tools and
structures which can simplify the experience and make navigation of the sites and information retrieval easier
for users and yet maximize the quality and completeness of the experience. These tools and structures should
provide sufficient intelligence so that one can sense the environment, perceive and interpret the situations in
order to make decisions and to control actions.

The challenge of massive, multimedia digital libraries has turned attention toward the problem of integrated
access to structured data and textual sources as well as media with spatial and temporal properties (e.g.,
sound, maps, images, video). Intelligent multimedia information retrieval goes beyond traditional hypertext
or hypermedia environments to provide content based indexing of multiple media and management of the
interaction with these materials by representing and reasoning about models of the media, user, discourse and
task. Interaction tailored to the user, task, and situation will be necessary to support interaction with large scale
and complex digital libraries. Heterogeneous media sources/services may require different methods of access,
including distinct query languages and profiles (e.g., keywords for text data, structured query for relational
data, visual query), however these should be as intuitive and uniform as possible, supporting cross media query.
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10 Usability in Mobile Multimedia Applications

10.1 Introduction

Mobility poses special challenges for working with multimedia content. Mobile content should be easy to create
and access with mobile devices, which have limited capabilities for input, output, storage, memory, processing
power, etc. Novel methods for overcoming these difficulties are needed and this section will discuss some of
them. More specifically, alternative interfaces will be covered, as well as semantics and metadata for efficient
storage and retrieval of multimedia content. Some comparisons between capabilities of handheld devices and
those of “traditional” PCs are also considered.

10.2 Alternative Interfaces

Traditional interfaces are not designed for mobile use. In many cases more intuitive interfaces support better
mobile use. Especially with tiny mobile devices with very small display traditional WIMP-based (Windows,
Icons, Menus and Pointing device) interfaces are cumbersome as only few items can be seen at one time. New
smart phones equipped with camera, infrared reader and bluetooth interface allow use of more intuitive interfaces
and to control with mobile device other devices.

Applications running in the device itself can be used by voice recognitions interface or by video/image-
based interface.Some user interaction paradigms for physical browsing include ScanMe, PointMe and TouchMe.
According to the authors these paradigms provide an optimal support for natural interaction with physical
objects with any tagging technology.

User may choose the tag (object) of interest by pointing it, touching it or scanning it with his mobile device
(here PDA). Tag can be RF-ID tag (Radio Frequency) or Bluetooth tag. Also visual tags are used for interaction
with the physical world. [REF]

10.3 Semantic Description of Metadata
10.3.1 Ontologies

In philosophical sense the concept of ontology comes close to metaphysics and studies the nature of being.
Webster dictionary defines ontology as a branch of metaphysics, concerned with the nature and relations of
being. Since the term was adopted to artificial intelligence and computer science in general, it’s meaning was
somewhat altered. One of the most quoted definition of ontology in the scope of computer comes from Thomas
Gruber, who defines the ontology as a specification of a conceptualization [125]. This transforms the concept
of ontology from being an explanatory principle of the world into a design instrument applied in considering
information systems.

One essential question about ontologies is the scope of one ontology. How much information and various
topics should one ontology cover? At one extreme is the approach where everything should be fitted in one
ontology. At the other extreme is the approach where ontologies are very small and designed again for every
purpose. Both of these extremes have their drawbacks. The one-huge-ontology approach fails because it likely
cannot maintain internal consistency between concepts and also, because it probably will become very slow and
cumbersome to use in the technical sense. The other extreme, instead, is untenable because it dissolves the very
point of using ontologies in the first place, i.e., knowledge sharing.

The most feasible way of utilizing ontologies lies somewhere in between these extreme approaches. An on-
tology is to enable knowledge sharing within some distinct domain. It can be envisaged, however, that using
information across ontologies is evident in the future. This brings about ontology management issues. In prin-
ciple ontology management deals with ontology integration. Ontology integration can be roughly divided into
three categories: actual integration, merge, and use. Ontology integration is about constructing new ontologies
by combining existing ontologies about different domain. In ontology merge process, existing ontologies about
subjects in the same domain are harmonized to create a new ontology. Ontology use concerns the process of
integrating ontologies into applications.

A special case of ontology integration comes with versioning. If an ontology is changed or replaced with a
new version all of a sudden, how are the applications designed according to the previous version(s) supposed to
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work? The nature of the change in the ontology has impact on this. Five different ways of changing an ontology
can be identified [176]:

e Logical changes (changes in the hierarchy of concepts)

e Non-logical changes (e.g. changes in natural language documentation of concepts)
e Identifier changes (renaming concepts)

e Definitions of new concepts

e Deletion of concepts

Compatibility between different ontology versions can be divided into following categories based on the
notions of prospective use and retrospective use [177]. The former refers to the case where the use of data
sources that conform to a previous version of the ontology via a newer version of the ontology, and the latter to
the case where the use of data sources that conform to a newer version of the ontology via a previous version of
the ontology. These can be defined as:

e Fully compatible revisions (upward and backward): the semantics of the ontology is not changed, for
example, syntactic changes or updates of natural language descriptions; this type of change is compatible
in both prospective use and retrospective use

e Backward compatible revisions: the semantics of the ontology are changed in such a way that the inter-
pretation of data via the new ontology is the same as when using the previous version of the ontology, for
example, the addition of an independent class; this type of change is compatible in prospective use

e Upward compatible revisions: the semantics of the ontology is changed is such a way that an older version
can be used to interpret newer data sources correctly, for example. the removal of an independent class;
this revision is compatible in retrospective use

e Incompatible revisions: the semantics of the ontology is changed in such a way that the interpretation of
old data sources is invalid, for example, changing the place in the hierarchy of a class; this type of change
is incompatible in both prospective use and retrospective use

10.3.2 Description Languages

Metadata is intended for expressing the meaning or otherwise characterizing some data. This poses challenges for
the languages used for expressing metadata. A metadata language should have expressive power for describing
the entities within the data, as well as their interrelations. For example, should the data depict Ian Rankin the
author of detective stories, the metadata language should be able to express that he is an author, that he writes
detective stories, etc. Naturally the nature of data has impact on the metadata. If the depiction of Ian Rankin
is a picture, possible metadata can be the colour of his hair and other features evident in the picture. If the
depiction is a piece of text, instead, the colour of his hair might well be absent.

Another thing having influence on metadata is its usage purposes. If the metadata characterizing Ian
Rankin is intended for listing crime writers, relevant metadata can be books, their years of publication, their
main characters, etc. However, as Ian Rankin is known to have other occupations in addition to writing— grape-
picker, swineherd, tax inspector, and punk musician among others—he can be categorized based on many other
areas as well. This phenomenon is closely related to the scope of ontologies considered above. Metadata can
be considered as an ontology to data. The inevitable domain-specifity of ontologies comes to restrict metadata
as well. Metadata could—and should—not try and capture everything there is to say about a piece of data.
Instead, it should be acknowledged that metadata is designed for some purpose.

XML (eXtensible Markup Language) is becoming a de facto standard for exchanging any information over
the Web, and metadata is no exception. However, as such XML is too inexpressive and further specifications on
top of it are needed. Some languages for expressing multimedia-related metadata are considered below. Here,
instead, general metadata description languages are briefly presented. The examination is restricted to Semantic
Web languages, since they are at the moment the most influental public generic metadata specification efforts.
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Figure 4: The Semantic Web tower

The Semantic Web is an extension to the current Web, in which the content is given machine-understandable
definitions [52]. This machine-understandability means, that computer programs in addition to human beings
are capable of processing material in the Web, reasoning upon it, and finally taking actions. The Semantic Web
abstract architecture is often depicted as a “tower” or a “layer cake” [51]. In that architecture, depicted also
in Figure 4, the lower layers act as enablers for upper layers. For example, the ontologies on the ontology layer
are defined using RDF. RDF, instead, has a serialization in XML. It should be noted, however, that the upper
layers are not inherently dependent on lower layers. RDF, for example, can have other serialization syntaxes
besides XML. Actually, a simpler serializations for RDF such as N3 and N-Triples are popular among researchers
because they more space-saving and faster to write by hand than the XML serialization of RDF.

The layers in the Semantic Web tower that are below RDF are not Semantic Web specific but used elsewhere
as well. RDF (Resource Description Framework) defines the core data model of the Semantic Web, which is a
directed graph [199]. That differentiates RDF from plain XML, which is an arbitrary tree. The layers on top
of RDF reuse its data model. The basic RDF graph consists of subject, predicate, and object (also often called
property) [178].

RDF Schema [65] specifies some basic concepts that are useful in expressing any metadata. Such are for
example domain and range restrictions for properties, and subclass-relationship between classes. RDF Schema
actually enables defining simple ontologies. However, the Web Ontology Language (OWL) specified on top of it
has more expressivity [48]. With OWL one can specify for example cardinalities, intersections of classes, unions,
etc. RDF, RDF Schema, and OWL are all since February 2004 W3C Recommendations.

There existed ontology description languages well before the Semantic Web. Examples are OCML!, Loom,
and FLogic?. In many ways these “traditional” ontology description languages are more expressive than the Web-
based ontology languages, and therefore one could argue that they are better suitable in describing metadata.
However, since Semantic Web languages are based on XML, a de facto standard and widely used, they are
probably more suitable in knowledge sharing and information exchange over the Web. For comparison between
various ontology description languages, see [122].

1Operational Conceptual Modeling Language
2Frame Logic
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10.4 Metadata Standards for Multimedia
10.4.1 MPEG?7 and MPEG21

There is huge amount of multimedia data available these days, in digital archives, on the web, personal databases
etc. and the amount of the data is increasing all the time. Yet the value of that information depends on how
easily it can be managed, stored and retrieved.

Multimedia Content Description Interface better known as MPEG-7 is a multimedia standard that aims to
multimedia content management. It is developed by Moving Pictures Experts Group (MPEG) committee of
Organization for Standardization (ISO).

MPEG-7 does not aim to any specific application, rather MPEG-7 support as broad a range of applications
as possible. And it aims to be generic, which is key difference between MPEG-7 and other multimedia standards.

Four basic elements of MPEG-7 are: Descriptors, Description Schemes: Description Definition Language
(DDL) and System Tools.

Descriptors: “A representation of Feature. A Descriptor defines the syntax and semantics of the Feature
representation.”

Description Scheme: “The structure and semantics of the relationships between its components, which may
be both Descriptors and Description Schemes.”

Description Definition Language: “A language that allows the creation of new Description Schemes and,
possibly, Descriptors. It also allows the extension and modification of existing Description Schemes.”

System Tools: “Tools to support multiplexing of descriptors with content, delivery mechanisms, and coded
representations (both textual and binary formats) for efficient storage and transmission and management and
protection of intellectual property in MPEG-7 Descriptors.”

The MPEG-7 standard itself consist of 7 parts: MPEG-7 Systems, MPEG-7 DDL, MPEG-7 Visual, MPEG-
7 Audio, MPEG-7 Multimedia Description Schemes, MPEG-7 Reference Software, MPEG-7 Conformance,
MPEG-7 Extraction and Use of Descriptions.

MPEG-standards (MPEG-1,-2,-4,-7) provide a complete, powerful, and successful set of tools for multimedia
representation, together with other multimedia standards like JPEG and JPEG 2000. But as these standards
are constructed one by one, they do not fit perfectly together. Some parts of them overlap and on the other
hand, there exists caps between them. And there is also need for integrated and suitably normative digital
rights management (DRM) system. MPEG-21 aims to multimedia framework that solves these problems.

In briefly MPEG-21 is an open standards-based framework for multimedia delivery and consumption. It
aims to enable the use of multimedia resources across a wide range of networks and devices.

More about MPEG-standards can be found for example at the web address http://www.chiariglione.org/mpeg/
and at http://www.mpeg.org/MPEG /starting-points.html.

10.5 Content Description, Creation, Annotation, and Sharing with Mobile De-
vices

Due to their limited input capabilities and other restrictions, mobile devices pose special challenges for working
with multimedia content. Typically the reason for working on multimedia content with a mobile device in
the first place is that the content is created with that device. It can be for example a photograph taken
with a mobile phone’s digital camera. Once the content is created, the user would benefit from easy-to-use
functionalities storing, annotating, and possibly even editing the content.

In this context multimedia content can be considered as data and the descriptions or annotations attached
to it as metadata. The relationship between multimedia content and its metadata can be investigated. A
practical question is, for example, whether the metadata descriptions should be embedded within the data
(i.e., in the same file), or rather stored in separate files and connected with links? And if in separate files,
should the links be navigable in both directions, i.e., from metadata to data and vice versa? The Annotea
project® represents the “separated files” approach. Annotea investigates bookmark sharing in the Web so that
independent bookmark servers store the bookmarks—such as comments or recommendations based on various
Web content [179]. Whenever people with access rights enter bookmarked Web content, they get notified about

3http://www.w3.org/2001/Annotea/
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the bookmarks. So far only W3C’s own Web browser/editor, called Amaya?, supports the creation and browsing
of these annotations. Storing content and metadata separately suits mobile applications, since mobile devices
often have limited storage capacities. Metadata could be stored in the mobile device and the actual content in
some server with more storage space.

When working with mobile devices with limited input modes, the content annotation should be automated
as far as possible. Examples of relevant metadata which can be automatically annotated are time of creation
and/or storage, creator, location (in case the mobile device is capable of positioning itself), type of content
(PNG, SVG, MPEG, HTML, etc.), size of the content (in bytes), dimensions (in case of images), duration (in
case of audio or video), resolution and color scale (in case of images and video). Based on the metadata created
automatically and/or manually by the user, the system can also try to guess the actual object of the content
by comparing it with other existing material and asking verification from the user [327, 278].

Mobile content sharing is an interesting and emerging phenomenon. Web logging, or “blogging”, is already
hugely popular and mobile devices equipped with digital cameras add a new twist to blogging. You can take
pictures or shoot film anywhere, and store it to a database, which is possibly shared with other persons. There
already exist some commercial initiatives for this®. Adding metadata to these shared mobile content would be
of use, especially if the metadata would be defined according to semantics shared by the community accessing
the shared databases.

10.6 Novel Devices and Content Adaptation
10.6.1 Challenges with Devices with Limited Capabilities

Mobile multimedia devices (smart phones and PDAs) have limited computing capacities. Typical clock frequency
for a phone is 100 MHz and for PDA few hundreds MHz, which is quite less compared to PC’s few GHz. Phones
and PDAs have also small memory typical RAM is 32-62 MBytes (+ additional memory card of few hundreds
MBytes), whereas PCs can have few GBytes.

Also display capacity is limited compared with PC displays. Especially with mobile phones small display is
clearly a weakness concerning multimedia applications. Typical display in mobile phone varies from 176x208 to
200x 640 pixels or similar with 65000 colors and PDAs often have 240x320 pixels display.

Although mobile devices are evolving all the time, it’s not in range of vision that their computing capacity
would be near to that of PC’s.

Image processing and pattern recognition are an old disciplines and many tasks are trivial when there is
enough computing capacity. But mobile devices still have quite small memory and low computing capacity
compared with PCs. Pattern recognition, image processing, editing multimedia and not to mention video
editing, is still challenging task with them. New methods and algorithm need to be invented or know algorithms
need to be optimized for target platform.

4http://www.w3.org/Amaya/

5See, for example, Futurice (http://www.futurice.fi); = Kodak Mobile (http://www.kodakmobile.com);  Cog-
nima (http://www.cognima.com); Six Apart Typepad (http://www.typepad.com); Textamerica (http://www.textamerica.com);
Nokia Lifeblog (http://www.nokia.com/lifeblog)
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