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Voice User Interface as an alternative access 
point to web-based services - An investigation 
using an end-to-end design approach 

Abstract 
This Master’s Thesis investigates the potential benefits and challenges of using a Voice User 
Interface as an additional access point to a service otherwise only available as a web-based cell 
phone client using a Graphical User Interface. The service used in the Thesis is a furniture 
advertisement service. Two different user groups are thought of as the potential end users of this 
so-called Spoken Dialogue System. The first one consist of people in rural areas in developing 
countries to whom a Spoken Dialogue System potentially could be the only access point to a 
web-based service and the second one consists of more advanced cell phone users for whom 
using a Voice User Interface potentially could have specific advantages compared to using a 
Graphical User Interface.  

An end-to-end design life-cycle approach is used as the overall method for this Thesis, 
including all steps from designing a dialogue structure, conducting user tests to creating a 
working prototype. The main emphasis is laid upon the two user tests conducted; one conducted 
in an early stage of the design process using a Wizard of Oz technique and the other one 
conducted on a working prototype.  

An open source speech recognition engine called Sphinx4 is used for the final prototype and is 
also shallowly evaluated. 

Both tests produce data that, after analysis, generate interesting and useful results regarding 
weaknesses and strengths of both the specific Spoken Dialogue System developed in this 
Master’s Thesis as well as general aspects regarding the use of such a system. The most 
prominent strengths of the investigated system are ease of use, ease of navigation and speed of 
talking. The most important weaknesses are information overflow, a sub-standard system 
recognition accuracy and the dialogue being too slow. The two user tests had a transaction 
success rate of 78% and 90% respectively indicating that the designed dialogue structure and 
the final Spoken Dialogue System was beneficial even though there were limitations in its 
implementation. Moreover, both user groups were positive to the idea of using a voice-based 
interface for the proposed service.  



Talbaserat gränssnitt som alternativ ingång till 
webbaserade tjänster - En 
designprocessbaserad undersökning 

Sammanfattning 

Detta examensarbete undersöker de potentiella för- och nackdelarna med att använda ett 
röstbaserat användargränssnitt som ett alternativ till ett grafiskt användargränssnitt för en 
webbaserad mobiltjänst. Den specifika tjänst som används i denna rapport är en annonstjänst för 
möbler. Två användargrupper är tänkta som användare av detta röstdialogsystem. Den första 
består av människor som lever på landsbygden i utvecklingsländer för vilka ett röstdialogsystem 
potentiellt är den enda möjligheten till att kunna interagera med en webbaserad tjänst. Den 
andra består av mer avancerade mobiltelefonanvändare för vilka ett röstbaserat 
användargränssnitt kan innebära fördelar framför ett grafiskt baserat användargränssnitt.  

En specifik livscykelmodell för design- och utvecklingsarbete används som övergripande 
undersökningsstruktur. Denna livscykelmodell innefattar alla delar från att designa en 
dialogstruktur och genomföra användartest till att utveckla en fungerande prototyp. Störst fokus 
ligger i denna rapport på två användartester som genomförts. Det första på ett simulerat 
dialogsystem med hjälp av en simuleringsteknik som kallas Wizard-of-Oz, det andra på en 
fungerande prototyp. I övrigt genomförs även en översiktlig utvärdering av den 
röstigenkänningsmotor som används i den slutgiltiga prototypen, Sphinx4.  

De data och de resultat som genererades av de två användartesterna är intressanta och 
användbara vad gäller för- och nackdelar med att använda röstdialogsystem både specifikt 
kopplade till den typ av tjänst som användes i denna rapport samt i största allmänhet. De mest 
framträdande fördelarna handlar om en allmän enkelhet att använda och navigera i systemet 
samt om hur lätt vi människor har för att tala. De mest framträdande nackdelarna handlar om 
informationsöverflöd, en undermålig taligenkänningsförmåga och att systemet var för långsamt. 
De två användartesten hade en genomförandegrad (transaction success rate) på 90% respektive 
78%. Detta indikerar att både själva dialogstrukturen samt det slutgiltigt implementerade 
dialogsystemet är användbara, givet arbetets begränsningar. Resultaten visar dessutom att båda 
användargrupperna ställer sig positiva till ett talbaserat gränssnitt för den föreslagna tjänsten.  
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Outline 
This part is intended to provide the reader with an outline of the structure of this report as well 
as the problem investigated in the Master’s Project (henceforth project) presented in this 
Master’s Thesis (henceforth Thesis).  

This Thesis investigates the potential possibilities and challenges of using a Voice User 
Interface (henceforth VUI) as an access point to web-based services otherwise available through 
a Graphical User Interface (henceforth GUI) on a cell phone. The specific web-based service 
used in this investigation is an advertisement service providing a user with the possibility to 
search for and create specific advertisements. This service was chosen because of its relatively 
limited complexity and range, as well as because of the fact that an advertisement service will 
most probably have to use, and communicate with, a database. As potential end users to this 
VUI two diverse target groups are proposed. The first target group consists of people in rural 
areas of developing countries to which a VUI could be the only access point to a specific web-
based service. The second target group consists of more advanced cell phone users in industrial 
countries to which a VUI could provide advantages in comparison to a GUI. The investigation, 
per se, is carried out by utilizing a design life-cycle approach, where a prototype of a Spoken 
Dialogue System (henceforth SDS) is designed from scratch, a so-called end-to-end approach. 
In terms of the design life-cycle being presented in this report the iterative usage of user tests 
will be the main focus. The data, being the basis for the conclusions drawn in this investigation 
were mainly generated in these user tests.  

Concerning the prototype, the part of an SDS realizing the actual reading and processing of a 
user speech input, called the speech recognizer, was an existing open source speech recognizer 
used as part of the prototype. The reason for this is that a speech recognizer is very 
technologically complex and there was also an explicit interest in investigating the performance 
of a free speech recognition application. The remaining parts of the SDS will, however, be 
created from scratch and implemented using the programming language Java. 

A background to the project, including the purpose and the scope, is found in chapter 2. An 
introduction to the technology and methods used in the project, including areas such as Speech 
Technology, Software Design and Spoken Dialogue Systems, is given in chapter 3. Chapter 4 
includes a look at previous work done in the area of VUIs and SDSs relevant to this project as 
well as current commercial SDSs. The method used to solve the task of the project is 
represented in chapter 5. A walkthrough of the solution, including all parts of the design life-
cycle used, is found in chapter 6. Chapter 7 summarizes the project, presents some conclusions 
drawn on the basis of the results and discuss the conclusions and the methods chosen. Finally, 
some ideas on potentially interesting future work, as an extension to this project, are presented 
in chapter 8.  
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Background 

Purpose 
The main purpose of this work was, on behalf of Ericsson Research, to research the challenges 
and possibilities of using voice as the user interface to a computer-based service normally 
developed as a client application on a cell phone using a GUI. The approach was to develop a 
prototype of an SDS from scratch. The SDS was designed to enable certain interactive tasks for 
a pre-specified user service. The idea was to use the findings of this work as the basis for future 
decisions on whether or not a VUI, in contrast to a GUI, could be an interesting interface to 
computer-based services. 

An end-to-end approach to the task in hand was used in this project, and thereby including a 
design process all the way from the first idea to the final prototype. This way this Thesis could 
potentially be used as a very rough guide to how the development of an SDS may be realized. 
The idea was to use a design process where user tests were a vital part that would potentially 
result in interesting and useful data.     

In addition to realizing the aforementioned design process, the idea was to generate some 
suggestions for future work given the specific context of designing a VUI for computer-based 
services. 

One of the most advanced and vital parts of an SDS, and therefore also one of the most 
expensive parts, in terms of money and resources, is the speech recognizer. Because of these 
facts there was an interest in using the CMU Sphinx Group Open Source Speech Recognition 
Engine Sphinx4 (henceforth Sphinx4) as the speech recognizer in the final prototype. Sphinx4 
had two features of main interest fro the Thesis, the first was that it was an open source system 
and thus free to use, the second one was that it was based on the platform independent 
programming language Java.  

 

Why a VUI at Ericsson? 
When producing mobile commercial products or services a main goal is to reach as many 
potential users or customers as possible. In the specific context of some of these services 
developed at Service Layer Technologies at Ericsson Research there are numerous potential 
users in the development countries in the world. These countries are part of the so-called 
merging markets. A problem, however, is the fact that a majority of the population of these 
countries live in rural areas with limited or no access to cell phones, no access to more advanced 
cell phone models and a high rate of illiteracy. This is where one of the potentially interesting 
aspects of using a VUI as an extra access point to a specific service is of interest. If it would be 
possible to develop a well-functioning VUI accessible through any cell phone or ordinary 
telephone, a lot of new users or customers could be reached. 
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Problem 

Presentation of the specific problem at hand  

The main problem presented in this Thesis is to investigate and research the potential user 
benefits and challenges of using a VUI as an access point to a web-based service normally 
accessed through a GUI on a cell phone. The main points of interest are;  

 
 How to design an intuitive and usable dialogue structure  
 How to present information in an appropriate manner  
 How to make a VUI interesting in comparison to a GUI  
 How to realize the design process of a dialogue system 
 What kind of recognition accuracy can be obtained using an open source recognition engine  
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The scope of the work 
An end-to-end approach to the realization of the kind of work presented in this Thesis would 
most likely under normal circumstances (i.e. a commercial or a research project) need to engage 
a large number of people with skills in a variety of different competences if an acceptable result 
was to be obtained. When talking about the design of an SDS there are usually a number of 
disciplines mentioned as potentially being involved in the process. The mentioned disciplines 
can be: acoustics, psychoacoustics, phonetics, linguistics, psycholinguistics, psychology, 
perception, production, cognitive neuroscience, brain imaging, human factors, signal 
processing, pattern recognition, computer science, machine learning, natural language 
processing, artificial intelligence, neurocomputing, engineering, graphics, virtual reality and 
interface agents. This list of disciplines is shown in order to make the reader aware of the 
complexity of designing an SDS from scratch. One apparent consequence of this fact is 
logically therefore in the context of this project that a lot of compromises, generalizations and 
simplifications had to be done in order to be able to carry out this specific task by one man and 
within the limited time frame specified. The purpose of this project was however not to design 
and implement the perfect SDS or VUI ready to be used commercially, but rather to design and 
present a simple prototype of an SDS good enough to show potential possibilities and 
downsides. What will and what will not be covered in this Thesis will synoptically be presented 
next. 

Covered in this Thesis 

The content of this Thesis covers a shallow implementation of a software design life cycle and 
the different steps found therein with a focus on the dialogue design and an iterative software 
evaluation approach including user tests. The results of these user tests form the main basis for 
the conclusions drawn in this Thesis. The theoretical framework of this software design life 
cycle is used as a framing of the Thesis as a whole and thereby mainly focusing on including all 
parts of the life cycle rather than focusing on the depth of each part.  

Not covered in this Thesis 

The steps of the design life cycle used in this Thesis are not implemented with sufficient depth 
in order to draw any final scientifically or statistically based conclusions, as mentioned earlier. 
The parts of the life cycle that, because of a limited time scope, consciously or unwillingly, 
have been prioritised low or not dealt with at all are; the survey part, the software 
implementation in Java and the optimization of the sphinx4.  
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Theory and Introduction 
This chapter is mainly an examination of the theory reading, which is a mandatory part of this 
project. The extent of this chapter is probably greater than would be necessary in order to 
present the reader with enough background knowledge. The reading of this theory was however 
a prerequisite for the understanding of the areas involved in this work and thus for the bases for 
the realization of the work.  

The benefits of using voice for computer 
communication  
 

• Speech is our most natural means of communication. It’s a psychological advantage if 
the communication will be conducted on the terms of a human being and not on terms 
dictated by a computer.  

• By using the voice when communicating with the computer the hands and eyes can be 
used for other tasks and will thus result in more flexibility and mobility. 

• An average human being is able to speak more words than he or she can write during 
the same time period.  

• Blind users or users with reading disabilities get access to the world of digital in-
formation in an intuitive way.  

• An interface based on voice can enable completely new possibilities not achievable 
with text-based information.  

(Blomberg & Elenius, 2005, pp. 1) 

(Cell phone specific) 
• Cell phones today are far away from being used only as a telephone, there are thousands 

of applications and services available via the cell phone, but the user interface and 
display is very limited. A VUI could potentially be a promising solution to this. 
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The difficulties of using voice for computer 
communication 
 

• The speech signal is continuous, meaning that there are no well-defined delimitations 
between individual speech sounds or phonemes like the character delimitations in 
written text. 

• Casual speech is a lot different from well-articulated formal speech. In casual speech 
words and characters are often deleted or transformed.  

• The voice or the speech signal can vary a lot both within and between speakers. There 
are also a lot of non-human factors, like technical limitations and ambient disturbances 
causing signal distortions. These are factors that the human brain can compensate for 
because it receives this kind of contextual information in advance. But for the computer 
it will just look like any other audio signal/data.  

(Blomberg, 2008, slides 4-8) 

1. A speaker independent recognizer for continuous speech will need a very big vo-
cabulary and a lot of sampled audio data to build the acoustic model necessary for the 
search and comparing process. This will acquire a lot of space, memory and CPU 
(Central Processing Unit).  

(Rodman, 1999, pp. 114-115) 

(Cell phone specific) 
2. Memory size. The memory size of a standard cell phone today is relatively limited. It 

will probably be enough for a small vocabulary, but for large vocabularies in a speaker 
independent application the memory will start being a problem. However more and 
more cell phones use flash memory cards with a memory capacity up to 16 Gb 
(Gigabytes).  

3. Memory access speed. This part of the cell phone is currently the bottleneck for good 
performance by a client-based speech recognizer. The hardware architecture of a cell 
phone wasn’t originally built for rapid data transfers to and from the RAM (Random 
Access Memory).   

4. Noisy environments. Using a dialogue system via a cell phone will potentially put a lot 
of demand on the robustness of the speech recognizer since a cell phone is often used in 
noisy environments.   

(Dobler, 2002, pp. 151) 
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Spoken Dialogue System  

Introduction 

When planning to develop a system or application meant to supply the user with a specific 
service accessible through a VUI there are, because of the complexity of the task, a lot of 
different technologies and components that have to be considered and dealt with. Basically the 
user of a voice-based application has to engage him- or herself in a dialogue with the 
application (or computer) in order to enable the implementation of a specific task in a similar 
way he or she would when dealing with another human being. Hence these technologies and 
components mentioned are all part of, what will be called, a Spoken Dialogue System (SDS).  A 
typical SDS can be divided into six main parts with a specific functionality, namely; the Speech 
Recognizer, the Language Interpreter, the Dialogue Manager, the External System 
Communicator, the Response Generator, Speech Output and finally the Context Holder. The 
functionality of these parts will be synoptically described next. 

 
• The Speech Recognizer converts a continuous speech input signal into a string of words 

• The Language Interpreter tries to extrapolate meaning out of the string of words from 
the Speech Recognizer into a representation to be used by the Dialogue Manager 

• The Dialogue Manager controls the flow of the whole dialogue or conversation tied to a 
specific action and the interaction between the system and the user 

• The External System Communicator communicates with external systems like an 
application or a database. (Communication with a database may be done directly or 
indirectly via the application). 

• The Response Generator specifies what message is to be sent as the output to the user 

• The Speech Output is where the message from the Response Generator is generated and 
actually outputted with a text-to-speech technology or pre-recorded audio files   

• The Context Holder provides constraints for system elements involved with language 
understanding and generation in order to increase system accuracy rate. 

The exact outlining and composition of these parts can of course differ between different 
systems but the main functionalities are still valid. The system composition presented in this 
Thesis is based on proposed system architectures found in (McTear, 2002, pp.103-127) and 
(Huang, 2001, pp. 7-8). These parts or functionalities will be further explored later on. An 
example of how the different parts and functions of a Spoken Dialogue System most commonly 
will be connected can be seen in figure 1. 

Regardless of the exact composition of the mentioned parts any SDS must explicitly or 
implicitly operate the dialogue control according to some kind of strategy depending on the type 
of underlying service or application. The strategy used by an SDS in voice applications today 
can be sorted into one of three main categories, each with its set of special features and 
advantages and disadvantages depending on the task. These categories of SDS:s are; Finite 
State-based, Frame- or Plan-based and Agent-based (McTear, 2002, pp. 92). According to 
Huang (2001, pp. 8) the strategy of an SDS is defined as a separate part of the system connected 
to the Dialogue Manager. This is of course a matter of definition, but here the strategy will be 
an incorporated part of the Dialogue Manager.  
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When talking about SDS:s there is often a distinction made according to three different kinds of 
system performances in terms of dialogue initiative. These three types of system performances 
are in (McTear, 2002) called system-directed initiative, user-directed initiative and mixed-
initiative. The dialogue initiative is defined as whether the system or the user has the overall 
control over the dialogue progression. 

 

 

   
Figure 1: A relationship scheme of an ordinary Spoken Dialogue System 

 

A Finite State-based System (system-directed initiative only) 

This type of system is based on a dialogue flow with predefined steps and transitions enabling 
alternative paths through the dialogue. The system will be in total control of the dialogue at all 
times asking the user questions with or without stated alternatives and then analyzing the 
recognized user utterance or answer. Depending on the user utterance the system will choose its 
path in the predefined dialogue structure and keep on asking questions until all information 
needed for the system to fulfil a certain task is gathered.  

The main advantage with this kind of system is according to McTear (2002, pp. 128), the simple 
nature of it. Because of the dialogue structure being predefined and the semantics of the system 
being well defined and restricted at each step the amount of possible user responses can be 
radically reduced, thus primarily facilitating the speech recognizing phase and increasing the 
recognition accuracy. The well-structured form of the system will also probably make it easier 
for the user to understand what is happening and what is expected of him or her to do. The 
simplicity of this kind of system is also part of the disadvantages. Since the structure is 
predefined, flexibility is virtually non-existent and answering a couple of system generated 
questions with a single word or a short utterance is probably not what constitutes a natural 
dialogue situation. In essence a Finite State-based system is unsuitable for any task that is 
unstructured and where the order of a path is hard to anticipate (McTear, 2002, pp. 131).  
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A Frame or Plan-based System (both system-directed initiative and mixed initiative) 

In (McTear, 2002, pp. 131) the author uses the analogy of a form-filling task to describe a 
Frame-based System where a number of information slots have to be gathered and, in contrast 
to the previously mentioned system, this doesn’t have to be done in any predetermined order. 
The System is context-driven, meaning that instead of following predetermined questions, the 
decision of what to ask the user next is based on the current dialogue status or context. There 
are a lot of different kinds of implementations of a Frame-based System intended to solve a 
specific set of prerequisites, which will not be mentioned in this paper. There is however one 
thing all Frame-based Systems have in common and that is that they all use some kind of word-
spotting technology. Word-spotting is a technique or algorithm that enables the dialogue system 
to highlight certain words of a user utterance and discard others (Huang, 2001, pp. 453-454). A 
major advantage of this kind of system is according to McTear (2002, pp. 133) the flexibility. 
Since there is no restricted predetermined sequence of questions to be answered with a 
delimited number of answering alternatives the system is capable of interpreting an answer with 
multiple “information units”, and thus limiting the number of turns in the dialogue. This will in 
turn enable the user to use a more natural language in his dialogue with the computer. A 
disadvantage of the Frame-based System is the extra strain a more open-ended answering 
structure, in case of greater answering alternatives, would put on the recognition part. The 
greater the number of possible inputs the bigger the chance of misrecognition. Even though this 
system is more flexible than the Finite-based System the current task still has to be fairly well 
defined. 

 

An Agent-based System (mixed initiative or user-directed initiative) 

An Agent-based System is based on the technology of Artificial Intelligence in the sense that the 
system is assumed to be able to play an active part of a dialogue outside the boundaries of a 
restricted task and be able to deliver answers and suggestions on the basis of the user input 
(McTear, 2002, pp. 134-144). This kind of system is, for example, meant to be used in a 
problem solving application. There is a lot of current research and development within the area 
of Agent-based Systems, but this is not an area that will be dealt with in this Thesis because of 
the simple structure of the application in focus of this Thesis.  

After having dealt with the different kinds of blanket strategies of an SDS the six main parts of 
a system will now be discussed further. 

 

Main components and features of a speech recognizer  

The information found in this section was gathered from (McTear, 2002, pp. 103-107), 
(Blomberg & Elenius, 2002, pp. 6-17) & (Rodman, 1999, p. 99-176).  

A typical speech recognition system can be divided into three main parts. I will call these parts; 
the Signal Processing and Representation part, the Linguistic and Acoustic part and the Search 
and Match part. The Signal Processing and Representation part consists of algorithms and 
methods for representing the incoming speech signal in the digital domain in order to facilitate 
the storage of speech data and searching and matching further on in the process. The Linguistic 
and Acoustic part of the speech recognition system hold the “knowledge” of the system. This 
knowledge, in turn, consists of three major parts or models; a lexical model or dictionary with a 
list of available words taught by the system with phonetic transcriptions; an acoustic model with 
a task of mapping phonetic units, like phonemes1, to specific acoustic parameters and finally a 
                                                        
1	  A	  phoneme	  is	  the	  smallest	  meaning	  distinguishing	  unit	  in	  a	  human	  language,	  according	  to	  	  
http://en.wikipedia.org/wiki/Phoneme	  
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language model with syntactic information. As understood by the name the Search and Match 
part is where an “unknown” utterance (output from the Signal Processing and Representation 
part) is matched against the words in the dictionary, on the basis of which a search will be 
performed based on the output from the Linguistic and Acoustic part.  

The composition and labelling of these parts are based on (Walker et al., 2004), (Blomberg, 
2008, slide 9) and (Huang, 2001). 

These three main parts will now be explained more thoroughly. 

 

Signal Processing and Representation part 

This is the part connected to the “outside world” or to the user application and is thus 
sometimes called the front end. The input of this part is the speech sound from the user in the 
form of audio data or learning data in the form of audio data or Cepstral Coefficients (Huang, 
2001, pp. 306-316). Cepstral Coefficients will be explained further down.     

In order to store, send and later compare speech data, the analogue speech signal has to be 
sampled (converted from the analogue domain to the digital domain) and then processed and 
coded. This should be carried out in a manner that makes comparing possible and effective, and 
the size of the audio data manageable for storing.  

The usual way of doing this is to first sample the analogue speech signal and transform it to a 
digital signal. Next you use an algorithm called Fast Fourier Transform (FFT) (Huang, 2001, 
pp. 222-227) in order to convert the signal from the time domain into the frequency domain. In 
order to implement the FFT conversion the continuous speech signal is divided into a number of 
time frames, approximately 10 to 30 ms long. The FFT is then carried out, separately, on each 
time frame. The FFT result will be in the form of a feature vector representing the basic spectral 
properties of the signal. From the information stored in the feature vectors the so-called power 
density spectrum is extracted, also called simply the spectrum of the signal. The reason for this 
is that the structure of the power density spectrum (extracted from the signal representation in 
the frequency domain) is compact and contains useful vocal information, like the energy 
distribution in different frequency bands and information about formants (Dobler, 2008, pp. 
153). In order to reduce the amount of data on the signal the information on the energy or power 
density in specific frequency domains are often parameterized and simplified in some order. 
One common way of doing this is by converting this information into so-called Cepstral 
Coefficients. This is a very compact way of representing the main structure of the signals 
frequency distribution using cosine weight functions (Blomberg & Elenius, 2002, pp. 7). The 
most common variant of Cepstrum Coefficiants is the Mel Frequency Cepstrum Coefficients 
(Huang, 2001, pp. 316-318) or MFCC. The MFCC is based on something called the Mel-scale, 
which is a non-linear frequency axis projection to more accurately represent the response of the 
frequency spectra by our auditory system.  

Another way of reducing the amount of data is by using a method called Vector Quantisation 
(Rodman, 1999, pp. 122-126) where each time frame of the signal is divided and classified into 
a quantized spectral space according to a number of predetermined acoustic features. This 
method is however not as common as the MFCC. 

The output of the Signal Processing and Representation part is hence a parameterized 
representation of a number of acoustic or frequency dependent features of the current speech 
signal (the user input), presented in “order of appearance”.  

 

Linguistic and Acoustic part 

As mentioned above, this part contains the knowledge of the system. The main task of this part 
is essentially, given the acoustic, linguistic and syntactic data, to construct or generate a so-
called “search map”. A search map is used and parsed by the Search and Match part in order to 
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successfully recognize an uttered word or sentence by the user (Walker et al., 2004). This part is 
according to Blomberg (2008, slide 9) further divided into three subunits, often called models, 
and they will be further described in the next paragraphs.  

 
• Acoustic model 

The acoustic model contains a mapping between specific speech units and their acoustic 
properties or features. The speech units are often either individual phonemes or subdivided 
phonemes like diphones or triphones (Rodman, 1999, pp. 120-121) and the acoustic features 
mentioned are obtained from the Signal Processing and Representation part and are thus 
presented in a parameterized manner, usually as Cepstrum Coefficients. This mapping between 
speech units and acoustic features is a prerequisite for a recognizer to be able to match the 
subunits of an unknown speech signal (user utterance) to the available speech units or words in 
the recognizer. These “available” speech units has to be learnt somehow in order to be available 
and this is done by training the system with a large number of spoken user audio data. The 
audio data is run through the parameter part and feature extracted and parameterized in almost 
the same way as in real live usage of a recognizer. The difference is that a description with the 
correct spoken sequence of words and their phonetic translations is accompanied. In this way 
the Acoustic model is filled with more and more speech units. In order to account for the 
variability within and between human speakers each utterance is according to Blomberg & 
Elenius (2005) often recorded with different people and under somewhat different conditions.  

To enhance the usage of the acoustic features in the search and match procedure the mapping is 
further modelled with something called a Hidden Markov Model (Blomberg & Elenius, 2005, 
pp. 14-17; Rodman, 1999, pp. 129-133) or an HMM. The HMM framework is appropriate for 
combining different sources of information due to its statistical approach. The systems are 
assumed to be a Markov Process (Huang, 2001, pp. 378-379) in the meaning that its parameters 
are unknown where the result of the next step is completely independent of the previous steps. 
The architecture of a HMM is based on states and transitions between these states. A number 
between 0 and 1 accompanies all transitions telling the model the probability of going from one 
state to another. These probabilities are based on some kind of statistical analysis. The temporal 
structure of the HMM is what makes it very interesting in the field of speech recognition, since 
the speech signal is given significance in the time domain but can also be divided into small 
discrete states or units. In this manner one can create a model of a phoneme or a whole word for 
example, where the different states consist of a couple of acoustic parameters unique to this 
specific phoneme or word. The transitions in the model mark the probability of finding another 
state (meaning another set of acoustic parameters) relative to a specific state. The propagation 
of the states in the model represents the propagation and the variation of the acoustic parameters 
of a phoneme in the time domain.  

In practical speech recognition processes, an unknown utterance or a separate word (audio data 
from the user) is compared to every possible sequence of HMMs in the acoustic model by 
calculating the probability of a sequence of HMMs ending up at the end point of the unknown 
utterance. The HMM sequence with the highest score in the end will be the recognizers 
nominee. The HMM models are often combined with a so-called Viterbi algorithm (Elenius, 
2008, slides 22-25), which will be described further on.  

 
• Lexical model or Dictionary 

This is where all available words in the vocabulary of the speech recognizer and their phonetic 
translation are found. The lexical model or dictionary usually consists of a list of all words with 
their phonetic transcriptions. This model can be seen as describing the language at a higher level 
than the acoustic model. The words in the lexical model can be incorporated in the HMM search 
graph as consisting of a set of other HMMs from the acoustic model. The words can sometimes 
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be categorized into different word categories. This categorization can in that case be used in the 
language model. 

 
• Language model 

The language model contains structural information about words in a high level language 
context. The information can either be based on probabilities of one word occuring next to 
another word (gathered using empirical studies of the use of language in large amounts of news 
papers and literature) or it can be based on predetermined grammatical or syntactical rules 
(Rodman, 1999, p. 173-174).  

The complexity of a language model depends on whether the system is constructed for 
continuous or non-continuous speech or if a finite dialogue structure is used with a grammar. 
The language model is more complex if a system is to be used for unrestricted continuous 
speech, like a dictation application or other larger vocabulary systems. 

The Language model can be seen as describing the language at an even higher level than the 
lexical model.  

 

Search and Match part 

The two inputs to this part of the speech recognition system are the search graph, from the 
Linguistic and Acoustic part, and parameterized acoustic features, from the Signal Processing 
and Representation part. The output of this part is the final result of the whole recognition 
process, in other words the recognized words.  

The main task of this part is, given the search graph and the parameterized acoustic features, to 
find the most probable route in the search graph. In other words to compare acoustic features of 
subunits in the acoustic model with the acoustic features of subunits extracted from the user 
audio data run through the Signal Processing and Representation part. To assemble these 
subunits into words or sentences, information from the lexical and the Language model is used. 
Because of the vast amount of data that has to be searched in a very short time in order to find 
the best match, especially in large vocabulary systems, there have been a lot of algorithms 
developed for increasing the search speed. One common way to speed up the search in speech 
recognition is to use a so-called Viterbi search. The Viterbi search is based on a Dynamic 
Programming algorithm (Blomberg, 2008, slides 27-39) called the Viterbi algorithm. The 
Viterbi algorithm is used for finding the most likely path of hidden states where the output of 
these hidden states is a sequence of observed events. These sequences usually correspond to 
time which makes the algorithm suitable for speech recognition systems, especially in 
combination with a HMM, described earlier. The main idea behind the algorithm is that finding 
a path to a certain finite state at a time t is only dependent on the observed event at time t and 
the most likely sequence at (t – 1). The algorithm explores all possible paths to a certain state 
but only one path is the most likely one and all the rest will be discarded. A path history with 
the so-called “survivor paths” has to be stored continuously. (One can see that the Viterbi 
algorithm makes the same presumption as the HMM paradigm, that a system consists of a finite 
number of discrete states, which makes it suitable for systems modelled by HMMs.) In the end 
there will be one sequence of paths which is most probable. This sequence will correspond to a 
set of phonemes in the acoustic model and will in turn be part of a specific word in the lexical 
model and finally end up as a complete utterance. 

 

The Language Interpreter 

At a first glimpse one can observe similarities between the Language Interpreter and the 
Language Model earlier described as a part of the Speech Recognizer. The fact is that they both 
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use some kind of higher-level knowledge about a language when carrying out their evaluations. 
The big difference is on what level they operate. The Language Model delivers probabilistic or 
structure grammatical input to the Speech Recognizer in order to facilitate the recognition of 
user utterances on the acoustic parameterization level, whilst the Language Interpreter tries to 
derive meaning of a series of words recognized by the Speech Recognizer. However the 
Language Interpreter can, according to McTear (2002, 107-113), sometimes be used in 
combination with the Speech Recognizer in order to rule out some utterance hypoThesis based 
on syntactic and/or semantic analysis.  

So, as mentioned above, the task of this part is to syntactically or semantically analyze the 
output words from the Speech Recognizer in order to understand what they mean and to send 
that derived meaning forward to the Dialogue Manager. If the Speech Recognizer is built to 
handle continuous speech the interpretation task will be hampered, because of phenomena like 
sentence fragments, self correction, afterthought etc., all which are part of continuous natural 
speech (Blomberg & Elenius, 2005, pp. 4-5). These are parameters that the Language 
Interpreter has to deal with. There has been a lot of research and development on different 
methods on how to facilitate the language interpretation. In McTear (2002, pp.107) there is the 
use of so-called Unification Grammars, which consist of a set of rules and equations that define 
the way words can be correctly combined. This grammar can be used in combination with so-
called Computational Semantics where “… sentences are analyzed on the basis of their 
constituent structure…” (McTear, 2002, pp. 108). Computational Semantics are based on the 
so-called principle of compositionality where the meaning of a sentence is the combination of 
the meaning of the separate words. Another method used in language interpretation is Robust 
Parsing. Robust Parsing is used for extrapolating syntactic and semantic analytic information 
from word combinations and incomplete sentence structures that cannot be dealt with using 
conventional grammars. This method is therefore often used when analyzing continuous speech. 

 

 The Dialogue Manager  

As mentioned earlier, the main task of the Dialogue Manager is to control the function of the 
Dialogue System, the part that keeps everything running. The fact is that it is improbable that a 
user will be able to complete his or her desired task with a single utterance, and even if that is 
possible there is always the chance that the utterance is incomplete or imprecise or that the 
recognizer could make a mistake. Because of this the Dialogue System has to be able to “… 
provide an interactive mechanism to perform clarification, completion, confirmation and 
negotiation dialogues with the user.” (Huang, 2001, pp. 886). This is where the Dialogue 
Manager enters the picture.  

The Dialogue Manager can be defined as having three main tasks, namely; to determine 
whether the user has added enough information to fulfil the current task, to communicate with 
an external application, and to communicate back to the user.  

The first task can be divided into two parts; dealing with “bad” input and user confirmation and 
verification. The first part uses external high-level context information about the specific user, 
the dialogue structure, the discourse context etc., in order to decide on what to do next. The 
second part is about different methods on how to interact with the user in order to correct 
potentially misrecognized utterances. Provided that the first task has been sufficiently carried 
out the second task can be implemented by sending the interpreted user request to the External 
System Communicator where the communication with external systems/applications or 
databases will take place. When the user requested data or information is gathered via the 
External System Communicator the Dialogue Manager decides what to communicate to the 
user. 
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 External System Communicator 

As previously mentioned this part is responsible for communicating with all external systems or 
applications that can provide data or knowledge required in order to complete a specific task. 
The most common source of external knowledge or data is through a database. If the main task 
of the specific Speech Dialogue System is restricted to simpler information retrieving or 
information creating a database is often used. The communication with a database may however 
not be as straightforward that one would initially think. For instance, if the interpreted user-
requested item sent by the Dialogue Manager doesn’t exist in the database, additional queries 
may have to be sent to the user in order to clarify the request. If the main task is of a more 
complex nature, i.e. an application using an Agent-based System, communicating with a 
database may not be sufficient in order for the system to participate in an interactive problem 
solving dialogue, for example. For this kind of system the External System Communicator will 
often consult a so-called knowledge base or a planning system. A knowledge base and a 
planning system contain different kinds of domain or application specific knowledge that will 
help the Speech Dialogue System to make complex decisions. They can carry information about 
the ongoing dialogue, the user and what actions are to be performed under what conditions. 
Both of these external systems have been developed in order to enable “intelligent” dialogue 
systems.  

 

 Response Generator 

If the External System Communicator successfully retrieves the requested data, that data has to 
be communicated to the user in one way or another, and this is why the Response Generator is 
needed. The main task of the Response Generator is hence to construct the message that is 
going to be sent back to the user. In (2002, pp. 124) McTear states that the construction of this 
message is boiled down to three main issues, namely; what information should be found in the 
message, how this information should be structured and the form of the message. Again, the 
complexity of this task is relative to the type of Speech Dialogue System used. In its simplest 
form the message construction can consist of filling pre-constructed templates with data 
received from a database. However, if more natural language is to be used in the dialogue with 
the user a lot more knowledge retrieving and processing will be required from the Response 
Generator. There are a number of methods and algorithms available developed to ease the 
process of constructing more complex and natural messages to the user. These methods and 
algorithms often use different kinds of context information such as application, user and subject 
specific information as well as data on what has been said during the dialogue so far, and more 
specifically what data the last user utterance contained. In addition to this, information on 
syntax and grammar is used.  

When the Response Generator has generated a message successfully the message is sent to the 
Speech Output module. 

 

 Speech Output 

In this part the generated message that is to be sent to the user is translated into sound, a spoken 
response. There are two main approaches to this translation task, yet again depending on the 
complexity of the translation. These two approaches are; use of pre-recorded, canned, speech 
and synthetically generated speech.  

The use of pre-recorded canned speech is quite straightforward. This method uses some kind of 
database with pre-recorded samples classified to be used in different stages of a dialogue. The 
sampled sentences are often constructed with some kind of empty space that is filled with other 
pre-recorded samples (mainly single words) corresponding to the retrieved data from the 
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External System Communicator. If the dialogue system in use is simple and well-constrained 
with a predefined structure, the use of pre-recorded sentences can be fully sufficient.  

If the dialogue structure is to be more flexible and more natural sounding the use of 
synthetically generated speech is imperative. The idea behind this approach is to be able to 
synthesise any kind of text input in real time, and to keep the voice natural sounding. 
Synthetically generated speech can, according to Huang (2001, pp 793), be further divided into 
three types; Articulatory Synthesis, Formant Synthesis and Concatenative Speech Synthesis. 
Before describing these synthesis methods further, there are a number of steps mutual to all of 
them which will be dealt with first. 

Any speech synthesizer has to make use of a text-to-speech translation (McTear, 2002, pp. 
126). This translation consists of two parts. The first part is a text analysis, sometimes called the 
text-to-phoneme conversion. This is where the text is dissected and split into smaller units, often 
phonemes, in order to be more manageable. In order for the synthesizer to pronounce a text 
“correctly” (naturally sounding), in terms of prosody abbreviations etc., there are a lot of 
different analyzing methods used during the text dissection, none of which will be further 
mentioned in this paper. The second part of the text-to-speech translation consists of a prosodic 
description (included in order to enhance the pronunciation) of the text followed by the actual 
speech generation. This is where the three previously mentioned speech synthesis methods enter 
the picture.  

The articulatory synthesis method is based on the physical structure of the human vocal tract 
and speech articulators, and tries to produce sound the way we humans do with a simple source-
filter-model. The method will map different phonemes to different physical events. The formant 
synthesis method uses specific acoustic features of human voice sounds such as formants (a 
peak in the frequency spectrum of a sound caused by a resonance in the vocal tract) to produce 
speech from phonemes generated by the text analysis. Concatenative speech synthesis uses 
smaller units of pre-recorded speech often represented by so-called di-phones or tri-phones 
depending on the exact unit representation. These units are often stored followed by a phonetic 
transcript of each unit. The speech synthesis is then implemented by combining these units 
according to the analyzed text. Another type of concatenative speech synthesis, used more and 
more during recent years, is the unit selection synthesis, where larger units of pre-recorded 
speech is used.  

 

 The Context Holder 

This is where information on surrounding factors, discourse and other helpful prerequisites are 
stored. In (1998, pp. 37) Bernsen et al. writes that “Contextual constraints serve to remove 
ambiguity, facilitate search and inference and increase the information contents of utterances as 
the more context, the shorter the messages have to be.”, in other words knowledge of the 
context of a system serves to improve the system performance, and is thus of great importance. 
Bernsen et al. (1998) divides the contextual information into three parts, namely; Interaction 
History, Domain Model and User Model.  

 

Interaction History 

The Interaction History contains information that has been used or exchanged during the 
dialogue interaction. This information can be further divided into four different kinds of history 
according to their specific content. These are: 

 
• Linguistic History 
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This information summarizes the linguistic context necessary for more advanced systems where 
the linguistic analysis isn’t context-free.   

 
• Topic History 

Here the information about in what order sub-tasks have been executed is stored in order to ease 
the use of so-called system meta-communication.  

 
• Task History 

The Task History stores task-oriented information mentioned during an interaction. This 
information can be used for a summarization output by the system at the end of an interaction.  

 
• Performance History  

The Performance History stores information on how well the interaction between the user and 
the system is proceeding. This information can be used to modify the system’s level of 
complexity or illumination. 

 

Domain Model 

The Domain Model contains information on what aspects of the world that can be dealt with in 
a specific Speech Dialogue System. This information can for example be what kind of 
information that is available in a database connected to the system and in what way that 
information can be extracted.  

 

User Model 

The User Model keeps record of user aspects, such as; user goals, beliefs, skills, preferences and 
cognition. According to Bernsen et al. (1998) the information on these user aspects can be used 
during run-time for constraining the amount of tasks and sub-tasks the system actually has to 
implement in regard to a specific user, i.e. the system may contain further functions than it has 
to implement. One plain example of such user information is whether the user is an expert or a 
novice on the system (whether a user has dealt with the specific system before or not) and can 
avoid superfluous descriptions on how the system works.  
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The Sphinx4 voice recognition engine – a 
walkthrough of the framing and main functions 

 Introduction 

The CMU Sphinx Group Open Source Speech Recognition Engine, Sphinx4, is a powerful and 
highly flexible modular based framework developed to enable research on speech recognition 
systems based on HMM (Hidden Markov Models). Sphinx4 is written in the Java programming 
language and is thereby platform independent. The modularity concept of Sphinx4 implies that 
the main elements of the framework aren’t hardwired but exchangeable and configurable. This 
enables a researcher or developer to customize the elements to a specific need, or even adding 
external elements or tools. There are a large number of different elements included in the 
Sphinx4 framework in order to enable flexibility, but they will not be listed in this overview. 
For a full list of the elements included visit “http://cmusphinx.sourceforge.net/sphinx4”. All 
these elements included in the Sphinx4 framework are based on current theories and techniques 
found in research in the field of HMM-based speech recognition. 

The default architecture of the Sphinx4 framework consists of three main modules, namely; the 
FrontEnd, the Linguist and the Decoder. These modules will now be described in the following 
sections. 

 

 The FrontEnd 

This module is largely equivalent to the Signal Processing and Representation part of a typical 
Speech Recognizer described earlier in the theoretical description of a Speech Dialogue System. 
The main feature is so, to “…parameterize an input signal into a sequence of output features…” 
(Walker et al., 2004). The Sphinx4 FrontEnd enables parallel signal processing of an input 
signal, meaning that one or more input signals can simultaneously be processed using multiple 
processing techniques (there are a number of common signal processing techniques included in 
the Sphinx4 framework) resulting in a set of multiple features. One signal processing “route” 
consists of a chain of communicating signal processing modules called DataProcessors. These 
chains of DataProcessors are capable of such data classification as end-point detection, and 
communicate internally using a so-called pull design allowing a user to look forwards and 
backwards in time. 

The output of the FrontEnd is used by the Decoder in order to generate a recognition result. 

 

 The Linguist 

As with the Linguistic and Acoustic part of a “typical” Speech Recognizer described earlier, the 
Linguist in Sphinx4 generates a so-called SearchGraph to be used by the Decoder in search for 
the best recognition result. The Linguist is built to hide the process of generating a search graph 
from the user. This is done because of its complexity and probably as well because the people 
developing the Sphinx4 thought that the process itself was of no interest for the user.  As in the 
Linguistic and Acoustic part this module consists of three sub-parts which in the Sphinx4 are 
called; LanguageModel, Dictionary and AcousticModel, and are, according to structure and 
features, equivalent to the Acoustic Model, the Lexical Model and the Language Model. In 
(Walker et al., 2004, p. 3) the way these sub-parts are used in the Linguist is described as 
following “A typical Linguist implementation constructs the SearchGraph using the language 
structure as represented by a given LanguageModel and the topological structure of the 
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AcousticModel. The Linguist may also use a Dictionary (typically a pronunciation lexicon) to 
map words from the LanguageModel into sequences of AcousticModel elements. This means 
that a SearchGraph is generated through the usage of all the mentioned sub-parts but used at 
different detail levels.  

The mentioned idea of modularity is also valid in the Linguist module, meaning that the 
parameters used in the three sub-parts in order to generate a SearchGraph are configurable 
according to different needs and tasks.  

 

 The Decoder 

The main task of the Decoder is according to Walker et al. (2004) to generate recognition result 
using features from the FrontEnd and the SearchGraph from the Linguist. The so-called 
SearchManager who simply tries to recognize a set of features when going through the 
SearchGraph, state by state, mainly realizes this task. The SearchManager will generate a kind 
of part time result including a set of associative confidence scores for each state. These 
confidence scores are used for determining the most probable path in the SearchGraph. The 
Spinx4 allows an application to modify the results in between steps and thus enabling it to 
actively participate in the recognition process. In accordance to the modular nature of the 
Sphinx4 the SearchManager can by choice implement a number of different search algorithms, 
all with a different approach strategy and complexity. 

In order for the SearchManager to keep track of the search process the Sphinx4 uses what, in 
(Walker et al., 2004), is called a token passing algorithm. These tokens are in the Sphinx4 
associated with a so-called SearchState (a specific position in the SearchGraph) and contain 
useful information, for example on acoustic and language scores of a specific path.  

The SearchManager contains a set of optionally incorporated features that are called; the 
ActiveList, the Pruner and the Scorer. The ActiveList consists of “… a set of active tokens […] 
at each time step” (Walker et al., 2004, pp. 6) and is a sub-part of the tokens available in the 
SearchManager. The exact composition of this sub-part is determined using the Pruner whose 
task, as the name may reveal, is to reduce the number of active search paths by using a relative 
or absolute beam search algorithm (a heuristic search algorithm) according to a number of 
configurable parameters. The Scorer may by the request of the SearchManager perform a state 
probability estimation (Walker et al., 2004, pp. 6) resulting in a state output density value. This 
value is in essence a probability analysis of a specific state. The output from the Scorer can be 
used in the pruning process.  
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Design life-cycle  

 Introduction 

When developing and designing an Interactive Speech System (or an SDS) there are a lot of 
different issues and structure levels that have to be analyzed and dealt with. Because of the 
complexity of the task it’s a good idea to use a design process guideline in order to obtain an 
implementation structure. In (McTear, 1999) the task of designing an SDS includes the 
following: 

 
• Deciding on the tasks performed by a system in order to solve a problem interactively 

with the user  
• Specifying a dialogue structure that will support the performance of the task 
• Determining the recognition vocabularies and language structures  
• Designing and implementing a solution that meets these criteria 

 

In order to be able to complete tasks like those just mentioned in a design process, Bernsen et al. 
(1998) proposes a life-cycle model of a design process based on common software engineering. 
This model includes the following main steps; Survey, Analysis and Design, Simulate-Evaluate-
Revise, Implement-Test-Revise and Acceptance Tests. These steps are not to be interpreted as 
being executed linearly but rather as being parts in an iterative process. A graphical 
representation of this design life-cycle can be seen in figure 2. 

 

 
Figure 2: A graphical representation of the design life-cycle presented in [Bernsen et al., p. 
62]. 

 Survey 

During the survey a lot of information is gathered mainly in order to be able to determine 
whether the current project (regarding the development of a spoken dialogue system) is feasible. 
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The issue of feasibility is, however, probably mostly interesting in a commercial project where a 
lot of money and time can’t be spent on a project that wasn’t doable in the end, but is still valid 
in a research project. The information gathering is however an essential part of all kinds of 
projects. This information includes Strategic and System goals, System and Resource 
constraints. Strategic goals and Resource constraints are again probably mainly interesting in 
commercially developed systems, concerning issues like costs, service improvement, manpower 
and available time. The issues concerned in the System goals and Constraints or in establishing 
System Requirements are of a more generic nature (meaning it’s of equal importance in a 
commercial project as a non-commercial project) and include elements from the SDS theory 
like user group, vocabulary size, language model and dialogue system strategy. A lot of these 
elements have an impact on system performance that makes the gathering of this kind of 
information most essential to the design process.  

As with any software the usability is of fundamental importance. A software with great 
functionality and performance can be useless if the user doesn’t understand how to use it, if it 
doesn’t fulfil a specific need, or if it doesn’t imply commercial benefits for the company 
developing the software. There must be an obvious reason or advantage for a user to use a 
dialogue system. This must be specified and is why a usability analysis must be a distinct part of 
the survey. Some of the issues involved in usability are of course part of the System goals and 
Constraints mentioned above, there is however still often a need for a separate emphasis on the 
usability of a system because it’s an issue remarkably often left out in a design process. The 
main focus can easily be turned to functional and performance issues. In (Harris, 2005, pp. 241-
244) the author emphasizes that in order to be able to develop a System Requirement (which will 
be dealt with in more detail further on) a circumstantial analysis on both the intended user group 
and the specific task of the system is a presupposition. Even though there certainly have been a 
lot of methods developed for this kind of analysis (which will not be a part of the scope of this 
paper) the main idea is to gather as much information on the user group and task as possible. 

In order to establish the System Requirements McTear (2002, pp. 146) mentions the following 
methods; literature studies, interviews with users, field-study observations or recordings, field 
experiments (with some parameters simulated), full-scale simulations and rapid prototyping. 
More than one of these methods can of course be used in a system survey because the 
information they will bring can often complement each other. Different kinds of survey methods 
will bring information essential for different parts of an SDS. The choice of method used for a 
particular system can depend on issues such as available time, feasibility of realizing a certain 
method, what kind of information that is needed etc. Some of these methods involving 
experiments and simulations mentioned in this step can’t be implemented before some kind of 
simple system design and prototyping has been developed, and the design process has entered 
the next phase, analysis and design, at least once. This is due to the iterative and cyclic nature 
of a design process. The two most common methods used in order to gather essential 
information about the system to be designed are however: Design based on an analysis of 
human-human dialogues and Design based on simulations. The former method is implemented 
by analyzing how people interact in human-to-human dialogue situations, and a lot of useful 
information can through this be gathered about the use of language and the structure of a 
dialogue. This method is most useful if the idea is to design a natural speaking dialogue system. 
A computer based dialogue system is however usually much more restricted than a human-to-
human dialogue situation, and will therefore lead to different user behaviour that has to be 
observed and analyzed as well. Because of this notion the latter method uses simulations 
including some kind of human-computer simulation. One common human-computer simulation 
method is the so-called Wizard-of-Oz method (Harris, 2005, pp. 474-501). It will be further 
discussed in subsequent parts of the design process.    

According to (Bernsen et al., 1998) the survey should, as mentioned earlier, result in a 
Requirement Specification and the beginning of a Design Specification. The Requirements 
Specification is a formal way of structuring the System Requirements gathered through the 
survey part concerning the goals and constraints mentioned earlier. The idea is to; on the one 
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hand, envision the System Requirements in an explicit and clear manner for the system designer 
and, on the other hand, to create the basis for evaluation criteria used in the final evaluation. The 
Design Specification is a document with more system operational information compared to the 
Requirement Specification and is supposed to concretely describe how to build a system 
according to the Requirement Specification. The Design Specification is not meant to be 
complete as a result of the survey part but the creation of it is probably initiated during the 
survey. It should however be sufficiently comprehensive in order to enable a first crude design 
attempt during the Analysis and design part. The Requirement Specification and the Design 
Specification are meant to be under constant additions and revisions during the iterative design 
process.  

 

 Analysis and design   

In (Bernsen et al., 1998, pp. 67) the author states that the aim of this part of the design process is 
“…to develop the interaction model to such a level of formal detail that it can serve as a basis 
for implementation.”. The Design Specification initiated during the Survey part is here to be 
used as a foundation for this implementation. As mentioned earlier the idea is to let the Design 
Specification be under constant conversion and (hopefully) improvement during this and 
subsequent parts of the design process. Having developed the Interaction model one can either 
precede to the Simulate-Evaluate-Revise part of the process where more low-tech simulations 
are carried out, or proceed directly to the Implement-Test-Revise part of the process where a 
more high-tech version of the SDS is implemented and tested.  

 

In order to develop an Interaction model Bernsen et al. (1998, pp. 88) proposes a set of so-
called Design Guidelines based on conversational maxims of human-human spoken 
conversation, developed by P. Grice (1975 cited in Bernsen et al., 1998, pp. 88). This set 
consists of a number of Generic and Specific guidelines covering a couple of different 
interaction aspects valid specifically in a human-computer interaction situation. The intentions 
of these Design Guidelines are to supply the system designer of a set of empirically produced 
guidelines as a starting point of a dialogue design and as an analysis tool further on in the 
process. The keyword of these guidelines is cooperation. Bernsen et al. (1998) claims that a 
presupposition for successful and smooth human-computer interaction is that both the user’s 
and the computer’s interaction behaviour is of a cooperate nature.  

 

 Simulate-Evaluate-Revise 

During this part the Interaction model developed in the Analysis and Design part is used as a 
basis for system simulation involving user interaction. One previously mentioned simulation 
method is the Wizard-of-Oz method. This is a common method for simulating dialogue 
situations where the user is made to believe that he or she is talking to the computer, while a 
human actually controls the computers reactions. The simulation is based on scenarios where 
the user is told to achieve a specific goal. The advantage of this kind of method is that the user 
can be observed in interaction with a computer system close to the one in the final application, 
and because the system part of the dialogue or interaction is simulated by a human a lot of time 
can be saved by not having to implement a fully functional prototype. One disadvantage of this 
method is that it’s hard to simulate the problems that might occur with a computer system. 

After having carried out the simulations the results are evaluated and the Interaction model 
and/or the Requirement Specification is revised according to the information and knowledge 
gathered during the simulation. 
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 Implement, test and revise 

This part is quite similar to the previous one, except here an actual working model of the system 
is implemented and tested. A more accurate user data can be obtained during this part because 
of the fact that a working prototype is used during the test instead of a simulation. The 
development of a working prototype will however be more time consuming than developing an 
Interaction model to be used in a simulation.  

 

The two most commonly used test methods (or debugging methods in (Bernsen et al., 1998)) 
are called a glassbox test and a blackbox test. The glassbox test is used for inspecting specific 
parts of a system. The idea is to construct the test and the germane software implementation in a 
manner that enables for all concerned parts to be activated and looped and afterwards inspected. 
In the blackbox test the only information made available for evaluation afterwards is the inputs 
to and outputs from the system, thereof the name blackbox. A comparison between expected 
and actual inputs and outputs are the basis of the evaluation of the test.  

When a set of tests has been carried out the results are evaluated and the Interaction model is 
revised and sent forward in the design process loop. 

 

 Acceptance Tests 

This part covers the issues of system evaluation and Acceptance Tests and is outside the scope 
of this paper. There has been a lot of research in these areas and development of standard 
methods for evaluating a system in a number of ways. 
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Constraints or limitations affecting the 
performance of an Automatic Speech 
Recognizer 

Introduction 

A speech recognition system is very complex and consists of a large number of different 
modules or parts from a model of the vocal tract of the user to the core of the speech recognition 
application. It is also well known that an organization or a system is not stronger than its 
weakest link. Even though certain parts of a system can be more important than others, this 
notion is principally correct in this case as well. Because of this notion it is very important to be 
aware of all the building blocks of a speech recognition system and what kind of constraints 
they hold and what kind of impact these constraints will have on the system’s performance. 
Next a list of the main constraints found in a speech recognition system will be presented.  

Continuous or non-continuous speech 

The user will either be able to communicate with the system through the usage of sentences 
consisting of coherent words (continuous speech) or through the usage of individual non-
coherent words (non-continuous or discrete speech). The usage of individual words will 
potentially yield recognition accuracy because it will avoid a couple of error types uniquely 
associated with the usage of sentences. These errors are related to the recognizers’ difficulty of 
correctly separating the individual words and the fact that human speech doesn’t have any well-
defined boundaries (except for pauses). This separating difficulty is worsened due to phrase-
level co-articulation effects like word reduction and neighbouring phoneme assimilation, i.e. the 
spoken words are uttered differently in conjunction with other words compared to when they are 
spoken separately.  The downside of using non-continuous speech is that the dialogue becomes 
unnatural and non-dynamic.  

Speaker dependent or speaker independent 

The application can either be built to support any potential user or it can be built to mainly 
support one specific user. The latter application is often prepared with a more general 
functionality but with the need of having the user to train the application for a certain amount of 
time before it will achieve its intended recognition accuracy. An example of this type of 
application is a dictator. The speaker independent applications are however built to recognize all 
types of voices from the start. The reason for this could be that the service, of which the 
recognition application is apart of, doesn’t support training. A speaker dependent application 
will generate higher recognition accuracy than a speaker independent application (because of 
the training), but is dependent of the user having the possibility and the time of training the 
application. The speaker independent application is more flexible and doesn’t require any 
technical apparatus on the user side.  

Vocabulary size 

The vocabulary size in a speech recognition system is the amount of words collected, recorded, 
transcribed and parameterized for the system, in order for it to successfully interpret the audio 
data from the user. A larger vocabulary will on one hand increase the chance for the recognizer 
to interpret any spoken word because the chances of a specific word getting found in the 
vocabulary increases, but on the other hand it can also decrease the chance because the 
probability of mistaking one word for another will increase when the vocabulary gets bigger. 
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An increased vocabulary size will potentially enhance the dialogue experience and at the same 
time worsen the recognition accuracy. 

Speaking style 

The way a user speaks when he or she is using a speech recognizer can have a profound impact 
on the accuracy of the recognizer. The speaking style could span from formal, well articulated, 
speech to more sloppy and spontaneous colloquial speech with slang and folk dialect. The 
difficulty with spontaneous speech is the lack of global structure or rules, there is a big 
variability which is very difficult for a recognizer to learn. When speaking spontaneously we 
also have a tendency to swallow certain vocal sounds and combine others (as mentioned above). 
The speaker will also be likely to hesitate and use non-lingual fillers or speech sounds. This 
aggravates the process of separating words in continuous speech. 

Users of speech recognition systems are often classified into a sheep or a goat category. The 
sheep is a user that is better at keeping its pronunciation constant and has because of that a 
better chance of achieving a good result, especially with a system that is built on user training, 
e. g. a dictation application. The other category called goats consists of users unable to keep 
their pronunciation constant and have therefore a smaller chance of achieving a good result.   

Speaker variability 

One of the biggest challenges for a speech recognition system is the variations within and 
between speakers. Examples of variations within speakers are: mood, health and formal vs. 
spontaneous speech. Examples of variations between speakers are: Age, gender, dialect. All of 
these variations affect the acoustic features of an utterance, and a recognizer must be able to 
compensate for them. 

The perplexity of the language model 

The perplexity of the language model is the average probabilistic amount of possible subsequent 
words to an arbitrary word in the dictionary. (This amount or perplexity can be calculated.) The 
perplexity is therefore dependent upon the size of the vocabulary and the existence of a 
language model or grammar. 

The acoustic similarity of the different words 

If the words of a vocabulary are much alike in case of acoustic features it will worsen the 
performance because the chance for the recognizer to substitute one word for another will be 
bigger. And the chance of this happening will of course increase if the size of the vocabulary 
increases.  

The character of the transmitting channel 

We have so far talked about issues concerning the user and the recognition system but the user’s 
voice must somehow travel from the user’s mouth to the speech recognition application and this 
infrastructure or transmission channel will also have its share of limitations. Examples of such 
limitations are: the bandwidth of the wireless communication from a cell phone, the quality and 
specifics of the microphone used, the amount and type of background noise, the acoustic 
properties of a specific location etc.  All of these limitations will in some way or another have 
an impact on the acoustic parameters of a user utterance.  

 

(Rodman, 1999, pp. 101-103; Elenius & Blomberg, 2005, pp. 4-5) 
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Previous work 
Speech technology in general and SDSs in particular are no unexplored areas and there has been 
a lot of research on these areas as well as commercial products based on research findings. The 
first attempts at creating simplistic computer-based spoken dialogue systems were made in the 
late sixties and the early seventies, but it wasn’t until the early nineties that more robust natural 
speaking dialogue systems were developed. It was during the early nineties that the first more 
widely used commercial dialogue systems were deployed. Since then there has been a lot of 
progress made for example by developing dialogue systems of a more natural speaking nature, 
by developing dialogue systems that deals with more complex tasks and by making the speech 
recognition more robust. Examples of commercial dialogue systems are: 

 
• The Nuance Automatic Banking System 

This SDS enables callers to conduct banking transactions over the telephone. Examples of 
available banking transactions are paying a bill, transferring money between accounts and 
obtaining an account balance. The “…system is an advanced spoken dialogue that employs a 
state-based dialogue control in conjunction with natural language understanding and multiple 
slot filling.” (McTear, 2002, pp. 98). This system is similar to the one being designed in the 
current project in the sense that they both enable an additional voice-based access to a service 
already accessible through a GUI, and they are both state-based. The Nuance Automatic 
Banking System is however much more advanced, robust and optimized.   

 
• The Philips Automatic Train Timetable Information System 

The Philips Automatic Train Timetable Information System enables callers to receive 
information on train departures and arrivals at over 1,200 German cities. “The system conducts 
a natural dialogue in German with the user, who can speak, to the system using fluent, 
unrestricted speech.” (McTear, 2002, pp. 98). The idea is to, through the system and based on 
the user input, construct a database query that will retrieve relevant and correct information 
from a database.  

 

One research project with similarities to the project presented in this paper was the Adapt 
project (Gustafson, 2002, pp. 47-52). The practical goal of this project was to create a “… 
conversational dialogue system where the interface would be as intuitive as possible…” 
(Gustafson, 2002, pp. 47). The domain of the system was information browsing and the system 
itself enabled the user to receive information on real estates in Stockholm. The system was 
multimodal, meaning that the system used multiple modes of interaction; in this case both voice 
and visual modes were used. User tests on the system revealed some interesting information 
about how the user input can vary due to the nature of the system output.  
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Method 

Implementation of the design life-cycle 
The overall method used during this project was the Design life cycle used in (Bernsen et al., 
1998, pp. 62) and described earlier in the theory chapter. This method will therefore also be 
used as the overall framing in chapter 6. Solution. The specific implementation of each part of 
this design life cycle during this particular project will therefore be described in this chapter. It 
should be mentioned that in (Bernsen et al., 1998, pp. 67) the authors says that, in context of the 
design life-cycle, one can move directly to the implementation of the dialogue structure, 
specified in the Analysis and Design phase, and thereby skipping the simulate-evaluate-revise 
phase. In this work the decision was however made to include the simulate-evaluate-revise 
phase as an extra iteration of the design process, and thus an extra opportunity of gathering data 
from potential users. Using this methodology of iteration and user tests in an early stage of the 
design process was also of big interest as this method is apparently rarely used in most product 
development processes in the industry, where the most common strategy is to move from idea to 
implementation straight away.  

Survey 

As mentioned earlier the starting-point to the design of an SDS in this work was a computer-
based advertisement service. Logically this kind of service was also the focus of the survey. 
Because the aim of this work wasn’t to design and implement a final commercial working 
prototype, but rather to investigate challenges and possibilities of a potential future SDS, the 
main focus of the survey part was on gathering information in order to establish System 
Requirements, compile System goals and Constraints and make decisions about the SDS 
structure design. This can be seen in contrast to bigger commercial projects where the main 
focus of the survey part most probably will be on establishing the feasibility of the project at an 
early stage in the project.  

The survey in this project was focused on four areas from which information was gathered. 
These were: a survey conducted on graphically computer-based advertisement services, 
knowledge on the target group, knowledge about speech recognition constraints during this 
project and Guidelines for Cooperative Interaction Design.  

The survey conducted on graphically computer-based advertisement services was done in order 
to gain some knowledge about what kind of tasks a user of such a service could expect to find 
and how the service was presented and structured. 

In (Harris, 2005, pp. 241) there are three things mentioned that needs to be researched for “any 
interactive design work”, these are; who, what and how. According to the author both the 
“who” and the “how” involves knowledge about the potential users. The gathering of knowledge 
on the target group is in other words a most important part of the design process, and a key 
component to conforming to the notion of usability mentioned by the author. 

The gathering of knowledge about speech recognition constraints during this work was a way 
of, at an early stage, setting boundaries to what could be done and what could not in terms of 
dialogue system design due to technical limitations. 

The Guidelines for Cooperative Interaction Design is a set of guidelines created in order to 
facilitate the design of spoken human – computer interaction (Bernsen et al., 1998, pp. 88). The 
basic principle behind these guidelines is the importance to ensure “adequate co-operativity on 
the part of the system during interaction” (Bernsen et al., 1998, pp. 89). Using these guidelines 
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was thought of as being a good way of getting started with the design of the dialogue system as 
well as of avoiding certain commonly committed errors.  

Analysis and Design 

The analysis and design part of the design life cycle, in this work, was meant to result in a 
Requirement Specification, a Task Specification and an Interaction Model, which further on 
will be referred to as the Dialogue Structure. In order to enable the creation of the 
aforementioned items the information gathered in the survey was to be used. The Dialogue 
Structure was in this work meant to be a graphical representation of the dialogue system or the 
human – computer interaction. It was supposed to represent the different dialogue states and 
how these states were connected in order to enable some sort of implementation of the system. 
In essence a first draft of the Dialogue Structure was the main goal of this part. 

Simulate - Evaluate - Revise (User Test 1) 

This part of the design life-cycle was during this work focused around the concept of a first user 
test and was divided into three subparts; before the user test, during the user test and after the 
user test. These subparts would include the issues of simulation, evaluation and revision but 
were given other names in order to better describe the actual work procedure.  

The main purpose of this part was to carry out a user test on the first draft of the dialogue 
structure and thus being able to gather some useful feedback from users. This feedback was then 
meant to be used when revising the Dialogue Structure. 

More specifically this part consisted of the implementation of the Wizard-of-Oz simulation 
technique used in this work including the construction of a Power Point Presentation 
(henceforth PPT) used to “simulate” the dialogue system during the first user test, the content of 
the first user test and the user test set-up used. These things all belong to the aspect of the 
simulation. 

The evaluation aspect of this work included deciding on what kind of evaluation technique to 
use during the first user test and what kind of data was to be extracted from the user test for that 
purpose. 

The revision aspect included analyzing the data gathered from the first user test in an adequate 
manner and drawing conclusions thereof. These conclusions were then to be transformed into 
concrete changes of the Dialogue Structure and the Task Structure.  

Implement – Test – Revise (User test 2) 

Implement (Java implementation) 

This part of the design life cycle is about implementing the revised and updated Dialogue 
Structure into a fully working prototype. In this project this was to be done by implementing the 
dialogue system in Java and then in turn integrating this implementation with the Sphinx4 
system. More specifically it meant to find some software design pattern upon which the Java 
implementation could be based, to do the actual Java coding including error diagnosis and a 
configuration of the Sphinx4 according to the specification of the specific dialogue system to be 
used. 

Test (User Test 2) 

The next task of the work was to design and carry out a second user test, this time using a fully 
functional prototype of the dialogue system being designed. According to (Bernsen et al., 1998, 
pp. 68) the Test task included in the Implement-Test-Revise phase of the design life cycle often 
includes software-related tests where focus will be on evaluating certain pre-defined parts of a 
system using pre-defined tasks, not including users. In this work it was however decided to 
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design a second user test similar to the first one used. The main reasons for this were that the 
dialogue system being implemented was far from technically optimized and the focus was still 
on the user experience of the dialogue system and its structure.  

Because of the similarities to the first user test the issues included in carrying out this second 
user test was much the same and will therefore not be mentioned again.  

Revise 

As was the case during the Simulate-Evaluate-Revise phase during this work this part was to 
include a presentation of the data gathered during the second user test, an analysis of the data 
and finally some conclusions drawn from the analysis. Since this part was to be the last part of 
this work there was to be no final revision of the dialogue system.  

 

Method discussion 
One problem with using the design life-cycle approach as an overall framing of the project, 
given the limited time frame, is that the extent of this kind of end-to-end design approach will 
have a limiting effect on the depth. This was of course a conscious choice and a prerequisite to 
being able to design a functioning prototype. One can of course question whether the loss of 
depth in each part of the project could be too big and thus making it impossible to draw 
meaningful conclusions. The author’s answer to this is however that, in spite of the loss of 
depth, meaningful conclusions were possible to be drawn, and that the end-to-end approach 
itself enabled a discussion about certain design-related issues.   
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Solution 

Part 1 – First draft 

Overview 

This part contains the first stage of the dialogue design process earlier described in the method 
chapter. It covers the different steps of this process and what decisions were made. The steps 
included in this part are The Survey and The Analysis and Design. The Survey is the part of the 
dialogue design process where all necessary background information is gathered. The Analysis 
and Design part is where the background information is analyzed in order to make a first 
attempt at designing a dialogue structure. This part ends with a discussion of this first part as a 
whole.  

The Survey 

The Survey in this work contained the following parts: 

 
• A survey conducted on graphically computer-based advertisement services 

 

In order to have some kind of starting point when designing the Dialogue Structure a survey 
was conducted on some already existing graphically computer-based web services used for 
searching and creating advertisements. The idea was to gather information on the most 
important parts of an advertisement service, how the service was presented, what kind of 
choices were available and what kind of steps the user had to go through in order to complete a 
certain task. 

One suggestion that was made from the information gathered from investigating these 
applications was that the Dialogue System would be divided into two main parts, a search part 
and a create part, because these seemed to be the two most important and basic features found in 
an advertisement service. Other suggestions that were made due to the investigation were to 
include a categorization of each advertisement where the user, while creating an advertisement, 
had to choose one category from a list of suggested categories, in order to somehow structure 
the SDS, and to make each advertisement contain a certain number of mandatory “information 
slots” which were to be filled out by the user creating an advertisement. These slots were also 
supposed to be searchable for a user searching for an advertisement. These “information slots” 
were suggested to be name, phone number, category, brand, colour, title and price. 

 
• Knowledge of the target group 

 

Gathering knowledge about the potential target group is of course of great importance to anyone 
wanting to produce and sell a commercial product. In this work establishing the potential target 
group was, however, neither easy nor straightforward due to a couple of reasons we will see. 

Firstly, concerning Ericsson, there were potentially two different target groups of an SDS 
connected to a specific service. The first target group included people living in rural areas of 
developing countries with a very limited or non-existing experience with, or not even access to, 
a cell phone or a computer. For these people, the only way of accessing computer-based mobile 
services would probably be by interacting with it through a VUI or SDS using a regular 
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telephone or a simple cell phone. The second target group contained “ordinary” cell phone users 
wanting a VUI because of specific features found in voice-based interfaces that potentially 
would make them more usable in comparison to graphically-based interfaces found on a cell 
phone. As can be seen these two target groups are quite diverse in terms of qualifications, 
needs, language usage, expectations etc. These are all features that would have a great impact 
on how a Spoken Dialogue System would be designed. In essence it would be hard to design a 
common system for both targets. 

Secondly, it would be impossible to include the first target group in some kind of user test due 
to obvious geographical reasons. Since user tests are a most vital part of the dialogue design 
process used in this work, this is a problematic fact.  

Thirdly, the constraints of the recognition engine used in combination with the limited time for 
configuring and optimizing the recognizer engine in this work will have a limiting effect on the 
complexity of the designed System Structure as well as the final prototype in terms of overall 
performance and specific features found. This leads to an SDS that probably cannot match the 
demands of the more demanding second user group. The conclusion is based on the fact that a 
person in the second target group already has access to certain services through graphically-
based applications on his or her cell phone and must therefore be presented with good reasons 
before changing to a voice-based system.  

 

The decision made using the aforementioned information was to only use the second target 
group keeping the difficulties and downsides of this choice in mind. The main reason was the 
fact that the second group was the only one for which we had a realistic chances of getting test 
users. 

  
• Knowledge about speech recognition constraints during this work 

 

Even though there has been a lot of research and development in the area of Speech Recognition 
and Spoken Dialogue Systems that have resulted in numerous advanced algorithms and other 
techniques enabling dynamic, robust and free-speaking interactions between humans and 
computers, the very restricted time-frame available in this work for configuring and optimizing 
the available recognizer engine will greatly limit the technical and architectural design and 
strategy of the SDS. As mentioned earlier in 4.1.2, the Sphinx4 is a powerful, advanced and 
modular-based system and thus having the potential of enabling advanced interaction 
possibilities. This, however, also means that it does not come all packaged in a ready-to-use 
configuration of your choosing.  For example, in order to use a free speech configuration there 
are a couple of language-specific parts that have to be added and produced, such as a language 
model, a dictionary and an acoustic model, parts that are both time consuming and hard to 
produce. One thing that was not supported by Sphinx4 was word spotting, an essential feature 
of more open-ended and user-directed initiative SDSs.  

 

The suggestions that were made were that the SDS had to be of a finite state-based nature with 
system-based initiative in order to lower the complexity of the system and thereby the language 
used by the user, all this at the cost of system flexibility. The decision was thus made to design 
a Dialogue System that would facilitate the recognition process by constraining the possible 
vocabulary and the length of the user utterance. 

 
• Guidelines for cooperative Interaction Design   
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A compilation of guidelines for dialogue design, previously mentioned in 4.1.1, was used in 
order to have some theoretical base when making the first attempts at designing the specific 
dialogue structure. These guidelines are, however, not presented as a recipe ready to be 
implemented in a predefined order, but rather as a number of different aspects that will have a 
varying degree of significance depending on the specific task, user group etc. There are even 
some guidelines potentially contradicting each other and thus requiring an active positioning of 
multiple considerations by the system designer. The main guideline aspects were: 

 
o Informativeness 

This aspect is concerned with balancing the amount of information contributed by the 
system.  

 
o Truth and evidence 

The content of this aspect is quite obvious and is about only presenting information that 
is evidently correct.  

 
o Relevance 

This aspect is concerned with presenting information relevant to a specific task and 
time. 

 
o Manner 

This aspect is about avoiding ambiguity and obscurity and striving towards being brief 
and orderly. 

 
o Partner asymmetry 

This aspect is about providing the user with enough information to ensure cooperation 
between system and user, for example by providing information on what can and what 
can’t be done.   

 
o Background knowledge 

This aspect is about taking into consideration features that are related to the user’s 
expectations and knowledge, for example different needs of an expert user in 
comparison to a novice user.  

 
o Repair and clarification 

This last aspect is about providing so-called meta communication or relevant error 
messages when the communication in the dialogue fails. 

 

Analysis & Design 

Besides the suggestions mentioned, the survey part resulted in a number of more concrete items, 
these were; a Requirement Specification (RS), a Task Specification (TS) and finally a graphical 
representation of the SDS simply called a Dialogue Structure (DS).  

The RS found in figure 3 was created first, and the reason for that was that the RS was supposed 
to function as a sort of formalized dialogue from which the dialogue design should start off. The 
RS is also supposed to function as an evaluation criterion when conducting tests on a working 
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prototype to see if the initial requirements were met. The RS was created after considering the 
facts presented in the Survey. As can be seen the content of the RS it is both of a more generic as 
well as of a more specific nature, and can, in addition to be used as evaluation criteria when 
testing a working prototype, also be used as a starting point when evaluating user tests. The RS 
was filled with information that seemed relevant to the future dialogue system and was used as a 
way of creating some kind of foundation or overall structure to a design process in large parts 
consisting of “soft” knowledge based on relative conclusions and observations.   

 

As can be seen the RS is relatively detailed and maybe a bit over-the-top in relation to the 
current project and the SDS being designed. One might ask from where the information was 
gathered in order to complete this RS, if all of these statements have a “theoretical coverage”. 
The answer to these questions is that when creating the RS in this work a requirement 
specification found in (Bernsen et al., 1998, pp. 64) was used as a template. The content of that 
template was altered in accordance to the requirements of the current dialogue system being 
designed as well as to the information gathered from the survey. The content of the RS can 
therefore be said to have the coverage needed.  

 

The TS can be seen in figure 4 and is an attempt at a more concrete but still formalized 
graphical representation of the specific tasks the future SDS should include, according to the 
suggestions and observations made during the survey. As can be seen the SDS represented in 
the TS is divided into two main parts; one Searcher and one Creator, as suggested in the A 
survey conducted on graphically computer-based advertisement services part of the Survey. The 
rest of the tasks found in the TS were added in order to satisfy the RS and to facilitate the 
recognition process as suggested in the Knowledge about current speech recognition constraints 
part in the Survey.  
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Strategic goals: 

• To explore speech technology limitations 
• Build a comprehensive enough Speech Dialogue System in order to function as a prototype   

with basic functionality using a cell phone, a server and a database  
 

System goals and constraints: 

Overall performance: 
• Real-time performance is required 
• The system should be adequately robust in order to enable a user to accomplish a task 
• The focus will not be on system flexibility. User interaction must however be supplied 

Speech input: 
1. Continuous, with constraints  
2. Speaker independent 

User utterances: 
1. English 
2. The vocabulary size should not exceed about 1000 words 
3. No more than 100 words active at a time 
4. The average user utterance should not exceed 4-5 words 
5. The maximum user utterance should not exceed 8 words 
6. The system should allow the use of natural language to some extent 

Domain model: 
• The system should cover the domain of searching for items and services for sale, information 

on salesperson, creation of items and services for sale.  
User model: 

• Walk-up-and-use system, (expert/novice mode)  
• Satisfy a specific need 

System utterances: 
• English 

Resource Constraints: 
• Available resources are about 16 person weeks 
• The system is accessed via a cell phone 
• The user utterances may have to be sent as discrete data packages 
• The user may have to explicitly tell the system when his or her utterance 

is finished 
• The system must run on a PC 

Figure 3:  The Requirement Specification created after gathering data in the survey 

After having created the TS a first version of the Dialogue Structure, DS, was created. It was 
used in a first user test as a way of getting valid feedback from potential system users in an 
early stage of the design process, and was therefore required to describe the Dialogue System in 
to the detail of single dialogue states. The DS is a more detailed graphical representation of the 
interaction model of the SDS, representing the possible ways for the system and the user to 
interact with each other. In (Harris, 2005, pp. 453) this interaction model is called the Call Flow 
given the similarities with a flow chart and is described as a tool with which the interaction 
designer can visually develop and further represent the Dialogue Structure. Harris (2005, pp. 
454) also describes the Call Flow as an interaction blueprint being used by the system designer 
in the same way a building engineer will make use of an architectural blueprint of a building. 
The DS can hence be used as both a design tool and as a specification for the system 
implementation.  
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Figure 4: A Task Specification 

When designing the Dialogue Structure the TS and the RS were used as starting points because 
they provided the tasks of the system as well as the overall framing and requirements of the 
system. The TS did however provide no information on the exact framing and content of the 
interaction; i.e. what is said by the system and what could be said by the user at a specific 
position. The content and framing was instead created according to the findings of the Survey. 
The Survey issue with the biggest overall influence of the Dialogue Structure was the 
conclusion to make the System a finite state-based System in order to account for the 
recognition restrictions in the set-up used in this work. One of the features of a finite state-based 
system is that it uses a system-directed initiative. This means that the System is always in 
control of the dialogue progression leaving the flexibility on the user side to a minimum. The 
way this was incorporated in the DS was by having the System asking the user one question 
after another until a specific task was completed. The first version of the DS can be seen in 
figure 5 and was an attempt to create a system that was complete in the sense that the user 
would be able to complete the task of creating an advertisement and also search for one. One 
can see that the dialogue is divided into two main parts; the search part (the left side of the 
figure) and the create part (the right side of the figure), as was decided after having surveyed 
other graphically based applications. Another decision that was made due to the survey was to 
include some sort of categorization of the advertisement items. The idea was to make the search 
part user-friendlier by extending the search alternatives to include the possibility to search either 
by arbitrary item content or by choosing one of a pre-written list of item categories. These 
search alternatives can be seen in figure 5 where the system asks the user if he/she wants to 
search by category or by item content.  

The contribution of the RS to the design of the DS was to present what was requested from the 
SDS regarding system performance and available system tasks. The issues listed in the RS in 
combination with the speech recognition constraints found in the survey part were the main 
causes to some of the limitations found in the DS. For example the RS states that the system 
should be real-time performing, robust, speaker independent, a system with limited number of 
words in each user utterance, a walk-up-and-use system etc. The conclusion was drawn that in 
order to have a system that is real-time performing, robust and speaker independent the SDS 
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must be able to limit the user utterance. The reason for this is because the complexity of the user 
utterance is one of the issues putting most demand on the speech recognizer engine and the 
computer processor. The concrete effects this had on the design of the DS was to always phrase 
the questions in a way that would shorten the possible vocabulary of the user utterance.   

The choice of target group two during the survey should have had a bigger impact on the design 
of the DS than it actually had. The main reasons for this was the lack of time and resources, as 
well as the technical recognition restrictions found during the survey. This was a problem that 
we were fully aware of but couldn’t do much about except keeping it in mind during discussions 
and conclusions. The second target group consisted of people used to computers and cell phones 
and would therefore probably be more informative about the usability of the SDS. The reason 
for this is, as mentioned earlier, probably that an advertisement service that is used in this 
project is already available as a graphical web application on the net and on a cell phone. This 
fact means that the SDS in this project probably has to be better than the graphical-based 
applications just mentioned or be presented with a number of clear advantages in order to be 
interesting for the target group. In (Harris, 2005, pp. 455) the author mentions that when some 
SDSs are designed in an inflexible manner “… it largely ignores the reasons for using language 
in the first place, and it puts ease-of-implementation unacceptably over usability.”. This was the 
fact in this project and was, in addition to the aspects of time and resources, due to the fact that 
the role as both usability designer and software designer was taken by the author with a limited 
competence in software design.  

The last part of the survey was the Guidelines for cooperative Interaction Design. The way 
these guidelines were used was by choosing those that felt most essential to the specific SDS 
being designed as well as being feasible to incorporate into a future implementation. The 
guidelines that were used were the following: 

 
• Informativeness  

One part of this guideline is about being as informative as required and was incorporated by 
designing information dialogue states at an early stage in the dialogue that explains to the user 
how the overall dialogue system works as well as specific parts of the dialogue. These 
information states can be seen in figure 5. The state with the overall information can be found in 
the top left corner of the figure and starts with “Ok. You will be presented with…”. The two 
more specific information states are the two grey colored boxes with dotted lines. The second 
part of this guideline is about not being more informative than is required. The idea behind this 
second part is probably that too much information will slow down the overall service. In order 
to incorporate this second part of the guideline, the dialogue states which were not information 
states were designed as brief and compact as possible.  

 
• Relevance 

To “…be appropriate to the immediate needs at each state…” was an ambition through out the 
design of the DS. One example of keeping relevance was the decision to have a dialogue state at 
the end of both the create part and the search part where the system asked the user if he/she 
wanted to create another advertisement (or make another search) or exit to the main menu. An 
alternative way of designing the DS could have been to automatically redirect the user to the 
main menu when a search or a create had been completed.  

 
• Partner asymmetry 

This guideline was used when deciding what was to be said in the information states mentioned 
earlier. The main idea of the information states was to inform the user of the specific features of 
the current dialogue service, enable partner symmetry and thereby enable a cooperativeness in 
the spoken interaction between the user and the system. This was why the information states 



36 

contained information about what was expected of the user and what possibilities the user had 
of interacting with the system through so-called meta-messages.  

 
• Background knowledge 

One specific aspect of this guideline was to “Separate whenever possible between the needs of 
novice and expert users…” and was incorporated into the dialogue system by asking the user if 
he/she had used the current service before and therefore separating between a novice and an 
expert user. The idea was then to present the information states to the novice user only and thus 
speeding up the service for the expert. The feature of providing an expert/novice mode was also 
stated in the RS. 
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Figure 5 The Dialogue Structure. The first draft.   

 
• Repair and clarification 

This guideline was incorporated by making it possible for both the system and the user to make 
repairs or request clarifications if there was to be any kind of miscommunication. On the user 
side there is a set of meta-communication utterances that are available, for example the word 
“repeat” will make the system repeat what was said during the latest dialogue state and the word 
“back” will enable the user to go back to previous dialogue step. On the system side a specific 
error-state was incorporated to be triggered if the user utterance was not understood.  
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Part 1 discussion 

There were some problematic issues in this part mostly concerning the choice of user group, 
these were however already discussed and will not be mentioned here again. 
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Part 2 – User test 1 

Overview 

This second part contains the stage in the dialogue design process called Simulate - Evaluate - 
Revise. This stage of the process consisted of a first user test; how it was created, conducted and 
the results that were gathered from it. The chapters found in this part are Wizard-of-Oz, The user 
test, Data gathering, Results, Result analysis & redesign and Part 2 discussion. Wizard-of-Oz 
describes how the first user test was created in form of a Wizard-of-Oz simulation, what kind of 
set-up that was used and how the simulator was designed. The chapter The user Test describes 
how the users were selected and how the user tests were conducted. The chapter Data gathering 
describes in what manner data from the first user test was gathered. The chapter Results presents 
the results or data collected from the first user test. The chapter Result analysis & discussion 
contains an analysis of the results or data collected from the first user test as well as a discussion 
of that analysis. The chapter Redesign contains some suggestions on what to change or redesign 
in the DS before creating a fully functioning implementation of the dialogue system. This part 
ends with a discussion of the second part as a whole. 

 

Before the user test 

 Wizard-of-Oz 

When a first version of the DS had been designed the next step was to somehow put it to the 
test. Because of the limited time available and a desire to get some user test results before 
starting to implement the full system, some simple user tests were performed. There weren’t any 
good estimates on how long the programming part would take and how successful it would be, 
and it would therefore have been a bad idea to start that kind of project without first getting 
some feedback from potential users. Because of the limited time available and a desire to get 
some user test results before starting to implement the full system, some simple user tests were 
performed.  

It was decided to perform a crude wizard-of-oz user test, a first test of the system. There were a 
lot of elaborate and extensive suggestions in the literature on how to conduct a WOZ, much of 
which we weren’t able to follow, again because of limited resources. However in (Harris, 2005, 
pp. 478) the author says that a WOZ can be executed with satisfactory result even with a very 
limited set of resources and tools. Other reasons except those just mentioned to why the Wizard-
of-Oz simulation was used were: 

 
• Complementing the information gathered from the survey 
• Feasibility test on dialogue structure  
• Collecting information on user language usage 

 

In (Harris, 2005, pp. 474-516) and (Bernsen et al., 1998, pp. 127-161) there were some issues 
specified that were thought of as being important when conducting this kind of user test.  

The first issue was to explicitly decide what was to be tested and to make sure that those things 
and few others were tested. In order to be able to conform to this issue we had to specify in 
more detail what we wanted to study during the user tests. The following is an attempt at such a 
specification. 
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• Is the user able to complete the task? 
• How was the user experience? 
• Did the user get enough information about the system? 
• Were the questions well written? 
• Analyze user responses and words used.  
• How well did the questions constrain the vocabulary usage? 
• Comparison between “closed” and more open questions.  

 

When having specified what was to be tested we now had to have these things in mind while 
designing the SDS simulator. We had to decide what tasks the users should be carrying out and 
what kind of questions that will be asked to the users after the test. In (Harris, 2005, pp. 487 – 
489) the author writes that “Having a well-considered, representative, and structured set of 
tasks is critical to the success of an Oz test…”. The second issue was to use filters or pre-
recorded system utterances in order to make the user believe that he/she is actually talking to a 
computer. The decision was made to prerecord all system utterances in order to make the users 
believe that they were not talking with another human being. The third issue was about 
specifying in detail what kind of constraints that were supposed to be found on the system side 
of the simulation (Harris, 2005, pp. 480). This is an important issue defining how the person 
acting as Wizard (the person conducting the test, and thus also simulating the computer) is to act 
depending on what answers are received from the user, especially when it comes to error 
handling. Since there will be a human simulating the system in real time all of these issues have 
to be resolved and decided on before the user tests. 

The next step was to start creating the simulated Dialogue System to be used in the Wizard-of-
Oz simulation. After having been presented with some ideas on how to create such a simulator 
the decision was made to use a Power Point (henceforth PPT) Presentation (henceforth PPTP) to 
that end. The idea was to prepare a PPTP with hyperlinks and pre-recorded audio files, in order 
to enable the Wizard to dynamically navigate through the simulated dialogue system by getting 
access to different PPT pages representing different dialogue states. The audio files 
incorporated in the PPTP would be the system utterances automatically played to the user when 
a new dialogue state or PPT page was reached. Basically the DS was translated into a PPTP 
with every dialogue state (represented by an oval box in the DS) represented by a separate PPT 
page. Features that were added to the PPT simulator that weren’t part of the DS but still had to 
be a part of a fully working as well as a simulated dialogue system was error handling and the 
ability for the user to go back to a previous dialogues state or to repeat the current dialogue 
state. These features were of course required to be available all through the dialogue system and 
not bound to certain dialogue states. This meant that these features had to be added to all PPT 
pages. An example of a PPT page from the PPT presentation used in the first user test can be 
seen in figure 6. Here an early state in the dialogue system can be seen. When reaching this PPT 
page an audio file is automatically played asking the user to choose between searching for an 
advertisement or creating an advertisement. The two blue items at the top of the figure starting 
with the words Search and Create are the two available alternatives the user has to search 
between, and depending on how the user will respond the Wizard clicked on one of these items 
and navigated thereby to the next page and to the next dialogue state. The blue items found at 
the bottom of the figure were the features used for system error handling and user navigation 
mentioned above. The items called Repeat and Back were hyperlinks navigating the Wizard to 
other pages. The last two items were, however, only links to audio files with system utterances 
played when clicked upon. The final PPT simulator consisted of thirty-one PPT pages.   

All audio files were recorded by the author using a high quality microphone and audio interface. 
All system utterances were recorded in English since the only language modules and software 
that were included in Sphinx4 used in this project were based on the English language. There 
was one audio file recorded for every dialogue state found in the DS and two audio files 
recorded for the system error messages.   
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The PPT simulator was created with two types of dialogue states in order to enable two different 
types of language interpretation being simulated depending on the specific system utterances or 
questions. One type of dialogue state was to enable the simulation of a rule-based grammar with 
specific words being valid and others not. The second type of dialogue state was to enable a 
word-spotting technique where specific words are actively searched for by the system. The 
latter one was to be used if the system questions were more open-ended.  

 

 

 
Figure 6: A screen shot of the PPT presentation used in the Wizard-of-Oz simulation 

User test set-up 

The Wizard-of-Oz user test was to be conducted with people not familiar with the dialogue 
system in order to get as objective opinions as possible. In order to make the user test resemble 
how this kind of SDS could be used in real life and at the same time facilitating the task of 
gathering users, it was decided to have the users participating in the user test remotely, through 
a telephone. This way the only thing the users would actually come into contact with, in terms 
of the Wizard-of-Oz set-up, was the voice-based interface to the dialogue system (i.e. what was 
heard through the telephone) and the idea was that this fact would increase the chances of the 
users believing that what they were interacting with was a real computer system and not a 
simulation of a computer system. The importance of this is emphasized in both (Harris, 2005) 
and (Bernsen et al., 1998) and the reason is because the probability that a user would act 
differently if the fact that the system was simulated was known, is rather high.  

In order to realize this first user test with users participating at a distance there were certain 
technical issues that had to be solved. In practical terms the dialogue as a whole (i.e. both the 
user and the system utterances) would have to be heard on the system side of the Wizard-of-Oz 
simulator in order for the Wizard to be able to navigate through the simulated system as well as 
enabling a recording of the dialogue. The system utterances were moreover bound to be 
“transferred” from a computer to the user side using some kind of analogous technique since the 
communication between the user and the system side would be conducted through the telephone 
network. The details of the set-up will not be further discussed in this Thesis since it does not 
bear any large significance for this work as a whole. A description of the set-up used will, 
however, be presented. In figure 7 a graphical representation of the set-up can be seen. The user 
and the Wizard were connected to each other via the telephone network; the user would 
however never talk directly to the Wizard. The system utterances were played from within the 
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PPTP (as an audio file) on a computer via the external audio interface and out through a couple 
of loudspeakers. The audio heard through the loudspeakers was then picked up by the 
microphone on the handsfree (connected to the cell phone found on the system side) and thus 
finally heard by the user through the loudspeaker on his or her cell phone. The user utterances 
were sent through the telephone network to the cell phone on the system side via the user cell 
phone microphone. On the system side a pair of headphones were connected to the previously 
mentioned handsfree through which the Wizard could listen to the user utterances and navigate 
through the PPT simulation accordingly.  

 

 
 

Figure 7: The set-up of the first user test 

 Content of the user test 

After having described the technical setting of the first user test the content of the user test will 
be discussed next. One important issue when designing a user test is to decide what kind of task 
the user is to perform during the user test and how that task is to be presented to the user. The 
basic idea is that “The tasks should represent projected system use.” (Harris, 2005, pp. 486) and 
means that the tasks found within a user test should include issues relevant to the specific 
service tested. In the context of this project it implied creating tasks containing issues of 
creating advertisements and searching for advertisements. This information might seem quite 
elementary. There is however an infinite number of ways of creating tasks, especially if the 
dialogue system is of a more complex nature than the one used in this project. In (Harris, 2005, 
pp. 487) the author argues that after having chosen a specific task for the user to perform 
another not so trivial problem is to decide how the task should be presented to the user. The 
author’s opinion was to keep the information of the task quite formal and to avoid “irrelevant” 
information that could potentially confuse the user. The main purpose of presenting the user 
with a specific task to solve was basically to give the user the same kind of information and 
incentive to complete the task that would be found in a person using this kind of system due to a 
specific need. After having considered the issues just mentioned it was decided that each user 
was to be given two types of scenarios; one scenario where the user was searching for a specific 
advertisement and one scenario where the user was to create an advertisement. One of these 
scenarios given to the users can be seen in Appendix A. As can be seen the tasks were given in 
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a somewhat large context with a lot of “irrelevant” information, in complete opposition to what 
was argued by Harris. And maybe the scenarios could have been a bit more formal. However, 
Harris (2005, pp. 487-488) also writes that tasks shouldn’t be presented too explicitly and 
thereby presenting the whole final solution to the task. One further reason to why the tasks were 
presented in the way they were, was to give the user extensive information about how this 
service could be used in real life.  

 

During the user test 

 Data gathering 

One purpose of using a user test is to hopefully gather relevant user data, from which some 
interesting and relevant results could be drawn. Consequently, good techniques for gathering 
data during the user test are of big importance. There should because of this fact be said 
something about the decisions made concerning the analysis and evaluation methodology 
chosen. In (Bernsen et al., 1998, pp. 191-228) there are three main types of evaluation 
techniques described used for controlled tests, such as the Wizard-of-Oz. The evaluation or 
analysis technique that was chosen was called Adequacy Evaluation. It was chosen because it 
seemed to be the evaluation technique best suited for the kind of low-level user test that was 
being carried out. The Adequacy Evaluation technique is according to (Bernsen et al., 1998, pp. 
226) both used for “… testing how well a system conforms to particular performance 
measures…” as for testing how the needs and expectations of the user is met. In essence one 
could say that it could be used for both objective and subjective evaluation. As mentioned 
earlier the main idea behind this first user test was to gather reactions, thoughts and opinions 
from the user test participants, which makes the subjective part of the Adequacy Evaluation 
technique ideal. The subjective part contains evaluation techniques such as an interview and a 
questionnaire. 

Except the interview and questionnaire just mentioned it was decided to have the dialogue 
between the user test participant and the system recorded. The recording was quite basic and the 
dialogue was recorded on the Wizard cell phone. An audio recording of the user test is very 
effective since the interaction in a spoken dialogue system is completely voice-based. The 
recording would therefore catch the interaction in its whole.  

The interview was to be conducted over the telephone with each participator after they had 
completed the user test. The idea of conducting an interview, in comparison to a questionnaire, 
was to be able to gather more spontaneous and open-minded opinions about the dialogue 
system. According to (Harris, 2005, pp. 495) data analysis can be divided into two different 
categories; quantitative and qualitative data analysis and are both important aspects of the 
analytical part of a user test. For this reason, techniques for gathering and analyzing data 
according to both previously mentioned categories was to be used, where the interview would 
fall under quantitative category. The interview was to consist of five open-ended questions of a 
quite general nature. The questionnaire was to consist of twenty-one questions concerning 
different aspects of the dialogue system. At each question the user had to grade a statement 
made about the dialogue system between one and five, according to its compliance with the 
specific experience of the user. An example of such a statement found in the questionnaire can 
be seen in figure 8. The questionnaire was a way of gathering data for a more quantitative 
analysis. Even though the number of user test participants wasn’t to be very great the idea of 
having all participants fill the same questionnaire made it possible to compile some sort of 
statistics. The topics of the statements are gathered from (Harris, 2005, pp. 513-516) & 
(Bernsen et al., 1998, pp. 228). 
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_____________________________________________ 

 
• Using this system was 

            

complicated                simple  
   

 
Answer (1-5):   

 

___________________________________________ 

Figure 8: Example of a statement found in the questionnaire 

 The actual implementation of the user test 

In order to get results from the first user test being as representative as possible the ambition 
was to find a good mix of people within the predefined target group. The parameters used were 
age, occupation, technology experience, computer experience, and attitude etc. These were 
some of the potential parameters mentioned by Harris (2005, pp. 244) when talking about what 
kind of parameters could be interesting to include in a user test. The author also recommended 
that one should try to include some LCU, Least Competent Users, in order to get a worst-case 
scenario (Harris, 2005, pp. 485).  

The final group of user test participants consisted of ten people from the ages 22 to 66 with 
different occupations and experience with computers. 

When the participants of the user test had been chosen an email was sent to each and everyone 
including some general information about the test as well as the scenarios and the questionnaire. 
The Wizard calling the current user test participant’s telephone actuated the actual user test and 
at the moment the participant answered the simulated dialogue system was started via the PPTP. 
The participants would then try to manage their tasks and the call was ended when they were 
finished with that task. As mentioned earlier the Wizard simulated the dialogue system by 
manually navigating through the different dialogue states depending on how the user would 
answer.  

After the user tests all participants were called and interviewed about their experience of the 
dialogue system. Finally they were asked to kindly fill out the questionnaire and then send it 
back.  

 

After the user test 

 The data 

The data gathered during the first user test will be presented next. In Appendix B the result of 
the questionnaire can be seen. The score given by each user test participant of every statement 
can be seen, as well as the average score given at each statement. In Appendix C the data on 
each user test participant can be seen. The final pieces of data are the opinions and thoughts of 
each participant shared during the interview. This data is compiled in Appendix D. The number 
in brackets following every sentence gives information about who said what and corresponds to 

1 2 3
 4 5 
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the number given each user test participant in Appendix C. The questions numbered from one to 
five are the questions that were asked to the user test participants during the interview. 

 

Data analysis – general remarks 

The first thing that was done when all the user tests had been carried out was an attempt to 
summarize and organize the data gathered. In Appendix E an attempt at organizing the thoughts 
and opinions found earlier in Appendix D was made. Here the idea was to decrease the amount 
of data and thereby making it manageable and possible to analyze. This was done by organizing 
each thought and opinion into a fewer number of categories describing their essence. The 
number in brackets sometimes found after one of these categories marked how many thoughts 
and opinions had been conformed into a particular category. In terms of the dialogue recording 
and the questionnaire there was not a lot that had to be done preparation wise before they could 
be analyzed. The recorded audio files were extracted from the Wizard’s cell phone and the 
results from the questionnaire hade already been summarized when the data was gathered.   

Next the result analysis of the data gathered that was carried out is presented. 

 

Data analysis – The Interview  

The main positive remark on the dialogue system was that is was simple and easy to understand. 
That is of course a prerequisite for a system to be successful, but should be understood in the 
context of a specific, very simplified, version of a dialogue system. There were two more 
positive remarks being stated more than once when asked about the best features of the system, 
namely the system recognition accuracy and that the system was fast, i.e. no delays. These user 
remarks can of course not be used as a kind of validation of the system since the recognition 
progress and the dialogue flow was simulated by a human being, but can be seen as useful 
information on what factors are important to the users. One point of interest was that several 
users found the recognition process impressive since the user input most of the time was limited 
to single words. The implicit input verification also got some positive remark.  

Regarding the negative remarks on the dialogue system in general there were a lot of issues 
mentioned by the user test participants that had not been thought of earlier. There were some 
remarks questioning whether a VUI would be feasible for this specific type of service, namely 
an advertisement service, because of the vast amount of information potentially being presented 
to the user. This is potentially a very big problem to which there is no evident solution at the 
moment. Other negative remarks that were mentioned by several user test participants were the 
inability to disrupt the system utterance and the inability to browse through search results in a 
simple manner. There were some remarks about the system being slow which could be seen as a 
remark on the usefulness of using a VUI or as a remark on the inability to disrupt, mentioned 
earlier. There were also some remarks about an uncertainty on how to use the system. This issue 
was of a great interest and importance since a user must get adequate information in order to be 
able to use the system. Finally there were some remarks on the lack of flexibility when asked to 
state the worst features of the system. This remark was however of no bigger importance since 
the simulated dialogue system that was used during the test was consciously built to be very 
limited.  

The remarks on the structure of the dialogue were almost all positive. That would mean that the 
basic structure of the dialogue is good and can be used as a basis for further improvement and 
implementation. There was one interesting remark though, concerning the tempo of the 
dialogue. The user would have liked the tempo to be variable or to adapt to the user. That was 
an issue that was further looked into.   
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Data analysis – The questionnaire 

Since there were only ten people answering the questionnaire it is important to point out the 
limited amount of data that can be extracted in form of statistics. There were however some 
general tendencies that could be seen. These were: 

  
• The statements regarding the system utterances in terms of clarity and 

appropriateness were amongst the highest ranked 
• Statements regarding the simplicity of the system were also ranked high  
• Generally the users found the dialogue to be fast enough 
• The statements with the lowest ranking concerned whether the users found the 

system to be useful. 
• The users didn’t find the system very flexible 
 

Data analysis – The recorded conversations 

The analysis of the recorded conversations confirmed that people tend to be influenced by how 
the questions on the system side are formulated in terms of wording and tone of voice. The 
influence varied of course from user to user but a general trend was still revealed. As long as the 
system questions were specific and straight forward, as they for example were in the “create-
part” of the dialogue, the user utterances were direct and short, most often a single word. But 
when the system questions were of a more natural speaking nature or more “human-like” in its 
formulation numerous users tended to use more words and mimic the dialogue partner, as one 
would do in a human-to-human conversation. One possible analysis of this behaviour was that if 
a system makes use of a more natural sounding dialogue people tend to forget that they are 
talking to a computer and unconsciously use a more natural sounding wording in their speech, 
and thus making it more difficult for the recognizer. There could also be an ethical problem to 
this issue as one of the older users pointed out in the interview. This user unconsciously used 
words like “sorry” and “please” during the dialogue, and was in fact not alone. Words used for 
courtesy do not bear any real significance in a limited human-computer dialogue such as this 
one, it will rather have a negative effect on the recognition accuracy.  

In the test there were two elderly people one being an engineer and thus having some 
experience of computers, and the other one being a housewife with very limited experience with 
computers. Both users had a tendency to use more natural sounding wording in their answers 
even though this was much more the case with the housewife. One possible reason for this 
could be the lack of experience dealing with computers. If a person doesn’t have any knowledge 
about how a computer is built it could probably result in an uncertainty about how to interact 
with a computer-based dialogue system, for example, something that may not be as big a 
problem for younger people with a better understanding and experience of computers.  

As a whole all users managed to complete their tasks regardless of age and occupation, and this 
was also confirmed by the questionnaire and the interview.  

There were at numerous times attempts to disrupt the system in the middle of a sentence when 
the user already seemed to know what to answer, for example if the user returned to a state in 
the dialogue he or she had already visited. This behaviour could be the result of different 
factors; the user could experience an uncertainty about when to speak and when not to speak, 
the user believes that disrupting is a part of the dialogue system or the user finds the tempo of 
the dialogue to slow and thus not having the patience to listen to all that is said. As it turns out 
all of these factors were mentioned at least once during the interview and should therefore be 
taken into consideration.  
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Data analysis – Transaction success rate 

In order to generate some objective data from this first user test the so called “transaction 
success” rate was measured. The transaction success doesn’t, according to (Bernsen et al., 1998, 
pp. 227], have any standard definition. The definition used by Bernsen et al. was however the 
accomplishment of the specific task given to the participants of the user test. This definition was 
also used in this work.  

The transaction success rate of this first user test was 90%. There was only one transaction that 
failed and that failure was due to an inadequate reading of the scenario by that specific user. A 
transaction success rate of 90% would indicate that the dialogue structure is satisfactory in 
terms of logical framing and overall simplicity.   

 

Redesign 

The next step after having analyzed the user data was to convert this knowledge into concrete 
suggestions for redesign of the DS before moving on to the implementation of the dialogue 
system. Organizing the analyzed data according to a core issue that could be seen as 
representing numerous user opinions and thoughts created these suggestions. The idea was also 
to limit these suggestions for redesign to those feasible in terms of time and resources. All 
suggested changes were however not issues that could be graphically represented in the DS, but 
would still be a part of the future implementation of the system.  

The changes to the DS, and/or to the dialogue system not represented in the DS, that were 
finally suggested, including their realization, will be presented next. 

 
• A variable tempo of the dialogue 

In order to incorporate possibilities to somewhat vary the tempo of the dialogue there were two 
changes specifically made to the dialogue system.  

The first change was to expand the optional dialogue states containing system information, 
added in the first version of the DS. This was a way of further incorporating the dialogue 
guideline issue (Bernsen et al., 1998, pp. 91) concerned with background knowledge in general 
and of expert versus novice users in particular previously discussed in the survey part. These 
changes can be seen in the new version of the DS shown in figure 9. The white dialogue states 
with dotted lines are optional states executed only if the user is a novice and has never used the 
dialogue system before. 

The second change was to add the possibility to disrupt the system in the middle of an utterance. 
This is however not a feature that can be represented graphically in the DS but was decided to 
be added in the implementation. 

These two changes were thought to enable a variation of the dialogue tempo and thus increasing 
the flexibility of the system and further to improve the user experience.  

 
• Enabling a simpler way of browsing between different search results 

The feature of browsing was very poorly implemented in the first version of the dialogue 
system, if implemented at all. Browsing between search results also seemed like a core task of 
an advertisement service and was mentioned by the users.  

In order to solve this problem, changes to the structure of the dialogue in the search part of 
dialogue system was made. These changes can again be seen in the updated DS seen in figure 9. 
In the white optional dialogue state found at the bottom left side of the figure, an option to 
choose to get more information on one of the other advertisement items found in the current 
search result was added. In the previous version of the DS the user was forced to go through the 
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same search task from the beginning in order to get the full information on an additional 
advertisement item, once having got the full information on a first chosen advertisement item.  

 
• The issue of representing large amounts of data  

This problematic issue concerning how to represent large amounts of data in a VUI was 
somewhat dealt with in a small scale in the first version of the DS by having the advertisement 
items found in a specific search attempt to be represented by only their titles in a first step. The 
full data of an advertisement was presented when the user had chosen one specific item from the 
available item titles. This feature did however not present a satisfactory solution to this problem, 
as the amount of data presented would potentially be far too big if a search would result in more 
than, say, three items even if only the titles were presented. Numerous users also mentioned this 
issue during the interviews.   

In order to make the data representation part more user friendly a search-delimiting tool was 
added in the dialogue system. The idea of this tool was to enable a dynamic stepwise reduction 
of the amount of items found in the search result. When having made a search and being told 
how many items the search had resulted in, the user was to be asked if he or she wanted to 
further delimit the search by an additional key word. In this manner the user would be able to 
successively reduce the amount of data until it was manageable. It was also decided that it 
would be possible to navigate back and forth between the different delimited search results. 
This search delimiting tool can be seen in the lower left side of figure 9 where a new dialogue 
state contains the question “Do you wish to further delimit your search?”.  

 
• Renaming the two search alternatives, item content and category 

The difference between the two search alternatives item content and category was according to 
the first user test participants not evident. An attempt at clarifying these alternatives was 
therefore made by renaming them and adding an optional dialogue state informing the user 
about the two alternatives. The new names were search word and item. This new naming and 
the new information states can be seen in the top left part of figure 9. These changes were also 
done in accordance to the guideline aspect called Manner partly concerned with avoiding 
ambiguity by giving the user relevant and correct information (Bernsen et al., 1998, pp. 91).   

 
• To reduce the word-count of user utterances by redesigning questions uttered by the 

system 
Since there were numerous examples of user utterances being longer than desirable it was 
decided to redesign some questions in the dialogue into being more rigid and precise. The idea 
was that this in turn would generate user utterances being more rigid and precise by somewhat 
narrowing down the possible vocabulary used by the user, and thus having them contain fewer 
words. One example of such a change is the dialogue state containing the question “What do 
you want to do? Search, Create or Exit?” found in the top left part of figure 9. The question 
contained in this dialogue state in the first version of the DS was the following: “What do you 
want to do? Search for an advertisement, create an advertisement or exit the application?”. The 
idea was that a person in a dialogue situation has a big tendency to mimic or at least be 
influenced by the manner of speech used by the dialogue partner. Hence, by only using the word 
search instead of the words search for an advertisement the chances that the user utterance (or 
answer) will contain only one word should increase.  
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Figure 9: The Dialogue Structure. Updated after the first user test.   
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Part 2 discussion 

Again, due to lack of time and resources, the selected user test participants will probably not be 
as well selected as would be expected in a full-scale system development. The test was, 
however, mainly seen as a first limited and rough test producing relevant objective feedback. 

There is at least one item content now existent in the database that may not be possible to 
implement in the final prototype because of constraints in the Sphinx4 vocabulary, namely the 
brand of the furniture. We did, however, come to the conclusion that its existence didn’t have a 
big influence on the result of the user test.  

Regarding the user profiles a connection was observed between age and the experience with 
computers on one hand and on the composition of the user utterances, mentioned earlier, on the 
other hand. There were however no conclusions to be drawn regarding any connection between 
a specific type of occupation or the phone usage and the user behaviour during the dialogue.   
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Part 3 – Java implementation 

Overview 

This third part of the design process contains the implementation of the dialogue system into a 
working Java-based application. The implementation was built on the updated version of the DS 
as well as on the RS. Since the main focus of this project was not on software development, the 
specific Java implementation developed will not be presented in detail. The focus will rather be 
on how the software development task was engaged, what kind of steps was involved in that 
process and how the final Java implementation was composed on a higher level.  

The issues that will be dealt with in this third part are Software design patterns, Data base 
design, The configuration of the Sphinx4 recognition engine, Software development, Features of 
the implemented system and finally a Part 3 discussion. 

The chapter Software design patterns explain what kind of overall software design strategy was 
used during the implementation of the dialogue system in Java. A system such as the 
advertisement system used in this work needs to handle a lot of data, preferably located on a 
database, and it was therefore of importance to know the content and the composition of this 
database before implementing the dialogue system. The design of this database is briefly 
covered in the chapter Database design. As mentioned earlier, the implementation of the 
dialogue system developed during the work will incorporate the Sphinx4 recognition engine as 
the user voice recognizer. How the Sphinx4 was configured and what kind of demands it put on 
the Java implementation as a hole will be covered in the chapter The configuration of the 
Sphinx4 recognition engine. A synoptic description on how the Java implementation of the 
dialogue system was developed, including an overall description of its main structure, is found 
in the chapter Software development. In the chapter Features of the implemented system, the 
specific features found in the final implementation of the dialogue system are presented. In the 
final chapter, Part 3 discussion, this third part is discussed as a whole.  

 

Software design Patterns 

In order to have an overall design strategy from which the software design could take off, a 
couple of so-called software design patterns were used. Software design patterns are 
“…reusable solutions to recurring problems that we encounter during software development.” 
(Grand, 2002, pp. 1). They are, hence, a set of empirically developed strategies, the goals of 
which are to help the software engineer to create the overall architecture of an application 
according to a specific need or problem. 

One of the patterns that were used was the Model-View-Controller pattern (MVC). The MVC 
pattern enables, when used correctly, an “isolation” of the logic or data of an application (the 
Model) from the user interface (the view) and thus making it possible to implement changes to 
either the logic or the user interface without affecting the other. This pattern was used to enable 
a clear distinction between the logic of the dialogue system and the VUI because the user would 
have no interest in knowledge in the logic behind the service used. The other reason was 
because there would be a need to separately make changes to both the application logic and the 
VUI. Readers wanting to know more about the MVC pattern are referred to (Rising, 1998, pp. 
376).  

Another pattern used in the implementation of the dialogue system was the Interface pattern. In 
(Grand, 2002, pp. 61), the author writes that the Interface pattern is used if “…you want to keep 
client classes independent of specific data-and-service-providing classes so you can substitute 
another data-and-service-providing class with minimal impact.” In essence this means that the 



52 

Interface pattern can be used if the application you are about to design consists of different parts 
or classes with specific functions providing a specific service that one wants to be upgradeable 
or/and exchangeable. Grand writes that the solution to this problem is “…by having other 
classes access the data and services through an interface.” (Grand, 2002, pp. 61), and thus not 
directly communicating with the data-and-service-providing class or dialogue system part in 
question. 

This pattern, with its use of interfaces, was used in order to enable further development of the 
application by separating the different parts and functions of the implemented dialogue system 
in the code. 

 

Database structure 

Most computer-based services provided today make use of a database in one way or another. As 
the furniture advertisement service used in this work handles a lot of data (i.e. the 
advertisements) it was decided that it would most certainly have to make use of a database when 
handling that data. This was the main reason to why it was decided that the Java implementation 
of the SDS was going to be designed in a way that supported a communication with a database, 
even though the database itself would be simulated in the implementation used in this work. 
Even though a real database would not be handled in this work the structure of the simulated 
database and its content had to be defined before developing the Java implementation. In figure 
10 the database structure used with its content can be seen.  

It should be mentioned that the search and create features, being the main functions of the 
furniture advertisement service used in this work, may be thought of as simple functions and 
thus not generating any complex database communication or handling, issues that could prove 
interesting for a spoken dialogue system used as a commercial product. However, the database 
queries that a search feature and a create feature could be expected to generate can be seen to 
cover the most basic database queries existing.  

 

 

 
Figure 10: A graphical representation of the database structure to be used in the 
implementation 

 

The configuration of the Sphinx4 recognition engine 

The modular and highly configurable nature of Sphinx4 (further described in subchapter 3.1.4.) 
means that there are a lot of parts that potentially could be changed in order for it to be 
optimized for specific uses. An example of a configuration to be used for an SDS, similar to the 
one designed in this project, was used in order to quickly get a usable configuration of Sphinx4. 
This example provided a basic configuration to which only a few things had to be changed in 
order for it to be fully incorporated into the Java implementation of the dialogue system. The 
parts of the Sphinx4 configuration example that had to be altered or generated were the 
following: 
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• Language model 

Because the SDS uses a finite state strategy the language model in this specific configuration 
was chosen to be a so-called graph-driven grammar. A graph-driven grammar is a “…directed 
word graph where each node represents a single word and each arc represents the probability 
of a word transition taking place…” (Walker et al., 2004, pp. 3). The implementation of this 
type of language model consisted of creating so-called grammar files, one for each state in the 
dialogue, specifically telling the system what a user utterance is allowed to contain in terms of 
specific word and the order of these words.  

 
• Vocabulary 

In order for Sphinx4 to be able to recognize and evaluate the words found in the grammar files 
all these words must be specified in a so-called vocabulary file. A vocabulary file specifies all 
words available in the specific SDS including a description of the pronunciation of each word, 
in the form of a phonetic transcription, i.e. a sequence of phonetic symbols, phones. The 
vocabulary file chosen for this configuration was a pre-generated file consisting of ten thousand 
English words with an American pronunciation. A vocabulary file is language specific and has 
to be recreated for any new language. 

 
• Acoustic model 

Each phone found in the vocabulary file consists of a number of acoustic parameters specific to 
every language used. For more information on the acoustic model see subchapter 3.1.3.2. In this 
configuration an acoustic model pre-generated for the English language with American 
pronunciation was used.  

 

Software development 

To save some time implementing the dialogue system in Java a simple pre-written example of a 
dialogue system written in Java and found on Sphinx4 web page 
(http://cmusphinx.sourceforge.net/sphinx4/) was used as a starting point. This example 
application presented a solution on how to implement Sphinx4 in Java and a basic framing of 
how to logically move around between dialogue states in a very simple menu structure. As an 
overall structure model the framing of a typical SDS, shown in figure 1 was used when the 
example application was to be expanded into being a prototype of the dialogue system 
previously developed. The idea was to create an application structure that was built on separate 
blocks and interfaces according to different functionalities of the SDS. The reason for this was 
both to make the structure and functionality of the implementation more apparent for an 
external observer and by using a modular-based structure to enable further expansions, 
complexity or a reorganization of specific parts of the implementation.  

The development of the Java implementation, per se, will not be a part of this Thesis since it 
does not bear any big significance for the work as a whole. The overall structure and framing of 
the final Java implementation will however be presented as a blanket graphical representation of 
the framing of the implementation. This graphical representation is shown in figure 11. In order 
to show the similarities between the implementation and a typical spoken dialogue system 
found in figure 1, each part of the typical spoken dialogue system is exchanged with the 
corresponding Java file (or Java class) in the implementation.  
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Figure 11: A graphical representation of the final implemented dialogue system. The structure 
is based on figure 1, a typical spoken dialogue system.  

 

Features of the implemented system 

This subchapter will present the main features of the final implemented dialogue system used as 
the prototype during the second user test. 

 
• Finite State-based System   

The implemented system used a finite state-based strategy, meaning that the system was based 
on a dialogue flow with predefined steps and transitions. For more information see subchapter 
3.1.3.1.  

 
• Database compatibility  

Because of the implemented External Communication part and a Java class simulating a 
database, the system was configured to be able to run with a real external database server.  

 
• Dynamic grammar files  

The concept of using a graph-driven grammar, with grammar files, as the language model of the 
dialogue system is nothing new. This implemented system was however using a type of 
dynamic grammar files. Ordinary grammar files are static in the sense that what the user is 
allowed to say at a specific dialogue state is determined when the file is created and if the 
grammar file is to be updated it has to be recreated off-line. The grammar files used at specific 
dialogue states in the implemented dialogue system was however created in real-time. An 
example of such a dialogue state was when the user was asked to specify a search word. In 
order for the system to know what the user could and could not say the grammar file of that 
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dialogue state was created according to the specific words found in all the advertisements 
created and stored in the simulated database. This technique enabled an automatic update of this 
specific type of grammar file when, for example, a new advertisement was added, since the 
grammar file itself was created in real-time 

 
• Varying dialogue speed 

There were a couple of features added to the implemented dialogue system in order to enable a 
varying dialogue speed on the user side. One feature was the expert/novice mode. This feature 
enabled the amount of information being presented about the system to be modified depending 
on whether the user had used the system before or not, and thus modifying the speed of the 
dialogue. Another feature was the possibility to interrupt the system in the middle of an 
utterance if the user already knew what to answer before the system utterance was finished. The 
final feature was called the QuickSearch and was a way of early in the dialogue system being 
able to search for an advertisement and thus skipping some dialogue states about configuring 
the search.  

 
• Indirect user input verification 

Indirect user input verification was a way of making it possible for the user to change an 
incorrectly recognized input without adding an extra dialogue state where the user is forced to 
accept each recognized utterance with a yes or a no.  

 
• Limited user engaged dialogue navigation  

In order to enable some sort of navigation possibilities for the user, a way of going back to a 
previous dialogue state as well as repeating the current dialogue state was implemented. By 
uttering the words “back” or “repeat” the user was able to navigate in a limited way. The user 
was also able to exit to the main menu at any time during the dialogue by uttering “exit to the 
main menu”. 

 
• Search result delimiting tool 

As a way of making the representation of large amounts of data (i.e. large amounts of 
advertisements) feasible, a tool was created which made it possible for the user to iteratively 
delimit the search result until the number of advertisement was manageable.  

 

Part 3 discussion 

As already mentioned the details about how the final SDS was implemented, using the Java 
programming language, is not a part of this Thesis because it was not part of the main focus of 
the project. It should however be mentioned that the programming or development of the 
implementation was a major part of the project regarding the time spent, and did thereby have a 
big effect on the project as a whole. 

 When developing an SDS to be used in research or as a commercial product both the details on 
how the software is framed and programmed as well as the configuration of the recognizer used 
are of greatest importance. Naturally, this implies that the programming of the Java 
implementation and the configuration of Sphinx4 will affect the performance of the SDS and 
thereby the results of the second user test, and this is something that the author is aware of. The 
Java-based implementation was however primarily developed to enable user tests on the 
updated DS using an open source recognition engine, namely Sphinx4. The Java software was, 
in this project, the means and not the end and therefore not in focus.  
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Part 4 – User test 2 

Overview 

This fourth and final part of the dialogue design process contains the second user test conducted 
on the implementation based on the updated dialogue system described in the previous part.  

This part contains the chapters Before the user test, During the user test and After the user test. 
The chapter Before the user test describes the set up, prerequisites and the limitations of the 
second user test. The chapter During the user Test describes how the second user test itself was 
conducted as well as how the data from the second user test was gathered. The analysis of the 
data gathered during the second user test and the conclusions drawn from that analysis will be 
presented in the chapter called After the user test. Finally there will be a discussion of this 
fourth part as a whole in the chapter part 4 – discussion.  

 

Before the user test 

Web-based cell phone client of a furniture advertisement service 

Before initiating the second user test there were some discussions about the potential 
expectations that a user test participant could have on a web-based service such as an 
advertisement service. The starting point to this discussion was that, since the target group used 
in this work potentially had a lot of experience using computers, and thus also using the 
internet, the chances of them having used a web-based advertisement service or application on 
the computer seemed big. This is of course not a problem per se. The thought was however, 
from Ericsson’s point of view, that an SDS, such as the one developed in this project, should be 
compared with web services used on a cell phone and not with services used on a computer. A 
web-based service used on a cell phone will most probably be more limited in functions and 
usability aspects in comparison to a web-based service used on a computer because of the cell 
phone’s limited size and performance. This could potentially imply that if the implemented SDS 
was used by a person having a cell phone version of an advertisement service instead of a 
version used on a computer in mind, the opinions and thoughts of the SDS could be more 
accurate and somehow making it more justice. It was therefore decided that a simple web-based 
cell phone client of a furniture advertisement service was to be designed and that this cell phone 
client was to be used by all user test participants in order to complete a set of tasks defined by a 
scenario. The idea was to have all participants using this cell phone client prior to using the 
implemented dialogue system and that the scenarios used would be identical. This approach was 
thought to give the user test participants more “adequate” expectations of the implemented SDS 
to be tested next. The user’s expectations seemed of great importance since the evaluation 
method used during this second test was still mainly focused on subjective thoughts and 
opinions from the users themselves.  

It should be mentioned that this idea of somehow affecting the participant expectations prior to 
the user test was not found in any of the literature used during this work. The approach did 
however intuitively seem relevant and was therefore used during this second user test.  

 

Test set-up 

The initial idea was to use two different set-ups in this second user test. The first set-up was 
meant to resemble the set-up used during the first user test in that the participants were meant to 
interact with the prototype of the dialogue system through a cell phone while the participants of 
the second set-up was to interact with the prototype through a microphone and a pair of 
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headphones, on location. The idea was to compare the recognition accuracy of the implemented 
dialogue system when used in a “natural” environment using a cell phone, with a controlled 
environment using a high quality microphone. The first set-up was however quickly abandoned 
after having carried out a pre-test of the system with a novice user interacting with the system 
through a cell phone. The recognition accuracy was far too low, making it impossible for the 
user to carry out even the simplest task, and since the usability of the system and the dialogue 
structure was still the main focus of the user test this set-up would not have generated any 
significant data. This meant that only the second set-up earlier mentioned was used during this 
second user test. 

This second set-up was situated in a silent office room and consisted of a computer running the 
implemented dialogue system application, an external audio interface enabling the 
transportation of the audio data to and from the user and the computer, a mixer and a miniDisc 
player recording the dialogue and finally a pair of headphones and a high quality microphone 
acting as the user interface. This set-up can be seen in figure 12.   

 

 
                

Figure 12: The set-up of the second user test 

Prerequisites and limitations 

The set-up and the realization of this second user test resembled the first user test in many parts. 
One difference between the two user tests was however that the participants of the second user 
test were all to be carrying out the test being physically present at the same location as the 
person conducting the test and the implemented dialogue system itself. Another issue 
differentiating the two user tests was that, during this second user test, the participants 
interacted with the system through a microphone and a pair of headphones instead of through a 
real telephone. The main reason for using a microphone instead of a telephone was that the 
recognizer used in the implemented dialogue system or prototype was not very robust in terms 
of noise sensitivity and would therefore require a controlled silence environment and a 
microphone of good quality. Another obvious difference was that, during the second user test, a 
fully functioning prototype of the SDS would be used 
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The main reason for carrying out this second user test was to get a chance at receiving more 
user feedback on a now updated and hopefully improved dialogue system, which was 
implemented into a fully functioning prototype. The fact that a functioning prototype was to be 
used meant, among other things, that the vital and troublesome feature of computer-based voice 
recognition was to be a part of the user test (troublesome mainly because of the high degree of 
variability in the incoming speech signal (McTear, 2002, pp. 103)). This was also an important 
reason to why this second user test was carried out.  

It should be further mentioned that because of limited time and resources there were a couple of 
new and updated features of the implemented SDS (due to changes suggested after the first user 
test) that were not tested in the second user test. In order to facilitate a comparison between the 
two user tests in this work a choice was however made to keep the user tasks fairly similar to 
the ones used during the first user test, instead of making bigger changes and thus potentially 
including more features. 

A decision of focusing on the usability of the dialogue system instead of on the more technical 
issues of the recognition accuracy was also made.   

Features that would be tested during the second user test were:  
• The dialogue structure as such  
• The usability of the system 
• A few more specific features of the dialogue system such as the new search alternatives, 

the new search delimitation feature and the possibility to interrupt the system. 
• The recognition accuracy, in form of an objective evaluation technique.   

 
Features that would not be tested during this second user test were: 

• The system robustness 
• The novice mode versus the expert mode  
• The quick-search feature    

 

In terms of what tasks were to be given the user test participants during the second user test it 
was first of all decided to give the users specific scenarios to follow as was the case in the first 
user test. The scenarios needed to be slightly altered however in order to be compatible with the 
specific content and vocabulary of the implemented SDS.  

 

Data gathering 

The data gathering during this second user test was identical to the data gathering used during 
the first user test with the exception that the recording of the dialogue itself was done using a 
MiniDisc recorder instead of a cell phone. It was decided that there would be a valid point of 
keeping the questionnaire and the interview questions the same as the ones used in the first user 
test because that would enable a direct comparing between the results gathered from both user 
tests. The three data gathering techniques were hence; a recording of the dialogue, an interview 
and a questionnaire. 

It was decided that during this second user test there would, in addition to the subjective 
evaluation techniques used during the first user test, be an objective evaluation technique used. 
One of the techniques to be used was a measurement of something called the word accuracy 
and is a simple measurement of how well a dialogue system operates in terms of recognition 
accuracy. This method is mentioned in (Blomberg & Elenius, 2005, pp.17). It was also decided 
that the average number of words as well as the maximum number of words uttered by the user 
test participant would be measured. The last two measurements mentioned were defined in the 
RS and could therefore be of extra interest.  
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All the data needed for these objective measurements could be gathered through an analysis of 
the recorded dialogue.   

 

The actual implementation of the user test 

Before the actual user test was started, each participant was given a short introduction to what 
they were going to be testing and how this specific user test was composed. Information was 
also given in what kind of environments and situations this type of dialogue system was 
supposed to be used and useful. Each participant was then handed a copy of the scenarios 
containing the tasks they were expected to complete. (The same type of scenarios that was used 
during the first user test was also used during this second user test.) The participant carrying out 
the scenarios using the web-based client on the cell phone then initiated the actual user test. 
After they had completed the tasks defined in the scenario the next step was to complete the 
same tasks using the implemented dialogue system. When this second set of tasks was 
completed an interview was conducted asking the participant a number of open-ended 
questions. Finally the participant was asked to fill out a questionnaire.  

 

After the user test 

The data 

The data gathered during the second user test will be presented next. In Appendix F the result of 
the questionnaire can be seen. The score given by each user test participant of every statement 
can be seen as well as the average score given at each statement. In Appendix G the data on 
each user test participant can be seen. The opinions and thoughts of each participant shared 
during the interview are compiled in Appendix H. The number in brackets preceding every 
sentence gives information about who said what and corresponds to the number given each user 
test participant in Appendix G. The questions numbered from one to five are the questions that 
were asked to the user test participants during the interview. The final piece of data gathered 
from this second user test was the word accuracy of the implemented dialogue system for each 
user interaction, as well as the information of how many words was used by the user test 
participant during these interactions. This information can be seen in Appendix I. 

It should be noted that due to technical problems only six of the user test dialogues were 
recorded.  

 

Data analysis – general remarks 

As was the case after the first user test, the data gathered during the second user test was 
summarized in order to make it more manageable. The only data that was in real need of 
organization was the data gathered through the interviews. This was done by organizing each 
gathered thought and opinion into a fewer number of categories describing their essence. This 
attempt can be seen in figure Appendix J. The number in brackets sometimes found after one of 
these categories marked how many thoughts and opinions had been conformed into a particular 
category. In terms of the dialogue recording and the questionnaire there was not a lot that had to 
be done preparation wise before they could be analyzed. The dialogue was recorded and 
available on the MiniDisc recorder and the results from the questionnaire hade already been 
summarized when the data was gathered.   

Next the data analysis of the data gathered that was carried out is presented. 

There should however be mentioned something about the composition of these second user test 
participants in relation to, for example, the potential target group decided on. The participants 
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did generally conform to the target group of more technically advanced users since they all had 
occupations through which they came in daily contact with computers and advanced cell 
phones. The composition did however not comprise a big variation in terms of age, occupation 
or prior knowledge of technology, and must be seen as a drawback.  

 

Data analysis – The interview 

As was the case when analyzing the data gathered from first user test, the most common 
positive remarks were about a general ease to understand the logic of the system structure. This 
notion was further confirmed by the fact that six different people when being asked about the 
best features of the dialogue system mentioned the straightforwardness of the system. Words 
like; straightforward, logical and intuitive were all parts of the more general positive remarks on 
the implemented SDS. This could be seen as a confirmation on that the general structure of the 
updated SDS was logical in its general framing. It could also be seen as an indication on that a 
VUI, using a simple form of menu structure, obviously can be understood and navigated 
through by a user.  

In terms of the more specific positive remarks made by the second user test participants, there 
were two people mentioning the feature of disrupting the system, a feature added to the dialogue 
system as a result of the first user test. The feature of delimiting the search result was also 
mentioned among the more concrete positive remarks. Since neither the disrupting feature nor 
the delimiting feature was mentioned more than once or twice there can of course not be any 
general conclusions drawn more than simply mentioning the fact that the remarks that were 
made of the features were positive. One interesting aspect of what was said about the best 
features of the dialogue system was the fact that three user test participants mentioned an 
advantage of using the spoken word when entering data in comparison to typing each word on a 
cell phone, in terms of ease and speed. This was interesting because it was one of the aspects 
mentioned by researchers in the field of Speech Technology as being a benefit of using a VUI. 
This is mentioned in The benefits of using voice for computer communication.  

In terms of the more general negative remarks about the implemented SDS the most frequently 
mentioned (nine times) was concerned with the length of the system utterances, especially the 
system utterances concerned with informing the user about the system. The general remark was 
that the information given was too long and contained too many facts that made the information 
hard to remember. This was an interesting remark since it focused on the transient character of a 
VUI, a problematic character in comparison with a GUI. While the content of a GUI is more or 
less constant and could potentially be looked at for as long time as the user wishes, the content 
of a VUI is transient or momentary and thus only existing at the moment it is “heard” by the 
user. The complexity of a VUI can therefore be said to be limited by the memory capabilities of 
the user. One of the consequences of this limitation is that the amount of information presented 
in an SDS must be considered rigorously.  

Another frequently mentioned negative user remark was about the recognition accuracy, 
especially in terms of recognizing digits. This is of course a vital part of any SDS but not the 
issue of greatest interest to this work in terms of the exact performance since the specific 
recognition accuracy never was the main focus of this second user test. The limitations to the 
recognition engine and its configuration were fully known when implementing the updated 
SDS. What however was of interest was the more general performance of Sphinx4 and its 
potential possibilities, and in that context any comments about the recognizer was of interest.   

There were some negative remarks on the SDS being too complex and too slow. These are 
important usability aspects. Interestingly, the remark on the system being too complex was in 
direct contrast to the very univocal remark about the system being straightforward and logical, 
mentioned earlier. This could however be explained by some users having a completely 
different view in the matter or by some users distinguishing the general structure, being 
straightforward, from, for example, the amount of information given by the system which 
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potentially could make the system appear more complex. It could however be mentioned that, in 
terms of the implemented SDS being too slow, two of the extra features that were added after 
the first user test were implemented with the specific task to speed up the system. These were 
the ability for the user to disrupt the system and the expert mode enabling less information 
being given to the user if the user had already used the system. Since these features were, on the 
one hand, not explicitly mentioned as being a part of the system and, on the other hand, not 
even tested since all users were novice users nothing can be said about whether they had 
increased the speed of the dialogue system or not. 

Other remarks made by the second user test participants were about certain options presented by 
the system not being explained fully and about problems moving backwards in the dialogue. 
These and some additional remarks were however either known flaws of the SDS 
implementation or to specific to be of general interest, and will therefore not be further 
mentioned here. 

 

Data analysis – The questionnaire 

In general, the second user test participants ranked the statements of the questionnaire lower 
than the first user test participants. Two reasons for this could be; one, that almost all 
participants of the second user test had occupations where they most certainly came in daily 
contact with highly advanced technology and therefore possibly had higher demands on the 
technological level of the dialogue system, and two, that the recognition engine used in the 
implemented dialogue system wasn’t very robust, and thus having a negative impact on the 
dialogue system as a whole.  

The statements where the difference in ranking was greatest were concerned with; the difficulty 
of using the system, the appropriateness of the system utterances and the usefulness of the 
system today.  

The general tendencies that could be seen, given the data of the questionnaire of the second user 
test, was; 

• The statements concerning the comprehension and clarity of the dialogue system voice 
was by far the highest ranked.  

• The statements concerning the predictability of the system and the straightforwardness 
of the system were amongst the higher ranked. 

• The lowest ranked statements were concerned with the usefulness of the system.   
 

Data analysis – The recorded dialogue conversation 

One of the aspects being most apparent when listening to the recorded dialogue conversations 
was a general difficulty for the users to make themselves understood, i.e. a difficulty for the 
system to correctly recognize what was said. The magnitude of this difficulty varied of course a 
lot from person to person. There were however some types of user utterances being more 
difficult than others. Examples of such utterances included digits, names and the word “exit”.  

Another observation that could be made while listening to the dialogue conversations was that 
several participants had difficulties using the Meta communication messages available in the 
dialogue system. The difficulties consisted of not knowing how to use the messages in a correct 
way and of not remembering the messages at all. The latter aspect could probably be connected 
to the difficulty of remembering all the information given by the system at the beginning of the 
dialogue mentioned earlier in 6.4.3.3.  

One reappearing cause of numerous recognition failures was an uncertainty, on the user’s side, 
about how fast two or more successive words could be spoken in one utterance. This occurred 
mainly during a user utterance consisting of numerous consecutive digits, for example a 
telephone number. What happened was that the user, in an attempt to be distinct, used a bit too 
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much spacing between each digit making the system believe that the user utterance was 
complete when, in fact, it wasn’t.  

 

Data analysis – Word accuracy  

The average word accuracy score for all user test participants was 71 %, which, according to the 
author, can be considered an ok percentage for an SDS with a recognition engine not being 
optimized. It means that the speech recognizer correctly interpreted the majority of the words 
uttered by the user.  

Both the average word-count of all user utterances per user test as well as the maximum word-
count of all user utterances per user test was well below that which was specified in the RS. The 
conclusion drawn from this result was that in terms of designing a dialogue structure in general 
and in terms of system utterances with the task of limiting the length of the user utterance in 
particular the task was fulfilled. Without specifically having measured these values during the 
first user test the recordings of the dialogue conversations revealed that the word-counts of the 
user utterances were generally higher in comparison to the second user test. Since one of the 
changes made to the design of the dialogue system after the first user test was specifically about 
reducing the word-count of user utterances these word-count results presented here could be 
seen as an indication that the changes had made a difference. 

 

Data analysis – Transaction success rate 

The transaction success rate of the second user test was 78%. There were two participants 
failing to complete the tasks given to them. In both cases the failure was due to recognition 
failure on the system side resulting in the participants getting “stuck” at a specific dialogue 
state. Given the lack of robustness of the recognition engine being used a rate of 78% must be 
considered fully acceptable. The value of 78% could be compared with the value of 86%, being 
the transaction success rate of the user tests being carried out during a qualified research project 
called the Danish Dialogue Project (Bernsen et al., 1998, pp. 227). Given this context 78% 
confirms the notion of this value actually being fully acceptable. The current transaction success 
rate could, in addition to being a reference value, also simply manifest the fact that the majority 
of the user test participants actually succeeded in accomplishing the task given them. 

 

Result summary 

The results of the data gathered during the second user test revealed a lot of flaws in the 
implemented SDS. This was however expected given the compromises that had been made 
during the implementation of the SDS so far. The results did also reveal some positive aspects 
of the implemented SDS. In total the data gathered gave some general pointers to what aspects 
of the implementation was problematic at what could be considered as possibilities. 

 

Subjective evaluation 

In summary, the following remarks on certain aspects of the implemented dialogue system were 
considered being the most fundamental.  

 
• The general logic and structure of the dialogue system was considered straightforward 

and easily manoeuvrable. 
• Entering data through speech was considered as potentially superior to entering data 

through typing using a cell phone.  
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• A difficulty remembering the information given by the system about how to interact 
with this specific SDS. The information was to rigorous or mal placed.   

• Dissatisfaction about the recognition accuracy of the dialogue system. 
• A general doubt about the usefulness of this kind of voice-based advertisement service. 
• A general uncertainty about how and when to speak.  

 

Objective evaluation 

The three objective features being evaluated during the second user test was the word accuracy, 
the word-count of user utterances and the transaction success rate.  

The transaction success rate was 78%, and a positive surprise given the badly optimized nature 
of the speech recognizer used in the SDS.  

The values of the average word-count per user utterance and the maximum word-count of all 
user utterances were well below the values decided in the RS and were an improvement in 
comparison with the word-count during the first user test.  

The word accuracy was 71 % and indicated that the speech recognizer interpreted the majority 
of the user utterances correctly. 

Part 4 discussion 

Both the novice and the expert mode should have been tested in order to find out whether the 
implementation of them would have solved the problems mentioned about the SDS being too 
slow and presenting more information than was possible to remember. 

As was mentioned in 6.1.2. Survey, there were two relatively distinct potential target groups of 
interest in this work. One consisting of a rural population in developing countries whose only 
access to a specific web-based service could be through using a VUI. The second target group 
consisted of a more advanced cell phone user group whose interest in a VUI would probably be 
linked to specific features generating specific advantages over a GUI. As the prerequisites are 
so divergent the two target groups will most probably have an equally divergent set of demands 
on an SDS. However, due to limited resources only the second target group could be 
represented in the user tests in this work. This fact could be considered to invalidate any 
discussion about the first target group in connection with the user test results. It could however 
also be argued that if, for example, certain features of an SDS was considered acceptable by the 
second target group these features would probably also be considered acceptable by the first 
target group. The reason would be that a person from the second target group would probably 
have higher technical demands on a new way of accessing a service that is already available 
through other “access points”. It could, on the other hand, be argued that a person from the first 
target group would have a harder time completing a task using the implemented SDS in this 
work in comparison with a person from the second target group, due to a lack of experience 
dealing with computer-based systems.  

With these issues in mind there could however probably still be possible to have a discussion 
about both target groups in relation to the findings of this work. 
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Discussion & conclusions 
Given the limited nature of the prerequisites of the two user tests in this work along with the 
results of the data gathered, there can be no final scientifically based conclusions drawn. That 
was however never the purpose of this work. The purpose was rather to research potential 
possibilities and challenges of using a VUI as an alternative access to a web-based service. And 
in the domain of researching possibilities and challenges this work has produced some 
interesting results.  

The two target groups are for the sake of simplicity now boiled down to; on the one hand, the 
first target group, mainly seeking an SDS that basically enables the realization of a specific task 
supplied by a web-based service. On the other hand, the second target group, mainly seeking 
specific features of an SDS that would potentially facilitate and improve the usage of a web-
based service already available through a GUI on a cell phone. Having these two distinct 
approaches will facilitate a discussion of the results of this work. This simplification is done 
with the full awareness of the fact that it is a simplification and most probably won’t cover all 
aspects of the target groups in question. 

The data analysis of both user tests showed that both the overall structure and the logic of the 
dialogue system were considered easy to understand and to follow. If combined with the 
transaction success rates of 90% in the first user test and 78% in the second user test this data 
could, if nothing else, indicate that an SDS similar to the one designed in this work would 
potentially enable the realization of tasks found in a basic advertisement service. This could 
further indicate that a VUI can be used as an additional way of accessing simpler forms of web-
based services in general. This conclusion is promising in terms of the first target group, even 
though it is based on user tests conducted by people belonging to the second user test and that 
there is no guarantee that people from the first target group would perceive the usage the same 
way.  

The data analysis presented in this Thesis did also reveal a lot of downsides to the designed and 
implemented SDS concerning numerous vital parts and features. In relation to the usefulness of 
the SDS as a whole a lot of these downsides could however be seen as less important given the 
usage of a recognition engine not being optimized and the lack of time and resources during the 
design of the dialogue system itself. 

There was however a couple of features and user remarks of potentially big interest to both 
target groups due to their perceived effect on usability. These features and user remarks had 
been perceived as both up- and downsides of the SDS in the user tests. These features of interest 
were concerned with; the limitations to how much information can be given to a user, flexibility 
in terms of speed and navigation and how to represent larger amounts of data. Remarks on the 
two latter features were actually part of the data collected in the first user test and the design of 
the SDS was altered and renewed in order to deal with them. Unfortunately, these specific 
alterations were not part of the second user test and were therefore not tested. These alterations 
or solutions were however successfully integrated into the implementation of the SDS in the 
form of a novice/expert mode, a quick search feature and a search result-delimiting tool. A 
rough expert evaluation of these integrated features did conclude that they did show promise in 
terms of improving speed, flexibility and handling of larger amounts of data. If these promises 
were to be rooted through further testing they could potentially boost the usefulness of the SDS 
for both target groups. There are however still critical issues that have to be dealt with further in 
order to please both target groups, regarding for example how to present enough information to 
a user without causing an overflow and the issue of presenting large amount of data.  

In terms of what potentially could make a person from the second user group interested in using 
a VUI instead of a GUI, there where some points mentioned in subchapter 3.1.1. which might 
prove interesting. The fact that a VUI could potentially enable mobility (not possible while 
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using a GUI) is mentioned, as well as the fact that a human generally would speak faster than he 
or she can write. If a web-based service could be accessed in situations where a GUI normally 
would not suffice, the VUI would potentially be a lot more interesting despite specific 
downsides in comparison to a GUI. Using a VUI could in this sense be compared with talking 
through a cell phone using a handsfree. Situations were this could be interesting is during 
transportation from one location to another (for example driving or walking) or any other 
situation where ones vision and hands could be used for other tasks. The claim that we human 
beings normally can speak faster than we can write could be another feature that potentially 
would make user data input faster using a VUI in comparison to using a GUI (This would of 
course presuppose an accurate recognition of the user input on the system side). A quicker 
usage of a web-based service could probably be another feature making a VUI interesting to the 
second target group. During the interviews of the second user test the ease and speed of spoken 
input in comparison to written input (most probably the written input on a cell phone was 
intended) was actually mentioned by three people.  

The focus of this chapter has so far been on potential possibilities of a VUI given the results 
presented in this project, and not so much on the potential challenges of using a VUI. The main 
reason for this is not because there were no downsides to the SDS designed in this project, but 
rather because the challenges to a VUI are pretty much well known and not unique to this 
project. This does, however, not imply that the downsides will not be mentioned but that the 
potential possibilities are more interesting.  

The results of the second user test revealed a lot of user remarks concerned with dissatisfaction 
with the recognition accuracy of the system. Problems of recognition accuracy are certainly a 
big and important issue when designing SDS but as mentioned earlier, not of big interest to this 
Thesis since Sphinx4 was not optimized.  

There was however user remarks pointing out downsides and possible challenges to both a VUI 
in general and the SDS designed in this project. One challenge regarding a VUI in general 
pointed out was the presentation of large amounts of data. The specific remarks were concerned 
with difficulties of remembering information given by the system and a questioning of how 
larger amounts of advertisements would be presented in an adequate way. This is a limitation 
common to all SDSs and must be dealt with when designing such a system.  

There should also be something said about the method used in this project. The usage of the 
design life-cycle as the overall method of solving the problem defined in this project gave a 
good insight about the different steps of an SDS development. There were a lot of compromises 
and shallow studies as a result of the very limited time and resources but the awareness of these 
things made it possible to take them into consideration when for example analyzing user test 
results. The iterative approach to the design process where a user test was conducted on the 
SDS and thus generating user feedback in a very early stage, mainly focusing on the concept 
and structure of the system, was very helpful in this project. The idea of continuously testing the 
system from an early stage of the design process is to find problems or downsides before too 
much time and resources is spent. It could therefore potentially be interesting for commercial 
software development projects in general.  

There cannot be said anything decisive concerning the performance of Sphinx4 used in the final 
prototype since it was not extensively configured or optimized. What can be said about Sphinx4 
is that it is easy to configure and understand, and due to its modular nature it provides a lot of 
different set-ups. The recognition accuracy during the second user test was better than what was 
expected both because of nonexistent optimization and because the language used in the user 
test was not the native language of the users. 

One last reflection is that people, in general, are unaccustomed to using voice as a way of 
interacting with a computer or a web-based service such as the one used in this project. This 
will potentially have an impact on the results of user tests conducted on a voice-based system, 
especially when it is compared to a graphically based system. The fact that people are used to 
interacting with computers through a graphical interface and therefore per default think in 
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graphical terms will most certainly give the graphically based system an upper hand in spite of 
the specific features of the two systems. Even though there is nothing that can change what type 
of interface most people are currently most familiar with, it is the author’s opinion that it still 
would be important to be aware of this when analyzing results. Sometimes technology needs 
more time to be adapted.    
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Recommendations – Future 
work 

Overview 
This chapter contains a few ideas of what, according to the author, could be interesting to 
further investigate in connection with the area of SDSs in general and a VUI on a mobile unit in 
particular. It is the author’s point of view that the ideas mentioned here could potentially 
improve the furniture advertisement service developed in this project and described in this 
Thesis, and thus make it more interesting for both mentioned user groups.  

Features of an SDS concerning the specific use 
of an advertisement-type service 

Representing large amounts of data 

One challenge faced when dealing with information exchange through the medium of sound is 
the fact that the medium itself is of a momentary nature. Meaning that the information itself 
only exists at the exact moment when it is delivered. This challenge became apparent during the 
user tests of this project. As a search result of, for example, furniture advertisements potentially 
could include hundreds or thousands of items the representation of all that data through the 
sound medium would be tedious, to say the least. It would probably be too time consuming to 
have a search result of as few as ten items being read to the user. Because of this notion the idea 
of a fast search-delimiting feature seemed necessary if an advertisement service was ever to 
become user friendly and useful. The idea was to implement a fast and simple way for the user 
to iteratively delimit the search result by adding more specific key words as search criteria until 
the number of items in the search result was manageable. This was, as mentioned earlier, 
actually implemented in the Java prototype, but very poorly and slow. What would be 
interesting is to fully implement such a feature in an advertisement-type dialogue system and 
research the potential improvement to information representation through sound.  

Combining VUI and GUI  

During this project it had become apparent that certain features of mobile-phone-based services 
are, as of today, better presented in a GUI and some features are better presented in a VUI. This 
gave birth to the idea of combining both GUI and VUI, and thus utilizing the best parts of both 
the visual and the sound medium. Large amounts of data could, for example, probably be best 
presented in a GUI while user data input potentially could be faster in a VUI. It is the author’s 
opinion that it would be interesting and beneficial to conduct studies on how an advertisement 
service could be made available through a combination of graphics and voice on a cell phone. 
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More general features of an SDS  

Distributed Speech Recognition 

Any SDS puts a lot of strain on CPU and RAM memory of the host machine making them a 
limiting factor. When using a mobile host, like a cell phone for example, the speed and 
bandwidth of the transmitting channel will also be put under a lot of strain. (These issues were 
previously mentioned in 3.1.2.) This strain will be greater the more complex and the closer to 
natural dialogue the SDS will be. An ordinary cell phone will therefore under normal 
circumstances not suffice as the host machine (i.e. a client-based SDS) and a server-based SDS 
will be used. In a server-based SDS the mobile unit or cell phone will simply act as a transmitter 
of the spoken signal. Since the bandwidth of the GSM net is limited the spoken signal will be 
heavily compressed and thus distorted. One solution to this problem is to use a combination of 
both a client- and a server-based SDS, a solution called Distributed Speech Recognition, DSR. 
A DSR solution divides a SPS into two parts: a front-end on the client side (i.e. a cell phone) 
and a back-end on the server side (Zaykoviskiy & Schmitt, 2008, pp. 146). There are a lot of 
different DSR solutions with different set-up and functionalities. However, generally speaking 
the front-end part will consist of some kind of speech signal feature extraction and an encoding 
of those extracted features. The output of the front-end part will be an encoded bit-stream. The 
back-end part will consist of a bit-stream decoding as well as an Acoustic Model and a 
Language Model searching for the best user utterance guesses.  

The DSR set-up potentially enables a much higher speech recognition rate, which in turn 
enables a more complex and better performing SDS. The speech signal data, being the input of 
the speech recognizer at the server side, will be “richer” by optimally extracting the most vital 
and relevant parts of an input speech signal at the client side before it is compressed. The input 
speech signal can also be processed at the client side in a number of ways in order to improve 
the quality of the signal, for example by using some kind of noise cancelling algorithm.  

It is the author’s opinion that a DSR solution would be of big interest for future work because 
most current cell phones are advanced and powerful enough to perform signal processing and 
feature extraction but still not enough to be able to perform the whole recognition process on the 
client side. The DSR solution would, however, be most interesting to the second user group 
because of the performance requirements on the cell phone used. 

For further reading on DSR systems refer to the following articles: (Zhao, J.,  Xie, X. and 
Kuang, J., 2003) and (Xu, H. et al) 

New way of representing data using the sound medium 

Another more general aspect to the problem of data presentation is the fact that a human being 
can only remember a certain limited number of facts at a time, putting a limit on the complexity 
of a VUI, since a user has to grasp a VUI linearly, one sound at a time. Until now most SDSs 
has been focused on representing data and information to the user through the use of voice but 
still having the graphical format as a starting point. This way the generated voice or sound 
medium is reduced to only being a bad copy of graphical or text-based information. It would be 
interesting to research the possibility of using the sound medium in a more elaborate fashion to 
represent and describe a room or a space the same way graphics today is used on computers to 
represent the workspace. One specific idea could be to represent large amounts of data by 
mapping specific features of a data item to specific audio features such as stereo position, 
frequency and loudness.  
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Tone or noise to help with understanding recognition process   

During both user tests some participants had difficulties understanding the tempo and “flow” of 
the dialogue. They were sometimes unsure of when to speak and whether or not the system had 
understood what they had said. These are features that, consciously or unconsciously, are 
communicated during a human-to-human dialogue through tone of voice, rhythm, facial 
expression etcetera. Receiving adequate feedback from the system could therefore be 
considered a vital part of a good user experience but is, as far as the author knows, a part of the 
SDS that still needs a lot of improvement. In order to improve the system feedback and at the 
same time visualize the recognition process some kind of tone or noise could be used. There 
could for example be certain sounds indicating a successful recognition and a sweeping tone or 
noise from left to right or from a low frequency to a high frequency representing the recognition 
process itself. It is the author’s opinion that a survey on system visualisation through the use of 
sounds, tones and noise would be of great interest and could potentially lead to a better user 
experience.     
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Appendix A 
 

_____________________________________________ 

 
Scenario 2 - search 

You are obsessed by yellow things and want to find yellow furniture for your apartment. 
The main concern is that the item is yellow. The furniture you are in the biggest need of is 
however a table. Because you are a bit short on money and because you are concerned with 
environmental issues, you want to buy pre-owned items. 

 

Luckily you just heard of an advertisement service called Voice Furniture Advertisement 
Service that allows users to search among a number of different pre-owned items only using 
your voice. Since your schedule is very busy and you are on the run a lot of the time 
without having time to use a computer, this seems to be the perfect solution. 

 

Your phone number is: 7792 

 

___________________________________________ 

Appendix A: An example of a scenario used during the first user test 
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Appendix B 
 

Statements Answers from system users 
 1 2 3 4 5 6 7 8 9 1

0 
av
g 

I like this system (1 = not at all & 5 = a lot)   4 4 3 4 3 3 5 4 4 5 3,9 

This system behaved the way I expected it to  

(1 = disagree & 5 = agree) 

4 3 5 4 4 3 5 4 3 4 3,9 

This system behaved the way I wanted it to 

(1 = disagree & 5 = agree) 

5 4 3 4 4 4 3 4 3 4 3,8 

This system was (1 = irritating & 5 = enjoyable) 3 5 3 5 3 3 5 4 4 4 3,9 

This system was (1 = useless & 5 = useful) 4 4 4 3 4 5 4 4 4 3 3,9 

This system was (1 = flexible & 5 = rigid) 4 3 4 4 4 3 4 2 2 4 3,4 

This system was (1 = hard to use & 5 = easy to use) 5 5 5 5 3 4 5 4 4 5 4,5 

This system was (1 = unpredictable & 5 = predictable) 5 4 5 4 4 5 5 3 3 4 4,2 

Using this system was (1 = complicated & 5 = simple) 5 5 5 5 5 5 5 4 4 4 4,7 

Using this system, I felt (1 = confused about what I could say & 
5 = I knew what to say) 

5 4 4 5 5 4 4 4 4 4 4,3 

The system’s responses were (1 = inadequate & 5 = adequate) 4 4 5 4 5 4 3 4 4 5 4,2 

The system’s responses were (1 = slow & 5 = fast) 5 3 3 4 5 5 5 3 4 5 4,2 

The system’s responses were  

(1 = inappropriate & 5 = appropriate) 

5 5 5 5 5 4 3 5 4 5 4,6 

The system’s responses were  

(1 = not understandable & 5 = understandable) 

4 5 4 5 5 5 5 5 4 5 4,7 

The voice was (1 = not understandable & 5 = understandable) 3 5 5 5 5 5 5 5 5 5 4,8 

I would use this system today  

(1 =  not if I could help it & 5 = definitely) 

4 3 3 2 2 3 2 4 4 3 3,0 

I would use this system in the future  

(1 = not if I could help it & 5 = definitely) 

4 3 3 2 2 3 5 4 4 4 3,4 

Appendix B: Results of the questionnaire used after the first user test 
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Appendix C 
 

Users  

1 2 3 

Age 27 35 26 

Occupation Student Architect Student 

Phone usage Many times a day n/a  Many times a day 

Experience with computers 

(1 =  none & 5 = very big) 

3 4 5 

 

Users  

4 5 6 

Age 30 29 23 

Occupation IT consultant  Project manager Student 

Phone usage Many times a day Many times a day  Many times a day 

Experience with computers 

(1 =  none & 5 = very big) 

5 5 5 

  

Users  

7 8 9 10 

Age 29 67 67 

 

28 

Occupation Real time 
programmer 

Engineer Nurse / 
Housewife 

Engineer 

Phone usage Many times a 
day 

n/a  n/a Many times a 
day 

Experience with computers 

(1 =  none & 5 = very big) 

5 3 2 5 

Appendix C: Information on the first user test participants 
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Appendix D 
 

Interview – User test 1 – Wizard-of-Oz 

 
• Your spontaneous thoughts about the system 

  
o Works fine (9) 
o Was quite painless (9) 
o Without any demands on specific functionality the system felt 

fast and simple (7) 
o Clear with short instructions. You never had to wait for the 

system (7) 
o Arty-craftily and easy to use (4) 
o Who will choose to do this over phone when there is the 

Internet? (4) 
o Not evident when to use “back” (4) 
o What will happen when there is a large amount of information? 

(4) 
o Not very complicated (2) 
o Distinction between “category” and “search word” was 

confusing (2) 
o Pedagogically (2) 

o The system sounded so natural, you forgot it was a computer. Maybe make it clear it is 
really a computer and not a human being. Ethics? Elderly people? (8) 

o Find the weaknesses and strengths of a voice computer system 
and use them more (8) 
o You should be able to disrupt the system (8) 
o Similar to voice systems out on the market (3) 
o Distinct voice and good system verification of information (3) 
o Worked the way it should have (1) 
o Difficult hearing what was said sometimes (1) 
o You should be able to disrupt the system utterance (1) 
o Be able to disrupt the system if you know what to answer (6) 
o A bit slow (6) 
o Thought it was a real system (5) 
o Good (5) 
o An alternative to browse through different advertisement 

would be nice (5) 
o A bit slow (5) 
o How to present a lot of advertisements? (5) 
o No verification questions after every user answer. Good. (5) 
o Nice voice (10) 

 
• The worst feature of the system 

 
o Limited alternatives. Not flexible. (5) 
o Wasn’t clear when the user could talk (6)  
o lubberly if there is a lot of advertisements (1) 
o Not being able to browse through the advertisements (3) 
o Limited (8) 
o You couldn’t disrupt the system (2) 
o More evident instructions. What to do when errors occur? (4) 
o Flexibility (7) 

 
• The best feature of the system 

o Nice voice. Seemed to understand what was said. No 
repetitions (5) 
o That it understood what was said (6) 
o Fast and uncomplicated. Reacted the way you wanted (1) 
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o Good thing with search word (3) 
o Nice voice. Speed was good (8) 
o Logical. Easy to understand the system (2) 
o Recognition of user input. Fast response (7) 
o User input verification was good (9) 
o The verification was very good. Impressed by the recognition 

process (10) 
 

• How did you perceive the dialogue structure? 
o Ok (9) 
o Good. Like a menu system. Short instructions. Few alternatives 

at each step is important (7) 
o Good and evident. In the correct order. What about large 

number of ads? (4) 
o Good, simple and informative. Intro is important. More 

delimitations (2) 
o Worked well (8) 
o “Advertisement” is a difficult word. Felt safe. (3) 
o Hard to hear what was said sometimes. Evident instructions (1) 
o Good. No vagueness (6) 
o Good tempo. Maybe there should be a choice of tempo? Adapt 

to the user (10) 
 

• Was the information in the scenarios adequate?  
• Yes (5) 
• Scenario 1 was a bit vague. Some words were never used (6) 
• Yes (1) 
• Could be difficult without prior knowledge (3) 
• Yes (8) 
• Yes. With scenario 1 was a bit unsure (2) 
• Initially a bit unsure of what to do (4) 
• Yes, absolutely (7) 
• Yes (9) 

____________________________________________________ 

Appendix D: The thoughts and opinions gathered through the interview after the first user test 
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Appendix E 
_______________________________________________________ 

• Your spontaneous thoughts about the system - summary 
 

Positive general remarks 
• Easy and straightforward (x7) 
• Fast 
• Arty-craftily (x3) 

 

Negative general remarks 
• Slow (x2) 
• Usefulness? 
 

More concrete positive remarks 
• Clear and distinct instructions and verification (x2) 
• Clear and distinct voice (x2) 
 

More concrete negative remarks 
• No way of disrupting the system utterance (x3) 
• Confusing functionality: “back” & “category” vs “search word”  
• How will large amounts of information be presented? (x2) 
• No way of easily browsing through search results (x2) 
• Should the system voice really be so naturally sounding? Ethics? 

 
• The worst features of the system - summary 

• Limited flexibility (x3) 
• Uncertainty about what the user could do; disrupting, error handling (x2) 
• Advertisement handling; browsing and data presentation (x3) 

 
• The best features of the system - summary 

• Nice voice (x2) 
• Understood what the user said (x4) 
• Fast (x4) 
• Logically composed (x2) 
• “Search word” and “input verification” (x2) 

 
• How did you perceive the dialogue structure? - summary 

• Simple and evident (x5) 
• Good with few alternatives at each step 
• What about large numbers of advertisements? 
• Introduction is very important 
• There should be a choice of tempo. Adapt to the user? 

 
• Was the information found in the scenarios adequate? - summary 

• Yes (x6) 
• Scenario 1 made me a bit unsure of what to do (x3) 

_______________________________________________________ 

Appendix E: A summary of the data gathered during the interview after the first user test 
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Appendix F 
 

Statements Answers from system users 

 1 2 3 4 5 6 7 8 9 avg 

I like this system (1 = not at all & 5 = a lot)   4 3 3 4 3 3 3 4 4 3,4 

This system behaved the way I expected it to  

(1 = disagree & 5 = agree) 

4 4 3 4 4 4 3 5 3 3,8 

This system behaved the way I wanted it to 

(1 = disagree & 5 = agree) 

3 4 2 3 2 3 2 4 5 3,1 

This system was (1 = irritating & 5 = enjoyable) 4 4 3 4 2 3 3 4 5 3,6 

This system was (1 = useless & 5 = useful) 4 3 4 2 3 3 4 5 5 3,7 

This system was (1 = flexible & 5 = rigid) 3 4 3 4 4 3 5 4 2 3,6 

This system was (1 = hard to use & 5 = easy to use) 5 5 3 3 2 3 3 5 5 3,8 

This system was (1 = unpredictable & 5 = predictable) 4 2 4 4 3 4 3 5 5 3,8 

Using this system was (1 = complicated & 5 = simple) 5 4 3 4 2 3 4 4 5 3,8 

Using this system, I felt (1 = confused about what I could say & 
5 = I knew what to say) 

5 2 3 2 2 3 4 3 4 3,1 

The system’s responses were (1 = inadequate & 5 = adequate) 4 4 3 3 4 3 4 5 5 3,9 

The system’s responses were (1 = slow & 5 = fast) 5 4 2 1 4 4 5 3 4 3,6 

The system’s responses were  

(1 = inappropriate & 5 = appropriate) 

4 2 3 3 4 4 1 5 5 3,4 

The system’s responses were  

(1 = not understandable & 5 = understandable) 

5 4 4 4 3 5 5 5 5 4,4 

The voice was (1 = not understandable & 5 = understandable) 5 4 5 5 5 5 5 5 5 4,9 

I would use this system today  

(1 =  not if I could help it & 5 = definitely) 

3 2 2 1 2 1 2 4 4 2,3 

I would use this system in the future  

(1 = not if I could help it & 5 = definitely) 

3 4 4 3 4 2 2 4 5 3,4 

Appendix F: Results of the questionnaire used after the second user test 
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Appendix G 
 

 
Users  

1 2 3 

Age 24 28 n/a 

Occupation Student Research engineer Research engineer 

Phone usage Many times a day Many times a day Once a day 

Experience with computers 

(1 =  none & 5 = very big) 

5 5 5 

 

Users  

4 5 6 

Age 35 44 27 

Occupation Research engineer Researcher Research engineer 

Phone usage n/a Many times a day  Many times a day 

Experience with computers 

(1 =  none & 5 = very big) 

5 4 4 

  

Users  

7 8 9 

Age 27 31 27 

Occupation Engineer SW Engineer Research Engineer 

Phone usage Many times a day Many times a day Many times a day 

Experience with computers 

(1 =  none & 5 = very big) 

4 5 5 

Appendix G: Information on the second user test participants 
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Appendix H 
 

• Your spontaneous thoughts about the system 
• Hard to get the telephone numbers correct. Hard to know how the numbers where to be 

spoken (1) 
• An error in the logic, when I said “back” I didn’t go back (1) 
• The search part of the system functioned well with the “delimiting” tool. Every thing 

went by smoothly (1) 
• After returning to the main menu the system said “ad has been discarded”, even though 

the ad had just been added (1) 
• The ability to disrupt the system was a good one (2) 
• Good set-up (2) 
• Fast (2) 
• The input verification is good (2) 
• It wasn’t obvious what would happen if you choose “no” when the system asked you if 

you would like to delimit the search (2) 
• The system had a hard time to recognize the numbers (3) 
• Slow speaking pace. I’m used to faster speech (3) 
• Good system information (3) 
• The concepts of “exit” and “quit” was confusing (3) 
• The voice was clear (3) 
• Intuitive questions (3) 
• The difference between “search word” and “search type” was not obvious (4) 
• Simpler the fewer words the system is using (4) 
• Too long dialogues. You can’t remember more than a few seconds of what is said. Too 

much info (4) 
• A good thing you could disrupt the system. I felt ok to disrupt (4) 
• Got caught in a loop when using “back” (4) 
• The system didn’t understand when I said “Richard” (4) 
• Hard. Wasn’t robust enough (5) 
• Hard to go back in the system. “Back” didn’t work properly (5) 
• What happens when there will be background noise? (5) 
• There was no information on how old the furniture’s were in the ad information (6) 
• The system didn’t recognize my numbers (6) 
• I couldn’t return to the main menu (6) 
• The alternatives at certain states weren’t sufficient (6)  
• I would have liked a “help” option that could be used at any time in the dialogue (6) 
• When choosing an ad there should have been a way to directly phone the owner of the ad 

(6) 
• The location of the ad should have been more precise (6) 
• It shouldn’t have been mandatory to choose a room-based type when creating an ad (6) 
• Hard to get the system to recognize my numbers, I think I spoke them to slow (7) 
• “Exit” and “Quit” was confusing (7) 
• It should have been easier to return to the main menu, perhaps whit only one word (7) 
• Hard to remember how to navigate in the dialogue. Got a bit stressed of all the 

information in the beginning (7) 
• It was hard to make oneself understood (7) 
• A bit to much talking from the system (7) 
• Logical framing of the dialogue structure (7) 
• The difficult part is to make it a bit shorter but still usable (7) 
•  The Create part felt logical (8) 
• A bit confusing with the two search alternatives “item-based” and “room-based” (8) 
• Hard to remember all the item-based and room-based alternatives that were presented (8) 
• Useful product (8) 
• There should have been a system feedback if there were no user input. A time-out (8) 
• Hard to remember what number corresponded to what ad when the matching ads were 

presented by the system (8) 
• Stressful to remember all the information (8) 
• Straightforward menu system (8) 
• The system recognized the numbers well (8) 
• The menus were to long, has to be shorter (9) 
• Logical framing (9) 
• Traditional way of searching, a way I’m used to (9) 
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• Maybe make it a little simpler, too much information (9)    
 

• The worst feature of the system 
• The system recognition (1) 
• The recognition (2) 
• The creation part, the items should be contextual, there should be a connection between 

the room-based item and the available item-based items (3) 
• The number recognition (3) 
• Attention goes to on how to use the system instead of your initial need (3) 
• Slow system, amount and speed (4) 
• An illogical order of questions in the create part (4) 
• A bit too complicated to be able to make a new search (4) 
• The lucidity of the system in comparison with a graphically based interface. There 

can’t be to many choices or information items (5) 
• Hard to use the system in public (5)  
• The recognition of me as a user, specially the numbers (6) 
• I couldn’t get back to the main menu (6) 
• The recognition part (7) 
• Hard to follow the create part (7) 
• No feedback if the system didn’t recognize anything. No time-out (8) 
• A bit confusing with the menus (8) 
• The item-list was repeated if “repeat” was used (9) 
• Want the service to be faster (9) 
• The speed of the system voice (9) 

 
• The best feature of the system 

• Easier to speak than to write text (1) 
• The possibility to interrupt the system (1) 
• Unusually fast (2) 
• Good information and introduction (2) 
• The expert/novice mode (2) 
• I didn’t have to use any buttons (3) 
• The search part. Handy and straightforward (3) 
• Relaxed way of using the service (4) 
• Nice welcoming (4) 
• Pleasant interface, easy to use (4)  
• Should be faster than typing if the recognizer is robust (5) 
• The questions in and the grouping of the search and create part felt adequate and relevant 

(6) 
• The search part felt logical and intuitive. The item-based search was good (7) 
• Generally good, you can reach the system from any type of phone (8) 
• The recognition was easy (8) 
• The logic of the system was good (9) 
• It gave a good feeling (9) 
• I got a good picture of the interface and menus in my head (9) 

  
• What would you change if you could change anything in the system? 

• There could have been information about the possibility to interrupt the system (1) 
• Improve recognition (2) 
• A better explanation of who to use the “delimit” tool (2) 
• Usage of free speech which is recorded during ad creation and played back during ad 

searching (3)   
• Short cuts (4) 
• More flexible (4) 
• A combination of a graphical interface and a voice interface, to use the best of them both 

(5) 
• An automatic routing feature to a telephone operator (5) 
• A “help” option (6) 
• Not having all navigation alternatives in the beginning. Maybe distributing them during 

the dialogue, easier to remember (8) 
• A better way of representing data (8)  

 

Appendix H: The thoughts and opinions gathered through the interview after the second user 
test
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Appendix I 

 

 
User Word accuracy (%) 

 

Avg. word count per 
utterance and state 

Max. word count in 
one utterance 

1 79 1.2 4 

2 71 1.5 5 

3 n/a n/a n/a 

4 n/a  n/a n/a 

5 67 1.2 4 

 6 73 1.4 4 

7 n/a n/a n/a 

8 72 1.3 4 

9 66 1.4 4 

Appendix I: The results of the objective evaluation of the implemented dialogue system during 
the second user test  
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Appendix J 
____________________________________________________ 

 
• Your spontaneous thoughts about the system - summary 

 
Positive general remarks 
• Straightforward 
• Logical set-up (5) 
• Fast 
• Good system information 
• Clear voice 
• Intuitive questions  
• Useful system 

 

Negative general remarks 
• Slow pace 
• System output should have been more brief/simple, hard to remember (9) 
• Bad system recognition (4) 
• Not enough information 

 

More concrete positive remarks 
• Good delimiting tool 
• The ability to disrupt the system was good (2) 
• Input verification is good 
• The numbers were well recognized  

 

More concrete negative remarks 
• System having problems recognizing numbers (4) 
• Problems using “back” (3) 
• Confusions using the delimiting tool 
• Disambiguation concerning certain menu options (4)  
• No “help” option 
• Room-based type shouldn’t have been mandatory in “create” 
• Easier to return to main menu 
• No “time-out” feature 

 
• The worst features of the system - summary 

• The system recognition (6) 
• The representation of the item-based types should have been contextually dependant 
• Complexity of system usage (3) 
• Slow system (2) 
• Illogical order of questions in the create part (2) 
• To much information  
• Usage in public areas 
• No time-out 

• The best features of the system - summary 
• Easier and faster to speak than to write (3) 
• Possibility to interrupt system  
• Speed 
• Information (2) 
• The expert/novice mode 
• Straightforwardness and logic of system (6)  
• Easy to use 
• The recognition 

• What would you change if you could change anything in the system? - summary 
• Better information on certain system features (3) 



85 

• Improve recognition 
• Usage of free speech which is recorded 
• More flexible system (2) 
• Combine GUI and VUI 
• Help feature 
• Better way of representing data 

 

____________________________________________________ 

Appendix J: A summary of the data gathered during the interview after the second user test 

 
 

 


