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Preface

An increasing number of telephone services are offered in a fully automatic
way with the help of speech technology. The underlying systems, called spo-
ken dialogue systems (SDSs), possess speech recognition, speech understand-
ing, dialogue management, and speech generation capabilities, and enable a
more-or-less natural spoken interaction with the human user. Nevertheless, the
principles underlying this type of interaction are different from the ones which
govern telephone conversations between humans, because of the limitations of
the machine interaction partner. Users are normally able to cope with the limi-
tations and to reach the goal of the interaction, provided that both interlocutors
behave in a cooperative way.

The present book gives a systematic overview of assessment, evaluation,
and prediction methods for the quality of these innovative services. On the
basis of cooperativity considerations, a new taxonomy of quality of service
(QoS) aspects is developed. It identifies four types of factors influencing the
quality aspects perceived by the user: Environmental factors resulting from the
physical situation of use (transmission channels, ambient noise); factors directly
related to the machine interaction partner; task factors covering the interaction
goal; and non-physical contextual factors like the access conditions and the
involved costs. These factors are shown to be in a complex relationship to
different categories of perceived quality, like cooperativity, efficiency, usability,
user satisfaction, and acceptability. The taxonomy highlights the relationships
between the different factors and aspects. Itis a very useful tool for classifying
assessment and evaluation methods, for planning and interpreting evaluation
experiments, and for estimating quality on the basis of system characteristics.

Quality is the result of a perception and a judgment process. Consequently,
assessment and evaluation methods involving human test subjects are necessary
in order to quantify the impact of system characteristics on perceived quality.
The system characteristics can be described with the help of interaction parame-
ters, i.e. parameters which are measured instrumentally or on the basis of expert
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annotations. A number of parameters and evaluation methods are defined, both
on a system component level and for the fully integrated system. It is shown
that technology-centered component assessment has to go hand in hand with
user-centric evaluation, because both provide different types of information for
the system developer. The resulting information about quality is needed in all
phases of system specification, design, implementation, and operation, in order
to efficiently set up systems which offer a high quality to their users.

Three new experimental investigations illustrate the relationships between
system characteristics on the one side, and component performance or per-
ceived quality on the other. First, the effect of the transmission channel on
speech recognition and speech output is analyzed with the help of a network
simulation model. The results are compared to human communication scenar-
i0s, and quality or performance estimations are obtained on the basis of system
characteristics, using quality prediction models. In a second step, interaction
experiments with a fully integrated system are carried out, and interaction pa-
rameters as well as user quality judgments are collected. The analysis of the
obtained data shows that the correlation between both types of metrics is rel-
atively low. This is a proof for the hypothesis that quality models for the
overall interaction with the SDS can cover only a part of the factors influencing
perceived quality. With the help of the QoS taxonomy, alternative modelling
approaches are proposed. Still, the predictive power is too limited to avoid
resource-demanding experiments with human test subjects. The reasons for
this finding are discussed, and necessary research directions to overcome the
limitations are pointed out.

The assessment, evaluation and prediction of quality requires knowledge
from a number of disciplines which do not always share a common ground of
information. Although being written from the perspective of an engineer in
telecommunications, the book is directed towards a wide audience, from ex-
perts in telecommunications and signal processing, communication acoustics,
computational linguistics, speech and language sciences, up to psychophysics,
human factor design and ergonomics. It is hoped that this — admittedly very
ambitious — goal can at least partially be reached, and that the book may provide
useful information for designing systems and services which ultimately satisty
the needs of their human users.

Bochum

SEBASTIAN MOLLER
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Chapter 1

MOTIVATION AND INTRODUCTION

Modern telecommunication networks promise to provide ubiquitous access
to multimedia information and communication services. In order to increase
the number of their users, telephone network operators create new speech inter-
action services for communication, information, transaction and E-commerce,
via an interconnected global network of wireline and mobile trunks. For mobile
network operators, speech-based services are a key feature to being different
from other operators. Other companies are cutting costs by automating call
centers and customer-service operations, and can improve internal operations
via web- and telephone-based services, especially for mobile workers. The
Gartner group expects 2003 about one third of the automatized telephone lines
to be equipped with automatic speech recognition capabilities (Thyfault, 1999).

Apart from the significant advances which have been made in speech and
language technology during the last twenty years, the possible economical ben-
efit for the service operators has been a key driving force for this development.
Following the argumentation of Whittaker and Attwater (1995), speech-based
systems help to

= ecnable marketdifferentiation,

® exploit revenue opportunities,

® improve the quality of existing services,

® improve the accessibility of services,

® reduce the cost of service provision, and

= free-up people to concentrate on high-value tasks.

These reasons can be decisive for companies and service operators to integrate
speech and language technology into their services. Railway information can
be seen as a typical example: Based on a study of 130 information offices
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in six countries (Billi and Lamel, 1997), over 100 million calls were handled
per year, with at least another 10 million calls remaining unanswered. About
91% of the callers solely asked for information, and only 9% performed a
reservation task. It was estimated that over 90% of the calls could be handled
by an automatic system with a recognition capability of400 city names, and over
95% by a system with a 500 city names capability. Thus, automatic services
seem to be a very economic solution for handling such tasks. They help to
reduce waiting time and extend opening hours. The negative impact on the
employment situation should however not be disregarded.

Amongst all potential application areas of spoken dialogue systems, it is the
telecommunication sector which has provided the most powerful impetus for
research on practical systems to date (Fraser and Dalsgaard, 1996). From a tele-
com operator’s point of view, the new services differ in three relevant aspects
from traditional ones (Kamm et al., 1997b). On the service side, traditional
voice telephony was amended by the integrated transmission of voice, audio,
image, video, text and data, in fixed and mobile application situations. On the
transmission technology side, analogue narrow-band wireline transmission has
been replaced by a mix of wireline and wireless networks, using analogue or
digital representations, different transmission bandwidths, and different media
such as copper, fiber, radio cells, satellite or power lines. On the communication
side, the model changed from a purely human-to-human communication to an
interaction partly between humans, and partly between humans and machines.
These changes have consequences for the developers of spoken dialogue sys-
tems, for transmission network operators, and of course for the end users.

Interactive speech systems are “computer systems with which humans inter-
act on a turn-by-turn basis” (Fraser, 1997, p. 564). They enable and support the
communication of information between two parties (agents), mostly between a
human user and a machine agent. Here, only those systems will be addressed in
which spoken language plays a significant role as an interaction modality. Ac-
cording to Dybkjar and Bernsen (2000), p. 244, the most advanced commercial
systems

“have a vocabulary of several thousand words; understand speaker-independent spon-
taneous speech; do complex linguistic processing of the user’s input; handle shifts in
initiative; have quite complex dialogue management abilities including, e.g. reasoning
based on the user’s input, consultation of the recorded history of the dialogue so far, and
graceful degradation of the dialogue when faced with users who are difficult to under-
stand; carry out linguistic processing of the output to be generated; solve several tasks,
and not just one; and robustly carry out medium-length dialogues to provide the user
with, for instance, train timetable information on the departures and arrivals of trains
between hundreds of cities”.

Whereas not all of these characteristics need to be satisfied, the focus will be set
in the following investigations on systems which accept continuously spoken in-
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put from different speakers, allow initiative to be taken from both the user and the
system, and which are capable of reasoning, correction, meta-communication
(communication about communication), anticipation, and prediction. These
systems are called ‘spoken dialogue systems’ (SDSs), in some literature also
‘spoken language dialogue systems’ (SLDSs). They have to be differentiated
from systems with more restricted capabilities, e.g. command systems or sys-
tems accepting only dialling tones as an input. A categorization of interactive
speech systems will be given in Section 2.1.3.

Most of the currently available systems enable a task-orientated dialogue, i.e.
the goal of the interaction is fixed to a specific task which can only be reached if
both interaction partners cooperate. This type of interaction is obviously very
restricted, and it should not be confused with a normal communication situation
between humans. In task-orientated dialogues, the structure of the task was
shown to carry a significant influence on the structure of the dialogue (Grosz,
1977), and this structure is a prerequisite for systems whose speech recognition
and understanding capabilities are still very limited. In practical cases, this
restriction is however not too severe, because task-orientated dialogues are
highly relevant for commercial applications.

Spoken dialogue systems can be seen as speech-based user interfaces (so-
called voice user interfaces, VUIs) to application system back-ends, and they
will thus compete with other types of interfaces, namely with graphical user
interfaces (GUIs). GUIs have the advantage of providing immediate feed-
back, reversible operations, incrementality, and of supporting rapid scanning
and browsing of information. Because the visual information may easily and
immediately indicate all options which are available at a specific point in the
interaction, GUIs are relatively easy to use for novices. Spoken language inter-
faces, on the other hand, show the inherent limitations of the sequential channel
for delivering information, of requiring the user to learn the language the sys-
tem can understand, of hiding available command options, and of leading to
unrealistic expectations as to their capabilities (Walker et al., 1998a). Speech
is perceptually transient rather than static. This implies that the user has to pick
up the information provided by the system immediately, or he/she will miss it
completely.

These arguments against SDSs are however only valid when such systems
Just mimic GUIs. Human-to-human interaction via spoken dialogue shows that
humans are usually able to cope with the modality limitations very well. Even
better, spoken language is able to surpass several weaknesses which are inherent
to direct manipulation interfaces like GUIs (Cohen, 1992, p. 144):

“Merely allowing the users to select currently displayed entities provides them little
support for identifying objects not on the screen, for specifying temporal relations, for
identifying and operating on large sets and subsets of entities, and for using the context
of interaction. What is missing is a way for users to describe entities, by which it is



meant the use of an expression in a language (natural or artificial) to denote or pick out
an object, set, time period, and so forth.”

It seems that the limitations of speech-based interfaces can and have to be
addressed by an appropriate system design, and that in this way interfaces of-
fering a high utility and quality to their users can be set up. Some general
design principles are already well understood for GUIs, and should also be
taken into account in SDS design, e.g. to represent objects and actions continu-
ously, or to allow rapid, incremental, reversible operations on objects which are
immediately acknowledged (Shneiderman, 1992; Kamm and Walker, 1997).
These principles reflect to some extent the limitations of the human memory
and cognitive and sensory processing. In SDSs, a continuous representation
can be reached by using consistent vocabulary throughout the dialogue, or by
providing additional help information in case of time-outs. Immediate feedback
can be provided by explicit or implicit confirmation, and by allowing barge-in.
Summarization might be necessary at some points in the interaction in order to
respect the human auditory memory limitations.

Before developing a spoken dialogue system, it has to be decided whether
speech is the right modality for the application under consideration, and for
the individual tasks to be carried out. For example, users will not like to say
their PIN code out aloud to a cash machine in the street, and long timetable
lists are better displayed visually. The decision on an appropriate modality can
be taken in a systematic way by using modality properties, as it was proposed
by Bernsen (Bernsen, 1997; Bernsen et al., 1998). If speech is not sufficient
as a unique modality, multimodal systems may be a better solution (Fellbaum
and Ketzmerick, 2002). Such systems are able to handle several input and
output devices addressing different media in parallel. A user may interact with
the system using different modalities of input and output, and combinations of
modalities are possible. For example, a user may point to a touchscreen device
and ask “How can I get there?”. Or a system may display a route on the screen
and inform the user: “You have to turn right at this point!”. Cohen (1992),
p. 143, pointed out that a major advantage of multimodal user interfaces is “to
use the strengths of one modality to overcome weaknesses of another”.

Still, the speech modality will remain an essential element in multimedia
communication services. This fact is underlined by the strong persistence of
unimodal narrow-band telephone services even in networks which would al-
low for wideband and audio-visual services. Remote access to information is
highly desirable (in privacy, but also for mobile workers), and the telephone is
a lightweight and ubiquitous form of access which is available to nearly every-
one. Speech is also the only modality to address devices which are physically
very small, or which are desired to be invisible. Thus, it can be expected that
speech will continue to persist as the main modality in human-to-human com-
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munication and develop for human-machine interaction as well, besides other
multimodal forms.

In order to design spoken-dialogue-based services to be as efficient, usable
and acceptable as possible, both the underlying technologies (speech transmis-
sion, speech recognition, language understanding, dialogue management and
speech synthesis), as well as the human factors which make human-machine
interfaces to be usable, have to be considered. The perception of a service by
its users will depend on the underlying technology, but the link between both is
particularly complex, because it involves a human partner which cannot easily
be described annd modelled via algorithms. It would be wrong to assume that
the notable progress which has been reached in the last years for SDSs would
be grounded on a thorough theoretical basis, at least not on one for the human
interaction partner. A solid theoretical basis can however only be built when
the underlying characteristics of the human-machine interaction via spoken lan-
guage are well understood. The optimal way to advance our knowledge in this
respect is to analyze the human-machine interaction situation, and to assess and
evaluate the characteristics of the systems under consideration from the human
user’s point of view. A user-centric evaluation will help to identify, describe
and measure the interaction problems which can be observed, and is thus a
prerequisite for setting up better theories and systems.

The development of spoken dialogue systems requires not only a change in
the focus of speech and language research activities, namely from typed text to
spoken language input, from read to spontaneous speech recognition, and from
simple recognition to interpretation and understanding of speech input (Maier
et al., 1997; Furui, 2001b). In addition, it increases the need for carrying out
subjective’ interaction experiments with human users in order to determine the
quality of the developed systems, and the resulting satisfaction of their users.
As a wide range of novice users is the target group of current state-of-the-
art systems and services, the need for subjective assessment and evaluation of
quality is increasing (Hone and Graham, 2001, p. 2083):

“In the past speech input/output technology was successful only in a limited number
of specialised domains. Now speech technology is increasingly seen as a means of
widening access to information services. Many see speech as an ideal gateway to the
mobile internet. Others see it as a way of encouraging more widespread use of informa-
tion technology, particularly by previously excluded groups, such as older people. The
eventual success of speech as a means of broadening access in this way is very heavily
dependent on the perceived ease of use of the resulting systems.”

'"The expression “subjective” is used in the following to indicate that a measurement process involves the
direct perception and judgment of a human subject, which acts as a measuring organ. It is not contrasted to
“objective”, and carries no indication of intra- or inter-subject validity, reliability, or universality.



Unfortunately, the need for a systematic evaluation still seems to be underes-
timated. Despite the efforts for the development of assessment and evaluation
criteria made both in the US and the EU during roughly the last decade (e.g.
the DARPA programs and the EAGLES initiative), the dimensions of quality
of a spoken-dialogue-based service which are perceived by its users are still not
well understood. One obvious reason is that only few real interactive systems
have been available so far. However, there is also a lack of stable reference
criteria which an evaluation or assessment could be based on. Whereas for
speech recognizers the target is relatively clear (namely to achieve a high word
accuracy), for other components there is no basic categorization available, e.g.
for dialogue in terms of dialogue acts, grammars, etc. When the components
are integrated to form a working system, the impetus of each part on the quality
of the whole has to be estimated. This task is particularly difficult because so
far no analytic and generic approaches to quality exist, neither for the analysis
of the users’ quality percepts, nor for the system elements which are responsible
for these percepts.

It is the aim of the present work to contribute to the closing of this gap.
A particular type of service will be addressed, namely the interaction with a
spoken dialogue system over a telephone network. For such a service, the
transmission channel and the acoustic environment carry a severe impact on
the performance of the dialogue system. Modern transmission networks like
PSTN (public switched telephone network), ISDN (integrated services digital
network), mobile networks, or IP-based networks introduce a number of differ-
ent impairments on the transmitted speech signal. Whereas the effects of these
impairments on a human interaction partner can partly be quantified, it is still
unclear how they will impact the interaction with a spoken dialogue system. It
has to be assumed that their impact on the interaction quality may be consid-
erable, and thus has to be taken into account in the system development and
evaluation phases. The problem has to be addressed jointly by transmission net-
work planners and by speech technology experts. As a consequence, this book
1s directed towards a wide audience in telecommunication engineering, speech
signal processing, communication acoustics, speech and natural language tech-
nology, communication science, as well as human factors and ergonomics. It
will provide useful background information from the involved fields, present
new theoretical and experimental analyses, and serve as a basis for best practice
system design and evaluation.

Chapter 2 describes the covered interaction situations from a global point of
view, following the way which is taken by the information from the source to
the sink, and vice versa. It involves the acoustic user interface, the transmission
channel, the speech recognizer, the speech understanding component, the dia-
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logue manager, the underlying application program, the response generation,
the speech synthesis, the transmission channel, and the acoustic interface to the
human user. An overview of the most important elements of this chain will
be given in this chapter. Humans interacting with a spoken dialogue system
usually behave in a different way than can be observed in human-to-human
communication scenarios. This behavior will be addressed in the following
section, indicating aspects which are important for the quality perception of the
user. On the basis of this analysis, a new taxonomy of all relevant aspects of
quality will be developed. It shows the relationship between the relevant ele-
ments of the system or service and the user’s quality percepts which are orga-
nized on different levels (efficiency, usability, user satisfaction, acceptability).
For human-to-human interaction over the phone, several of these relationships
can already be quantitatively described, using quality prediction models. For
spoken dialogue systems accessed over the phone, modelling approaches are
still very limited, and system designers have to rely on intuition and on sim-
ulation experiments. Apparently, there is a lack of assessment and evaluation
data which would be useful for quantifying the effects of system elements on
perceived quality.

Methods and methodologies for quality assessment and evaluation will be
discussed in Chapter 3. The individual elements of a spoken dialogue system
will be addressed first individually, and commonly used methods and develop-
ments will be pointed out. However, the quality of the whole system and of
the service visible (audible) to the user will not be just a sum of the individ-
ual components. It is therefore necessary to quantify the contribution of the
individual components to the quality perception of the whole. A way in this
direction is to collect interaction parameters which relate to individual aspects
of the system, and to relate them to quality features perceived by the user. Thus,
quality assessment and evaluation requires the collection of subjective quality
judgments from users who are interacting with the service under consideration.
The collection can be largely facilitated by simulation environments as long as
not all system components are available. A list of interaction parameters and
judgment aspects will be compiled by the end of that chapter. It will form a
basis for new evaluation experiments, and can serve as a source of information
for system developers.

On the theoretical basis for quality description and analysis, experimental
data will be presented in Chapters 4 to 6. The experiments address three dif-
ferent parts of the communication chain, namely the recognition of telephone-
impaired speech signals (Chapter 4), the quality of synthesized speech when
transmitted over the telephone network (Chapter 5), and quality aspects of the
interaction with a fully working system (Chapter 6). Each problem is addressed
in an analytical way, using simulation environments in order to gain control over
the elements potentially influencing the performance of the system, and conse-
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quently the user’s quality percepts. Relationships between system or interaction
parameters on the one hand, and quality judgments on the other, are established
with the help of quality prediction models. For the transmission channel impact,
signal-based or parametric models are used. They have to be partly extended
in order to obtain reasonable predictions. For a fully working service, the rela-
tionship between interaction parameters and quality aspects is addressed with
the help of linear regression models. Although the predictions for the whole
service are far from perfect, the taxonomy of quality aspects developed in Chap-
ter 2 proved to form a solid basis for quality modelling approaches which aim
at being generic, and applicable to a variety of other systems.

The interaction scenario which is addressed here is of course limited. How-
ever, it is expected that the structured approach to quality of telephone-based
spoken dialogue systems can be transferred to other types of systems. Exam-
ples are systems which are operated directly in different acoustic environments
(car navigation systems, smart home systems), or multimodal systems. Such
interactive systems will become increasingly important in the near future, and
their success and acceptance will depend to a large extent on the level of quality
they offer to their users.



Chapter 2

QUALITY OF HUMAN-MACHINE INTERACTION
OVER THE PHONE

Telephone services which rely on spoken dialogue systems are now being in-
troduced at a large scale for information retrieval and transaction tasks. For the
human user, when dialing the number, it is often not completely clear that the
agent on the other side will be a machine, and not a human operator. The uncer-
tainty is supported by the fact that the user interface (e.g. a telephone handset)
is identical in both cases. As a consequence, comparisons will automatically be
drawn to the quality of human-to-human communication over the same chan-
nel, for carrying out the same task with a human operator. Thus, it is useful to
investigate both scenarios in parallel. While acknowledging the differences in
behavior from both — human and machine — sides, it seems justifiable to take
the human-to-human telephone interaction (here short ‘human-to-human inter-
action’, HHI) as one reference for telephone-based human-machine interaction
(short ‘human-machine interaction’, HMI). Depending on the task, another ref-
erence may be a web site for online timetable consultation, or a TV news-ticker
with stock rates. The references have to be taken into account when the quality
of a telecommunication service, the quality of the dialogic interaction with a
machine agent, or the quality of transmitted speech are to be determined.

The quality of transmitted speech has been a topic of investigations for a
long time in traditional telephony. Its importance is still increasing with the
advent of mobile phones and packetized speech transmission (e.g. Voice over
Internet Protocol, VoIP), and new assessment methods and prediction models
are currently being developed. When the interaction partner on the other side
of the transmission channel is a machine instead of a human being, the question
arises of how the performance of speech technology, in particular of speech
recognition and speech understanding, but in a second step also of speech syn-
thesis, is influenced by the transmission channel. Without doubt, the quality
of transmitted speech will be linked in some way to the performance of speech
technology devices which are operated over the transmission channel. Both
entities should however not be confused, because the requirements of the hu-
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man and the machine interaction partner are different. Depending on how well
both requirements are fulfilled, the dialogue will be more or less successful,
resulting in a higher or lower interaction quality for the user. The interaction
quality largely determines the quality of the whole telecommunication service
which is based on an SDS.

Whereas structured approaches have been documented on how to design
spoken dialogue systems so that they adequately meet the requirements of their
users (e.g. by Bernsen et al., 1998), the quality which is perceived when in-
teracting with SDSs is often addressed in an intuitive way. Hone and Graham
(2001) describe efforts to determine the dimensions underlying the user’s qual-
ity judgments, by performing a multidimensional analysis on subjective ratings
obtained on a large number of different scales. The problem obviously turned
out to be multidimensional. Nevertheless, many other researchers still try to
estimate “overall system quality”, “usability” or “user satisfaction” by simply
calculating the arithmetic mean over several user ratings on topics as different
as perceived synthesized speech quality, perceived system understanding, and
expected future use of the system. The reason is the lack of an adequate de-
scription of quality dimensions, both with respect to the system design and with
respect to the perception of the user.

The quality of the interaction will depend not only on the characteristics of
the machine interaction partner itself, but also on the transmission channel and
the acoustic situation in the environment of the user. In the past, the impact of
transmission impairments in HHI has been analyzed in detail, and appropriate
modelling approaches already allow it to be quantified in a predictive way
(Moller and Raake, 2002). Unfortunately, no such detailed analysis exists
for the transmission channel impact on the interaction of a human user with
a spoken dialogue system over the phone. This gap has to be filled, because
modern telecommunication networks will have to guarantee both — a high speech
communication quality between humans, and arobust and successful interaction
between humans and machines'. Apparently, adequate planning and evaluation
of quality are as important for the designer of transmission networks as they
are for the designers of spoken dialogue systems.

In this chapter, an attempt is made to close the gap. The starting point is a
description of communication scenarios in which a human user interacts with
a spoken dialogue system over some type of speech transmission network, see
Section 2.1. It takes into account the source and the sink of information, as
well as the transmission channel. Different types of networks will be briefly
discussed, and the main modules of a spoken dialogue system will be pre-
sented. The human interaction with an SDS in these scenarios is described in

'"The author admits that this is an ambitious goal. Usually, telecommunication networks are designed for
HHI only, and speech technology devices have to cope with the resulting limitations.
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Section 2.2, on the basis of a theory which has successfully been used for the
definition of design guidelines for spoken dialogue systems. The guidelines
encompass general principles of cooperative behavior in HMI, and form one
aspect of interaction quality.

A more general picture of interaction quality and of the quality of services
offered via SDSs is presented in Section 2.3. A new taxonomy is developed
which allows quality aspects to be classified, and methods for their measure-
ment to be defined. To the author’s knowledge, this taxonomy is the first one
capturing the majority of quality aspects which are relevant for task-orientated
HMI over the phone. It can be helpful in three respects: (1) System elements
(both of the transmission channel and of the spoken dialogue system) which are
in the hands of developers, and responsible for specific user perceptions, can
be identified; (2) the dimensions underlying the overall impression of the user
can be described, together with adequate (subjective) measurement methods;
and (3) prediction models can be developed to estimate quality — as it would
be perceived by the user — from instrumentally or expert-derived interaction
parameters. The taxonomy will be compared to definitions of quality on differ-
ent levels (efficiency, usability, user satisfaction, acceptability) which can be
found in the literature. Practical experiences with the taxonomy for analyzing
and predicting quality are presented in Chapter 6.

An adequate definition of quality aspects is necessary in order to success-
fully build spoken dialogue systems and telecommunication networks. The
specification, design and evaluation process is illustrated in Section 2.4, both
for the transmission network and for the spoken dialogue system. It is shown
that quality aspects should be taken into account already in the early phases of
system specification and design in order to meet the requirements of the user,
and consequently to build systems which are acceptable on the market. The
congruence between system properties and user requirements can be measured
by carrying out assessment and evaluation experiments, and an overview of the
respective methods is given in Chapter 3. On the basis of experimental test
data, it becomes possible to anticipate quality judgments of future users, and
to take design decisions which help to optimize the usability, user satisfaction,
and acceptability of the system. Chapters 4 and 5 show how quality prediction
models can be used to estimate the transmission channel and environmental im-
pact on speech recognition performance and synthesized speech, respectively,
and Chapter 6 presents first steps towards structured quality prediction methods
for the overall human-machine interaction.

2.1 Interaction Scenarios Involving Speech Transmission

In this book, quality for a specific class of human-machine-interaction will
be addressed, namely the interaction of a human user with a spoken dialogue
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Figure 2.1. Human-to-human telephone conversation over an impaired transmission channel.

system via some type of speech transmission network, in order to carry out
a specific task. Whereas the scenario is similar to normal human-to-human
communication over the phone, it has to be emphasized that fundamental dif-
ferences exist, resulting from both the machine agent and from the behavior of
the human user (cf. Section 2.2). Nevertheless, the scenarios are similar in their
physical set-up, and it has been stated that the quality of HHI over the phone will
represent one reference for the quality of HMI with a spoken dialogue system.

The two scenarios are depicted in Figures 2.1 and 2.2. In both cases, the hu-
man user carries out a dialogic interaction via some type of telecommunication
network. The network will introduce a number of transmission impairments
which are roughly indicated in the pictures, and which will impact the quality
of transmitted speech (when perceived by a human communication partner) as
well as the performance of a speech recognizer (and subsequent speech and
natural language technology components in the spoken dialogue system). On
its way back to the human user, the transmission channel will also degrade the
speech signal generated by the dialogue system. Because telecommunication
networks will be confronted with both scenarios, it is important to consider the
requirements of both the human user and the speech technology device. The
requirements will obviously differ, because the perceptive features influencing
the user’s judgment on quality are not identical to the characteristics of a speech
technology device, e.g. of an automatic speech recognizer (ASR).

The human user carries out the interaction via some type of user interface, e.g.
a telephone handset, a hands-free terminal, or a computer headset. The acoustic



Quality of Human-Machine Interaction over the Phone 13

«——— Attenuation / Frequency Distortion ———

}

h

PSTN/ISDN —3
Mobile Network F@
Reflection

Packet-Based Network I
deriDe@—T Room Acoustic
Noise Noise Coupling

Absolute Delay Listener Echo

o/
Transmission Error
Frame / Packet Loss
Voice Activity Detection

Figure 2.2. Interaction of a human user with a spoken dialogue system over an impaired trans-
mission channel.

characteristics of the mentioned interfaces are very diverse, and so is their
sensitivity to room acoustic phenomena occurring in the talking and listening
environment of the user. For example, ambient noise may significantly impact
the intelligibility of speech signals transmitted through a hands-free terminal,
and it also carries an influence of the talking behavior of the user. As a result,
such an environmental factor will have to be taken into account for the overall
quality of the interaction, be it with a human user or with a machine agent.
When the interaction partner is a machine, the acoustic characteristics on the
machine side can be neglected, the interface being set up in a purely electric
way via a 4-wire connection to the telecommunication network.

In the following sections, the characteristics of the transmission system —
including the room acoustics at the user’s side — and of the spoken dialogue
system components will be discussed in more detail. The description is quite
generic in character, as it refers to a large number of transmission networks
(wirelines, wireless and [P-based) and of components which are used in nearly
all types of spoken dialogue systems. It will therefore be valid for a large
number of current state-of-the-art and future services which will be offered via
telecommunication networks.

2.1.1 Speech Transmission Systems

Telephone speech quality, in the times of telephone networks administered
and operated at the national level, was closely linked to a standard analogue
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or digital transmission channel of 300-3400 Hz bandwidth, terminated at both
sides by conventionally shaped wirebound handsets. Most national and in-
ternational connections featured these characteristics until the 1980s. Com-
mon impairments were transmission loss, linear distortions, continuous circuit
noise, as well as quantizing noise associated with waveform PCM coding pro-
cesses. These features were usually described in a simplified way in terms of
a signal-to-noise ratio, SNR. Due to the low variability of the physical channel
characteristics, users’ expectations largely reflected their experiences with such
connections over the years —arelatively stable reference forjudging quality was
achieved.

This situation completely changed with the advent of new coding and trans-
mission technology, new terminal equipment, and with the establishment of
mobile and IP-based networks on a large scale. Telephone speech quality is
no longer necessarily linked to a specific transmission channel nor to a specific
user interface. Rather, a specific transmission channel may be accessed through
different types of user interfaces (e.g. handset phones, hands-free terminals,
headsets), or one specific user interface serves as a gate to different transmis-
sion channels (wireline or mobile telephony, IP-based telephony). The services
which are accessible to the human user now span from the standard human-to-
human telephone service to a large variety of HMI services, e.g. for timetable
information, stock exchange rates, or hotel reservation. Kamm et al. (1997b)
state that an ever increasing percentage of the traffic in such modern networks
is between humans and machines. The variety of transmission channels and
user interfaces has severe consequences for the quality of transmitted speech,
and consequently also for the quality of services which are accessed through
the networks.

The underlying reason for this change is an integration of different types of
networks. In the past, two types of networks have evolved mainly in parallel: On
the one hand the connection-orientated, narrow-band telephone network, which
is implemented in a mixed analogue (Public Switched Telephone Network,
PSTN) and digital way (Integrated Services Digital Network, ISDN), and which
has been augmented by cellular wireless telephone networks (e.g. the Global
System for Mobile communication, GSM); and on the other hand a packet-based
network which makes use of the Internet Protocol (IP), the internet.

Networks of the PSTN/ISDN type are connection-orientated, i.e. they al-
locate a specific transmission channel for the whole duration of a connection.
Voice transmission is generally limited to a bandwidth of around 300-3400 Hz
(lower frequencies with ISDN), which corresponds to a standard digital trans-
mission bit-rate of 64 kbit/s in order to reach an SNR of roughly 40 dB (nearly
independent of the signal level due to a non-linear quantization). This bit-
rate may be reduced by making use of medium- to low-rate speech coders, or
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an extended wideband transmission channel (50-7000 Hz) may be offered in
ISDNs. Signalling is performed through a parallel data channel. Mobile tele-
phone networks mainly follow the same principle, but because of the limited
bandwidth, speech coders operating at bit-rates around 13.6-6.8 kbit/s have to
be used. Multi-path propagation and obstacles in the wireless transmission path
severely impact the quality of the received signal and make channel coding and
error protection or recovery techniques indispensable.

IP-based networks, on the other hand, are packet-switched and connection-
less. Routing and switching is performed by data packets, using the standard
transmission protocol TCP/IP (Transmission Control Protocol/Internet Proto-
col). The information which is to be transmitted is divided into packets con-
sisting of a header (source and address of the packet) and a payload (voice,
audio, video, data, etc.). Packet-based networks are designed to handle bursty
transmission demands like data transfer, but they are not optimally designed for
synchronous tasks like voice, audio or video transmission. Nevertheless, it is
often desirable to install only one network which is able to handle a multitude
of different transmission requirements in an integrated way. In such a case,
the transmission of on-line speech signals over an IP-based network may be an
economic alternative, and huge efforts have been invested into the respective
technology and quality requirements in recent years, cf. the TIPHON project
and the “Technical Committee Speech Processing, Transmission and Quality
Aspects” (TC STQ) initiated by the European Telecommunications Standards
Institute, ETSIL.
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Figure2.3. Interconnection of a mixed PSTN/ISDN/mobile network with an IP-based network,
terminated with wireless or wireline telephones, an H.323 terminal, and a PBX, see ITU-T Rec.
G.108(1999).

Although in principle both types of networks allow the transmission of speech
signals and data, PSTN/ISDN networks are mainly used for the transmission
of time-critical information like speech signals in an on-line communication,
whereas IP networks usually transmit non time-critical data information. For
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more than a decade, these two types of networks have tended to be integrated,
forming one interconnected network where traffic can be routed through differ-
ent sub-networks. The interconnection between connection-orientated and IP-
based networks is generally performed by so-called gateways. Figure 2.3 gives
an example of such an interconnected network, namely a mixed PSTN/ISDN
connected to an IP-based network, and terminated with wireless or wireline tele-
phones, an H.323 terminal, and a private branch exchange (PBX). In addition,
mobile networks of the new generation (e.g. the Universal Mobile Telecommu-
nications System, UMTS) base their normal voice service on IP transmission
technology. Interconnected networks may also provide multimodal services,
e.g. a spoken dialogue web interface or an audio-visual teleconference service.

From a physical point of view, speech transmission networks consist of ter-
minal elements, connection elements, and transmission elements (ITU-T Rec.
G.108, 1999):

® Terminal elements: All types of analogue or digital telephone sets, wired/
cordless or mobile, including the acoustic interface to the user. They can be
characterized by the frequency responses of the relevant transmission paths
(send direction, receive direction, electrical coupling of the talker’s voice
in the telephone set), or in a simplified way using the so-called ‘loudness
ratings’ (see the discussion in Section 2.4.1). For wireless terminals, addi-
tional degradations are caused by delay, codec and digital signal processing
distortions, and time-variant behavior as a result of echo cancellers or voice
activity detectors integrated in the terminals.

w Connection elements: All types of switching elements, e.g. analogue or
digital private branch exchanges (PBX), mobile switching centers, or in-
ternational switching centers. They may be implemented in an analogue or
digital way. Analogue connection elements can be characterized by loss and
noise, digital ones by the delay and quantizing distortion they introduce. In
the case of 2-wire/4-wire interfaces (hybrids), signal reflections may occur
which result in echoes due to a non-zero transmission delay.

s Transmission elements: Physical media including cables, fibres, or radio
channels. The signal form may be analogue or digital. Analogue media
are characterized by their propagation time, loss, frequency distortion, and
noise; digital ones by their propagation time, codec delay, and signal dis-
tortions.

The list shows the sources of most of the degradations which can be observed
in current speech transmission networks. A separation into three types of el-
ements is however not always advantageous, because the boundary between



Quality of Human-Machine Interaction over the Phone 17

user interface and transmission network is blurred. Modern networks make it
necessary to take the whole transmission channel mouth-to-ear into account, in
an integrative way. The degradations which occur on this channel are quantified
with respect to their influence on the acoustic signal reaching the user or the
spoken dialogue system, irrespective of the source they originate from. Such
a point of view is taken in Section 2.4.1 where the individual degradations are
discussed in more detail, and system parameters for a quantitative description
are defined.

2.1.2 Room Acoustics

Speech communication via the telephone usually takes place from locations
which are not shielded against ambient noise, concurrent talkers, or reverber-
ation. Thus, in nearly all practically relevant cases the acoustic environment
in which an SDS-based service is used has to be taken into account. Room
acoustic influences are particularly important for services accessed through the
mobile network, as the acoustic situation is usually worse than in locations with
fixed installed telephone sets. An example for a critical situation is a hands-free
terminal mounted in a moving car.

Ambient room noise is picked up by the microphone in all types of user
interfaces simultaneously to the desired speech signal. However, user interfaces
differ in their sensitivity for the mostly diffuse ambient noise compared to the
directed speech sound. In the presence of a diffuse sound field, generated for
example in a highly reverberant room, the transmission characteristic of the
sending microphone towards ambient noise can be determined. The sensitivity
towards a directed speech sound can be measured with the help of a head and
torso simulator, as it is specified in the respective ITU-T Recommendations,
e.g. in ITU-T Rec. P.310 (2003) for digital handset telephones, and in ITU-
T Rec. P.340 (2000) for hands-free terminals. For handset telephones, the
weighted average difference in sensitivity between direct and diffuse sound can
be expressed by a one-dimensional scalar factor, the so-called D-factor of the
handset under consideration.

The disturbing effect of ambient noise on the user is usually characterized
by a frequency weighted (A-weighted) average sound pressure level which can
be measured using a sound level meter. However, it has been shown that the
specific spectral and temporal characteristics of the noise, and the meaning
which is associated to it by the human listener, may also carry a significant
influence on how loud and how annoying it is perceived (Bodden and Jekosch,
1996; Hellbriick et al., 2002). On the telephone connection, the A-weighted
noise power level can be transformed into an equivalent level of circuit noise.
This transformation is current practice for some network planning models, see
Section 2.4.1.1.
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Apart from the direct influence on the transmitted speech signal, ambient
noise leads to a change in talking behavior. This ‘Lombard reflex’ (Lombard,
1911; Lane et al., 1961, 1970) affects the loudness of the produced speech
signal, the speaking rate, and the articulation of the talker. Several authors
have shown that the Lombard reflex significantly influences the performance
of speech recognizers, and consequently has to be taken into account when
evaluating spoken dialogue systems. In standard telephone handsets, a part of
the speech produced by the talker is coupled back to its own ear, in order to
compensate for the shielding effect of the handset, and to give a feedback on the
proper work of the device. This so-called ‘sidetone’ path will also loop back a
part of the ambient noise to the user’s ear.

The room acoustic situation is particularly important when a service is ac-
cessed from a hands-free terminal. Such user interfaces are prone to coloration
and reverberation resulting from early and late reflections in the talker’s en-
vironment (Briiggen, 2001). Hands-free terminals are also very sensitive to
the ambient noise, as the talker is usually located at an unknown distance and
direction with respect to the microphone. Due to the physical set-up, micro-
phone and loudspeaker are located very closely compared to the talker/listener,
and are usually not decoupled from each other. Thus, level switching or echo
cancelling devices have to be integrated in the user interface. These devices
introduce time-variant degradations on the speech signal (front-end clipping,
signal distortions, residual echo) and during the pauses, effects which are partly
masked by inserting so-called ‘comfort noise’. Whereas echo cancellers may
help to prevent spoken dialogue systems from loosing their barge-in” capability,
they nevertheless introduce degradations on the speech signal which impact the
performance of speech recognizers.

2.13 Spoken Dialogue Systems

Spoken dialogue systems can be seen as an interface between a human user
and an application system which uses speech as the interaction modality (Fraser,
1997). This interface must be able to process two types of information: The
one coming from and going to the user through the speech-technology-based
interface (voice user interface, VUI), and the one coming from and going to
the application system through a specialized (e.g. SQL-based) interface. The
connection between the user and the application system is an indirect one: The
SDS must achieve a number of actions in order to be able to give a response, and
the response will depend on the internal state of the system, or on the context
of the interaction. This situation is the most common one found in practical

’Barge-in is defined as the ability for the human user to speak over the system prompt (Gibbon et al., 2000,
p. 382). Two types of barge-in may be distinguished: One in which the user can interrupt the system without
being understood, and one where the user can stop the system output and the speech is understood.
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applications so far. Another situation exists, namely a system which supports
—in one way or another — human-to-human communication. Examples for the
latter are multilingual translation systems like the one set up in the German
VerbMobil project. They will mainly be disregarded in the following chapters,
although several considerations (e.g. the experiments described in Chapters 4
and 5) also refer to this type of SDS.

Seen from the outside, the task of the SDS is to enable and support the spoken
interaction between the human user and the service offered by the application
system. This task leads to a number of internal sub-tasks which have to be
handled by the system: The coherence of the user input has to be verified, taking
into account linguistic and task- or domain-related knowledge; communicative
and task goals have to be negotiated with the user, and problems occurring
during the interaction have to be resolved; references like anaphora or ellipses
in the user’s utterances have to be resolved; inferences which are reasonable in
the communicative and task context have to be drawn, and the most probable
user reaction has to be predicted; and appropriate and relevant responses to the
user have to be generated.

Interactive dialogue systems have been defined as “computer systems with
which humans interact on a turn-by-turn basis” (Fraser, 1997, p. 564). Depend-
ing on the complexity of the dialogic interaction, four types of systems can be
differentiated:

®» Command systems: They are characterized by a direct and deterministic
interaction. To each stimulus from one agent corresponds a unique response
from the other. The response is independent of the state or context of each
agent. This type of interaction is normally not considered as a dialogue,
and is called a “tool metaphor”. Example: Pressing a key on the keyboard
results in a character appearing on the screen.

s Menu dialogue systems: To this class belong simple question-answer user
interfaces, where dialogue and task models are merged. The interaction is
mainly system-directed, permitting only very little userinitiative (e.g. barge-
in). In contrast to command systems, several exchanges may be necessary in
order to provoke one action of the application system. On the other hand, one
user input can provoke different responses, depending on the internal state of
the system, e.g. the current level in the menu structure. Example: So-called
“Interactive Voice Response” (IVR) systems which enable an interaction
via Dual Tone Multiple Frequency (DTMF) or keyword recognition.

= Spoken dialogue systems (SDSs): This narrow class of systems disposes
of distinct and independent models for task, user, system, and dialogue.
Context information is taken into account using a particular knowledge
base or dialogue history. Multiple types of references can be processed.
An SDS may be capable of reasoning, of error or incoherence detection,
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internal correction, anticipation, and prediction. Examples of such systems
are given in Section 2.1.3.7.

® Multimodal dialogue systems including speech: Systems of this class show
the same characteristics as SDSs do, but in addition they are able to process
and synchronize different modality information. Appropriate modalities for
the individual interactions have to be selected, both at the system input and
output side. Examples can also be found in Section 2.1.3.7.

The investigations in this book focus on the third class, in which spoken lan-
guage is the primary means of interaction.

Speech ll/Word Semantic

Signal Speech |StNg | Semantic | Frame :
Recognizer | Analyzer Semnantic
Frame
<« Phone Dialogue | > Database
Server Manager | Access
| Speech | Response | Database
Speech Synthesizer [* ;| Generator Info
Signal

Figure 2.4.  Pipelined structure of a telephone-based spoken dialogue system, similar to Lamel
et al. (2000b).

The functionality of such a system, operated over the telephone network,
can be best displayed in a sequential or pipelined structure. An example of
such a structure is depicted in Figure 2.4. It consists of six major components
which are accessed by the user via a phone server interface. The speech signal
from the user is first processed to the speech recognizer. During the recognition
process, it is transformed into a word string or a word hypothesis graph which is
then semantically analyzed. The output is a semantic frame representing what
has been “understood” from the user’s utterance. It is the task of the dialogue
manager to interpret the semantic frame in the context of the dialogue and the
task, and to keep track of the dialogue history. When all relevant information
has been collected from the user, a query to the underlying application (in
this example a database) can be launched. The information originating from
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the application program, as well as other communicative goals of the dialogue
manager, have to be transformed into a response for the user. This is the task
of the response generation module. It generates a response in text form, which
is then transformed by the speech synthesizer into a speech signal which is
transmitted to the human user.

Response
L.~| Generator [~y
Speech Dialogue
Synthesizer Manager
LY
/ \
Phone Database
¥ Server Hub Access
A /
i\ Fi
Speech Context
Recognizer - Tracker
.| Semantic |..
Analyzer

Figure 2.5. Hub structure of a telephone-based spoken dialogue system, similar to Seneff
(1998) and Zue et al. (2000).

This principle structure may be implemented in different ways, see the
overview given by Antoniol et al. (1998) as an example. One popular way
is the so-called “hub architecture” (Seneff, 1998; Zue et al., 2000) which is
used in the DARPA Communicator project, see Figure 2.5. It consists of a
central programmable hub which communicates with the different modules
(phone server, speech recognizer, semantic analyzer, context tracker, database
access, dialogue manager, response generator, and speech synthesizer) in spe-
cific scripting languages, and thus controls the flow through each dialogue.
This architecture facilitates resource-sharing between participating sites, and
replacing single modules in case new versions become available. Polifroni and
Seneff (2000) show how this hub architecture can also be used in the system
evaluation phase, by connecting a batchmode server to automatically re-process
previously stored interactions, and an evaluation server to accumulate perfor-
mance statistics. Another possibility is to divide the components into a speech
platform (containing the phone server, the speech recognizer and the speech syn-
thesizer), a voice application server (similar to a web application server, and
containing the semantic analysis, the dialogue management and the response
generation), and the application back-end (e.g. the database). This structure is
similar to the one used for web services, and the interface between the parts is
usually implemented in an extensible markup language (XML) in order to be
compatible with existing web services.
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Figure 2.6. Asynchronous TRIPS architecture according to Allen et al. (2001).

In principle, the hub architecture also administers the flow of information in
a pipelined way. In contrast to this, it is also possible to set up systems where
the different modules operate truly asynchronously. An example is the TRIPS
architecture which has been described by Allen et al. (2001) and Blaylock et al.
(2002). It allows asynchronous working of interpretation, behavior (reasoning
and acting) and generation parts, without disposing of a dialogue manager. This
architecture is displayed in Figure 2.6.

The TRIPS system is able to take task initiative in a principled way, without
necessarily being driven by the user input. Each component is implemented as
a separate process. Information is shared by broadcasting messages between
the modules, through a central hub which supports message logging, syntax
checking and broadcasting. The interpretation manager interprets the user’s in-
put and interacts with the reference module to resolve referring expressions, and
with the task manager to perform plan and intention recognition. It broadcasts
recognized speech acts and their interpretation to the other modules. The be-
havioral agent plans system behavior based on its own goals and obligations, on
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the user’s utterances and actions, and on changes in the (world’s) context state.
Actions that require task- and domain-dependent processing are performed by
the task manager. Actions that involve communication and collaboration with
the user are sent to the generation manager in the form of communicative acts.
The generation manager then plans the specific contents of utterances and pro-
duces the speech output. Its behavioris driven by discourse obligations from the
discourse context, and by the directives it receives from the behavioral agent.

In the following sections, a brief description of the most important modules
which are commonly part of SDS architectures is given. In addition to the
ones depicted in Figure 2.4, also a speaker recognition module is discussed,
because it is a key module for all types of tasks which operate on person-
critical information (e.g. home banking, personal data file access). Additional
modules which may be necessary for specific systems are omitted because of
their specific character, e.g. a language identification component in multi-
lingual systems, or a text verification component for systems which process
written text. More details on the common modules can be found in McTear
(2002).

2.1.3.1 Automatic Speech Recognition (ASR)

The task of an automatic speech recognizer is to transcribe an acoustic sig-
nal into a list of words. It makes use of an acoustic model describing potential
acoustic signals, a lexicon containing all potential words (vocabulary), and a
language model (grammar) indicating the ways words may be ordered within
an utterance. The aim of the recognition algorithm is to determine the word se-
quence with the highest likelihood for generating the observed signal, given the
acoustic model, the lexicon, and the language model as constraints. The output
of the recognizer is the most likely word sequence, sometimes augmented with
a lattice of hypothetical word sequences and their corresponding probabilities,
or a word graph as a compact representation of a large number of hypotheses
(Souvignier et al., 2000). The task is complicated by the linguistic variability,
the variability due to the speaker, and the one due to the transmission channel
and to the talker’s environment.

Typical recognizers used in SDSs are able to recognize continuously spoken
utterances from different speakers (speaker-independent CSR). The first step
is to extract spectral features characterizing the content of the speech signal.
A feature vector typically contains the signal energy, 12-14 mel-scale cepstral
coefficients, and their first or second order derivatives. Sometimes, more robust
features like RASTA (Hermansky and Morgan, 1994), PLP (Hermansky, 1990),
or J-RASTA (Koehler et al., 1994) are used in order to reduce the impact of
additive and/or convolutional noise. The second step is the determination of (lo-
cally) optimally matching fundamental speech units, e.g. phonemes, which can
be associated to the observed feature vectors. This task is performed with the
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help of the acoustic model. During the training process, prototypical features
are computed and stored in the acoustic model. Most state-of-the-art recogniz-
ers use continuous-mixture-density or discrete-density Hidden Markov Models
(HMMs) or neural networks (e.g. multi-layer perceptron networks) for the rep-
resentation of the fundamental speech units (Bourlard and Wellekens, 1992).
The third step is the decoding process, i.e. the determination of the (globally)
best matching sequence of words, given the probabilities for the fundamental
speech units. This step makes use of the lexicon and the language model. Both
local and global matching require powerful search algorithms. An overview
of current methods and algorithms can be found e.g. in Rabiner et al. (1996),
Furui (2001a), Boite et al. (2000), or Juang (1991).

Language models are mainly statistical in nature, indicating the probabil-
ity that a sequence of words has been observed in the training corpus (n-gram
backoff language models). Together with the vocabulary they are estimated
on the basis of a working dialogue system with a similar task, or via Wizard-
of-Oz experiments (see Section 3.8). Such a corpus is of course limited, and
several techniques have been used in order to obtain better models of the data
which will be observed with the fully operational system. One method is to use
grammatical classes for specific entities like cities, days or times, which are not
easy to fully capture in the training corpus (Lamel et al., 1997). Such category
grammars can be collected by parsing with a simple context-free grammar, and
counting the occurrences of each category in the parsed sentences, see Meng
et al. (1996). An alternative method is to artificially increase the amount of
training material by inverting the parsing process and creating sentences from
the grammars, see Souvignier et al. (2000) for an example. Because the lan-
guage of the human user will depend on the dialogue context, language models
which are specific for each dialogue state have shown to yield performance
improvements, see Gerbino et al. (1995), Popovici and Baggia (1997), or Xu
and Rudnicky (2000) for examples.

The incorporation of prosodic information can yield performance improve-
ments in speech recognition and speech understanding, as it helps to disam-
biguate meanings. Speakers make use of prosody when starting a new discourse
segment, and accentual focussing is commonly used in several languages to sig-
nal new information. A lack of a strategy to capture this information may be
inefficient and lead to misunderstandings (Bruce et al., 1995). Prosody can also
be used to automatically detect turns when the user first becomes aware that
the system made an error (Litman et al., 2001), to automatically detect recogni-
tion errors (Hirschberg et al., 2000), or to enhance segmentation and parsing in
speech understanding (N6th et al., 2002). For crucial information, recurrence is
sometimes made to a spelling module, because recognition accuracy for spelled
words is usually higher than for spoken words (Meyer and Hild, 1997).
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2.1.3.2 Speaker Recognition

When the speaker-related information instead of the linguistic information
in the speech signal is of interest, a speaker recognition component can be used
to compare the features of a user utterance to those stored in a speaker model
database. Two cases have to be distinguished: Speaker verification decides
between two alternatives (the identity of a known speaker is correct or wrong),
and speaker identification performs an identification of one speaker out of all
possible speakers in the database. In order to protect against pre-recorded
speech, speaker verification can be performed text-dependent (the speaker has
to utter a fixed text) or text-prompted (a random utterance is generated and the
speaker has to read it immediately) instead of text-independent. In those cases,
the speaker recognizer is combined with a speech recognizer in order to ensure
that the prompted text is spoken. Speaker recognizers may be necessary to
restrict access to critical information, e.g. for telephone banking, calling card
services, specific directory assistance, voice dialling, or unified messaging. An
overview of commonly used methods is given by Furui (1996, 2001a).

Speaker recognition involves a training step for modelling the speech of the
speaker population, and a comparison step. The models for each speaker must
contain the average parameter values and the according covariances, because
speech as a biometric variable carries an inherent variability. The quality of
a speaker model depends on the reliability of the estimates, as well as on the
mismatch between training and use conditions. During the comparison step,
a threshold decision is taken as to whether the observed and the stored model
parameters are identical or not. The threshold has to be set as a compromise
between the false acceptance and the false rejection cases, e.g. in terms of an
Equal Error Rate (EER) or of Receiver Operating Curves (ROC), see Section 3.6.
Often, however, the effects of these two errors are not identical. The thresholds
then have to be adapted according to the expected effects of false acceptances or
rejections for the specific task, and according to the prior probability of break-in
attempts.

Boves and den Os (1998) and van Leeuwen (2003) consider the security im-
pression which can be reached via speaker recognition. In general, the “security
level” of a system is expressed as the amount of effort it takes to have a successful
break-in attempt. Different human- and technology-originated weaknesses of
speaker verification facilitate such attempts (van Leeuwen, 2003). Customers
have to reach a feeling of security in order to trust in the service — otherwise the
whole service might appear useless to them. However, security is not an aspect
which could be easily added to existing services. Rather, a service has to be
designed for security from the very beginning. In order to reach an acceptable
level of security, different biometric and other measures are often combined.
These measures can (and should) be integrated into the remaining dialogue.
For example, when the identification confidence is low but the user attempts to
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access the service in a usual way (doing his/her usual transactions), this might
be accepted nonetheless. Thus, a combination of speaker recognition with other
constituents of a user model is desirable in most cases.

2.1.3.3 Language Understanding

On the basis of the word string produced by the speech recognizer, alanguage
understanding module tries to extract the semantic information and to produce
a representation of the meaning that can be used by the dialogue management
module. This process usually consists of a syntactic analysis (to determine
the constituent structure of the recognized word list), a semantic analysis (to
determine the meanings of the constituents), and a contextual analysis.

The syntactical and semantical analysis is performed with the help of a gram-
mar and involves a parser, i .e. a program that diagrams sentences of the language
used, supplying a correct grammatical analysis, identifying its constituents, la-
belling them, identifying the part of speech of every word in the sentence, and
usually offering additional information such as semantic classes or functional
classes of each word or constituent (Black, 1997). The output of the parser
is then used for instantiating the slots of a semantic frame which can be used
by the dialogue manager. A subsequent contextual understanding consists in
interpreting the utterance in the context of the current dialogue state, taking into
account common sense and task domain knowledge. For example, if no month
is specified in the user utterance indicating a date, then the current month is
taken as the default. Expressions like “in the morning” have to be interpreted
as well, e.g. to mean “between 6 and 12 o’clock”.

Conversational speech, however, often escapes a complete syntactic and se-
mantic analysis. Fortunately, the pragmatic context restricts the semantic con-
tent of the user utterances. As a consequence, in simple cases utterances can
be understood without a deep semantic analysis, e.g. using keyword-spotting
techniques. Other systems perform a caseframe analysis, without attempting
to carry out a complete syntactic analysis (Lamel et al., 1997). In fact, it has
been shown that a complete parsing strategy is often less successful in practical
applications, because of the incomplete and interrupted nature of conversa-
tional speech (Goodine et al., 1992). In that case, robust partial parsing often
provides better results (Baggia and Rullent, 1993). Another important method
to improve understanding accuracy is to incorporate database constraints in
the interpretation of the best sentence. This can be performed, for example,
by re-scoring each semantic hypothesis with the a-priori distribution in a test
database.

Because the output of a recognizer may include a number of ranked word
sequence hypotheses, not all of which can be meaningfully analyzed, itis useful
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to provide some interaction between the speech recognition and the language
understanding modules. For example, the output of the language understanding
module may furnish an additional knowledge source to constrain the output of
the recognizer. In this way, the recognition and understanding process can be
optimized in an integrative way, making the most of the information contained
in the user utterance.

2.1.34 Dialogue Management

An interaction with an SDS is usually called a dialogue, although it does
not strictly follow the rules of communication between humans. In general,
a dialogue consists of an opening formality, the main dialogue, and a clos-
ing formality. Dialogues may be structured in a hierarchy of sub-dialogues
with a particular functional value: Sub-dialogues concerning the task are gen-
erally application-dependent (request, response, precision, explanation), sub-
dialogues concerning the dialogue are application-independent (opening and
closing formalities). Meta-communication sub-dialogues relate to the dialogue
itself and how the information is handled, e.g. reformulation, confirmation,
hold-on, and restart.

It is the task of the dialogue manager to guarantee the smooth course of
the dialogue, so that it is coherent with the task, the domain, the history of
the interaction, with general knowledge of the ‘world’ and of conversational
competence, and with the user. A dialogue management component is always
needed when the requirements set by the user to fulfill the task are spread over
more than one input utterance. Core functions which have to be provided by
the dialogue manager are

m the collection of all information from the user which is needed for the task,
m the distribution of dialogue initiative,

= the provision of feedback and verification of information understood by the
system,

s the provision of help to the user,
m the correction of errors and misunderstandings,

» the interpretation of complex discourse phenomena like ellipses and ana-
phoric references, and

® the organization of information output to the user.

Apart from these core functions, a dialogue manager can also serve as a type
of service controller which administers the flow of information between the
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different modules (ASR, language understanding, speech generation, and the
application program).

These functions can be provided in different ways. According to Churcher
et al. (1991 a) three main approaches can be distinguished which are not mutually
exclusive and may be combined:

® Dialogue grammars: This is a top-down approach, using a graph or a finite-
state-machine, or a set of declarative grammar rules. Graphs consist of a
series of linked nodes, each of which represents a system prompt, and of
a limited choice of transition possibilities between the nodes. Transitions
between the nodes are driven by the semantic interpretation of the user’s
answer, and by a context-free grammar which specifies what can be recog-
nized in each node. Prompts can be of different nature: closed questions
by the system, open questions, “audible quoting” indicating the choices for
the user answers in a different voice (Basson et al., 1996), explanations,
the required information, etc. The advantages of the dialogue grammar ap-
proach is that it leads to simple, restricted dialogues which are relatively
robust and provide user guidance. It is suitable for well-structured tasks.
Disadvantages include a lack of flexibility, and a very close relation or mix-
ture of task and dialogue models. Dialogue grammars are not suitable for
ill-structured tasks, and they are not appropriate for complex transactions.
The lack of flexibility and the mainly system-driven dialogue structure can
be compensated by frame-based approaches, where frames represent the
needs of the application (e.g. the slots to be filled in) in a hierarchical way,
cf. the discussion in McTear (2002). An example of a finite-state dialogue
manager is depicted in Appendix C.

® Plan-based approaches: They try to model communicative goals, including
potential sub-goals. These goals may be implemented by a set of plan op-
erators which parse the dialogue structure for underlying goals. Plan-based
approaches can handle indirect speech acts, but they are usually more com-
plex than dialogue grammars. It is important that the plans of the human
and the machine agent match; otherwise, the dialogue may head in the com-
pletely wrong direction. Mixtures of dialogue grammars and plan-based
approaches have been proposed, e.g. the implementation of the “Conversa-
tional Games Theory” (Williams, 1996).

m Collaborative approaches: Instead of concentrating on the structure of the
task (as in plan-based approaches), collaborative approaches try to capture
the motivation behind a dialogue, and the dialogue mechanisms themselves.
The dialogue manager tries to model both participants’ beliefs of the con-
versation (accepted goals become shared beliefs), using combinations of
techniques from agent theory, plan-based approaches, and dialogue gram-
mars. Collaborative approaches try to capture the generic properties of the
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dialogue (opposed to plan-based approaches or dialogue grammars). How-
ever, because the dialogue is less restricted, the chances are higher that the
human participant uses speech in an unanticipated way, and the approaches
generally require more sophisticated natural language understanding and
interpretation capabilities.

A similar (but partly different) categorization is given by McTear (2002), who
defines the three categories finite-state-based systems, frame-based systems,
and agent-based systems.

In order to provide the mentioned functionality, a dialogue manager makes
use of a number of knowledge sources which are sometimes subsumed under
the terms “dialogue model” and “task model” (McTear, 2002). They include

® Dialogue history: A record of propositions made and entities mentioned
during the course of the interaction.

8 Task record: A representation of the task information to be gathered in the
dialogue.

®  World knowledge model: A representation of general background informa-
tion in the context the task takes place in, e.g. a calender, etc.

® Domain model: A specific representation of the domain, e.g. with respect
to flights and fares.

m  Conversation model: A generic model of conversational competence.

m  User model: A representation of the user’s preferences, goals, beliefs, in-
tentions, etc.

Depending on the type of dialogue managing approach, the knowledge bases
will be more or less explicit and separated from the dialogue structure. For
example, in finite-state-based systems they may be represented in the dialogue
states, while a frame-based system requires an explicit task model in order to
determine which questions are to be asked. Agent-based systems generally
require more refined models for the discourse structure, the dialogue goals, the
beliefs, and the intentions.

A very popular method for separating the task from the dialogue strategy
is a representation of the task in terms of slots (attributes) which have to be
filled with values during the interaction. For example, a travel information may
consist of a departure city, a destination city, a date and a time of departure, and
an identifier for the means of transportation (train or flight number). Depending
on the information given by the user and by the database, the slots are filled
with values during the interaction, and erroneous values are corrected after
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a successful clarification dialogue. The slot-filling idea allows to efficiently
separate the task described by the slots from the dialogue strategy, i.e. the order
in which the slots are filled, the grounding of slot values, etc. In this way, parts
of the dialogue may be re-used for new domains by simply specifying new slots
together with their semantics. The drawback of this representation is a rather
strict and simple underlying dialogue model (system question — user answer).
In real-life situations, people tend to ask questions which refer to more than
one slot, to give over-informative answers, or to introduce topics which they
think would be relevant for the task but they weren’t asked for (Veldhuijzen van
Zanten, 1998).

A main characteristic of the conversation model is the distribution of initia-
tive’ between the system and the user. In principle, three types of initiative
handling are possible: system-initiative where the system asks questions which
have to be answered by the user, user-initiative where the user asks questions,
or mixed-initiative offering both possibilities. It may appear obvious that users
would prefer a more flexible interaction style, thus mixed-initiative dialogues.
However, mixed-initiative dialogues are generally more complex, in that they
require more knowledge on the part of the user about the system capabili-
ties. The possibility to take the initiative leads to longer and more complex user
queries which are more difficult to recognize and interpret. Consequently, more
errors and correction dialogues might impact the user’s overall impression of a
mixed-initiative system. This observation has been made in the evaluation of
the ELVIS E-mail reader system by Walker et al. (1998a), where the mixed-
initiative system version — although being more efficient in terms of the number
of user turns and the elapsed time to complete a task — was less preferred by
the users against a system-initiative version. It was assumed that the additional
flexibility caused confusion for the users about the possible options, and lead
to lower recognition rates.

The choice of the right initiative strategy may depend on additional fac-
tors. Veldhuijzen van Zanten (1998) found that the distribution of initiative
in the dialogue is closely related to the “granularity” of the information that
the user is asked for, i.e. whether the questions are very specific or not. The
right granularity depends on the predictability of the dialogue and on the prior
knowledge of the user. When the user knows what to do, he/she can give all
relevant information in one turn. This behavior, however, makes the dialogue
less predictable, and decreases the chances for a correct speech recognition. In
such cases, recurrence to lower-level questions can be made when high-level
questions fail.

There seems to be no clear definition of the term ‘initiative’ in the literature on dialogue analysis. Doran
et al. (2001) use the term to mean that “control rests with the participant who is moving a conversation ahead
at a given point, or selecting new topics for conversation.”
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Apart from the initiative, a second characteristic of the conversation model
is the confirmation (verification) strategy. Common strategies are explicit con-
firmation where the user is explicitly asked whether the understood piece of
information is correct or not (yes/no question), implicit confirmation where the
understood piece of information is included in the next system question on a
different topic, “echo” confirmation where the understood piece of information
is repeated before asking the next question, or summarizing confirmation at
the end of the information-gathering part of the dialogue. In general, explicit
confirmation increases the number of turns, and thus the dialogue duration.
However, implicit confirmation carries the risk that the user does not pay atten-
tion to the items being confirmed, and consequently does not necessarily correct
the wrongly captured items (Sturm et al., 1999; Sanderman et al., 1998). Shin
etal. (2002) observed that users discovering errors through implicit confirmation
were less likely to succeed and took a longer time in doing so than through other
forms of error discovery such as system rejections and re-prompts. Summa-
rizing confirmation has the advantage that the dialogue flow is only minimally
disturbed, but it is not very effective because of the limited cognitive capability
of the user. It is particularly complicated when more than one slot contains
an error. Confidence measures can fruitfully be used to determine an adequate
confirmation strategy, making it dependent on the reliability of the recognized
attribute.

The dialogue strategy does not necessarily have to be static, but can be
adapted towards the needs of the current interaction situation, and towards
the user in general. For example, a system may be more or less explicit in
the information which is given to the user, as a function of the expected user
expertise (user model), see e.g. Whittaker et al. (2003). In addition, a system
can adapt its level of initiative in order to facilitate an effective interaction with
users of different degree of expertise and experience, see Smith and Gordon
(1997) for an investigation on their circuit-fix-it-shop system, or Litman and
Pan (1999) for a comparison between an adaptive and a non-adaptive version
of a train timetable information system. Relafio Gil et al. (1999) suggest that
different control strategies should be available, depending on the characteristics
of the user, and on the current ASR performance. Confidence measures of ASR
performance can be used to determine the degree of system adaptation.

A prerequisite for an efficient adaptation is the user model. Modelling dif-
ferent typical user interactions can provide guidance for constraint relaxation,
for efficient dialogue history management, for selecting adequate confirmation
strategies, or for correcting recognition errors (Bennacef et al., 1996). In a
slot-filling approach, the individual slots can be labelled with flags indicating
whether the user knows which information is relevant for a slot, which values
are accepted, and how these values can be expressed (Veldhuijzen van Zanten,
1999). Depending on the value of each label adequate system guidance can be
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provided. Whittaker et al. (2002) proposed to adapt the database access and
the response generation depending on the user model. For example, the user’s
general preferences can be taken into account in searching for an adequate an-
swer in the database, and the most frequently chosen information — which is
potentially more relevant for this particular user — can then be presented first.
Stent et al. (2002) showed that a user model for language generation can fruit-
fully be used to select appropriate information presentation strategies. General
information about the set-up of user models is given in Wahlster and Kobsa
(1989). Abe et al. (2000) propose to use two finite-state-automata, the first one
for describing the system state, and the second one for describing the user state.

2.1.3.5 Communication with the Application System

In principle, an SDS provides an interface between the human user and the
application system. For both spoken and written language processing, two
application areas seem to be (and have been since the 1960s and 1970s in
written language processing) of highest financial, operational, and commercial
importance: Database interfaces and machine translation. As it has already
been pointed out, the focus here will be on the HMI case, opposed to the
human-machine-human interaction in spoken language translation. Instead of
a database, the application system may also contain a knowledge base (for sys-
tems that support cooperative problem solving), or provide planning support
(for systems that support reasoning about goals, plans and actions, and which
are not limited to pre-defined plans, thus involving plan recognition). All appli-
cation systems may provide transaction capabilities, as it is common practice
in telephone banking, call routing, booking and reservation services, remote
control of home appliances, etc.

Obtaining the desired information or action from the application system is
not always a straightforward task, and sometimes complex actions or medi-
ations have to be performed (McTear, 2002). For all application systems, it
has to be ensured that the language used by the dialogue manager matches the
one of the application program, and that the dialogue manager does not make
false assumptions about the contents and the possibilities of the application
program. The first point may be facilitated by inserting an additional “infor-
mation manager” module which performs the mapping between the dialogue
manager and the application system language (Whittaker and Attwater, 1996).
The latter point may be particularly critical in cases that the application system
functionality or the database is not static, but has to be extracted from other
data sources. An example is a weather forecast service where the underlying
information is extracted periodically from specific web sites, namely the MIT
JUPITER system (Zue et al., 2000).
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Another requirement for a successful communication with the application
system is that the output it furnishes is unambiguous. In case of ambiguities
either from the user or from the application system side, the dialogue manager
may not be able to cope with the situation. Usually, interaction problems arise in
such cases, e.g. because of ill-formed user queries (e.g. due to misconceptions
about the application program), because of an ambiguous or indeterminate date
(both from the user or form the application program), or because of missing or
inappropriate constraint relaxation.

2.1.3.6  Speech Generation

This section addresses the two remaining modules of the structure depicted
in Figure 2.4, namely the response generator and the speech synthesizer. They
are described together, because the strict separation into a component which
generates a textual version of the output for the user (response generation) and
another one which generates an acoustic signal from the text (speech synthe-
sizer) is not always appropriate. For example, pre-recorded messages (so called
“canned speech”) can be used in cases where the system messages are static,
or the acoustic signal may be generated from concepts, using different types
of information (textual, prosodic, etc.). In a stricter definition, one may speak
of “speech output” as a module which produces signals that are intended to be
functionally equivalent to speech produced by humans (van Bezooijen and van
Heuven, 1997).

Response generation involves decisions about what information should be
given to the user, how this information should be structured, and about the
form of the message (words, syntax). It can be implemented e.g. as a formal
grammar (Lamel et al., 1997) or in terms of simple templates. On a lower
level, the response generator builds a template sentence at each dialogue act,
filling gaps from the content of the current semantic frame, the dialogue history,
and the result of the database query. Top-level generation rules may consist in
restricting the number of information items to be included into one output
utterance, or in structuring the output when the number of information items is
too high. The dialogue history enables the system to provide responses which
are consistent and coherent with the preceding dialogue, e.g. using anaphora or
potentially pronouns. Response generation should also respect the user model,
e.g. with respect to his/her expected domain knowledge and experience.

The speech output module translates the message constructed by the response
generation into a spoken form. In limited-domain systems, a template-filling
strategy is often used: template sentences are taken as a basis for the fixed
parts of the sentences, and they are filled with synthesis from concatenation of
shorter units (diphones, etc.), or with other pre-recorded expressions. However,
when the system has to be flexible and provide previously unknown information
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(e.g. E-mail reading), a full Text-To-Speech (TTS) synthesis is necessary. TTS
systems have to rely on the input text in order to reconstruct the prosody which
reflects — amongst other things — the communicative intentions of the system
utterance. This reconstruction is often paid with a loss of prosodic information,
and therefore the integration of other information sources for generating prosody
is desirable.

Full TTS synthesis consists of three steps. The first one is the symbolic pro-
cessing of the input text: Orthographic text is converted into a string of phones,
involving text segmentation, normalization, abbreviation and number resolu-
tion, a syntactical and a morphological analysis, and a grapheme-to-phoneme
conversion. The second step is to generate intonation patterns for words and
phrases, phone durations, as well as fundamental frequency (Fp) and intensity
contours for the signal. The third and final step is the generation of an acoustic
signal from the previously gained information, the synthesis in the proper sense
of the word.

Speech synthesis can be performed using an underlying model of human
speech production (parametric synthesis), namely with a source-filter model
(formant synthesis) or with detailed models of articulatory movements (artic-
ulatory synthesis). An alternative is to concatenate pre-recorded speech units
of different length, e.g. using a pitch-synchronous overlap-and-add algorithm,
PSOLA (Moulines and Charpentier, 1990), or by selecting units of a large in-
ventory. In recent years, the trend has been obviously in favor of unit-selection
synthesis with longer units (sometimes phrases or sentences) which are avail-
able in a large unit database, and in several prosodic variants. The selection of
units is then based on the prosodic structure as well. Other approaches make
use of Hidden Markov Models or stochastic Markov graphs for selecting speech
parameters (MFCCs, fundamental frequency, energy, derivations of these) de-
scribing the phonetic and prosodic contents of the speech to synthesize, see
e.g. Masuko et al. (1996), Eichner et al. (2001), or Tamura et al. (2001). An
overview of different speech synthesis approaches is given by Dutoit (1997) or
van Santen et al. (1997).

Whereas synthesized speech is often still lacking in prosodic quality com-
pared to naturally produced, pre-recorded speech provides high intelligibility
and naturalness. This is particularly true when recordings a made with a pro-
fessional speaker. The disadvantage is a severe limitation in flexibility. Recent
unit-selection synthesis methods try to bridge the gap between pre-recorded and
synthesized speech, in that they permit unrestricted vocabulary to be spoken,
while using long segments of speech which are concatenated. The quality will
in this case strongly depend on the coverage of the specific text material in the
unit database, and perceptually new effects are introduced by concatenating
units of unequal length.
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The question arises which requirements are the most important ones when
acoustic signals have to be generated in an SDS. Tatham and Morton (1995) try
to formulate general and dialogue-specific requirements in this context. General
requirements are that (1) the threshold of good intelligibility has to be passed,
taking into account both the segmental and supra-segmental generation and the
synthesizer itself; and (2) that a reasonable naturalness of the speech has to be
reached, in the sense that the speech resembles (or can be confused) with the one
from a human, that the voice has an appropriate “tone” for what is being said,
that the “tone” changes according to the content of the conveyed message, and
that the synthesized speaker seems to understand the message he/she is saying.
The second statement may however be disputed, because a degraded naturalness
may be an indication of the system’s limited conversational capabilities, and
thus lead to higher interaction performance due to changes in the user’s behav-
ior. Dialogue-specific requirements include that the “tone™ of the voice should
suite the dialogue type, that the synthesized speaker should appear confident,
that the speaking rate is appropriate, and that the “tone” varies according to the
message, and according to the changes in attitude with respect to the human
user. Additional requirements may be defined by the application system and
by the conversation situation. They may lead to speaker adaptation, and to the
generation of speaking styles for specific situations (Koster, 2003; Kruschke,
2001). The respect of these requirements may lead to increased intelligibil-
ity, naturalness, and to an increased impact and credibility of the information
conveyed by the system.

2.1.3.7 SDS Examples

In the following section, references are listed to descriptions of spoken di-
alogue systems which have been set up in (roughly) the last decade. Most
of these systems are research prototypes. They are sorted according to their
functionality, and a brief section of multimodal systems has been added. The
list is not complete, but will give an impression about functionalities which
have already been addressed, and will provide guidance for further reading.
Overviews over the most important European and US projects and system have
been compiled by Fraser and Dalsgaard (1996) and by Minker (2002).

Travel Information and Reservation Tasks:

® General systems addressing several tasks: SUNDIAL system providing
multi-lingual access to computer-based information services over the phone.
Languages: English, French, German and Italian. Domains: Intercity
train timetables (German, Italian), flight enquiries and reservation (English,
French), hotel database (Italian), see Peckham (1991) and Peckham and
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Fraser (1994). DARPA Communicator system for travel-related services
including flight, hotel and car arrangements, see e.g. Levin et al. (2000).

8 Systems for train timetable information: VODIS (Voice Operated Database
Inquiry System), see Peckham (1989) and Cookson (1988); Philips system,
see Aust et al. (1995); RailTel and Dialogos system at CSELT, RailTel
system at CNET, see Billi and Lamel (1997) and Billi et al. (1996); TOOT
system at AT&T, see Litman et al. (1998); TRAINS system, see Sikorski and
Allen (1997); ARISE system at CSELT and CNET, see Sanderman et al.
(1998), Baggia et al. (1998), Lamel et al. (1998b), Lamel et al. (2000a),
and Baggia et al. (2000); Spanish Basurde[lite] system, see Trias-Sanz and
Marino (2002).

m Systems for flight information: ATIS systems developed under the US
DARPA/ARPA program (Price, 1990; Goodine et al., 1992), e.g. the PEGA-
SUS system from MIT (Zue et al., 1994), the CMU system (Issar and Ward,
1993), or the BBN system (Bates et al., 1993); Danish Dialogue System, see
e.g. Bernsen et al. (1998), Dalsgaard and Baekgaard (1994), or Backgaard
et al. (1995).

s Systems for bus travel information: Norwegian TABOR system, see Johnsen
et al. (2000).

Phone Directory, Call-Routing, and Messaging Tasks:

m Systems for phone directory, call routing, switchboard, and messaging: Ex-
perimental phone directory system at FUB, see Delogu et al. (1993); Annie
system at AT&T, see Kamm et al. (1997a); Operettal™ system from Vo-
calis, see Fraser et al. (1996); VATEX system from KDD, see Naito et al.
(1995); PADIS/PADIS-XL systems from Philips, see Kellner et al. (1997)
and Seide and Kellner (1997); Telecom Italia directory assistance, see Billi
et al. (1998); AT&T directory assistance, see Buntschuh et al. (1998); ADAS
Plus automated directory assistance system from NORTEL, see Gupta et al.
(1998); automatic call routing based on users responses to the prompt “How
may I help you?”, see Gorin et al. (1996, 1997); AT&T TTS help desk, see
di Fabbrizio et al. (2002).

m Systems for E-mail access over the phone: ELVIS from AT&T, see Walker
et al. (1998a); CSELT system developed as part of the SUNDIAL project,
see Gerbino et al. (1993); E-MATTER system developed in the EU IST
program, see Bel et al. (2002); Nokia EVOS system, see Oria and Koskinen
(2002).

s Systems for other telephone services: Telephone service order, disconnect
and billing inquiry systems, see Mazor and Zeigler (1995).
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Other Information and Reservation Tasks:

w Systems for workshop/conference services: Prototype system from AT&T,
see Rahim et al. (2000).

w Systems for weather information: JUPITER at MIT, see Polifroni et al.
(1998).

» Systems for tourist information: PARIS-SITI, see Devillers and Bonneau-
Maynard (1998); Czech system InfoCity, see Nouza and Holada (1998).

m Systems for restaurant information: Swiss MaRP and German BoRIS sys-
tems, see Moller and Bourlard (2002) and Chapter 6.

u Systems for automobile classifieds: WHEELS, see Meng et al. (1996).

m Systems for cinema ticket reservation: Experimental Austrian system, see
Pirker et al. (1999).

u Systems for home-banking: OVID project for phone banking, see Jack and
Lefevre (1997); Nuance demonstrator system, see McTear (2002).

m Systems for postal rate information: Austrian system, see Erbach (2000).

m Systems for general information retrieval over the internet: Japanese system,
see Fujisaki et al. (1997).

Problem-Solving and Decision-Taking Tasks:

s Systems for cooperative problem-solving: Experimental Circuit-Fix-It-Shop
system, see Smith and Gordon (1997).

» Systemsfor decision-taking: ComPASS system for error diagnosis support-
ing CNC machine operators, see Marzi and John (2001).

Other Specialized Tasks:

m  Census systems: Voice-response questionnaire for the US census, see Cole
et al. (1994).

m Translation systems: VerbMobil for appointment scheduling situations, see
Wabhlster (2000) or Bub and Schwinn (1996); JANUS system, see Lavie
et al. (1996) or Zhan et al. (1996).

Multimodal Systems:

s MASK kiosk for train inquiry, combining speech and tactile input and vi-
sual/speech output, see Lamel et al. (1998a, 2002).
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Swedish AUGUST system providing tourist information on Stockholm, us-
ing an animated agent communicating with the user via synthetic speech, fa-
cial expression, head movements, thoughtballoons, maps and tables (Gustaf-
son et al., 1999).

Dutch MATIS system for train timetable information, providing speech and
pointing input and spoken and visual output, see Sturm et al. (2002b).

SmartKom system for travel information, car and pedestrian navigation, and
a home portal to information services, combining speech, gesture and mimic
inputs and outputs, see Wahlster et al. (2001) or Portele et al. (2003).

2.2 Interaction with Spoken Dialogue Systems

It has been argued that the phone interaction between humans can be seen

as one reference for the interaction of a human with an SDS over the phone.
However, there are a number of differences between both types of interaction.
They become obvious when the capabilities of the interlocutors in the interaction
are compared.

Bernsen et al. (1998) identified the following capabilities of the human in-

teraction partners in a task-orientated HHI:

Recognition of spontaneous speech, including the ability to recognize words
and intonational patterns, generalizing across differences in gender, age,
dialect, ambient noise level, signal strength, etc.

Very large vocabulary of words from widely different domains.

Syntactic-semantic parsing capability of complex, prosodic, non-fully-sen-
tential grammar of spoken language, including the characteristics of spon-
taneous speech input.

Resolution capability of discourse phenomena such as anaphora and ellipses,
and tracking of discourse structure including discourse focus and discourse
history.

Inferential capabilities ranging over knowledge of the domain, the world,
social life, the shared situation, and the participants themselves.

Planning and execution capability of domain tasks and meta-communication
tasks.

Dialogue turn-taking according to clues, semantics, plans, etc., the inter-
locutor reacting in real-time while the speaker is still speaking.

Generation of language characterized by a complex semantic expressiveness
and a style adapted to the situation, message, and to the interlocutor.
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u Speech generation including phenomena such as stress and intonation.

These capabilities have to be compared to the ones of a machine agent ob-
served in a task-orientated HMI, e.g. a phone-based interaction with an SDS
(Niculescu, 2002):

m Limited recognition of continuous (partly spontaneous) task-related utter-
ances, depending on the articulation characteristics of the speaker, and on
the acoustic environment.

m [imited domain- and meta-communication-related vocabulary.

® Limited syntactic-semantic parsing capability; especially when confronted
with spontaneous speech only partial parsing will be possible.

= [imited resolution capability of discourse phenomena and references. Lim-
ited discourse tracking capability via a dialogue history. Limited dialogue
focus recognition capability.

® Planning and execution capability of domain tasks and meta-communication
tasks. Capability to apply meta-communicative strategies (corrections, clar-
ifications, repetitions, etc.) in case of misunderstandings.

® Dialogue turn-taking according to pre-defined rules, potentially with barge-
in capability.

m Limited language generation capability according to rules.

® Unlimited vocabulary speech generation with limited intonational phenom-
ena (stress, intonation).

It becomes obvious that the communicative capabilities of the interaction part-
ners are not balanced. This imbalance will have an impact on the quality
experienced by the human in the HML.

In view of the limitations of the machine interaction partner, the question
arises whether the term “conversation” makes sense in the context of HMI, and
a debate was started about this point already more than a decade ago, see e.g.
Luffet al. (1990). The question has some practical value, because in the case
that HMI can be seen as a kind of conversation, then rules and descriptive models
of conversation which have been derived by (human-to-human) conversation
analysis might be useful for implementing spoken dialogue systems as well.
Button (1990) argues that — although acknowledging the potential usefulness
of the findings of conversational analysis for system development — such rules
are often of a different quality than those required to implement a computer
program. Simple rules can often only provide a rough indication about how
communication works, and one cannot ignore the very details which are highly
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important for a successful conversation. Another key difference is that people
are social agents, whereas computers are not. Citing Gilbert et al. (1990), “the
meaning of an expression is relative to such contextual matters as who says it,
to whom it is said, where and on what kind of occasion it is said, the social
relations between speaker and hearer, and so forth”. Thus, the correspondence
between phenomena and descriptors (“indexicality”) is complicated in a way
which makes it very difficult (if not impossible) to be applied to set up computer
programs. Nevertheless, it is clear that findings from computational analysis —
although they cannot straightforwardly be implemented in computer programs
— can fruitfully be used in the design and the evaluation of HMI. An example
of this fact are the design guidelines for cooperative HMI defined by Bernsen
et al. (1996) which will be discussed in Section 2.2.3.

It has been pointed out that only a specific class of HMI will be addressed in
the following. This class can be characterized as follows (see also Bernsen et
al., 1998):

m The interaction is task-orientated, and limited to certain application domains.

® [t is mediated by a speech transmission network, and limited to the speech
modality.

m The types of communication which can be carried out are the domain com-
munication, a limited “social communication” (greetings, excuses, etc.), and
meta-communication (communication about the interaction itself).

s The system offers a “service” to human users, e.g. to obtain information, or
to perform a transaction. Note: Because of this fact, the quality of service
is a right entity to characterize the interaction with an SDS, see definitions
given in Section 2.3.

m The interaction requires a certain degree of cooperativity in order to be
successful.

m The interaction has rarely any social function, at least for the computer.

In the following section, some of the consequences for the user behavior
which result from the imbalance between both interaction partners will be il-
lustrated. Then, the behavior of the machine interaction partner will be analyzed
by a theory developed by Bernsen et al. (1998), see Section 2.2.2. This theory
helps to identify the components of the machine agent which are responsible
for its behavior. A key characteristic of the interaction is the notion of cooper-
ativity. Design guidelines for cooperative system behavior will be described in
Section 2.2.3, and they will form a basis for a more general definition of quality
in Section 2.3.
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2.2.1 Language and Dialogue Structure in HMI

The language and the dialogue structure of an interaction is influenced by a
number of dimensions which characterize the interaction situation. Dahlbéck
(1995, 1997), in his presentation of first steps towards a dialogue taxonomy,
identified the following ones:

m Type of agent (human or computer): mainly carries an influence on the
language used.

m» Type of medium (e.g. spoken or written): influences the dialogue structure.
= Involvement of the interaction partners (monologue vs. dialogue).
= Spatial and temporal commonality (context).

® Task structure: dialogue-task distance (connection between task and dia-
logue structures, which is characterized by the need of understanding the
underlying non-linguistic task, and by the availability of linguistic informa-
tion required for doing so), and the number of different tasks.

®» Kinds of shared knowledge between the dialogue participants: perceptual,
linguistic, and cultural (also factual) knowledge.

Several investigations are reported in the literature which address the effect
of one or several of these dimensions. In general, speech which is directed
to a computer has been described as “formal” (Grosz, 1977), “telegraphic”
(Guindon et al., 1987), “baby talk” (Guindon et al., 1986), and “‘computerese”
(Reilly, 1987). Krause and Hitzenberger (1992) proved the existence of a
language register which they called “computer talk”. Kennedy et al. (1988)
showed that the utterances in HMI are shorter, the lexical variation is smaller,
and use of pronouns is minimized. Pirker et al. (1999) report that subjects
abandoned politeness markers (e.g. “please”) during the interaction with a very
slow reservation system.

Such observations may result from the nature of the interaction partner (type
of agent) which is more or less apparent to the user. Richards and Underwood
(1984) found that the style and the content of users’ utterances were significantly
affected by the attributed nature of the system (human operator vs. computer),
the computer being simulated by disguising a human voice and by instructing
the subjects that they were speaking to a computer. In front of the “computer”,
subjects spoke more slowly, used a more restricted vocabulary, tended to use
less potentially ambiguous pronouns, and asked questions in a more direct
manner, see the discussion given by Fraser and Gilbert (1991b). This may be an
indication that the human interaction partner takes the assumed linguistic (and
perhaps task) knowledge of the machine agent into account when formulating
his/her utterances.
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In a different investigation (Fraser and Gilbert, 1991a), the same authors
found that HHI utterances contained more words, more distinct forms, and
more unfinished words than HMI utterances. In HMI, speakers produced fewer
ellipses and fewer relative clauses than in HHI, and there was fewer overlapping
speech. The authors attribute the observed differences to the influence of the
system voice which was natural in the HHI case and synthesized in the HMI
case. The system voice was also found to influence user behavior by Delogu
et al. (1993). In her study, subjects were reported to repeat more often the same
questions for synthesized prompts than for naturally produced system prompts.
However, Sutton et al. (1995) reported that synthesized prompts did not lead
to an increased number of adequate user responses for their automated spoken
questionnaire. Thus, using synthesized speech does not necessarily influence
the user’s language in a way that it is more understandable to the system. This
effect may however happen, as it was observed in the evaluation of the VODIS
system (Cookson, 1988). Subjects “learned” to use simple-structured answers,
often not more than one or two words, because this style of interaction was
more successful in reaching the user’s goals.

The mentioned observations are, however, not without contradictions. Amal-
berti et al. (1993) confirmed the cited results in that subjects talking to a com-
puter tend to control and simplify their language, but made additional findings
which are in contradiction to them: Subjects were observed to produce more
utterances when talking to acomputer, and no differences were observed with re-
spect to the structural and pragmatic complexity of the utterances. The observed
differences were ascribed to differences in representations of interlocutor abil-
ity (type of knowledge), which was implemented by a restricted behavior of the
(simulated) computer. Analyzing typed dialogues, Dahlbick (1995) reported
nearly no differences between HHI and HMI. He supposes that the communica-
tion channel and the kind of task have a stronger influence on the dialogue than
the perceived characteristics of the interlocutor. Dybkjer et al. (1993) reported
that the number and linguistic diversity of speech produced by the subjects de-
pended mainly on the subjects’ professional background. Namely, secretaries
produced less and less diverse tokens than linguists in the same situation. Such
a person-specific factor may be dominant in describing the behavior of humans
in the HMI.

Apart from the language used in the individual utterances, also the dialogue
structure and the initiative seem to be different. Guindon (1988) showed that
the dialogue structure was simpler in HMI dialogues. Although many system
developers claim their systems to be mixed-initiative, Doran et al. (2001) found
that their system massively dominated in taking the initiative. This is a differ-
ence to the interaction with a human expert where users and experts share the
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initiative relatively equitably. The fact may, however, not necessarily have an
influence on user satisfaction. Users might prefer the situation of being asked
by the system, because this provides better interaction guidance in an unknown
situation. The system was generally more verbose than human experts (more
words per turn), and used longer and more confirmations than the user did. In
HHI, confirmations were observed to be shorter and more equally balanced be-
tween expert and user. The system tried to put more dialogue acts into a single
turn than human experts did.

Turn-taking conventions are also different between HHI and HMI. Structured
approaches exist for describing turn-taking, e.g. from Fox (1987). In her
notion, turns are constructed of “turn-constructional units”, TCUs (e.g. words
or phrases), and each TCU is allocated to a specific speaker. Changes can — but
need not — occur at the end points of TCUs, called “transition-relevance places”,
TRPs. In HMI, TRPs occur because either the system is silent, or because the
user’s response is completed. This is only a subset of the naturally occurring
TRPs, and more complex turn-taking phenomena like double talk, overlap, and
silences of specific length are currently not implemented in most SDSs.

2.2.2 Interactive Speech Theory

The described behavior of the human interaction partner is provoked by a
number of elements of the machine agent. Bernsen et al. (1998) developed a
theory which can be used to characterize the behavior of machine agents, e.g.
when the performance of systems has to be compared. The theory is limited to
the properties of current state-of-the-art SDSs, however, with the possibility to
include novel interaction elements when they come up. It incorporates results
from existing theories of HHI whenever they were believed to be useful and
applicable to HMI, and captures the structure, contents and dynamics of the be-
havior of an SDS. The theory is bottom-up, with the later possibility to predict
machine behavior, or at least to support the design of interaction models for
HMI. It focusses on those elements which are directly in the hands of system
developers, and gives indications on the influence they carry on system perfor-
mance. In contrast to the interaction scenario depicted in Figure 2.2, it is limited
to the “software” elements of the SDS (speech processing and dialogue imple-
mentation), and does not capture the “hardware” of the transmission channel
and the physical user environment.

According to this theory, the elements of an SDS are organized in five layers
which often correspond to the logical architecture of the system (the perfor-
mance layer being replaced by the human user in that case). This structure is
depicted in Figure 2.7. The lower four layers mainly reflect the quality ele-
ments of the SDS which can be optimized by the system designer, whereas the
upper performance layer represents the features perceived by the human user
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Figure 2.7. Elements of an interactive speech theory, taken from Bernsen et al. (1998). Element
types are shown in bold type. The gray band and the gray boxes reflect the logical architecture
of spoken dialogue systems.

in the interaction. A detailed description of each layer is given in Bernsen et al.
(1998).

The lowest layer is the context layer. It contains all elements which are of
crucial importance for language understanding and generation but which are
not directly included in the lexicon and the grammar. Instead, the elements of
this layer provide constraints on the lexicon and the grammar, e.g. for speech
act interpretation, reference resolution, system focus and expectations, system
reasoning, communication planning, and task execution. The layer contains the
interaction history (selective record of information which has been exchanged
during the interaction; relevant for the discourse and dynamically changing),
the domain model (the aspects of the “world” about which the system is able
to communicate), and the user model.

On top of the context layer, the interaction control layer determines which
actions have to be taken at what point of the interaction. The decisions are
taken on the basis of structures which have been determined at the development
time of the SDS, but which are continuously updated at run-time. According
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to Grosz and Sidner (1986), three elements are important for the interaction
control:

® The attentional state contains elements which concern what is going on at a
certain point in time in the dialogue. It helps to constrain the search space
and to resolve ellipses. It is determined by the set of topics which can be
treated at a certain point in the dialogue.

» The intentional structure describes the purposes of the interaction. It sub-
sumes elements which concern tasks and communication forms. For a task-
orientated cooperative dialogue, intentions coincide with the task goals.
Tasks can be structured into subtasks which may be interdependent, and
which have to be solved in a certain time sequence. The intentional structure
1s not always stereotypical, e.g. for ill-structured tasks. The communica-
tion forms may be domain communication, meta-communication for repair
and clarification, and other communication types like greetings, information
about the system, etc. The interaction level describes the constraints on user
communication at a certain stage of the dialogue. It may be adapted to the
user’s needs during the dialogue.

m The linguistic structure subsumes high-level structures in the input and out-
put discourse. It includes speech acts (Searle, 1969), co-references, and dis-
course segments. Although there is no universally agreed-upon taxonomy
of speech acts, they are thought to be important for speech understanding.
Speech acts may be indirect, i.e. not disclosing what their actual intention is
(“Do you have amatch?”), or direct (apparently showing their intention), and
indirect speech act identification causes problems for speech understanding.
The resolution of co-references is another unsolved problem, and because
of the lack of co-reference resolution, many SDSs perform robust partial
parsing, or even keyword-spotting, instead of full parsing. Discourse seg-
ments are supra-sentential structures in the discourse which can be regarded
as the linguistic counterparts of the task structure.

On top of the interaction control layer, the language layer describes the
linguistic aspects of the spoken interaction. Spoken language is very different
from written language (people do not follow rigid syntactic and morphological
constraints in spoken dialogue), thus this adds some difficulty especially on
the input side. Elements of the language layer are the lexicon (vocabulary)
used by the system, the grammar describing how the words of the lexicon may
be combined, the semantic representation of the words and phrases, and the
language style, the latter being influenced by the grammar and lexicon. The
user input style may be influenced through instruction and examples given by
the system, or generally through the system’s output style. The system’s output
style may be focussed or unfocussed (narrow or open questions), and feedback
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may be implicit or explicit, and immediately or summarizing, cf. the examples
given above.

The speech layer describes the relationship between the acoustic speech
signal on the one side, and a lexical string (e.g. enriched text) on the other. On
the speech input side, speech recognition provides the mapping of the acoustic
input signal to arepertoire of acoustic models, which are passed to the linguistic
processing component in order to find the best matching lexical representation.
On the output side, speech may be generated using pre-recorded utterances,
carrier speech (templates), text-to-speech, or concept-to-speech. On both sides,
the information stored in the system (acoustic model and grammar on the input
side, unit inventory or rules on the output side) can be seen as a system element
which may be optimized to reach high performance.

According to Bernsen et al. (1998), the final performance layer describes the
observable behavior of the system during the interaction. It consists of the “el-
ements” cooperativity, initiative, and influencing user behavior. Cooperativity
has already been defined as a key requirement for the limited task-orientated
HMI which is possible with current state-of-the-art speech technology. It will
be discussed in more detail in the following section. Initiative depends on the
speech acts performed by both interlocutors, and rules can be derived from
speech acts for controlling initiative (Whittaker and Stenton, 1988). In a broad
classification, initiative can be divided into system-initiative, user-initiative, and
different levels of mixed-initiative. The behavior of the system also carries an
influence on the behavior of the user. For example, the user behavior may be
influenced by explicit systems instructions provided during the introduction or
elsewhere in the interaction, via implicit system instructions (through system
speech output), or via explicit developer instructions given to the users prior to
the use of the system.

The classification of system elements helps to identify the sources of specific
system behavior, and thus also the sources of quality features perceived by the
user of a system. Two of the three elements in the performance layer are well
reflected in the taxonomy of quality aspects which is developed in Section 2.3.
Elements of the speech and the language layer can often be assessed directly
or indirectly via questions to the user, or via parameters determined during
the course of the interaction. Elements of the context and of the control layer
are more difficult to identify in a specific interaction. Often, they become
detectable in the case of interaction problems. A profound knowledge of the
system architecture is then necessary to identify the exact source of the problem.

Apart from this theory, other models and theories for HMI exist. For example,
Veldhuijzen van Zanten (1999) categorizes the elements of a dialogue manager
into five layers: (1) intention (system and user goals); (2) attention (coher-
ence of discourse); (3) guidance given to the user; (4) strategies for grounding
information (verification, acknowledgement, etc., see Traum (1994)); and (5)
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utterances (speech act, word and speech level). Layer (1) contains some of the
elements of the context layer in Bernsen’s theory. Layers (2), (3) and (4) all
comprise elements which are located on the interaction control layer. Layer (5)
comprises both the elements of the language and the speech layer, plus a part of
the linguistic structure element types. Layers (1) and (2) are discussed in more
detail by Grosz and Sidner (1986). The theory was used to design adaptive
dialogue management strategies, see Veldhuijzen van Zanten (1999).

2.2.3 Cooperativity Guidelines

Cooperativity has turned out to be a pre-requisite for a successful HMI, given
the limited capacity of the current-state machine agents. Bernsen et al. (1998),
p- 89, indicate: “A key to successful interaction design, we claim, is to ensure
adequate Cooperativity on the part of the system during interaction [...] This is a
crucial interaction design goal in order to facilitate smooth interaction in domain
communication, meta-communication and other types of communication”.

Principles for cooperative behavior in HHI have already been defined by
Grice (1975). In his definition, communication is cooperative action which re-
quires that both parties have a minimal common purpose, or at least a mutually
accepted direction. In order to act cooperatively in a conversation, people are
expected to respect the Cooperativity Principle (CP): “Make your conversa-
tional contribution such as is required, at the stage at which it occurs, by the
accepted purpose or direction of the talk exchange in which you are engaged”
(Grice, 1975, p. 45). In situations where the meaning of an utterance (the impli-
cature) is not identical with what has actually been said, interpretation methods
(implications) are usually used by both participants which help to make it mean-
ingful. Grice investigated situations in which the listener has to implicate what
was meant, and set up four categories of underlying maxims which have to be
assumed to be fulfilled by both participants in order to derive an implication:

®  Quantity of information: Make your contribution as informative as required
(for the current purposes of the exchange); do not make your contribution
more informative than is required.

®  Quality: Try to make your contribution one that is true; do not say what you
believe to be false; do not say that for which you lack adequate evidence.

m Relation: Be relevant.

m Manner: Be perspicuous; avoid obscurity of expression; avoid ambiguity;
be brief (avoid unnecessary prolixity); be orderly.

The maxims are not claimed to be jointly exhaustive. Other maxims may exist
(e.g. aesthetic, social or moral in character) which are also normally observed by
participants in talk exchanges, and these may also generate (non-conventional)
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implicatures. The conversational maxims are stated in a way as if the purpose
were to have maximally effective exchanges. This idea is, however, too narrow,
and the maxims have to be understood as to generally influencing or directing
the actions or interpretations of others.

It is important to note that many dialogues are not strictly cooperative (Lee,
1999). For example, humans often answer in an indirect way to a question in
order to convey conflicting information. Example: “Is there any direct train?”
— “That will take much longer than the one with intermediate changes.” Such
indirect answers happen when a conversation partner wishes to achieve several
communicative goals at once, be they conjunctive goals (i.e. an additional goal
to the one being recognized by both agents) or avoidance goals (avoiding a
certain state). Lee (1999) therefore differentiates between cooperative (shared
beliefs and shared goals), collaborate (contradictory beliefs and shared goals)
and conflicting (contradictory beliefs and goals) dialogues. Especially in HMI
the assumption of mutual beliefs and shared goals might often not be satisfied,
and the asymmetry between the interaction partners makes it very difficult to
detect conjunctive or avoidance goals.

Although Grice’s maxims have been developed in the observation of HHI,
they have fruitfully been used for addressing the problem of cooperativity
in HMI as well. A common assumption in both cases is that any particular
conversation serves, to some extent, a common purpose or a set of purposes.
The purpose may be more or less definite, and be either fixed beforehand or
evolve during the conversation. In such conversations, interlocutors pursue the
shared goals most efficiently — a goal which is congruent with most of the task-
orientated interactions supported by current-state SDSs. The idea underlying
the maxims is however different in both cases. They have been developed to
analyze inferences which humans have when the interlocutor in a HHI delib-
erately violates one of the maxims. In a HMI, the non-deliberate violations
are of interest. In the case that they can be avoided, the need for clarification
and meta-communication dialogues, which are often difficult to handle, may be
reduced. Thus, the respect of the maxims may help to prevent unwanted spoken
interaction behavior, and may reduce communication errors and task failure.

On the basis of Grice’s maxims, Bernsen et al. (1998) propose a set of
guidelines which capture most of the interaction problems which have been
observed in the interaction with a prototype SDS, namely the Danish system
for flight information inquiry. The guidelines represent a first approximation to
an operational definition of system cooperativity in task-orientated, shared-goal
HMI. When a guideline is violated, it is likely that mis-communication occurs,
which in turn may seriously damage the user’s task performance.

The guidelines are grouped along seven interaction aspects, see Table 2.1.
Four of them (informativeness, truth and evidence, relevance, manner) are iden-
tical to Grice’s maxims. Three aspects have been added which are particularly
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Table 2.1. Guidelines for cooperative system interaction, according to Bernsen et al. (1996)
and Bernsen et al. (1998). GG: generic guideline; SG: specific guideline; *: guideline which is
roughly equivalent to a Grice maxim.

Interaction
aspect

No.

Generic or specific guideline

Aspect 1: GG1

* Make your contribution as informative as is required (for the current
purposes of the exchange).

Informative- SGI Be fully explicit in communicating to users the commitments they have
ness made.
SG2  Provide feedback on each piece of information provided by the user.
GG2 * Do not make your contribution more informative than is required.
Aspect 2: GG3 * Do not say what you believe to be false.
Truth and ; :
) GG4  * Do not say for which you lack adequate evidence.
evidence
Aspect 3: GG5 * Be relevant, i.e. be appropriate to the immediate needs at each stage
Relevance of the transactions.
Aspect 4: GG6  * Avoid obscurity of expression.
Manner GG7  * Avoid ambiguity.
SG3 Provide same formulation of the same question (or address) to users
everywhere in the system’s interaction turns.
GG8  * Be brief (avoid unnecessary prolixity).
GG9 * Be orderly.
Aspect 5: Inform the users of important non-normal characteristics which they

Partner a- GGI10
symmetry

should take into account in order to behave cooperatively in spoken
interaction. Ensure the feasibility of what is required from them.

Provide clear and comprehensible communication of what the system

SG4
can and cannot do.
SGS Provide clear and sufficient instructions to users on how to interact with
the system.
Aspect 6: GG11 Take partner’s relevant background knowledge into account.
Background SG6 Take into account possible (and possibly erroneous) user inferences by
knowledge analogy from related task domains.
SG7 Separate whenever possible between the needs of novice and expert users
(user-adaptive interaction).
GG12 Take into account legitimate partner expectations as to your own back-
ground knowledge.
SG8  Provide sufficient task domain knowledge and inference.
Aspect T: GG13 Enable repair and clarification meta-communication in case of commu-
Repair and nication failure.
clarification SG9  Initiate repair meta-communication if system understanding has failed.
SGI0 ¥nitiate clarification meta-communication in case of inconsistent user
input.
SG11 Initiate clarification meta-communication in case of ambiguous user in-

put.
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important in HMI with limited interlocutor capabilities (see above): Interaction
partner asymmetry (because the machine is not a normal partner in the interac-
tion, and users are partly aware of this fact and behave accordingly), background
knowledge (which significantly differs between the two interlocutors), and the
need for meta-communication, for repair, and for clarification (important be-
cause of the limited recognition, understanding and reasoning capabilities of the
machine agent). The guidelines are further classified into Generic Guidelines
(GG) which are important in both HHI and HMI, and Specific Guidelines (SG)
tailored to specific aspects of the interaction with a spoken dialogue system.

The guidelines have first been developed on a Wizard-of-Oz corpus, then
compared with Grice’s maxims of cooperative HHI, tested on a user test cor-
pus, and finally consolidated in the form given above (Bernsen et al., 1998).
They reflect the experiences made with a specific flight inquiry system and
helped to improve the system during the development phase. Independent from
their development, Niculescu (2002) analyzes cases where the guidelines are
violated in the case of a restaurant information system (see Section 6). Such an
analysis, which has to be carried out manually, helps in identifying weaknesses
of dialogue management implementations, and can provide solutions for better
dialogue management design. Unfortunately, the schematic does not indicate
any weighting of different dimensions. In case of conflicting guidelines, the
system developer has to search for a compromise on its own.

The interaction aspects addressed by the guidelines can be usefully applied
to system quality evaluation. For this purpose, Niculescu (2002) identifies
11 aspects of quality which are relevant for cooperative HMI, and which are
classified in three levels. The levels and a part of the aspects have been renamed
here in order to be congruent with the rest of the book, however without changing
the underlying ideas. This results in a reduction to 9 aspects, the help capability
and the dialogue structure aspect being subsumed under the transparency aspect:

® Utterance level (question-answer level): Includes the aspects relevance and
informativeness (amount and completeness of information), manner (intel-
ligibility, comprehensibility, speech understanding capability), and meta-
communication handling (repetition, confirmation of user input, confirma-
tion of pauses).

» Functional level (system capabilities): Includes transparency (ease of use,
functional limits, help capabilities), congruence with the user’s background
knowledge and user expectations, initiative and interaction control, speed
and smoothness (processing speed, dialogue interruptions).

s Satisfaction level: Includes perceived task success and the perception of the
machine interaction partner (comparability with a human partner, trustwor-
thiness, user’s mood).
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Niculescu (2002) uses the three-layered taxonomy to set up the questionnaire
for the evaluation of the BoRIS restaurant information server, see experiment
6.2 described in Section 6.1.

2.3  Quality of Telephone Services Based on Spoken
Dialogue Systems

In the past sections, two terms have been mainly used to describe how well a
system or service fulfills the requirements of the user, or the ones of the designer
or operator: quality and performance. The term performance describes the
ability of a system to provide the function it has been designed for. Performance
can easily be quantified when a measure® exists which is closely linked to
the function under consideration. For example, the performance of a speech
recognizer describes the degree to which itis able to transcribe spoken input into
a sequence of words, and the quantifiable measure is e.g. the word accuracy or
the word error rate. The term performance is, however, often used for units for
which the function is not completely clearly defined, or for which no “natural”
quantifiable measure exists. Network performance, for example, is defined as
“the ability of a network or network portion to provide the functions related to
communications between users” (ITU-T Rec. E.800, 1994, p. 4). However, no
exact definition of the “functions related to communications” is given. Thus,
the term performance has to be used with care, in particular when it describes
the outcome of an assessment or evaluation experiment’.

Spoken language systems are relatively complex systems which offer a num-
ber of different (and ill-defined) functions. The functions of the individual parts
of the system (technical functions) have to be differentiated from the functions
of the system as a whole (operational functions). Whereas the former can
sometimes be defined in a general, application-independent way and allow per-
formance measures to be computed, the latter always depend on the application
a system has been designed for. Moore (1997, 1998) illustrates this dichotomy
in a model which shows the relationship between technical system characteris-
tics (called “features” in his terminology), technical system requirements and
capabilities, operational requirements and capabilities, and the operational ben-
efit. This model in depicted in Figure 2.8. Moore points out that a meaningful
definition of the general suitability of a given technology for a particular ap-
plication is dependent of a multi-factorial assessment along both technical and
operational dimensions. The operational assessment has to investigate the re-

*The noun “measure” is the number or category assigned to an attribute of an entity by making a measurement,
see ISO Standard ISO/IEC 9126-1 (2001).

>The International Telecommunication Union has now recognized the need for defining measures related to
the performance of specific services, and proposals have been made for web hosting, e-mail or streaming
media applications in ITU-T Delayed Contribution D.108 (2003).
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Figure 2.8. Model of the relationship between the applications of spoken language systems
and the underlying technologies (Moore, 1997, 1998).

lationship (matching) between operational requirements and capabilities, and
the technical assessment the relationship between technical requirements and
capabilities. Operational benefits according to Moore include cost savings,
manpower savings, increased operational effectiveness, increased productivity,
workload reduction, increased security, increased safety, increased function-
ality, space savings, bandwidths savings, and improved quality of life. Thus,
both the benefits for the system or service operator as well as the benefits for the
user are addressed under this term. They are in a complex relationship with the
operational requirements, and depend on operational factors such as accessibil-
ity, inter-operability, portability, mobility, reconfigurability, etc. Performance
can be defined along each of these dimensions, and the assessment of a system
as a whole should consequently take both aspects into account (Moore, 1998).

Whereas the functions of a speech recognizer are relatively well defined,
the functions of a dialogue manager are numerous and mainly ill-defined. As
a consequence, the performance of a dialogue manager can be measured with
respect to different targets. For example, Danieli and Gerbino (1995) investigate
the following operational functions of a dialogue manager for an information
inquiry system:
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m The ability to drive the user to find the required information (measures are
e.g. task success or the average number of turns).

m The ability to generate appropriate answers to user queries (a measure 1s
contextual appropriateness, see Section 3.8.5).

®m The ability to maintain an acceptable level of interaction with the user, also
when other modules have partial or total breakdowns (measures are e.g.
the number of user and system correction turns, or the implicit recovery
measure, see Section 3.8.5).

On the other hand, the performance of a dialogue manager with respect to
technical functions can be expressed in terms ofits coverage of natural language
phenomena. Churcher et al. (1997b) list the following phenomena which a
dialogue manager should be able to handle in order to be generic, and in order
to provide a certain degree of “naturalness’:

®  Anaphora.

s Ellipses.

» Over-informative user utterances.

® Recovery from errors or misunderstandings.

s Language of different perplexity (related to the user’s freedom of expres-
sion).

m  Operational functions of different perplexity (density of topic changes which
can be handled in a single dialogue, or the number of distinct tasks that can
be performed).

= Type of interaction strategies (user-initiative, system-initiative, mixed-ini-
tiative).

It becomes obvious that an exact specification of technical or operational func-
tions is a key requirement for making meaningful statements about the perfor-
mance of a system.

Humans are the users of SDS-based services which are offered over the
phone. Thus, human factors have mandatorily to be taken into account when the
functions of a system/service and the degree of their fulfilment are determined.
This necessity is not only important from a user’s, but also from a system
designer’s point of view: System designers may specify functions which are
not perceived, expected or desired by the user, and which are thus irrelevant in
the application scenario. On the other hand, functions which are important for
the user may not have been taken into account by the system designer, and lead
to a degradation of quality as it is perceived by the user.
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Because it is the user who perceives and judges, it is obvious that quality is
not an entity which could be measured in an easy way, e.g. using a technical
instrument. The quality of a service results from the perceptions of its user, in
relation to what they expect or desire from the service. In the following, the
definition of quality developed by Jekosch (2000) will be used:

“Quality: Result of appraisal of perceived composition of a unit with respect to its

desired composition.”

The unit to be judged upon in this case is the service the user interacts with
through the telephone network, and which is based on a spoken dialogue sys-
tem. Its quality is a compromise between what he/she expects or desires, and
the characteristics he/she perceives while using the service. The “perceived
composition” contains the totality of features, i.e. recognizable and nameable
characteristics of the service. These features are the result of a perception and
a reflection process which happens in the perceiving subject (the user), and
which is influenced by potential anticipation in the case that similar percepts
are known or can be deduced (Jekosch, 2000). The processes are highly de-
pendent on the situation in which the perception and judgment take place’. In
order to reflect this fact, one could speak of a “quality event” (Jekosch, 2000),
similar to the notion of an “auditory event” introduced by Blauert (1997).

The perceived composition is — of course — influenced by the physical com-
position, namely the set-up of the service and the system it relies on. Both
are linked and separated by a perception process. At this point, it is useful
to differentiate between quality elements and quality features, as it is further
proposed by Jekosch. Whereas the former are system or service characteristics
which are in the hands of the designer (and thus can be optimized to reach high
quality), the latter are perceptive dimensions forming the overall picture in the
mind of the user. Generally, no stable relationship which would be valid for
all types of services, users and situations can be established between the two.
However, it is possible to establish such relationships for particular systems in
a particular usage scenario. Quality prediction models for HHI over the phone
can be taken as an example, see Section 2.4.1.1. They establish a relationship
between instrumentally measurable signals or parameters of the system on the
one side, and estimations of user judgments on the other. Their scope is limited
to narrow-band telephone networks with handset user interfaces, and they are
useful for the design and set-up of such networks. However, it is generally not
possible to obtain valid quality predictions for systems and scenarios which
have not been taken into account at the time of model development.

%It should be noted that both the perception and the judgment process are influenced by non-auditory factors.
This situation is similar to the assessment of product sound quality, as it has been described by Blauert and

Jekosch (1996), Fig. 2.
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For telephone services which are based on SDSs, the notion of quality ele-
ments is not as simple as for a telephone network alone. In such services, the
user takes an active part in the interaction, and his characteristics and behavior
may be decisive for the fulfillment of the operational and technical functions.
The system and service characteristics will therefore be largely influenced by
the user. In this case, quality elements can tentatively be defined as measures
related to the system and the service which can be collected during the inter-
action. These measures will be called interaction parameters in the following
chapters. Interaction parameters may, but need not be instrumentally measur-
able. Examples include speech levels or the duration of a dialogue which are
instrumentally measurable, or a word error rate and a task success measure
which can only be determined with the help of human experts. An overview of
interaction parameters will be given in Section 3.8.5. Also for HMI over the
phone, prediction models can be established transforming interaction parame-
ters into estimations of user quality judgments. Such approaches are discussed
in more detail in Section 6.3. They are usually designed for a specific service
and domain, but a moderate degree of cross-domain validity can be reached
under certain conditions.

In principle, the Quality of Service (QoS) can be addressed from two different
points of view’. The first is the one of the service provider. He/she is mainly
interested in the effects of individual elements of the service, and how they
relate to the user’s degree of satisfaction or acceptability. Service providers
make use of a definition of QoS given in ITU-T Rec. E.800 (1994), p. 3:

“Quality of Service (QoS): The collective effect of service performance which determine
the degree of satisfaction of a user of the service.”

More precisely, QoS comprises four factors, namely service support, service op-
erability, serveability, and service security. Service support performance is the
ability of the service provider to provide the service and assist in its utilization.
Service operability performance is the ability of the service to be successfully
and easily operated by a user. Serveability performance is the ability of the
service to be obtained when requested by the user, and continue to be provided
without excessive impairment for a requested duration. It includes accessibility
(the ability of the service to be obtained), retainability (the probability that a
service, once obtained, will continue to be provided under given conditions for
a given time duration), and integrity (the degree to which a service is provided

ITU-T Rec. G.1000 (2001) even defines four different points of view: The customer’s requirements for
QoS, the service provider’s offering of QoS, the QoS achieved or delivered by the provider, and the QoS
perceived by the customer. The following discussion will however be limited to the two main points of view,
namely the one of the user and the one of the service provider, both allowing to set requirements and to
define assessment and evaluation methods.
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without excessive impairments) of the service. Service security performance is
the protection provided against unauthorized monitoring, fraudulent use, mali-
cious impairment, misuse, human error, and natural disaster.

The second point of view is the one of the user. He/she perceives and re-
flects on characteristics (features) of the service, compares the percepts with
some type of internal reference, and judges them according to whether they
fulfill his/her expectations or desires. Quality turns out as the result of the
perception and judgment process. When investigating the quality of a service,
it is important to take both points of view into account. Relationships have
to be established between what the user expects or desires, his percepts, and
the network and system characteristics which are responsible for evoking the
percepts.

This double-sided concept of quality shows some similarities to a quality
model which is standardized for software products, see ISO Standard ISO/IEC
9126-1 (2001). In that model, a separation is made between internal quality
(the totality of characteristics from an internal point of view; comparable to a
glass-box description of a system), external quality (totality of characteristics
from an external point of view; comparable to a black-box description in a
laboratory setting), and quality in use (user’s view of the quality of the product
when it is used in a specific environment and in a specific context of use).
Achieving quality in use depends on achieving the necessary external quality,
which depends on achieving the necessary internal quality. However, internal
quality is not sufficient for external quality, which is in turn not sufficient for
quality in use. For example, the level of quality in the user’s environment
may be different from that in the developer’s environment, e.g. because of the
differences between the needs and capabilities of different users, because of
the differences in the environment, or because of different contextual factors.
Thus, system developers normally require measures at all three levels.

Following the ISO definition, internal and external quality are defined by six
system and service characteristics which are important for developers:

s Functionality: suitability, accuracy, interoperability, security.

= Reliability: maturity, fault tolerance, recoverability.

s Usability: understandability, learnability, operability, attractiveness.

m Efficiency: time behavior, resource utilization.

= Maintainability: analysability, changeability, stability, testability.

s Portability: adaptability, installability, co-existence, replaceability.
The quality in use, on the other hand, is defined by the four characteristics:

m Effectiveness.
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m Productivity.
= Safety.

m Satisfaction.

Some of the more important items from this list are defined in the glossary,
others can be found in ISO Standard ISO/IEC 9126-1 (2001).

It is obvious that the ISO definition is purely directed towards the goals
of the system or service provider. In particular, it does not give any insight
into the perceptive dimensions of quality which might be important for the
user when interacting with a service. Nevertheless, four constituents of the
internal/external quality and the quality of use are particularly related to the
user: Effectiveness, efficiency, usability, and user satisfaction. A fifth term
requires some explanation, namely naturalness. These items will be briefly
addressed in the following paragraphs.

Both effectiveness and efficiency are related to the performance in achieving
the task goal (operational functions) a service has been built for. For example,
ETSI Technical Report ETR 095 (1993), p. 11, defines performance as the “de-
gree of task achievement by utilizing a telecommunication service”, and states
that “performance can be described by effectiveness and efficiency”. Effective-
ness is an absolute index which describes how well the goal was reached, with
respect to the accuracy and completeness of the goals, see e.g. ETSI Technical
Report ETR 095 (1993), p. 13:

“Effectiveness: The accuracy and completeness with which specified users can achieve
specified goals in particular environments.”

Measures of effectiveness which are reported in literature are e.g. task success
or the kappa metrics. Efficiency, on the other hand, is a relative measure of
goal achievement in relation to the resources used (ETSI Technical Report ETR
095, 1993, p. 13);

“Efficiency: The resources expended in relation to the accuracy and completeness of
goals achieved.”

Commonly used metrics are e.g. the dialogue duration or the number of turns
uttered by the system or the user.

Efficiency seems to be a measure which is directly related to the ability of
reaching the task goals when resources are limited. It is however not sufficient
in characterizing the interaction, as it was already discussed by Walker (1994):

“A common assumption in work on collaborative problem solving is that interaction
should be efficient. When language is the mode of interaction, the measure of efficiency
has been, in the main, the number of utterances required to complete the dialogue [...].
One problem with this efficiency measure is that it ignores the cognitive effort required
by resource limited agents in collaborative problem solving. Another problem is that
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an utterance-based efficiency measure shows no sensitivity to the required quality and
robustness of the problem solution.”

Walker states that human agents engage in problem-solving dialogue also in
an “inefficient” manner. Namely, they make use of informally redundant utter-
ances (IRUs) containing facts that are already mutually believed. On a corpus
of 55 problem-solving HHI dialogues, Walker (1993) found 12% of such IRUs,
and concluded that these utterances serve an important cognitive function. In
a different experiment (Walker, 1994), she showed that strategies which are
inefficient under assumptions of perfect reasoners with unlimited attention, are
efficient with resource-limited agents. Different tasks require different cogni-
tive demands, and thus place different requirements on the agent’s collabora-
tive behavior. Especially tasks which require a high level of belief coordina-
tion benefit from communicative strategies that include redundancy, as well as
fault-intolerant tasks for which the redundancy rehearses the effects of critical
actions.

Efficiency and cognitive demand are criteria characterizing a system with
which a user is able to achieve his or her task goals. Usability, however, is
generally defined in a much broader sense, and describes the capability of a
system or service to be understood, learned and used by specified users under
specified conditions. The following definition of usability, which is not identical
to the ones given by ISO or ETSI, will be used here (Moller, 2000, p. 198):

“Usability: Suitability of a system or service to fulfill the user’s requirements. Includes
effectiveness and efficiency of the system and results in user satisfaction.”

In contrast to other usability definitions, user satisfaction or pleasantness are not
prerequisites, but consequences of usability. User satisfaction is an indicator of
the system’s perceived usefulness and usability from the intended user group.
It includes whether the user gets the information he/she wants, is comfortable
with the system, and gets the information within an acceptable elapsed time
(Maier et al., 1997). Dybkjer and Bernsen (2000) propose a mandatory list of
15 usability evaluation criteria for SDS evaluation:

m Modality appropriateness.
® Input recognition adequacy.

m Naturalness of user speech relative to the task(s), including coverage of user
vocabulary and grammar.

s QOutput voice quality.
= Qutput phrasing adequacy.
m Feedback adequacy.

® Adequacy of dialogue initiative relative to the task(s).
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m Naturalness of the dialogue structure relative to the task(s).
m Sufficiency of task and domain coverage.
m Sufficiency of the system’s reasoning capabilities.

s Sufficiency of interaction guidance (information about system capabilities,
limitations and operations).

= Error handling adequacy.
» Sufficiency of adaptation to user differences.
= Number of interaction problems.

m User satisfaction.

One term in this list needs further clarification, namely the notion of natu-
ralness. An interaction with an SDS can be described as natural if it closely
resembles the interaction between humans (Boyce and Gorin, 1996). By mak-
ing an interaction natural, users can bring into the dialogue what they already
know about language and conversation from everyday interaction with humans.
A possible definition of naturalness can for example be based on the Turing Test,
which is a long-debated and still applied methodology to determine to what ex-
tent it is possible to convince a user that an automated system is human-like.
Following Turing’s argumentation, if an interrogator cannot distinguish a sys-
tem from a human interlocutor by questioning, then it would be unreasonable
not to call the computer intelligent (Turing, 1950). A prize (Loebner prize) is
annually awarded to the most human natural language processing (NLP) sys-
tem 1n this respect. Currently awarded systems usually rely on written language
input.

In view of the number of criteria which influence the user’s perception of a
system or service, the question arises whether it is possible to organize these
criteria in a way which makes them distinguishable and relatable for quality
analysis and synthesis. The following section describes a proposal for such a
taxonomy which has recently been published (Moéller, 2002a). It will be used
throughout this book in order to distinguish quality aspects, to classify quality
elements and features, and to develop quality prediction models.

23.1 QoS Taxonomy

In contrast to the definitions of QoS from a system developer’s point of
view, the following taxonomy puts the focus on the user. The overall picture
is presented in Figure 2.9. It illustrates broad categories (white boxes) which
can be sub-divided into aspects (gray boxes), and their relationships (arrows).
As the user is the decision point for each quality aspect, user factors have to
be seen in a distributed way over the whole picture. This fact has tentatively
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been illustrated by the gray cans on the upper side of the taxonomy, but will
not be addressed further here. The remaining categories are discussed in the
following.

Walker et al. (1997) identified three factors which carry an influence on the
performance of SDSs, and which therefore are thought to contribute to its qual-
ity perceived by the user: Agent factors (mainly related to the dialogue and the
system itself), task factors (related to how the SDS captures the task it has been
developed for) and environmental factors (e.g. factors related to the acoustic
environment and to the transmission channel). Because the taxonomy refers to
the service as a whole, a fourth point is added here, namely contextual factors
such as costs, type of access, or the availability. All four types of factors sub-
sume quality elements which can be expected to carry an influence on the quality
perceived by the user. The corresponding quality features are summarized into
aspects and categories in the following lower part of the picture.

The agent factors carry an influence on three quality categories. On the
speech level, input and output quality will have a major influence. Quality
features for speech output have been largely investigated in the literature, and
include intelligibility, naturalness, or listening-effort. They will depend on
the whole system set-up, and on the situation and task the user is confronted
with. Quality features related to the speech input from the user (and thus to
the system’s recognition and understanding capabilities) are far less obvious.
They are, in addition, much more difficult to investigate, because the user only
receives an indirect feedback on the system’s capabilities, namely from the
system reactions which are influenced by the dialogue as a whole. Both speech
input and output may be largely impacted by environmental factors.

On the language and dialogue level, cooperativity has been identified as a
key requirement for high-quality services. The classification of cooperativity
into aspects, which was proposed by Bernsen et al. and which is related to
Grice’s maxims (see Section 2.2.3), is mainly adopted here, with one excep-
tion: The partner asymmetry aspect is captured under a separate category called
dialogue symmetry, together with the aspects of initiative and interaction con-
trol. Dialogue cooperativity will thus cover the aspects informativeness, truth
and evidence, relevance, manner, the user’s background knowledge, and meta-
communication handling strategies.

As it has been defined above, efficiency describes the effort and resources
expended in relation to the accuracy and completeness with which users can
reach specified goals. It is proposed to differentiate three types of efficiency.
Communication efficiency relates to the efficiency of the dialogic interaction,
and includes — besides the aspects of speed and conciseness — also the smooth-
ness of the dialogue (which is sometimes called “dialogue quality™). Note that
this is a significant difference to other notions of efficiency which only address
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the efforts and resources, but not the accuracy and completeness (effectiveness)
of the goals to be reached. Task efficiency is related to the success of the system
in accomplishing the task; it covers task success as well as task ease®. Service
efficiency is the adequacy of the service as a whole for the purpose defined by
the user. It also includes the ‘added value’ which is contributed to the service,
e.g. in comparison to other means of information (comparable interfaces or
human operators).

In addition to efficiency aspects, other aspects exist which relate to the agent
itself, as well as its perception by the user during the dialogue. These aspects will
be subsumed in the following under the category ‘comfort’, although other terms
might exist which better describe the according perceptions of the user. Comfort
covers the agent’s ‘social personality’ (perceived friendliness, politeness, etc.),
as well as the cognitive demand required from the user.

Usability has been defined as the suitability of a system or service to fulfill
the user’s requirements. It considers mainly the ease of using the system and
may result in user satisfaction. It does, however, not cover service efficiency or
economical benefit, which carry an influence on the utility (usability in relation
to the financial costs and to other contextual factors) of the service. Walker
et al. also state that “user satisfaction ratings [...] have frequently been used
in the literature as an external indicator of the usability of an agent” (Walker
et al., 1998b, p. 320). As in Kamm and Walker (1997), it is assumed that user
satisfaction is predictive of other system designer objectives, e.g. the willing-
ness to use or pay for a service. Acceptability, which is commonly defined on
this more or less ‘economic’ level, can therefore be seen in a relationship to
usability and utility. Itis a multidimensional property of a service, describing
how readily a customer will use the service. The acceptability of a service
(AoS) can be represented as the ratio of potential users to the quantity of the
target user group, see the definitions on AoS adopted by EURESCOM Project
P.807 Deliverable 1 (1998).

The taxonomy shows that a large number of aspects contribute to what can
be called communication efficiency, usability, or user satisfaction. Several
interrelations (and a certain degree of inevitable overlap) exist between the
categories and aspects, and these interrelations are marked by arrows. They
will become more apparent when taking a closer look to the underlying quality
features which can be associated with each aspect. This association will be
presented in the following section.

$Task efficiency has to be distinguished from communication efficiency, because aspects like speed and
conciseness are not necessarily targeted by all types of dialogue systems. For example, dialogue systems
which enable a domain conversation without resolving a pre-specified task (such as education, training or
entertainment systems) may aim for long or otherwise “inefficient” interactions to resolve the underlying
task, see e.g. Bernsen (2004) or Traum et al. (2004).
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2.3.2  Quality Features

Quality features are recognized and designated characteristics of the service
which are relevant to its quality (Jekosch, 2000). They can only be measured
by asking users in realistic scenarios, in a subjective way. Several studies
with this aim have been reported in the literature, and an overview is given in
Section 3.8.6. The author analyzed twelve investigations and extracted quality
features from the questions the users were asked (as far as they have been
reported). These quality features were grouped according to the QoS taxonomy.
Additional features are related to dialogue cooperativity and have been extracted
from the definition of design guidelines given in Section 2.2.3. The features do
not solely refer to telephone services, but will be valid for a broader class of
systems and services based on SDSs.

In Tables 2.2 and 2.3, an overview is given of the quality features which result
from this analysis. The list is not necessarily complete, in the sense that it will
contain all quality features which are relevant for the success/non-success of
a service. Nevertheless, the tables illustrate the relationship between quality
aspects and user percepts. They can be used for two different purposes: On the
one hand, they help to identify the aspects of quality which are addressed by a
given user judgment on a specific question. On the other hand, they can be used
to systematically set up evaluation schemes for individual quality aspects. Such
an evaluation scheme will generally encompass both subjective userjudgments
and interaction parameters logged during the interaction. Both purposes will
be addressed in later sections of this book.

2.3.3 Validation and Discussion

The new taxonomy is useful for classifying quality features as well as instru-
mentally or expert-derived measures (interaction parameters) which are related
to service quality, usability, and acceptability. A validation against experimen-
tal (empirical) data on a large number of systems and services still has to be
performed. First steps in this direction will be presented in Chapter 6, for a
prototypical information service accessible over the phone. Nevertheless, there
are a number of facts reported in literature which suggest that the taxonomy
captures both the definitions of quality aspects given above as well as intuitive
assumptions of individual authors.

First of all, in his review of both subjective evaluations as well as dialogue-
or system-related measures, the author didn’t encounter quality features or
interaction parameters which would not be covered by the taxonomy. Example
categorizations will be given in Sections 3.8.5 and 3.8.6. As stated above, the
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Table 2.2. Dialogue-related quality features.

Category

Aspect

Quality features

Dialogue
cooperativity

Informativeness — Accuracy / specificity of information

— Completeness of information
— Clarity of information

— Conciseness of information
- System feedback adequacy

Truth and
evidence

— Credibility of information
— Consistency of information
- Reliability of information
— Perceived system reasoning

Relevance

— System feedback adequacy

— Perceived system understanding
— Perceived system reasoning

— Naturalness of interaction

Manner

— Clarity / non-ambiguity of expression

— Consistency of expression

— Conciseness of expression

— Transparency of interaction

- Order of interaction

— Respect of natural information packages

Background
knowledge

- Congruence with user’s task/domain knowledge
— Congruence with user experience

— Suitability of user adaptation

— Inference adequacy

— Interaction guidance

Meta-comm.

handling

— Repair handling adequacy

— Clarification handling adequacy
— Help capability

— Repetition capability

Dialogue
symmeitry

Initiative

— Interaction guidance
— Naturalness of interaction

Interaction
control

— Flexibility of interaction

— Perceived control capability
— Barge-in capability

— Cancel capability

Partner
asymmetry

— Transparency of interaction

— Transparency of task / domain coverage
— Interaction guidance

— Naturalness of interaction

— Respect of natural information packages

Speech 1/O
quality

Speech output

quality

— Intelligibility
— Naturalness of speech
— Listening-effort required from the user

Speech input

quality

— Perceived system understanding
- Perceived system reasoning
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Table 2.3. Communication-, task- and service-related quality features.

Category Aspect Quality features
Communication Speed — Perceived interaction pace
efficiency — Perceived response time
Conciseness — Perceived interaction length
— Perceived interaction duration
Smoothness — Perceived system errors

— Repair handling adequacy

- Clarification handling adequacy
— Transparency of interaction

— Congruence with user experience

Comfort Agent - Politeness
personality — Friendliness
- Naturalness of behavior
Cognitive - Ease of communication
demand — Concentration required from the user
— Stress / fluster
Task Task success — Adequacy of task / domain coverage
efficiency — Validity of task results

— Precision of task results
— Reliability of task results

Task ease — Perceived helpfulness
— Task guidance
— Transparency of task / domain coverage

Service Service - Access adequacy
efficiency adequacy — Availability
- Modality adequacy
— Task adequacy
— Perceived service functionality
— Perceived usefulness

Added value — Service improvement
- Comparable interface
Usability Ease of use — Service operability

— Service understandability
— Service learnability

User satisfaction — Pleasantness

— Personal impression
Utility — Valuability

— Perceived helpfulness

Acceptability — Future use
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separation of environmental, agent and task factors was motivated by Walker
et al. (1997). The same categories appear in the characterization of spoken
dialogue systems given by Fraser (1997), plus an additional user factor, which
obviously is nested in the quality aspects due to the fact that it is the user
who decides on quality. The context factor is also recognized by Dybkjaer
and Bernsen (2000). Dialogue cooperativity is a category which is based on
a relatively sophisticated theoretical, as well as empirical, background. It has
proven useful especially in the system design and set-up phase, and first results
in evaluation have also been reported (Bernsen et al., 1998; Niculescu, 2002).
The dialogue symmetry category captures the remaining partner asymmetry
aspect, and has been designed separately to additionally cover initiative and
interaction control aspects. To the author’s knowledge, no similar category
has been reported yet’. The relationship between efficiency, usability and user
satisfaction has already been discussed in Section 2.3.

Recognized quality prediction models for SDS-based services (see Sec-
tion 6.3) make use of a similar definition of user satisfaction. In the PARADISE
framework (Walker et al., 1997), user satisfaction is composed of maximal task
success and minimal dialogue costs — thus a type of efficiency in the way it
was defined here. This concept is still congruent with the proposed taxonomy.
On the other hand, the separation into “efficiency measures” and “quality mea-
sures” used in the PARADISE model does not seem to be fine-graded enough.
It is proposed that the taxonomy be used to classify different measures before-
hand, according to the quality aspect they refer to. Based on the categories, a
multi-level prediction model can be defined, first summarizing similar measures
(belonging to the same category) into intermediate indices, and then combining
the contributions of different indices into an estimation of user satisfaction. An
example for such a hierarchical model will be presented in Section 6.3.3.

2.4  System Specification, Design and Evaluation

In order to design systems which deliver a high quality to their users, quality
has to be a criterium in all phases of system specification, design, and evalu-
ation. The scenario which is depicted in Figure 2.2 shows two main systems
which will carry an influence on the quality which is experienced by the human
user: the transmission network including its user interfaces, and the spoken di-
alogue system. If one of the systems does not show an adequate performance,
the user will generally not be able to differentiate whether the overall quality
is affected by the transmission channel or by the machine agent. Thus, an in-
tegrated view on both systems — i.e. an end-to-end consideration including the
whole communication channel — is useful. It becomes even more important

Recently, the importance of different types of symmetry in a domain conversation has been recognized by
Bernsen et al. (2004).
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because many transmission experts are not familiar with the requirements of
speech technology, and many speech technology experts do not know which
transmission impairments are to be expected for their systems in the near future.

Transmission network planning has been a topic of traditional telephony for
a number of years. Its strategy has recently changed due to the diversified and
liberalized market. An overview of the methods which are currently applied
when a new network or network branch is installed will be given in Section 2.4.1.
It will particularly address quality considerations which are made during the
planning phase, and illustrate the major quality prediction approaches used by
network operators. These quality prediction models will be used in Chapters 4
and 5 in order to estimate the transmission channel impact in the HMI scenario.

For the design of SDSs, planning strategies are less well developed. As an
SDS is largely software-reliant, general software engineering life-cycle models
can be used for its design. On the basis of experiences from the Danish SDS
for flight ticket reservation, Bernsen et al. (1998) propose a general model,
consisting of seven steps:

m Survey: Provides areasonable and reliable estimate of the project feasibility.

® Requirement specification: Identifies strategic goals, system goals and con-
straints, and resource constraints.

m  FEvaluation specification: Establishes a set of criteria to be used in the final
evaluation of the system, which refer to system goals and constraints.

® Design specification: Describes how to build a system which will satisfy the
requirement specification and evaluation criteria, in a sufficiently detailed
way to enable system implementation.

® Analysis and design: Set up the design specification in order to implement
the system.

= System set-up: Either directly (implement-test-revise) or via simulation
(simulate-evaluate-revise), see Section 2.4.3.

m Acceptance tests: For example controlled user tests, field tests, or final
acceptance tests according to the pre-defined evaluation criteria.

All these phases will be briefly addressed in Sections 2.4.2 to 2.4.4. They should
be preceded by an intensive analysis of user requirements in order to guarantee
that the system does not miss the needs of its potential users.

Several successful design and implementation examples are described in
the literature. They cover most of the steps to a varying degree, and usually
involve a simulation of the final system. The most detailed description is given
for the Danish dialogue system for flight ticket reservation by Bernsen et al.
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(1998). It follows the design procedure indicated above in a principled way,
and is a very valuable source of information for SDS developers. Another
design example is the Spanish dialogue system for train information, see San-
Segundo et al. (2001a,b). For this system, a 5-step procedure is used, including
database analysis and design by intuition, design by observation of human-
human interactions, simulation, iterative improvement, and evaluation.

24.1  Transmission Network Planning

The strategy for planning speech transmission networks has lived a funda-
mental change during the last decade. Historically, the main transmission im-
pairments caused by analogue technology were loss and noise, and according
transmission plans (for the PSTN) and loss plans (for PBXs) were agreed upon
by the telecom administrations and by private companies. The interconnection
between public and private networks was strictly defined. For each transmission
parameter, permitted ranges and limits were given, based on the assumption that
the parameter under consideration would cause the most important degradation
in the specific connection. Examples of such definitions can be found in the
respective ITU-T Recommendations, namely for loudness ratings which are
described below (ITU-T Rec. G.111, 1993; ITU-T Rec. G.121, 1993), delay
(ITU-T Rec. G.114, 2003), talker echo (ITU-T Rec. G.131, 1996), or listener
echo (ITU-T Rec. G.126, 1993).

The situation completely changed with the de-regulation and liberalization
of transmission networks, resulting in the set-up of new global private net-
works and the use of modern transmission technologies. Due to digital trans-
mission and switching, parameters which have been important for analogue
networks (frequency shape, circuit noise, crosstalk, loss and level variation
over time, etc.) are less important, and other parameters (echo, delay, signal-
processing-originated impairments, acoustic characteristics of the terminals)
become dominant in such networks. Generally, several impairments are present
simultaneously, and they interact with each other. Thus, the definition of strict
constraints for individual parameters is no longer applicable, as it would lead to
too pessimistic (worst-case) estimations, and finally prevent the use of modern
technologies.

Instead, transmission planning in modern networks should be based on an
end-to-end consideration of the whole transmission channel, from the mouth of
the talker (or the speech generation output of the SDS) to the ear of the listener
(or the ASR input). For narrow-band and handset-terminated networks, this
approach is described in detail in ITU-T Rec. G.108 (1999). In principle, the
approach involves the following steps:

®= Determination of specific requirements and network features, e.g. type and
structure of the network, routing, interconnection, and far-end termination.
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® Determination of potential configurations, including the most critical con-
figuration. This step generally requires a lot of experience and planning
practice.

s Determination of transmission parameters on the basis of a reference con-
figuration, for all private networks, public networks, tie trunks, and leased
lines.

®» Estimation of the expected end-to-end quality with the help of a quality
prediction model: For HHI scenarios using the E-model, for ASR e.g. using
a modified version described in Section 4.5.

s Analysis of the results and assignment of speech communication quality
categories.

The main planning task is the collection of necessary information about the
various network components in the configuration under consideration, and their
contribution to the transmission impairments of the overall connection. This
task is facilitated by a so-called ‘reference connection’ which is depicted in
Figure 2.10. It collects all parameters which are relevant for the estimation of
the overall quality of a prototypical connection, using a network planning model
(e.g. the E-model, see Section 2.4.1.1). A list of the currently used parameters
and of the default values and permitted ranges is given in Table 2.4.

Receive side
Send side
OLR >
> RLR >
0 dBrLoirlt
T
Weighted Echo
Dr-Factor

Path Loss WEPL I— Q

Round-Trip \HOP”‘

Delay Tr MNoise Pr

L < Sidetone Masking
—{ Coding / Decoding - Rating STMR
Circuit Noise Ne J Equipment Impairment Factor le . :
referred lo 0 dBr Packel-Loss Robustness Factor Bpl |Listener Sidetone
Rating LSTR
Packet-Loss Probability Ppl
> Mean one-way Delay T
» Absolute Delay Ta
- Talker Echo
Quantizing Distortion gdu Laudnass: Fating

Expectation Faclor A TELR

Figure 2.10. Reference connection for network planning purposes, see ITU-T Rec. G.107
(2003).
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Table 2.4. Parameters of the reference connection, default values and permitted ranges, ac-
cording to ITU-T Rec. G.107 (2003)*.

Parameter Abbr Unit Default Permitted

value range
Send loudness rating SLR dB 8 0..18
Receive loudness rating RLR dB 2 -5...+14
Sidetone masking rating STMR dB 15 10...20
Listener sidetone rating LSTR dB 18 13...23
D-value of handset telephone, send side Ds 3 -3..43
D-value of handset telephone, receive side Dr 3 -3..43
Talker echo loudness rating TELR dB 65 5...65
Weighted echo path loss WEPL dB 110 5..110
Mean one-way delay of the echo path T ms 0 0...500
Round-trip delay in a four-wire loop Tr dB 0 0...1000
Pure delay of the connection Ta ms 0 0...500
Number of quantizing distortion units qdu | 1...14
Equipment impairment factor Ie 0 0...40
Packet loss robustness factor Epl 1 1...40
Random packet loss probability Ppl % 0 0..20
Circuit noise referred to the 0 dBr-point Nc dBmOp -70 -80...-40
Noise floor the receive side N for dBmp -64
Room noise at the send side Ps dB(A) 35 35...85
Room noise at the receive side Pr dB(A) 35 35..85
~ Expectation factor A 0 0..20

1 The units dBmp and dBmOp are commonly used in telephony. They describe the absolute power level
(dBm) a signal has at a virtual O dB reference point in the network, behind the SL R’ filter in Figure 4.1. The
index p defines that the power level has to be weighted psophometrically, e.g. using a psophometer defined
in ITU-T Rec. P.53 (1994).

The reference connection describes the whole transmission path, from the
mouth of the talker (or from the speech synthesis system) to the ear of the listener
(or to the speech recognizer), in a parametric way. Parameters of this description
are one-dimensional planning values. They can be obtained by measuring
frequency responses of the transmission paths, or noise power spectra, and by
using defined frequency-weighting algorithms.

The characteristics of the transmission paths (main speech transmission path,
echo path, sidetone path) are expressed in terms of so-called ‘loudness ratings’,
which reflect the perceived loudness of the path, and the corresponding mean
delays. For a definition of loudness ratings see ITU-T Rec. P.79 (1999). Noises
are described by their psophometrically weighted power levels (for circuit noise
and noise floor, see ITU-T Rec. P.53, 1994) or by standard A-weighted power
levels (for ambient noise). Waveform codecs and effects of A/D-D/A conver-
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sions are expressed in terms of a signal-to-quantizing-noise ratio. The effects
of non-linear codecs operating at medium to low bit-rates cannot easily be de-
scribed by an instrumentally measurable parameter. For the purpose of network
planning, they are covered by another scalar value, the so-called equipment im-
pairment factor le. It describes the additional amount of degradation which is
introduced by the coder-decoder pair in comparison to other impairments. The
exact description of all the planning values can be found in ITU-T Rec. G. 107
(2003) and in the corresponding ITU-T P-Series Recommendations.

24.1.1 Quality Prediction Models for HHI over the Phone

The aim of quality prediction models is to establish relationships between
signals or parameters describing the network or system on the one hand, and
perceptive quality features on the other hand. The solution may be considered
successful when a high correlation between auditory test results and input sig-
nals or parameters is reached. However, a high correlation does not necessarily
mean that valid quality predictions can be obtained for scenarios which have not
been covered in the test databases used for model definition. It is important not
to extrapolate beyond the verified range of validity. Otherwise, the predicted
quality will be useless or may mislead the service provider.

According to a classification of prediction models proposed by Moller and
Raake (2002), five criteria have to be taken into account:

= The application scope of the model (network planning, optimization, mon-
itoring).

® The considered network components or configurations (mouth-to-ear, codecs
only, etc.).

®» The predicted quality features (integral quality, intelligibility, listening-
effort, conversational aspects, etc.).

® The model’s input parameters.

® The amount of psychoacoustically or perceptively motivated contents vs.
empirically motivated knowledge.

These criteria will be briefly discussed in the following section.

Prediction models can serve different purposes, depending on the phase of
planning, set-up, operation and optimization, which the network under consid-
eration finds itself in. In the planning phase, it is possible to predict the quality
that the user of the connection may encounter, provided that all or most of the
planning parameters shown in Figure 2.10 are known beforehand. In such a
case, comparative calculations of different set-ups can help to find weaknesses
during network set-up, or to decide whether to apply an additional piece of
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equipment (e.g. a codec, echo canceller). When parts of the network equip-
ment are available, it is also possible to perform measurements with artificial or
typical speech signals, e.g. for equipment optimization. Signal-based measures
(see below) are a good means for this purpose. On the other hand, it is also pos-
sible to measure specific signals, speech/noise levels, or other parameters (e.g.
delay times) in operating networks. From these measurements, quality can be
estimated for the specific network configuration, and potential weaknesses and
network malfunctions can be identified.

Depending on which parts of the network are already available, different
types of input parameters can be used for predicting quality. These parameters
may refer to one or several network elements or to the whole transmission chan-
nel, mouth-to-ear. As a result, the predictions based on the parameters/signals
will only be valid for this or a comparable type of equipment, with identical
degradations.

Most models aim at predicting integral quality in terms of a mean opinion
score (MOS, i.e. the mean judgment on a 5-point absolute category rating
scale) or a transmission rating (R, see below). The predicted quality index may
express user opinion (which has been collected in specific situations, e.g. in
a laboratory listening-only test environment), or they can be associated with
quality of service classes defined for network design, see ITU-T Rec. G.109
(1999). Quality indices will only be valid for the specified range of impair-
ments which were part of the tests for which the prediction model has been
optimized. For example, if time-variant degradations have not been included
in the tests, the model cannot be expected to provide reasonable predictions for
such impairments. Still, the associated quality features may become dominant
in specific network configurations. In this case, the validity of the predicted
results is questionable.

The mapping between input parameters and output indices can be performed
by incorporating different degrees of psychoacoustic knowledge: Either a pure
curve-fitting to the results of auditory tests is performed, or certain known
characteristics of the human auditory perception are taken into account (e.g.
masking, loudness perception, etc.) and are modelled. Usually, both ways are
chosen, and the models contain some perceptively motivated parts and some
purely empirically determined parts (strictly speaking, however, all psychoa-
coustically motivated knowledge is also empirically determined).

According to these classification criteria, three major types of models can be
distinguished:

m Signal-based comparative measures.
® Network planning models.

= Monitoring models.
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Signal-based comparative measures predict one-way voice transmission qual-
ity for single network components. They have mainly been developed for
predicting the effects of waveform and non-waveform codecs on transmitted
speech, but new versions also partly cover the effects of background noise and
transmission errors. Such comparative measures are a powerful tool when new
codecs have to be tested and compared to others whose performances are known,
and when auditory tests are too time-consuming or expensive. For example,
several versions of a newly developed codec can be evaluated comparatively,
in order to find out the optimum parameter setting, and to gain an impression
of the achievable quality level in comparison to other codecs on the market.

Quality predictions are performed on the basis of the input and output sig-
nals from a part of the transmission chain (Hauenstein, 1997; Vary et al., 1998).
The two signals are first pre-processed to equalize them for loudness and de-
lay differences, which — unless in extreme cases — do not result in