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ABSTRACT 
 
Within the world of multimedia, a new standard is currently 
under development. The purpose of this new standard, 
MPEG-21, is to create an open framework for multimedia 
delivery and consumption. This open framework allows its 
users to produce and consume a large variety of content in 
an interoperable manner. The second part of the MPEG-21 
standard, the Digital Item Declaration Language (DIDL), 
makes it possible to declare, in XML, a Digital Item 
composed of multiple multimedia resources. This paper 
describes how additional metadata can be included to add 
processing information to a Digital Item Declaration (DID). 
This extra processing information allows DIDs to be 
processed in an interoperable manner. 
 
INTRODUCTION 
 
Today, many elements exist to build an infrastructure for the 
delivery and consumption of multimedia content. There is, 
however, no “big picture” to describe how these elements 
relate to each other. Therefore a new standard ISO/IEC 
21000, better known as MPEG-21 (Bormans and Hill 2002), 
is currently under development. The aim of MPEG-21 is to 
describe how these various elements fit together and to 
realize the “big picture”. 
The result of MPEG-21 will be a new standard which 
provides an open framework for multimedia delivery and 
consumption. This generic multimedia framework will allow 
its users to create and consume multimedia on a large variety 
of terminals and networks. 
Because of the generic character of MPEG-21, it will be 
suited for a large range of multimedia applications. This 
application independence implies that MPEG-21 needs to be 
a standard with great flexibility concerning the processing of 
the multimedia elements of the application. 
In this paper we provide such flexibility by applying the 
ideas of Functional Metadata (Rogge et al. 2002) to MPEG-
21 Digital Items. Digital Items were defined in Part 1 of 

MPEG-21 (Bormans and Rump 2001). Functional Metadata 
was designed to add functionality to multimedia 
presentations. Extending those ideas to MPEG-21 will allow 
the author of Digital Items to express his/her intentions 
concerning the processing of their Digital Items. 
 
DIGITAL ITEM DECLARATION 
 
The second part of MPEG-21, the Digital Item Declaration 
Language (DIDL) (Schwartz et al. 2002), makes it possible 
to declare a Digital Item composed of multiple multimedia 
resources. It allows Users, defined as both humans and 
machines in MPEG-21 (Bormans and Rump 2001) (i.e., any 
entity that interacts with the MPEG-21 environment at any 
point throughout the multimedia delivery and consumption 
chain), to describe in XML, the relationship between the 
different elements of a Digital Item. 
As an example of how Digital Items can be used, suppose 
that a User would like to create a digital music album. This 
album could consist of two different music tracks, the 
album’s title and the titles of the two songs. An example of a 
Digital Item Declaration suited for this purpose can be found 
in figure 1. As can be seen from this figure, the Digital Item 
Declaration Language is a container structure allowing the 
author of a multimedia presentation to specify the 
multimedia elements that are part of the multimedia 
presentation. 
The real power of the Digital Item Declaration Language 
resides in the possibility to include any type of media, going 
from text to future types of media that are currently 
undefined, and the possibility to configure the Digital Item 
conform the User’s preferences. The latter can be expressed 
using the choice mechanism included in the Digital Item 
Declaration Language.  
As an example of use of the choice mechanism, suppose that 
the User who created the music album would like to include 
the possibility to choose between two different formats for 
the music tracks. Figure 2 shows how a more complex 
version of the music album could be used for this scenario. 
The Digital Item Declaration in that figure contains two 
different types of audio formats (i.e., wave and mp3 format) 
and a Choice element that allows the User to choose one of 
the audio formats. 

 



 

 
Figure 1: A Digital Item Declaration expressed in the Digital 

Item Declaration Language (DIDL) 
 
THE NEED FOR DIGITAL ITEM PROCESSING 
 
In the previous examples a small part of the expressivity of 
the Digital Item Declaration Language has been 
demonstrated. Both examples also illustrate that a Digital 
Item Declaration (DID) is a static XML declaration. Because 
of this a DID can be seen purely as a container combining 
metadata and resources while specifying the relationships 
between them. However, this means that the author of a 
Digital Item has no way to express how a Digital Item 
should be processed and what an MPEG-21 terminal should 
or could do with it. 
Therefore, it is possible that different MPEG-21 terminals 
handle the same DID differently. From the end user’s point 
of view, this is perceived as a lack of interoperability. 
Without a specification for processing Digital Items, authors 
cannot express how they want their Digital Items to be 
processed.  
Now, reconsider the scenario of an author making a Digital 
Item containing a music album. In the new scenario the 
music album of figure 1 and figure 2 is extended to contain 
music clips, some advertisements and the necessary 
information to protect the intellectual property rights of the 
author. Suppose that the author had the following intentions: 

• Present the different videos and songs to the User 
(for example a consumer) if the User has bought the 
rights to listen and watch them. 

 

 

<?xml version="1.0" encoding="UTF-8"?> 
<DIDL xmlns="urn:mpeg:mpeg21:2002:01-DIDL-
NS"> 
  <Item> 
    <Descriptor> 
      <Statement mimeType="text/plain"> 
        Album title 
      </Statement> 
    </Descriptor> 
    <Choice> 
      <Selection select_id="WAV"/> 
      <Selection select_id="MP3"/> 
    </Choice> 
    <Item id="track01"> 
      <Descriptor> 
        <Statement mimeType="text/plain"> 
          Song title 01 
        </Statement> 
      </Descriptor> 
      <Component> 
        <Condition require="WAV"/> 
        <Resource ref="track01.wav" 
          mimeType="audio/wav"/> 
      </Component> 
      <Component> 
        <Condition require="MP3"/> 
        <Resource ref="track01.mp3"  
          mimeType="audio/mpeg"/> 
      </Component> 
    </Item> 
    <Item id="track02"> 
      <Descriptor> 
        <Statement mimeType="text/plain"> 
          Song title 02 
        </Statement> 
      </Descriptor> 
      <Component> 
        <Condition require="WAV"/> 
        <Resource ref="track02.wav"  
          mimeType="audio/wav"/> 
      </Component> 
      <Component> 
        <Condition require="MP3"/> 
        <Resource ref="track01.mp3"  
          mimeType="audio/mpeg"/> 
      </Component> 
    </Item> 
  </Item> 
</DIDL> 

<?xml version="1.0" encoding="UTF-8"?> 
<DIDL xmlns="urn:mpeg:mpeg21:2002:01-DIDL-
NS"> 
  <Item> 
    <Descriptor> 
      <Statement mimeType="text/plain"> 
        Album title 
      </Statement> 
    </Descriptor> 
    <Item id="track01"> 
      <Descriptor> 
        <Statement mimeType="text/plain"> 
          Song title 01 
        </Statement> 
      </Descriptor> 
      <Component> 
        <Resource ref="track01.mp3"  
          mimeType="audio/mpeg"/> 
      </Component> 
    </Item> 
    <Item id="track02"> 
      <Descriptor> 
        <Statement mimeType="text/plain"> 
          Song title 02 
        </Statement> 
      </Descriptor> 
      <Component> 
        <Resource ref="track02.mp3"  
          mimeType="audio/mpeg"/> 
      </Component> 
    </Item> 
  </Item> 
</DIDL> 

 
Figure 2: Choices and different types of media in a Digital 

Item 
 

• After the preview, present a form with the 
possibility to buy the rights to listen to certain or all 
parts of the music album. 

• If the User buys certain parts of the music album 
construct a message in a predefined format and 
send it to distributor’s sales server. 

• During the whole process present advertisements 
about relevant products. 

MPEG-21 as it is currently specified allows the inclusion of 
all the necessary data in a Digital Item to make processing as 
presented possible. However, currently there is no 
mechanism that allows the specification of the processing 
itself, i.e., there is currently no way for a User (for example 
an author) to include information on how the processing 
should be done. 

 



 
Figure 3: A PDI containing the processing information for a 
CDI 
 
DIGITAL ITEM PROCESSING 
 
Processing information as metadata 
 
Metadata can be generally defined as “structured data about 
data”. What part of the data is metadata and what part of the 
data is the actual content depends on the application 
responsible for processing the data. Data that is metadata for 
one application can therefore be content for another 
application and vice versa. 
In the context of this paper, processing information is 
actually data (containing the processing information) about 
the data contained within the DID and can hence be seen as 
metadata of the Digital Item. 
 
Addressing the requirements of Digital Item Processing 
 
In the previous sections it has been made clear why there is a 
need for Digital Item Processing. In order to respond to this 
need MPEG has specified the requirements for Digital Item 
Processing (MPEG 2002). This paper tries to address these 
requirements and proposes an architecture and 
implementation that satisfies the Digital Item Processing 
requirements. 
 
Terminology 
 
We introduce terminology that can be used in Digital Item 
Processing: 

 

<?xml version="1.0" encoding="UTF-8"?> 
<DIDL xmlns="urn:mpeg:mpeg21:2002:01-DIDL-
NS"> 
  <Item> 
    <Item id="playTrack"> 
      <!-- playTrack method --> 
      <Item> 
        <!-- arguments of the method --> 
        <Component> 
          <Resource mimeType="text/plain"> 
            StandardMusicTrack 
          </Resource> 
        </Component> 
      </Item> 
      <Item> 
       <!-- implementation of the method --> 
       <Component> 
        <Resource mimeType="text/javascript">
    function playTrack(StandardMusicTrack) 
    { 
      //actual implementation 
      play(StandardMusicTrack,"audio"); 
    } 
        </Resource> 
       </Component> 
      </Item> 
    </Item> 
  </Item> 
</DIDL> 

<?xml version="1.0" encoding="UTF-8"?> 
<DIDL xmlns="urn:mpeg:mpeg21:2002:01-DIDL-
NS"> 
  <Item> 
    <Item> 
      <!-- a list of DIP Methods --> 
      <Component> 
        <Resource mimeType="text/xml"  
         ref="standardMusicAlbum#playTrack"/>
      </Component> 
    </Item> 
    <Item> 
      <!-- mapping information --> 
      <Component> 
        <Descriptor> 
          <Statement mimeType="text/plain"> 
            StandardMusicTrack 
          </Statement> 
        </Descriptor> 
        <Resource mimeType="text/plain"> 
          track01 
        </Resource> 
        <Resource mimeType="text/plain"> 
          track02 
        </Resource> 
      </Component> 
    </Item> 
  </Item> 
</DIDL> 

 
Figure 4: A MDI containing the method’s signature and 
implementation 
 

• A Digital Item Processing Method (DIP Method) is 
a method that can be applied to a Digital Item 
Declaration. 

• A Digital Item Processing Engine (DIP Engine) is 
the part of the MPEG-21 terminal that will be 
responsible for the execution of the DIP Method. 

• An Object in a Digital Item Declaration is every 
DIDL element that can be identified by a unique id 
or choice id, i.e. a Container, an Item, a 
Component, a Descriptor, an Anchor, a Choice or 
an Annotation. 

• An Object Map is the association of the Objects in a 
Digital Item with an Object Type. 

• An Object Type is a semantic type that can be 
assigned to an argument of a DIP Method. 

 
DIFFERENT TYPES OF DIGITAL ITEM 
DECLARATIONS IN DIGITAL ITEM PROCESSING 
 
For the use in Digital Item Processing, three different types 
of Digital Item Declarations are introduced: 

• A Content Digital Item (CDI) is a Digital Item 
Declaration that contains the description of the 
relations between the different components of a 
multimedia presentation (figure 2). 

• A Processing Digital Item (PDI) is a Digital Item 
Declaration containing the Object Map and the list 
of DIP Methods. It will be included in the CDI as 
metadata (figure 3). 
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4 Build a list of DIP Methods.

5 Present the list to the User.

6 Choose a DIP Method.
7 Download the MDI.
8 Generate the list of valid arguments.

9 Present the list to the User.

10 Choose the arguments for the DIP Method.
11 Extract implementation.
12 Fill in arguments and execute the DIP Method.
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Figure 5: A high level algorithm for Digital Item Processing 
 
 

 
• A Method Digital Item (MDI) is a Digital Item 

Declaration containing the prototype and the 
implementation of the DIP Methods a PDI refers to 
(figure 4). 

 
Processing Digital Item 
 
By defining how the data in a Processing Digital Item should 
be interpreted, it is possible to reuse DIDL syntax to include 
processing information for the CDI. Therefore the 
Processing Digital Item can be constructed according to the 
Digital Item Declaration Language and hence it will be a 
correct Digital Item. 
The processing information included in a Processing Digital 
Item consists of a list of DIP Methods that can be applied to 
the Content Digital Item and the mapping of DID Objects in 
the Content Digital Item to a specific Object Type. 
As an example, the Processing Digital Item in figure 3 
contains the following information: a DIP Method ”play- 
Track”, for which the prototype and implementation can be 
found in the MDI standardMusicAlbum; and the Object 
Map. From the Object Map it can be derived that the DID 
Objects of the Content Digital Item, identified by the ids 
“track01” and “track02” are of the Object Type “Standard-
MusicTrack”. This means that for every DIP Method that 
needs an argument of the Object Type 
“StandardMusicTrack” both “track01” and “track02” can be 
chosen as argument for such a DIP Method. 
 
Method Digital Item 
 
The same approach can be followed considering the Method 
Digital Item. In this case, we use a predefined structure to 

differentiate between the arguments of a method and the 
actual implementation of that method. 
Figure 4 shows a Method Digital Item containing a 
“playTrack” DIP Method. This DIP Method has a single 
argument of the Object Type “StandardMusicTrack”. The 
Method Digital Item also includes how the “playTrack” DIP 
Method can be implemented in JavaScript, although 
implementations in other scripting/programming languages 
are possible too. This allows Digital Items to be processed 
on different platforms with different capabilities, i.e. with 
support for different scripting/programming languages. 
 
A HIGH LEVEL ALGORITHM FOR PROCESSING 
DIP DATA 
 
It is rather obvious that an MPEG-21 terminal needs to 
understand the structure and the information contained in the 
different types of DIDs. Therefore we introduce the concept 
of a DIP Engine that can be used to build a Digital Item 
Processing environment. This DIP Engine can be included in 
an MPEG-21 terminal and will be responsible for the 
processing of a Content Digital Item by using the 
information stored in a Processing Digital Item and a 
Method Digital Item. In this paper the information flow 
within a DIP enabled MPEG-21 terminal is presented by 
means of a “high level algorithm” for which a graphical 
representation can be found in figure 5. The algorithm in 
question can be described as follows: 

1. In the first step, the DID Engine (MPEG 2002) (the 
part of an MPEG-21 terminal that is responsible for 
the parsing of the DIDs) receives the Content 
Digital Item. 

 



2. The DID Engine extracts the Processing Digital 
Item, which was added as metadata to the Content 
Digital Item. 

3. The DID Engine passes the Processing Digital Item 
to the DIP Engine. 

4. The DIP Engine builds a list of methods, called DIP 
Methods, which can be applied to the Objects in the 
Content Digital Item. 

5. The list of DIP Methods is presented to the User. 
6. The User chooses which DIP Method that needs to 

be executed. 
7. Based upon the information that resides in the 

Processing Digital Item, the DIP Engine downloads 
the Method Digital Item with the information about 
the DIP Method’s prototype and implementation. 

8. The DIP Engine uses the information of the 
prototype (extracted from the MDI) and of the 
Object Map (extracted from the PDI) to build a list 
of valid arguments for the DIP Method chosen by 
the User. By example, valid arguments for the 
“playTrack” DIP Method are DID Objects of the 
Object Type “StandardMusicTrack”, therefore both 
“track01” and “track02” are valid. 

9. This list is presented to the User. 
10. The User chooses the arguments for the chosen DIP 

Method. 
11. The DIP Engine extracts the implementation of the 

DIP Method from the Method Digital Item. 
12. In the last step, the DIP Engine fills in the 

arguments of the DIP Method and executes the DIP 
Method. 

13. Repeat steps 5 to 13 until the MPEG-21 terminal 
loads a new Digital Item. 

 
CONCLUSIONS AND FUTURE WORK 
 
This paper presented a solution to the problem of adding 
processing information to Digital Item Declarations. We 
have addressed the Digital Item Processing requirements by 
introducing two new types of Digital Items: the Processing 
Digital Item and the Method Digital item.  
The Processing Digital Item is designed to be included in the 
Content Digital Item as metadata. It contains a list of DIP 
Methods that can be applied to the Content Digital Item. It 
also contains the Object Map. The latter provides a 
mechanism that allows the Objects in the Content Digital 
Item to be used as arguments for the DIP Methods in a 
generic way. The Method Digital Item contains the 
prototype and the implementation of the DIP Methods 
whereto the Processing Digital Item refers.  
Besides introducing the Processing Digital Item, the Method 
Digital Item and the Digital Item Processing terminology, we 
have provided a high level algorithm that allows the 
implementation of the Digital Item Processing requirements 
using both the Processing Digital Item and the Method 
Digital Item. The proposed algorithm allows Digital Item 

Declarations to be processed in an interoperable and 
platform independent manner.  
To allow interoperability at the level of the implementation 
of DIP Methods, we need to develop and standardize a high 
level language that is powerful enough to express the desired 
functionality in an easy way.  
Finally, an online demo of the MPEG-21 Digital Item 
Processing Architecture can be found at the following 
address: http://multimedialab.elis.rug.ac.be/demo.asp. 
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ABSTRACT 
 
A comprehensive approach to the access of digital objects 
necessitates the interplay of various types of metadata 
standards. Each of these standards fulfills its own part 
within the context of a ‘metadata infrastructure’. In recent 
years, due to the growth in computational power and the 
increasing networking bandwidth and connectivity, 
electronic archival records have evolved from simple text-
based files to complex digital objects that may contain 
embedded images (still and moving), drawings, sounds, 
hyperlinks, or complex multimedia data. The aim of this 
research is to investigate and implement a number of tools 
supporting time-dependent media within an archival 
context. Therefore, we have presented a metadata 
framework consisting of both the Encoded Archival 
Description (EAD) standard – supporting collection level 
descriptions – and the Metadata Encoding and 
Transmission Standard (METS) – supporting the digital 
item descriptions –. Then, an extension of this metadata 
framework has been proposed to time-based media 
content delivered via the MPEG-7 multimedia content 
description standard. 
 
INTRODUCTION 
 
In recent years, there has been a tremendous growth in 
computational power, and in networking bandwidth and 
connectivity. As a result, the number of organizations 
making digital information available has massively 
grown. This digitization process encouraged the 
development of standards that support the management, 
description, indexing, and long-term preservation of 
digital information.  
 
Moreover, there has been a considerable increase of 
available digital multimedia data (digitized books, photo 
albums, audio of various nature, video fragments, 

etcetera) within the last few years. This enthusiasm has 
revealed the difficulties associated to managing such 
resources, mainly due to their joint complexity and a lack 
of appropriate indexing standards. A large number of 
recently started projects related to the resource discovery 
of different media types, including music, speech records, 
video, and images, indicate an acknowledgement of this 
problem and the importance of this field of research for 
both digital libraries and archives. 
 
This research presents a metadata framework dealing with 
both time-dependent multimedia objects within the 
context of an archival collection. The paper starts with a 
brief overview of how archival collections can be 
described. Section III expresses briefly a mechanism for 
describing complex digital items. Section IV handles the 
descriptions of time-dependent data and how they can be 
incorporated in the proposed metadata infrastructure. 
Section V presents a prototype appplication and to 
conclude, we enumerate some further adjustments and 
draw some conclusions. 
 
MECHANISMS FOR DESCRIBING ARCHIVAL 
COLLECTIONS 
 
In an archival fund, the finding aid is an important tool 
for resource description. Finding aids differ from catalog 
records by being much longer, more narrative and 
explanatory, and highly structured in a hierarchical 
fashion. They generally start with a description of the 
gathering as a whole, indicating what types of materials it 
contains and why they are important. The finding aid 
describes the series into which the collection is organized, 
such as correspondence, business records, personal 
papers, and campaign speeches, and ends with an 
itemization of the contents of the physical boxes and 
folders comprising the collection. 
Consequently, the description at various levels is a 
fundamental part of the archival descriptive practice. For 
resource discovery, the existence of collection-level 
descriptions supports the multi-level navigation of a large 
and heterogeneous archive collection. For example, a 



 

 

researcher may make use of collection-level descriptions 
to find the existence of a specific collection. Furthermore, 
he can target a selected collection by submitting 
collection-specific queries. Moreover, collection-level 
descriptions may be used to support controlled searching 
across multiple collections, and to assist users by reducing 
the number of individual hits returned in an initial 
response to a query (Waibel 2001). 
 

 
<!ELEMENT  archdesc       (runner*, did, (%m.desc.full;)*)   > 
<!ENTITY  % m.desc.full   '%m.desc.base; | dsc |                             
             dao | daogrp | note'           > 
<!ENTITY  % m.desc.base   'admininfo | bioghist | 
                                      controlaccess | odd | … |      > 
<!ATTLIST   archdesc 
         %a.common; 
         type                (inventory | register | 

othertype)       #IMPLIED 
        othertype            CDATA           #IMPLIED 
         %a.desc.all;        

encodinganalog      CDATA                      #IMPLIED 
relatedencoding      CDATA                      #IMPLIED     > 

<!ENTITY  % a.common 
         'id                   ID                          #IMPLIED 
        altrender           CDATA                #IMPLIED 
 
       audience             (external | internal)      #IMPLIED'     > 
<!ENTITY  % a.desc.all 
         'level                 (%av.level;)                 #REQUIRED 
         %a.desc.base;'                                                    > 
<!ENTITY  % av.level   'series | collection | file | 
                                    fonds | item | otherlevel | … |      > 
<!ENTITY  % a.desc.base       
   'otherlevel           CDATA                        #IMPLIED 

langmaterial         CDATA                        #IMPLIED 
         legalstatus          (public | private | 
                otherlegalstatus)          #IMPLIED 
         otherlegalstatus     CDATA                        #IMPLIED’  > 
 
 

 
 
 

Figure 1.  EAD DTD for the <archdesc> element. 
 
The archival community has already developed well-
established national and international archival standards 
among which the General International Standard 
Archival Description (ISAD(G)) (International Council 
on Archives 2000) and the Encoded Archival Description 
(EAD) (The Library of Congress 1999) are most 
important. The EAD is capable of describing a collection 
as a hierarchy of potentially infinitely nesting levels down 
to the item level itself (Figure1). This standard was 
initiated by the University of California at Berkeley, and 
its development has been supported by the Society of 
American Archivists Standards Board. Because of its 
extensive facilities to link to digital objects, it is able to 
describe digital collections as well as their more 
traditional counterparts. At each level of description, the 
EAD supports varying degrees of specificity. At each level 
of description, the EAD supports varying degrees of 
specificity. It should also be noticed that the EAD can be 
successfully mapped to the ISAD(G) description standard. 
However, not all EAD-elements are conform to the 

ISAD(G) description rules, as the description parameters 
of the EAD standard extend much further. 
 
MECHANISMS FOR DESCRIBING DIGITAL 
OBEJCTS 
 
However, the EAD standard excels at item discovery, it 
has little provision for exploring the digital object itself. 
Therefore, the strategy for granular collections needs to be 
complemented with another schema capable of 
encapsulating single and complex multipart digital items. 
Yet another closely allied community, the library world, 
has developed a schema which adds the desired 
functionality to our information architecture. This schema 
is currently known as the Metadata Encoding and 
Transmission Standard (METS) (The Library of Congress 
2002). This METS Standard is a rather newly devised 
metadata standard, which refines and extends the much 
earlier Making of America II metadata rules (Beaubien 
and Hurley 2001).  It provides an XML document format 
for encoding metadata necessary for both management of 
digital library objects within a repository and exchange of 
such objects between repositories (or between repositories 
and their users). 
 

 
 
Figure 2: Metadata Encoding and Transmission Standard 
 
The METS framework provides containers for descriptive 
and administrative metadata encoded according to 
standards external to METS itself. This offers the 
possibility to provide an interplay between both the EAD 
and the METS standard. Archives should be using EAD 
to provide metadata regarding an archival collection in its 
entirety, including describing the relationship of the 
various items in the collection to one another. Then, part 
of these items may include XLinks to a digital 
representation (i.e. the location and description of a 
Digital Archival Object or Record Group) of an archival 
object, which calls on the METS object (Figure2). 



 

 

Likewise, the METS document will have to refer back to 
the specific position within the EAD collection as the 
descriptive home of the object. This way, we establish a 
bi-directional linking between the METS object and the 
corresponding EAD document. 
 
An example of a more complex digital library object is a 
digitized photo album, which can be pointed to by an 
EAD (which can be successfully mapped to the ISAD(G) 
description standard) encoded finding aid. The diary may 
have 20 pages that were digitized as 600 dpi TIFF master 
files, 20 lower resolution JPEG viewing files, and 20 
thumbnail files which were derived from the masters for 
each page. The digital diary object now includes the 
content (60 files of digitized page images), a reference to 
the EAD archival collection description metadata in 
which the digital item has to be situated, metadata 
describing the content. 
 
MECHANISMS FOR DESCRIBING MULTIMEDIA 
FEATURES 
 
While this functionality easily accommodates items such 
as ‘photo-album’ objects, it still reveals its limits when the 
object in question is of a more time dependent media type. 
Clearly, the metadata framework needs to be 
complemented with other schemes and tools capable of 
managing and describing multimedia content and 
properties, such as the MPEG-7 Multimedia Content 
Description Standard (Martinez 1999). 
 
Likewise the EAD standard, the METS framework can be 
extended with descriptive and administrative metadata 
responsible for the management of multimedia 
information. This way, we can attach catalog, semantic 
and information based on the MPEG-7 Multimedia 
Description Scheme to the metadata framework. This 
extension offers also the possiblity describing both 
temporal and spatial structures of the content (Figure3). 
 
Hereby it is interesting to note that the METS framework  
offers the possibility for area linking, meaning the 
structMap section of the standard can reference a specific 
point or range in an audio/video file; i.e., a segment of a 
file (e.g., text screen, image line, audio/video clip), or a 
two-dimensional section of a file (e.g., subsection of an 
image, or a subsection of the video display of a video file). 
In addition to linking directly with only one file, multiple 
area elements may be used within parallel or sequential 
elements to link (regions in/parts of) multiple files to each 
other in a sequential or hierarchical order. This way we 
can construct within the Structural Map section of a 
METS document –temporal or spatial– segments 
composed of one or multiple components from one or 
multiple source objects respectively. 

 
The MPEG-7 Segment Description Scheme can provide 
an extension scheme for describing the temporal and 

spatial segements and technical features related to these 
different segments. It describes the result of a spatial, 
temporal, or spatio-temporal partitioning of the audio-
visual content. It can describe a recursive or hierarchical 
decomposition of the audio-visual content into segments 
that form a segment tree. The Segment DS forms the base 
abstract type of the different specialized segment types: 
audio segments, video segments, audio-visual segments, 
moving regions, and still 
regions. As a result, a segment may have spatial and/or 
temporal properties. For example, the AudioSegment DS 
can describe a temporal audio segment corresponding to a 
temporal period of an audio sequence, the VideoSegment 
DS can describe a set of frames of a video sequence; the 
StillRegion DS can describe a spatial segment or region of 
an image or a frame in a video and so on. 
 

 

 

<?xml version="1.0" encoding="iso-8859-1"?> 
<Mpeg7 xmlns="…"> 
 ... 
 <Audio> 
  <TextAnnotation> 
   <FreeTextAnnotation>...</FreeTextAnnotation> 
  </TextAnnotation> 
  <MediaTime> 
   <MediaTimePoint>T00:00:00</MediaTimePoint> 
   <MediaDuration>PT0M00S</MediaDuration> 
  </MediaTime> 
  <TemporalDecomposition gap="false" overlap="false"> 
   <AudioSegment> 
    <TextAnnotation> 
     <FreeTextAnnotation>timebased-info 1  
     </FreeTextAnnotation> 
    </TextAnnotation> 
    <MediaTime> 
     <MediaTimePoint>T00:00:05</MediaTimePoint> 
     <MediaDuration>PT0M10S</MediaDuration> 
    </MediaTime> 
   </AudioSegment> 
  </TemporalDecomposition> 
 </Audio> 
 … 
</Mpeg7> 

 
 

Figure 3: MPEG-7 Audio Segment Information 
(referenced by METS) 

 
A PROTOTYPE APPLICATION 
 
Based on the presented metadata framework, we 
developed an experimental client prototype application, 
capable of dealing with time-based content presentation. 
Therefore, a browser based front-end loads an external 
audio stream, and associated administrative and structural 
metadata, as well as the metadata, describing the temporal 
content related to the audio. The main issue hereby is the 
temporal synchronization of the audio stream and the 
associated temporal information. For instance, the digital 
object may consist of a speech record, consisting out of 
multiple segments. Each segment can have associated 
time-based information encoded in the MPEG-7 XML 
format. Note that the temporal synchronization should be 
maintained, even if the stream is interrupted. The actual 
playback of the application can be subdivided into the 
following sections: 
 



 

 

o The server sends an EAD-document describing the 
hierarchical structure of a the multimedia collection 
(the collection used for the protoype is limited to 2 
levels). 

o The client requests the METS information 
corresponding to a specific digital object request of 
the user.  For instance give me audio fragment no 5 
in category no 2. 

o The corresponding METS document is sent to the 
client. 

o The application makes a connection with the external 
audio stream, based on the links contained within the 
METS fileSec section. 

o The application receives the external (MPEG-7) 
metadata streams, based on the references contained 
within the METS dmdSec and amdSec sections. 
During playback of the audio stream, additional 
MPEG-7 time-dependent information is delivered. 

 
The demo has been developed using the Shockwave 
scripting language. This is an object-oriented scripting 
language  based heavily on the ECMAScript Language 
Specification (ECMA-262) (Figure4). 
 

 
 

Figure 4: screenshot of the prototype application 
 
 
SHORTCOMMINGS AND CONCLUSIONS 
 
A metadata architecture based on the standards outlined, 
so far delivers navigable and hierarchically structured 
objects of multimedia data. However, the framework we 
described has some shortcomings that we haven’t 
addressed yet. So far, little attention has been paid to 
integrating the types of information that describe the 
technical characteristics of the digital items.  
 
A more broad research should consider technical 
standards such as the Technical Metadata for Digital Still 
Images, developed by the National Inforamtion Standards 
rganization, the Audio Engineering Society (AES) and 

the Society of Motion Pictures and Television Engineers, 
both with links to the European Broadcasting Union. 
Furthermore, additional attention should be paid to the 
comparison of the proposed framework to the temporal 
synchronization of media within MPEG-21 Digital Item 
Declarations by using the Synchronized Multimedia 
Integration Language (SMIL) (De Keukelaere et al. 
2001). 
 
REFERENCES 
 
Beaubien R. and Hurley B., University of California, Berkeley 

Library, The Making of America II, 
http://sunsite.berkeley.edu/MOA2, 2001. 

Bekaert J., De Sutter R., Lerouge S., Rogge B., Van De Ville 
D., De Kooning E., and Van de Walle R., 2002, “Metadata-
based access to multimedia architectural and historical 
archive collections”, in Internet Multimedia Management 
Systems III, John R. Smith, Thomas J. Watson, Sethuraman 
Panchanathan, and Tong Zhang, Eds., vol. 4862 of Proc. of 
SPIE. (July) 

De Keukelaere F., Rogge B. and Van de Walle R., 2001, 
Temporal synchronization of media within MPEG-21 
Digital Items, ISO/IEC JTC1/SC29/WG11 M7728, Pattaya. 

International Council on Archives, 2000. ISAD(G): General 
International Standard Archival Description; Second 
edition, Ottawa 

Martinez J. M., Overview of the MPEG-7 Standard, Technical 
Report, ISO/IEC JTC1/SC29/WG11/N3158, 1999. 

The Library of Congress, 1999. EAD Application Guidelines for 
Version 1.0, http://www.loc.gov/ead/ag/agappb.html. 

The Library of Congress , 2002, Metadata Encoding and 
Transmission Standard, http://www.loc.gov/ standards/mets 
(Feb) 

Waibel G., 2001. “Granular Collections Access. An Information 
Architecture Informed by Standards”, Electronic Imaging & 
The Visual Arts (EVA) 

 
ACKNOWLEDGEMENTS 
 
This research was financially supported by the Fund for 
Scientific Research – Flanders (Belgium). 
 
BIOGRAPHY 
 
In 2001, Jeroen Bekaert received his engineer’s Masters 
degree in Architecture and Urbanism at the Ghent 
University. He obtained a degree summa cum laude on his 
thesis which was entitled “IT and research into 
architectural history”. After his graduation, he has been 
working as a Research Assistant of the Fund for Scientific 
Research - Flanders, Belgium (FWO) at the Department 
of Electronics and Information Systems (ELIS) at the 
Ghent University, Belgium. Currently, his research 
activities are focusing on the description and managament 
of historical archive collections. From April 2003 
unwards, Jeroen Bekaert will be working as a visiting 
research assistant at the Digital Library Research lab of 
the Los Alamos National Laboratories. 



 
 

MY_ELIZA, A MULTIMODAL COMMUNICATION SYSTEM 
 

Siska Fitrianie and Dr. Drs. L.J.M. Rothkrantz 
Data and Knowledge Systems Group, 

Faculty of Information Technology and Systems 
Delft University of Technology 

Mekelweg 4,  
2600 GA Delft, The Netherlands 

email: s.fitrianie@kbs.twi.tudelft.nl 
 
 

 

KEYWORDS 

Multimodal communication, Emotion recognition 

ABSTRACT 

My_Eliza is a computer model for a multimodal 
communication system, a combination of natural language 
processing and nonverbal communication. The 
development of this system is based on a famous question-
answering system - QA system, Eliza (Weizenbaum 1966). 
A human user can communicate with the developed system 
using typed natural language. The system will reply with 
text-prompts and appropriate facial-expressions. In order to 
communicate using a nonverbal facial display, the system 
should be able to process natural language and emotional 
reasoning. A first prototype as a proof of concept has been 
developed that consists of a dialog box, an emotional 
recognizer based on stimulus response, and a facial display 
generator.  
   To implement the dialog box, the work of Wallace, 
A.L.I.C.E (Wallace 1995), has been used as a starting point. 
My_Eliza system has a rule engine that determines current 
system’s affective state as reaction to the user’s string input 
and conversation content. 

INTRODUCTION 

    Recent advances in sensing, tracking, analyzing and 
animating human non-verbal communicative signals, have 
produced a surge of interest in affective computing by 
researchers of advanced HCI. This intriguing new field 
focuses on threefold: computational modeling of human 
perception of affective states, synthesis/animation of 
affective expressions, and design of affect-sensitive HCI. 
Indeed the first step towards an intelligent HCI having the 
abilities to sense and respond appropriately to the user's 
affective feedback is to detect and interpret affective states 
shown by the user in an automatic way. his paper focuses 

on a text based interface but is a first step to a multimodal 
interacting talking face. 
   The way QA systems represent and retrieve information 
is transparent by their memory structure. The memory 
structure functions as the systems’ “brain” and is the 
foundation of the ability level of the system to “speak” in 
human natural language. The QA system retrieves the 
information from its memory and uses syntactic and 
semantic analysis to output a string as an answer to the 
user’s string input.  
   Eliza worked by simple pattern-matching operation and 
substitution of keywords. First, the system identifies the 
"most important" keyword occurring in the user’s input 
string. Next, it chooses an appropriate transformation rule 
and its mechanism. There are two transformation rules that 
are associated with certain keywords. Decomposition rule 
serves to decompose a data string according to certain 
criteria (pattern). Reassemble rule serves to reassemble a 
decomposed string according to certain assembly 
specifications (reply sentence). If Eliza finds a keyword, 
she will pattern-match the string input against each 
decomposition rule for that keyword. If it matches, she 
randomly selects one of the reassemble rules (for that 
decomposition rule).  
 
 
 
 
 
 
 
 
 
 
 
 
 
Figur
keyword: your 
 decomposition rule: * your * 
  reassemble rule: Why are you concerned about 
                   my (2) ? 
  reassemble rule: What about your own (2) ? 
  reassemble rule: Really, my (2) ? 
 decomposition rule: … 
  reassemble rule: … 
. . . 
Example fragment: 
User : What is your name? 
Eliza: What about your own name? 
User : Only your name, please! 
Eliza: Really, my name, please?  
User : Just tell me your name! 
Eliza: Why are you concerned about my name? 
e 1: Example Unit of Eliza’s Memory Structure  
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Finally, Eliza uses a selected reassemble rule to construct 
the reply. The keyword lists, and the list of decomposition 
rules and reassembly rules are constructed in a script, which 
controls all the behavior of Eliza. Figure 1 displays an 
example of one unit Eliza’s memory structure (asterisk sign 
shows that it can contain any words or phrases). 
   The pattern matching operation of the original Eliza still 
has three major problems (Simmons 1970) (1) lack of 
anaphoric analysis, it cannot use previous question-answers 
to keep the continuity of the conversation content and to 
store information about the user, (2) lack of ability to 
restrict the conversation on its topic and (3) lack of ability 
to get the meaning beyond the sentence.  
 
Another limitation of Eliza system is that users can only 
communicate with Eliza by exchanging text prompts. 
However beyond speech, human people can express their 
feelings or thoughts through the use of their body, facial 
expressions, and tone of voice. As indicated by Mehrebian 
(King 1997), it is proved that about 55 percent of the 
emotional meaning of a message is communicated through 
the nonverbal channel, which includes gestures, postures, 
and facial signals. Nonverbal communication is behavior 
other than spoken or written communication that creates or 
represents meaning. Human face-to-face conversation has 
provided an ideal model for designing a multimodal 
human-computer interaction (HCI) (Takeuchi and Nagao 
1993). Characteristics of face-to-face conversation are the 
multiplicity and multi modality of the communication 
channel. Multimodal user interfaces are interfaces with 
multiple channels that act on multiple modalities.     
Conversation is supported by multiple coordinated 
activities of various cognitive levels. As a result 
communication becomes highly flexible and robust, so that 
failure of one channel is recovered by another channel and a 
message in one channel can be explained by another 
channel. This is the basic idea how a multimodal HCI 
should be developed to facilitate realistic human-machine 
interaction.  
   Nowadays, as computer acts as electronic secretaries or 
communication mediators, they become common entities in 
human society  (Elliot 1993; Nakatsu 1999). The capability 
of communicating with humans using both verbal and 
nonverbal communication channels would be essential. 
This will surely make interaction between computers and 
humans more intimate and human-like (Lee 1999; 
Predinger and Ishuka 2001). Face to face communication is 
inherently natural and social for human-human interaction 
and substantial evidence suggest this may also be true for 
human-computer interaction. Using human-like faces as 
means to communicate have been found to provide natural 
and compelling computer interfaces. 
   Eliza has shocked AI community because it gave the 
impression of deep semantic linguistic processing but it was 
in fact based on shallow language processing. Many people 
become emotionally involved with the QA system. 

Automating the recognition of users’ emotion would 
therefore be highly beneficial in order to give a proper user 
reply, both in the verbal channel and in the nonverbal 
channel. In recent advances of QA systems, facial 
expression recognition and adapting life-like agents open 
up the possibility of automatic emotion recognition from 
user interaction in conversation between human and 
computer. Emotions are an essential part of human lives; 
they influence how human think and behave and how 
human communicate with others, and facial displays are 
human primary means of communicating emotion (Schiano 
et.al. 2000). However, there are only a few researches 
involving research on human emotion recognition, because 
it is difficult to collect a large amount of utterances that 
contain emotion (Nakatsu et.al. 1999). Only a few of them 
work in recognizing emotion from text and none of them 
work in facilitating emotion recognition in a QA system. 
Moreover, the interpretation of emotion eliciting factors is 
strongly situation and culture dependent (Wierzbicka 1999) 
   As a first step in achieving automatic analysis of human 
behavior and face-to-face communication, automated 
emotion recognition in human conversation between the 
users and a QA system has been investigated. This paper 
discusses the results of the research, which ensued in the 
development of the my_Eliza – an advance version of the 
original Eliza. My_Eliza was aimed at the design and 
establishment of a QA system of a semi automated emotion 
recognition from human user written conversation. A user 
or client can communicate with the system using typed 
natural language. The system will reply by text-prompts 
and appropriate facial-expressions.  
   The problem of automating emotion recognition and 
generating appropriate nonverbal facial displays on a QA 
system as defined in this research comprises into three sub-
discussions: (1) automatic generation of system’s reply text 
prompts with ability of anaphoric analysis and ability to 
respond the conversation based on its topic (2) semi 
automatic emotion recognition of user’s affective state and 
its intensity, and (3) automatic facial display selection from 
a facial expressions database based on emotion analysis.  
   In conversation, my_Eliza displays two kinds of 
emotional expressions: first, related to stimulus response 
when she hears the utterance and second, related to 
cognitive processing when she realizes the situation and the 
conversation content to convey her reply sentences. 

NATURAL LANGUAGE PROCESSING 

Nowadays, a QA system is also called chatterbot - a short 
for “chatter” and “bot” (Laven 1996), spreading in Internet. 
Bot is short for “robot”. A.L.I.C.E is an example of this 
class of programs. Tackling the three limitations of Eliza 
above, Wallace proposed to expand memory structure using 
an extended-XML (Extensible Markup Language) script 
specification for programming the memory structure for a 
QA system, called AIML (Artificial Intelligence Markup 



Language) (Wallace 1995). The most important AIML units 
are (Bush 2000):  
• <aiml>, the tag that begins and ends an AIML 

document.  
• <category>, the tag that marks a "unit of knowledge" in 

the system’s memory structure.  
• <pattern>, the tag that contains a simple input pattern 

rule that matches what a user may type. 
• <topic>, the tag that contains current conversation 

topic pattern rule. 
• <that>, the tag that refers to system’s previous reply as 

a history pattern rule.  
• <template>, the tag that contains the response to a user 

input.  
In Eliza, <pattern> tag part is namely the decomposition 
rule and <template part> tag is the reassemble rule. Figure 2 
displays an example of A.L.I.C.E’s memory units in a topic 
about name. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 2: An Example of A.L.I.C.E’s Memory Units 
 
<set> and  <get> tags are used to store information during 
conversation. A.L.I.C.E has much more possibilities of 
reply sentences based on their topic and history. Using 
AIML gives the possibility to create new content by a 
dialog analysis.  
   The matching operation is word-by-word, not category-
by-category. The algorithm searches the best match pattern 
by ensuring that the most specific pattern matches first 
basically it finds the longest pattern matching an input.  If 
there are two identical patterns but the later contains the 

same <that> tag, then it will take precedence over the other 
categories, if inside <that> tag matches the previous 
response. Any categories that are contained within a 
<topic> tag will be searched first if the current topic 
matches it. If neither of above is true, there is a default 
category with <pattern>*</pattern>. We used this AIML 
schema to build my_Eliza’s memory structure.  

NONVERBAL COMMUNICATION  

This section deals with emotion reasoning and facial 
display generator. The main goal here is to explore the 
issues of design and implementation of a nonverbal QA 
system that could recognize the user’s emotion and show a 
proper facial display accordingly.  In general, three steps 
can be distinguished in tackling this issue: (1) define which 
and how many emotions can be recognized by the system, 
(2) define mechanisms for extracting emotion-eliciting 
factors in the observed text prompt, which devise the 
categorization mechanism and the emotion interpretation 
mechanism, and (3) define some set of categories of 
emotions that we want to use for facial displays 
classification and facial displays generation mechanism.  

<category> <that>*</that> 
<pattern>WHAT IS YOUR NAME</pattern> 
<template>My <set_topic>name</set> is 
<bot name=”name”>.</template>  
</category> 
 
<topic name="NAME"> 
<category><that>MY NAME IS *</that> 
<pattern>CAN I CALL YOU *</pattern>  
<template><random> 
<li> <star/>? Huh! Like I’ve told you my name 
is <bot name=”name”>.</li>  
 <li> You can call me whatever you like</li>  
</random> </template>  
</category> 
 
<category><that>MY NAME IS *</that> 
<pattern>I HATE *</pattern>  
<template><random> 
<li> I don’t care, you can only call me, 
<bot name=”name”>.</li>  
  <li> Why? A sad memory perhaps?</li> 
</random> </template>  
</category> 
</topic> 
… 
Example fragment: 
User : What is your name? 
Alice: My name is Alice 
User : Can I call you Madonna? 
Alice: Madonna? Huh! Like I’ve told you my name
is Alice. 
User : I hate that name. 
Alice: Why? A sad memory perhaps? 

   Currently, the interpretation of the emotion-eliciting 
factor is still semi automatic since we assume to use the 
memory structure approach of Weizenbaum’s or Wallace’s 
pattern matching operation. The memory structure of this 
approach does not store the semantic meaning of the text. It 
needs human intervention to interpret the affective semantic 
meaning.  

EMOTION CLASSIFICATION 

How many and what kind of emotional expressions are to 
be treated in a QA system are interesting but difficult 
issues. In this research we investigate three classification 
methods:  
1. Reddy’s (Reddy 2001) basic emotions: every emotion 

is either pleasant or unpleasant and every emotion has a 
varying intensity regarded as either shaping one’s goals 
or reflecting one’s goals. 

2. Ekman and Friesen’s (Ekman and Friesen 1975) seven 
universal emotions: neutrality, happiness, sadness, 
anger, fear, disgust, and surprise, in terms of facial 
expressions and mainly concentrated on primary or 
archetypal emotions, which are universally associated 
to distinct expressions.  

3. Ortony, Clore and Collins theory’s twenty-four 
emotions (Elliott 1993b) (OCC’s theory 1988, see table 
1). It is based on grouping human emotions by their 
eliciting conditions events, their consequences of their 
action, and their selections of computational 
implementation. They are resulted in three branches: 
(1) Attraction relates to emotions that are arising from 
aspects of the object, (2) Consequences of event relates 
to reaction of others’ fortunes and (3) Attribution 
relates to approval of self or other.  In addition, there is 



a compound class that involves the emotions of 
gratification, remorse, gratitude and anger. 

 
Table 1: Twenty-four OCC’s Theory Emotion Types 

Name and Emotion Type 
Joy: pleased about an event 
Distress: displeased about an event 
Happy-for: pleased about an event 

e for another desirabl
Gloating: pleased about an event 

e for another undesirabl
Resentment: displeased about an event 

 for another desirable
Sorry-for: displeased about an event 
undesirable for another 
Hope: pleased about a prospective 

rable event desi
Fear: displeased about a prospective 
undesirable event  
Satisfaction: pleased about a confirmed 

ble event desira
Relief: pleased about a disconfirmed 

nt undesirable eve
Fears-confirmed; displeased about a 

sirable event confirmed unde
Disappointment: displeased about a 
disconfirmed desirable event 
Pride: approving of one’s own act 
Admiration: approving of another’s act 
Shame: disapproving of one’s own act 
Reproach: disapproving of another’s act 
Liking: finding an object appealing 
Disliking: finding an object unappealing 
Gratitude: admiration + joy 
Anger ch + distress : reproa
Gratification: pride + joy 
Remorse: shame + distress 
Love: admiration + liking 
Hate: reproach + disliking 

 
Since classifications of some emotion eliciting factors are in 
a gray area, in this research, we add one emotion type: 
uncertainty. 

Emotion Eliciting Factor Extraction 

Most of developed systems that are able to devise emotion-
eliciting factor information still need manual human 
intervention. Following three experiments dealing with 
representing and extracting emotions’ information on the 
system’s memory structure and how we map them in 
my_Eliza: 

Emotive Lexicon Dictionary Look-up Parser.  

This approach uses a list of lexicons associated to different 
type of emotions. Those lexicons, which are composed by 
words or phrases, are selected from the way human people 
expresses their feelings with its intensity. The system uses a 
shallow word matching parser to extract affective state from 
the context. Elliott (Elliot 1992; Elliot 1993) used this 
approach for his model of a multi-agent world where each 
agent is able to reason about emotion episodes that take 
place in one another’s lives. He used an extended base 
lexicon of spoken phrases that includes 198 emotion words 

associated with twenty-four OCC’s theory emotion types. 
Those words describe relationship, mood and emotional 
intensity. Each emotion type has a set of eliciting 
conditions. When the eliciting conditions are met, and 
various thresholds have been crossed, corresponding 
emotions result. The system applies minimal the detection 
of user’s emotional inflection. Using this approach, it 
allows the user to teach the computer keywords in a new 
vocabulary relatively quickly and the system remains 
understandable no matter in which context the user is.  
   My_Eliza uses this approach to extract emotion-eliciting 
factor information in the text prompt in the conversation 
both of the user’s string input and the system’s reply 
sentence. Since the first prototype is dedicated as a “proof 
of concept”, only six universal emotion types (Ekman’s) 
will be used in emotive lexicons classification instead of 
twenty-four OCC’s theory emotion types. We define six 
dictionaries containing lexicons in the following form: 
[<lexicon>: <intensity value>] with <intensity value> is an 
integer value [1..3].  
   We also define six affective counters C for each emotion 
type. The parser parses the sentence word-per-word against 
the dictionary. If it finds the same emotive lexicon in the 
dictionary, it will calculate the counters using following 
equations: 
 

∀ Lexicon li ∈ di |Ci(t) = Ci(t-1) + Ii . s ; (1) 
 ∀ j ≠ i | Cj(t) = Cj(t-1) - distance[j, i] 
 
where i = active emotion type, I = intensity level, s = 
summation factor and j = {happiness, sadness, anger, fear, 
disgust, surprise} 
   For the first prototype we use Hendrix and Ruttkay’s 
distance values between expression emotions (Hendrix and 
Ruttaky 1998) shown in table 2 for the distance[j,i]. The 
result of this calculation is the candidate of affective state 
both for the user and the system, which is taken from the 
emotion type with the highest level of all counters. 
 

Table 2: Distance Value Between Emotions 
 Happiness Surprise  Anger Disgust Sadness 

Happiness 0 3.195 2.637 1.926 2.554 
Surprise  0 3.436 2.298 2.084 
Anger   0 1.506 1.645 
Disgust    0 1.040 
Sadness     0 

Emotive Labeled Memory Structure Extraction 

This approach labels each unit of memory structure with 
one or more of the emotions types.  Most of the examples 
for systems using this approach are automatic story telling 
systems and automatic digitizer for cartoon movies. Each 
dialog sentence of each actor is labeled with an emotion 
type and decomposed in its phonological representation. 
Therefore, the system can show appropriate intonation and 
nonverbal display when it reads the dialog. (Pelachaud et.al. 
1994) used it in their research by assuming the input as a 
file containing an utterance already decomposed and 



written in its phonological representation with its prosody 
in its bracketed elements. At each input, it specifies the 
desired affectual parameters and their intensity. Using this 
approach means to sidestep the issue of emotion 
recognition. The modeling of affect is not meaning based 
and it needs human manual work to label each memory 
unit.  
   We label my_Eliza’s memory structure by adding two 
additional tags in AIML schema: <affect> tag that labels 
the user’s affective situation and <concern> tag that labels 
the system’s reaction situation. Inside those two new tags, 
based on Reddy’s basic emotion we define four-possibility 
emotive situation type: (1) positive “+”, (2) negative”-“, (3) 
joking “#”, and (4) normal/any “*”. Figure 3 (below) 
displays an example of my_Eliza’s memory structure units. 
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Table 3: Example of Fragment in Positive Situation 
User: What is your name?  

 
 
My_Eliza 

 
 
 
My_Eliza: 

Your name is lovely. 

User: My name is Eliza.  
 
 
My_Eliza 

 
 
 
My_Eliza: 

Your name is lovely also! 

 
Table 4: Example of Fragment in Negative Situation 

User: What is your name?  
 
 
My_Eliza 

 
 
 
My_Eliza: 

My name is Eliza. 

User: I hate your name.  
 
 
My_Eliza 

 
 
 
My_Eliza: 

Why? Bad memory perhaps? 

User: Your name reminds 
me to my enemy. 

 
 
 
My_Eliza 

 
 
 
My_Eliza: 

Mind that, what is yours? 

 
   Using extra two tags, my_Eliza has the possibility to have 
a bigger memory structure than A.L.I.C.E. In matching-
operation algorithm, the memory structure with the same 
situation type will be checked first. If none of them is 
matches, the system picks a category with a normal 
situation type (*). 
 

Goal Based Emotion Reasoning.  

This approach sets some goals, principles, preferences and 
moods in the system. Extraction emotion-eliciting factors 
leading to emotions falls into four major categories: those 
<category> <affect name=”*”> 
<pattern>WHAT IS YOUR NAME</pattern>  
<that>*</that> 
<template><think><setconcern>+</setconcern> 
  <setaffect>+</setaffect></think>My  
  <set_topic>name</set> is <bot name=”name”>.
</template> 
</affect> 
</category> 
 
<topic name="NAME"> 
<category> <affect name=”*”>  
<that>MY NAME IS *</that> 
<pattern>YOUR *</pattern>  
<template><random>  
 <li><think><setconcern>#</setconcern> 
  </think>Your <star/> also!</li> 
 <li><think><setconcern>+</setconcern> 
  </think>Mind that, what is your name?</li> 
</random> </template>  
</affect></category>  
 
<category> <affect name=”*”>  
<that>MY NAME IS *</that> 
<pattern>I HATE YOUR *</pattern>  
<template><random>  
 <li>><think><setconcern>-</setconcern> 
  </think>Why? A bad memory perhaps?</li>  
 <li>><think><setconcern>-</setconcern> 
  </think>Why?</li>   
</random> 
<think><setaffect>-</setaffect></think> 
</template>  
</affect></category>  
 
<category> <affect name=”-”>  
<that>MY NAME IS *</that> 
<pattern>YOUR *</pattern>  
<template>  
 <li><think><setconcern>+</setconcern> 
  </think>Mind that, what is yours?</li> 
 <li><think><setconcern>-</setconcern> 
  </think>Don’t be a witty!</li> 
</random> </template>  
</affect></category>  
</topic>  
re 3: Example of My_Eliza’s Memory Structure Units 

 the memory structure units in figure 3, we expect 
liza is able to converse with human user in positive 
ion (table 3) and in negative situation (table 4). 

rooted in the effect of an event on the goal of the system, 
those rooted in the standard and principle invoked by an act 
of the user, those rooted in tastes and preferences with 
respect to an object (including the user treated as an object), 
and lastly a selected combination of the first three 
categories. Another way to view these categories is that 
they are rooted in the system’s assessment of the 



desirability or undesirability of some event, the 
praiseworthiness or blameworthiness of some act, the 
attractiveness or unattractiveness of some object, or 
selected combinations of these assessment. (Elliot 1993b) 
also used this approach for his model to simulate social 
interactions between agents in incorporated models of 
individual affect and personality.  Each agent interprets 
situations that are characterized in terms of the way they 
may or may not meet the eliciting conditions of emotions.    
Agents use a case based heuristic classification system to 
reason about the emotions of other agents’ personalities that 
will help them to predict and explain future emotion 
episodes involving observed agents. Embodied in the 
simulation system, Elliott used a set of rules for the 
mapping from four categories emotion-eliciting factors 
above into twenty-four OCCs theory emotion types.  
 
Mapping to my_Eliza, we define the system’s goals, 
affective status and preferences (GSP) while she converses 
with the user. Several goals of my_Eliza are: 
• Answering questions – if the user asks something, 

my_Eliza’s goal is to answer it. 
• Persuasive agreement – if the user persuades to do 

something or invites my_Eliza to do something, 
my_Eliza’s goal is to show whether she agrees or not. 

• Topical focus – to keep on conversing on the same 
topic and beware if it is changing. 

• Explanation statements – to reply the user’s statements 
that require specification and explanation. 

• Reflecting feeling  - to keep consistent with the user’s 
current affective state. 

• Alignment  - to keep consistent with the system’s 
current reaction affective state (system’s status) and 
system’s preferences. 

   The system recognizes the dialog using a dialog scheme 
adopted from (Carletta et.al. 1995). By distinguishing the 
by distinguishing a dialog state as a certain dialog act like a 
question, statement, acknowledgement, or pause, the system 
has to know which goal to pursue. Whether a certain goal is 
appealing or not appealing may influence the system’s 
affective state. We also define my_Eliza’s preference as the 
personal data about the system and can be used during 
conversation, for example: her name, birthday, the things 
she likes or hates, and so on. To be fair, using <set> tag the 
system also stores the user’s personal data during 
conversation, for example the user’s name, birthday, 
favorite stuff, personal data about family and so on. These 
data about system’s GSP and user’s personal data can be 
used for pragmatic analysis when the system constructs the 
reply sentence and defines its current affective status. 

Emotion Recognition 

   For the activation of an emotion, (Elliot 1993a) proposed 
the use of threshold values by counting all associated 
elicitation factors, the excitatory (positive) and inhibitory 

(negative), from other emotions. They used an activation 
level range [0, max] where max is an integer value 
determined empirically. All emotions are always active, but 
their intensity must exceed a threshold level before they are 
expressed externally. The activation process is controlled 
by a knowledge-based system that synthesizes and 
generates cognitive-related emotions in the system.  
   We define six affective thermometers classified by six 
Ekman’s universal emotion types. These thermometers 
observe the affective state of the system as reaction to the 
user’s string input and the dialog content – the system’s 
reaction affective state. If an emotion is active, the system 
calculates all of thermometers T, with the following 
equations: 
 

Ti(t) = Ti(t-1) + Ii . s     (2) 
     ∀ j ≠ i | Tj(t) = Tj(t-1) - distance[j, i] 
 
   Where j = {happiness, sadness, anger, fear, disgust, 
surprise}, i is  an active emotion type, s is a summation 
factor and  I is the intensity. We again use Hendrix and 
Ruttkay’s distance values to calculate those equations. The 
system takes the highest degree of all thermometers as the 
most dominant emotion. 
   To determine the system’s affective state we formulate 
two knowledge based systems: (1) determines the system’s 
reaction affective state as stimulus response to the user’s 
input string and (2) determines the system’s reaction 
affective state as the result of cognitive process of the 
conversation content to convey its reply sentence. We have 
defined a set of rules that specify the emotion recognition 
process of the system. We call these rule-sets preference 
rules, since they indicate preferences to exhibit system’s 
“preference” reaction affective state rather than performing 
explicit actions, such as facial displays. Every rule in the set 
defines conditions of emotion eliciting factors and the 
affective thermometers to activate the rule and a preference 
that is expressed upon activation. The result from each 
knowledge-based system is one of twenty-four OCC’s 
theory emotion types with addition of two emotion types: 
normal and uncertainty, for example: 
 
1. Preference rule for stimulus response: 
This rule will fire the preference first reaction joy if the 
following conditions are met: 
• user is happy, 
• user asks question, 
• situation type of user is not negative, 
• current maximum system’s affective   
• thermo is happy. 
In this case my_Eliza will answer any questions from the 
user joyfully, because she enjoys the situation and she met 
the goal: making the user feel happy. 
 
 



 

 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 4 My_Eliza’s blackboard system 

Blackboard system
Input
string

Emotive Lexicon
Dictionary

Reply with
facial display

Facial
Expression
Dictionary

Facial
Selection

Intensities
Analysis

(Thermometer)

Facial Display Construction Layers - FDC Layers

First reaction
facial display

Emotive Lexicon
Dictionary Parser

User Affective State Analysis

Emotive Labeled Memory
Structure Extraction

Concern of the Other
Analysis

Cognitive Reasoning
Based System's GSP

Affective Attributing Analysis

Affective Knowledge Bases

Natural Language Processing Layers - NLP Layers

Parser
Lexical

Analysis

Words/
Phrases List

Conversation
History

Pattern Rules List
(system's memory structure)

User Personal
Database

System' GSP
Database

Wrap
ProcessPragmatic Analysis

User Preference
Analysis

Cognitive Reasoning
Based System's GSP

 Syntactic - Sematic Analysis

Anaphoric
analysis

Topic
Maintenance

Repetition
Recognition

Pattern
Matching

 

2. Preference rule for cognitive process: 
This rule will fire the cognitive processed preference 
resentment if the following conditions are met: 
• user is sad,  
• system’s reply is sad, 
• situation type of user is joking, 
• situation type of the system is negative, 
• current maximum system’s affective  
• thermo is sad. 
Here my_Eliza does not like the user makes a joke while 
she feels sad. 

Facial Display Generator 

In most of the works in facial display generation are used 
one to one corresponding facial display and emotions, 
distinguished by intensity (Elliot 1993, Prendinger and 
Ishiuka 2001). The other works used the correspondence 
between communication. 
categorization and Ekman & Friesen’s Facial Action 
Coding System (FACS) (Takeuchi and Nagao 1993) and 
between emotions with FACS (Pelachaud et.al. 1994). 
FACS is a notation to describe visible facial expression 
based on anatomical studies; how a feature is affected by 
specifying its new location and the intensity of changes. For 
the first prototype we use one to one corresponding facial 
display and emotion. We use twenty-two smiley nonverbal 
facial display classified by eight emotion types (neutrality, 
happiness, sadness, anger, surprise, fear, disgust and 
uncertainty) and three level of intensity (LOW, MEDIUM, 
HIGH) except for neutrality. Since the system’s reaction 
affective state may be one of twenty-four OCC’s theory 
emotion types we cluster every those emotion types into six 
Ekman’s universal emotion types. We cluster normal into 
neutrality 

DESIGN 

The architecture of my_Eliza is illustrated in figure 4, 
which takes the idea of message passing on a blackboard 
system. The message flow and message process are always 
on the blackboard. If a new message comes, it will be 
analyzed, synthesized, and the result will always be put 
back on the blackboard. In my_Eliza, the message is the 
user’s string input and the results are the reply sentences 
and facial displays. My_Eliza works by the following steps: 
 
1. Generating a stimulus-response nonverbal signal 
• User types a string input and puts it on the blackboard 

system. 
• The Parser parses the input into words and puts it on 

the list on the blackboard system. 
• The Lexical Analysis layer normalizes the string input 

by eliminating incorrect or incomplete words or 
phrases and checking relations between words or 
phrases. This layer puts the result on the blackboard 
system. 

• The Affective State Analysis layer activates its two sub 
layers: Emotive Lexicon Dictionary Parser and 
Emotive Labeled Memory Structure Extraction. The 
Emotive Lexicon Dictionary Parser layer identifies the 
emotive lexicons from the user’s input and the reply 
sentence (after the system has constructed the reply 
sentence). The Emotive Labeled Memory Structure 
Extraction layer extracts the label from the system’s 
memory unit. Those results are put on the blackboard 
system.  

• The Syntactic-Semantic Analysis layer performs a 
pattern matching operation based on the user’s string 
input pattern to add the user’s affective information on 



the blackboard system. In this step, the system starts to 
work in parallel with the process to construct system’s 
reply sentence. As a result, Syntactic-Semantic 
Analysis layer performs pattern-matching operation to 
generate system’s reply sentence and puts its candidate 
on the blackboard system. 

• The Affective Attributing Analysis layer activates its 
sub layer, the Concern of the other Analysis layer, to 
perform emotion-based reasoning to deliver current 
system’s reaction affective state and put it on the 
blackboard system. This analysis based on stimulus 
response and directly related to the user’s input string. 

• The Intensity Analysis layer processes the message and 
calculates the current system’s affective 
‘thermometers’ and puts the calculation result on the 
blackboard system. 

• The Facial Selection selects my_Eliza’s facial display 
and puts the selection on the blackboard. 

• The Wrap Process delivers and displays my_Eliza’s 
stimulus-response facial display or the first facial 
display. 

 
2. Constructing the candidate of reply sentence and 
generating a cognitive-processed facial display: 
• The Pragmatic Analysis layer processes the candidate 

reply sentence and puts the result on the blackboard 
system. This layer reviews the candidate of reply 
sentence whether it violates user’s preference and/or 
system’s goals, status and preferences – system’s GSP. 
If it does, the result will be sent back to the Syntactic-
Semantic Analysis Layer to get new a reply sentence.  

• The Affective Attributing Analysis layer activates its 
sub layer, the Cognitive Reasoning layer, to perform 
emotion-based reasoning to deliver current system’s 
reaction affective state and put it on the blackboard 
system. This analysis is based on cognitive processing 
of system’s GSP, system’s reply sentence and user’s 
affective state. 

• Again, the Intensity Analysis layer processes the 
message and calculates the current system’s affective 
‘thermometer’ level. This layer also puts the result of 
calculation on the blackboard system.  

• The Facial Selection selects my_Eliza’s facial display 
and puts the selection on the blackboard. 

• The Wrap Process delivers and displays my_Eliza’s 
reply sentence and cognitive-processing result facial 
display. 

IMPLEMENTATION 

There are three incremental implementation layers: (1) 
create a dialog box that can engage in human conversation 
based on typed natural language and recognize the user’s 
affective state and the system’s reaction affective state, (2) 
build a stimulus-response of facial displays based on 
spontaneously spinal brain reasoning on user’s string input, 

(3) build a cognitive processor of facial displays based on 
anaphora analysis, pragmatic analysis, dialog content and 
system’s goals, status, and preferences. 
   Currently, we are in the second implementation layer and 
the result is called my_Eliza prototype-1. We use Program 
D A.L.I.C.E (Wallace 1995) as a starting point to build 
my_Eliza’s dialog box. Program D A.L.I.C.E is written on 
Java Development Kit version 1.3 and XML, therefore we 
use a compiler and classes contained in the same languages 
for my_Eliza prototype-1. My_Eliza’s dialog box contains 
many packages most of them derive from Program D 
A.L.I.C.E. This program has provided a robust client server 
and multi user communication.  Therefore, My_Eliza is also 
controlled by a collection of autonomous client-server 
communication via TCP/IP. The user can communicate 
with my_Eliza’s server through the HTTP server. 
My_Eliza’s server provides the blackboard system. 
My_Eliza  uses the Java expert system shell (Jess) for 
affective attributing knowledge based system shell 
(Friedman-Hill 2000). 
   Currently, my_Eliza prototype-1’s emotive lexicon 
dictionary contains: 48 lexicons for happiness, 170 lexicons 
for sadness, 34 lexicons for surprise, 33 lexicons for fear, 
93 lexicons for disgust, and 69 lexicons for anger. This 
prototype has 1953 categories in its list of pattern rules. Its 
affective knowledge bases contain 77 preference rules of 
stimulus response knowledge base and 151 preference rules 
of stimulus response knowledge base. We can add these 
databases and knowledge bases easily even while the server 
is still running. so we can build the system’s knowledge 
base incrementally.. Figure 5 displays the main page of 
prototype-1 when she felt sorry-for the user’s misfortune.  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 5: My_Eliza Prototype-1 Main Page 



CONCLUSION 

Surveying the literature about the emotion recognition 
process leads to the conclusion that none of the research is 
particularly in the work of recognizing emotion in a QA 
system. However, from the work of researchers in the fields 
of multi agents system, emotion recognition from human 
speech intonation, automated character animation system 
and communicative facial display system, could give 
inspiration which allows us to fit in our approach with the 
fields. However from most of the work still need human 
manual intervention.  A pragmatic advantage of using 
AIML form and preference rules to exhibit system’s 
behavior is that the systems’ memory structure and its 
behavior can be extended easily. One of future works in this 
research is to extend the rule-sets in system’s affective 
knowledge bases. Current rule-sets that we have 
implemented in the system do not know the correlation 
emotion of current dialog and the emotion of entire 
conversation content. The rules-sets could also be made 
temporal. We can make specific rules for the opening of the 
conversation, during discussion or the end of the 
discussion. By adding more emotion eliciting-factors in the 
rule-sets, extra rules are needed for new eliciting factors.  
   Additionally the server interface should have extended 
functionality to show the thinking process of the system. 
Realistic virtual environments not only include believable 
appearance and simulation of the virtual world but also 
imply the natural representation of participants. That can be 
fulfilled by visualization of human character embodiment 
with animation. Moreover, using more possible facial 
displays, the system is able to convey many different kinds 
of emotion as different social situation arise. It needs to 
explore several ways so that real-time, animated, and virtual 
human characters can be given more intelligence and 
communication skills, therefore they can act, react, make 
decisions, and take initiatives. In a similar fashion, the 
system should be able to communicate with a broad range 
of conversation topics and it should be able to visually 
support these conversations with an equally broad range of 
emotion and expressions behaviors. The system also should 
have the ability to learn from conversation history. These 
additions to the system will be valuable assets to add new 
memory structure units and to add rule-sets of the system to 
generate its affective knowledge bases autonomous. 
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Abstract:  
In this paper, we present the latest development of an 
emotion extraction engine used for real-time internet text 
communication. Real time expressive communication is 
important as it provides aspects of the visual clues that 
are present in face-to-face interaction not available in 
ordinary text-based communications. In former papers, 
we demonstrated a text-to-emotion engine that can 
analyse the emotional content present in a real-time chat 
environment and can deliver the emotional parameters 
necessary to invoke an appropriate expressive image. In 
this paper, we present a quick and user-friendly method 
to generate the necessary expressive images. Images can 
be generated for six emotion categories from one original 
neutral image. In each category, three different emotion 
intensities can be achieved. Users only need to provide a 
single default image, define six control points and two 
control shapes to generate all the images. This paper also 
presents the preliminary findings from a series of 
experiments that have been carried out to test the 
efficiency of our expressive image generator. 
 
Keywords: Emotion, Expression, Warping, Morphing. 

1 Introduction 
 
Emotion research can be traced back to 500BCE, Heraclitus 
(the Greek philosopher of the late 6th century BCE) who 
concluded that the emotional state is characterised by a 
mixture of expressive body parameters [1].  
 
Communication of emotions through facial expression is an 
active research area. Darwin and other recent contemporary 
researchers such as Buck [2] and K. Dautenhahn [3] have 
shown great attention to this area. 
 
With the rapid development of Computing and Internet, 
research on of emotions is associated with research on 
computer networks, for example the “Affective 
Communication” [16],   “Computational Emotions” [17] 
projects, and our emotion extraction engine.  
 
The emotion extraction engine, can analyse user input in the 
form of text sentences, has been developed and is presented 
in detail in [4]. Sentences are analysed in real-time for 
emotive content and the emotion is represented by an 
appropriate facial expression displayed automatically. In 

paper [5], a series of experiments that were carried out to test 
the performance and the effectiveness of the engine are 
described.   
 
The experiment results in [5] show that most users prefer an 
online chatting interface that includes text with expressive 
images than text alone. The challenge is how to generate 
expressive images for all users in a fast and friendly way 
without individuals having to resort in taking many 
expressive photographs.   
 
To solve this challenge, we report here the development of 
the expressive image generator discussed in detail in this 
paper. 
 
Finally, we have carried out tests for assessing the 
performance of the expressive image generator. The first test  
assesses the correct recognition of the expressive images 
without any text information; the second test assesses the 
effective recognition of the expressive images including text 
information. 
 
This paper is organised as follows. In section 2 the emotion 
extraction engine is reviewed. In section 3 the background 
knowledge of image generation is discussed. In section 4 the 
motion image generator is described in detail. In section 5 
the test strategy for the expressive image generator is given.  
Section 6 illustrates possible applications using the engine. 
Finally in section 6 conclusions are given. 

2 Emotion extraction engine 
An emotion extraction engine that can analyse user input in 
the form of text sentences has been developed. When 
emotional content is detected the engine will send the 
parameters needed for selecting the expressive images across 
the network. When receiving side engine receives the 
parameters, the corresponding expressive images will be 
selected and displayed. In this way, the transmissions of 
images are avoided since the only data transmitted over the 
network is the text parameters. As a result the bandwidth 
requirement is extremely low. 
 
The emotion extraction engine includes two sub-systems: the 
emotion analysis system and the expressive image generator. 
The emotion analysis system includes three parts: input text 
analysis, tagging system and parser. A general description is 



presented here. For detail information, please refer to [4] and 
[5]. 
  
The working flow of the emotion analysis system is shown 
in figure 1. 
 
 
 
 
 
 

 

 

 

Figure 1: The working flow of the emotion analysis 
system 

• Input  analysis function 
Users' text input is sent from the user interface to the input 
analysis function. The engine analyses only one sentence at a 
time.  The input analysis function will replace all 
punctuation with pre-defined characters and send the 
analysed sentences to the tagging system.   
 
• The tagging system 
The word analysis function splits the sentences from input 
analysis function into words and searches the tagged 
dictionary to find the corresponding tag category. The 
outputs include the word category and the emotional tag.  
 
Daily communications involve about two thousand words 
[6]. In order to identify the words, a special designed 
dictionary was set up. In this project, a database containing 
16400 words was used. The database includes three fields: 
word, category and emotional tag. The category field 
contains the corresponding word category (noun, verb, 
adjective etc) and the emotional tag field describes whether 
that word belongs to one of the six emotion types.  
 
Unlike tagging methods used in some existing systems, e.g., 
BNC [7] and Brown Corpus [8], the entire word is 
appropriately tagged in the dictionary in order to keep the 
response time to a minimum. 
 
• Parser 
Receiving the output from the tagging system, the parser 
will try to identify the emotion content. The parser's analysis 
is accomplished through the use of rewrite rules and tree 
representations [9]. According to pre-defined rules, the 
parser will search for the current emotional words, the 
person to whom the emotional words refer to and the 
intensity of the emotional words. The parser’s outputs are 
the emotional parameters and are sent across the network. 
 
• Expressive images 
The output from the parser will be sent out through the 
network to related users. When receiving the output, the 
corresponding expressive images are selected from a 
database and displayed.  

3 Expressive image generation 
background 
• Universal Expressions 
Research in facial expression has concluded that there are six 
universal categories of facial expressions that are recognised 
across cultures [10]. The categories are happiness, sadness, 
anger, fear, disgust and surprise. Within each of the 
categories, a wide range of expression intensity and variation 
of detailed expressions exists. Our engine requires a set of 
expressive images representing the emotions. 
 
• Existing Expression image algorithms 
To generate expressive images a number of algorithms and 
theories have been developed. The most well known 
algorithms and software include the “Facial Action Coding 
System” [11], "FaceWorks"[12] and "Synthesising Realistic 
Facial Expressions" [13].  
  
The major challenges for these algorithms and software are 
the need to reduce computation time and the development of 
a user-friendly interface. For example, some programs may 
require a database to hold different faces and compare the 
new face with the existing samples. Some programs may 
require users to create a complex model at the face that 
covers almost all the edges of the face. It is difficult for users 
to identify all the points required by the complex model 
accurately and it is not always possible to generate images to 
be used in real time communication systems.  
 
Instead of using a complex model and a heavy burden 
computation algorithm, we developed a simple algorithm 
based on image warping and image morphing. Users only 
need to choose six control points and draw two control areas 
on the original neutral image. Then six images that 
correspondingly belong to the six expression categories will 
automatically be generated and stored for future use. In each 
emotion category, three different emotion intensities are 
achieved. In total eighteen expressive images are generated 
from a default image. 
 
• Image warping 
Image warping is the act of distorting a source image into a 
destination image according to a transformation between 
source space (u,v) and destination space (x,y) [14]. The 
transformation function f() describes the destination (x,y) for 
every location (u,v) in the source. The function is presented 
as follows. 

x=fx(u,v) 
y=fy(u,v) 

The function f() will correspondingly stretch or compress an 
area defined by source space and destination space. 
To apply warping to an image, we may apply the 
transformation function f() to each pixel. The pseudocode is 
shown in figure 2. 

Tagged 
Dictionary                         

 
Tagging system 

query 

Input Analysis 

Word analysis 

Parser 



 
Figure 2: the warping pseudocode 

According to Ekman’s Facial action Coding System [11] and 
PARKE’s Computer Facial Animation [10], a limited 
number of muscles on the faces are responsible for the 
expression generations. For example only four muscles 
contribute to expressing sadness. It is not necessary to 
implement warping for facial expression generation across 
the whole image since most parts of the face remain 
unchanged.  
  
• Image morphing 
Image morphing is an image processing technique used for 
the metamorphosis from one image to another. The usual 
morphing technique is to generate a sequence of intermediate 
images. Those images put together with the original images 
would represent the change from first image to the last [15]. 

4 expressive image generator 
To generate expressive images, users need to upload a 
neutral face image to the expressive image generator. The 
generator is based on the local area warping and morphing 
technology discussed above. The structure of the expressive 
image generator is shown in figure 3. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 3: Expressive image generator structure. 

• Emotion categories 
In reference [10] and [11], 64 action units are defined that 
are responsible for the movement of the face. In this paper, 
we limit the investigation to the facial action units required 
to create expressive images and define the following rules to 
generate the expressive images.  

Happiness: The eyebrows are relaxed, the mouth is wide 
with the corners pulled up toward the ears. 
Sadness: The inner portions of the eyebrows are pulled up 
above the upper eyelid and the mouth is relaxed. 
Anger: The eyebrows are pulled downward and together. 
The mouth is closed with the upper lip slightly compressed 
or squared off. 
Disgust: The middle eyebrows are pulled upward and the 
mouth is slightly opened with the upper lip squared off. 
Fear: Eyebrows are raised and pulled together. The 
eyebrows are bent upward. The mouth may be dropped 
slightly open. 
Surprise: The eyebrows are raised up, the upper eyelids are 
opened and the mouth is dropped open [10]. 
For each expression category, three different emotion 
intensities are calculated.  Based on the above rules, the 
movement of mouth, eyebrows and lips are quantified. From 
low intensity to high intensity, the movement is 
proportionately enlarged also. 
 
• Control Points 
To generate different expressions, start points and finish 
points are required. Users only need to select the start points. 
The finish points are calculated automatically based on the 
user's selection. 
 
After uploading the neutral image to the system, users will 
be guided to select six start points and three control areas. 
The six start points include: left corner of the mouth (LM), 
right corner of the mouth (RM), outer edge of the left 
eyebrow (LOE), inner edge of the left eyebrow (LIE), outer 
edge of the right eyebrow (ROE) and inner edge of the right 
eyebrow (RIE). 
 
The three control areas include the outer edge of the lips, and 
the inner edge of the eyelids for the left eye and right eye. 
These areas will be used in image morphing subsystem. 
 
These parameters will be sent to the image warping 
subsystem to generate the expressive images. 

Collect control 
points 

 
• Image Warping subsystem 

Image warping 
subsystem The image warping subsystem implements the model based 

warping. Instead of interactive manipulation, the model 
based warping subsystem has the advantages of accuracy and 
speed.  Image morphing 

subsystem  
To generate the model, the facial action coding system and 
several different expressive images from different persons 
were analysed. We have named the kernel that generates the 
images the “expression model mask”. The mask is 
constituted by two sets of points. The first set are the points 
selected by users, which is called the start points. The second 
set are the control points of the start points, which is called 
the finish points. The values of the finish points are 
calculated relative to the start points. By applying the masks 
to images of individual faces, corresponding expressions can 
be generated. 

 

Image upload 

 The finish points are calculated as the start points plus an 
integer value that depends on the expression being 



generated. The function to calculate finish points is shown 
below. 

Finish.x = Start.x + a 
Finish.y = Start.y + b 

 
With user-selected points and the calculated finish points, 
The image warping subsystem can generate intermediate 
images. These images are sent to the image morphing 
subsystem. 
 
• Image morphing subsystem 
The weakness of the image warping subsystem is that it can 
not generate new pixels, for example to open the mouth and 
widen the eyes. The emotion fear and surprise require an 
opened mouth and widen eyes. The warping subsystem can 

not achieve this affect. To solve this problem, we 
implemented an image morphing subsystem.  
 
First several different images of mouths and eyes were 
chosen from surprise and fear images. When the morphing 
subsystem receives the intermediate images from the 
warping subsystem, it will replace the mouth and eyes for 
the images belonging to the appropriate emotion categories. 
The mouth and eyes from pre-chosen images are pasted to 
the images. To remove the gaps between the pre-prepared 
images and the intermediate images, a gaussian blur 
operation is applied to the edges.  
 
Examples of expressive images generated by our expressive 
image generator are shown in figure 4.  

Figure 4: Generated expressive images 
 

5 Experiment strategy 
To test the correctness and effectiveness of the expressive 
image generator, two types of experiments were carried out. 
The first was an image only test, in which the test subjects 
view the generated images in isolation. The second type is 
the image plus text test, in which users view the images with 
contextual information. 

Null hypothesis and chi-square test 
The null hypothesis predicted that each of the six expression 
categories would be recognised only at the random level, at 
17%. A recognition rate significantly above this would 
disprove the null hypothesis and prove its inverse, namely, 
that the images were recognised at a significantly greater rate 
than chance, and therefore that expressive image generator 
could be used successfully with the emotion extraction 



engine. The chi-square tests were carried out for both types 
to analyse the null hypothesis. 
 
Image only experiment 
The purpose of this experiment is to test the effectiveness of 
the expressive images themselves. Four people's facial 
images were upload to the image generator, and 18 images 
were generated for each person. The eighteen images belong 
to the six expression categories, each with three images of 
different expressive intensities were created. 
 
A total of 35 students and staff from Bournemouth 
University participated in this experiment. Each subject was 
told to view the images and identify which category of 
emotion each image expressed. The answers to be chosen 
include happiness, sadness, anger, surprise, fear disgust and 
not sure.   
 
The results are shown in table 1. (1, 2, 3 in the x axis 
represents increasing corresponding intensity in that emotion 

category, 1 is the lowest and 3 is the highest. the y axis 
shows the percentage of subjects who identified the emotion 
correctly). 

Result analysis 
For each category of image, the chi-square test is carried out. 
The corresponding obtained values for the six emotion 
categories Happiness, sadness, surprise, angry, fear and 
disgust are 245.3, 456.1, 563.2, 123.4, 245.7 and 156.2. The 
values mean that they are extremely significant p < .01. The 
results show that users did not classify the images randomly. 
 
The intensity increasing in the expressive image generator 
means that the characteristic of the corresponding emotion 
increases. We predicted that users should recognise more 
images correctly with the intensity increasing.  The results 
proved our prediction. From table 1, we also find that the
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Table 1 Results for different emotion categories

the images in the emotion  categories disgust and fear were 
not recognised as successfully as others.  
 
Image plus text test 
A total of 35 students and staff from the Bournemouth 
University participated in this experiment. Each subject was 
told to view a set of 18 pre-selected expressive images, 
which were generated using our expressive image generator. 
Below each image a short sentence was written. For 
example, for a generated "happy" image with high intensity, 
the text is "I am extremely happy". The subjects answer 
whether the image is appropriate to the text or not. 
 
The results are shown in table 2. (In these figures, 1, 2, 3 in 
the x-axis represents the increasing corresponding intensity 
in that emotion category; 1 is the lowest and 3 is the highest. 
The y-axis shows the percentage of the subjects who agree 
that the image is appropriate to the text.) 

Result analysis 
For each category of image, the chi-square test is carried out 
again. The corresponding obtained values for emotion 
categories happiness, sadness, surprise and anger are 8.257, 
24.03, 9.91 and 9.94. Those are extremely significant at p < 
.01.  For categories fear and disgust, the obtained values are 
3.671 and 4.82, which are marginally significant at p<0.1. 
The results show that users did not choose their answers 
randomly. 
This experiment also proved that by increasing expressive 
intensity, more subjects will correctly recognise the 
expressive images.  
It is shown that with text context information, the subjects 
correctly recognised more expressive images than in the first 
test. For emotion categories happiness, sadness, surprise, 
fear, more than 70% images were correctly recognised. For 
emotion categories fear and disgust, on average more than 
60% images were correctly recognised. For all images with 



medium and high intensity, more than 78% are recognised 
correctly.  

 

In this case, the expressive image generator can be 
successfully used together with emotion extraction engine in 
a chatting environment. 
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Table 2: Results for image plus text test

6 Conclusions 
A text based real-time Internet communication system using 
an emotion extraction engine was developed and operates 
successfully. Since only text parameters are transmitted over 
the network, the bandwidth requirements for real-time 
communications is extremely low with the text to emotion 
extraction engine. 
 
From previous experiments in paper [5], we established that 
people prefer using expressive image plus text in the chatting 
environments. The challenge in this paper is how to generate 
the expressive images for each user in real time. 
 
An expressive image generator has been developed 
successfully. The generator can receive an uploaded neutral 
facial image and generate eighteen different expressive facial 
images. The eighteen facial images belong to six universal 
categories: happiness, sadness, disgust, anger, surprise and 
fear. For each category, three images with different emotion 
intensities are archived. 
 
Using the expressive image generator, expressive images for 
each user can be produced in real time and in a user-friendly 
way.  The generator can be used with the emotion extraction 
engine in a number of environments that provide text context 
information e.g. chatting room, story reader and online 
games. The generator's effectiveness may be enhanced with 
improvements to the model: expression model mask. 
Possible refinements include adding more control points and 
more control areas. 
 
The experiments show that by increasing the emotion 
intensity, more acceptable expressive images can be 
obtained. 
 
The test results demonstrate that the generator can create 
acceptable expressive images for a chatting environment 

when accompanied by text labels.  The expressive image 
generator solved the image problem described in paper [4] 
and [5].  
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ABSTRACT

Modern consumer 3-D graphics chips can synthesize pro-
cedural textures at a speed comparable to or even better
than typical CPUs. We propose genetic programming of
vertex shader assembly code for the real-time display and
interactive design of procedural video textures and for the
approximation and artistic abstraction of given static tex-
tures by compact vertex shaders.

INTRODUCTION

Software such as Corel™ (Ex-MetaCreations) KPT Tex-
ture Explorer® has long been used to design 2-D textures
by evolution of programs. The user sees a small set of ge-
netic mutations and chooses from them the genotype for
the next round of mutations. We extend this principle to
employ the programmability of modern off-the-shelf
graphics hardware: Static and animated procedural tex-
tures can efficiently be generated directly on the 3-D chip.
Our software allows evolutionary design of animated tex-
tures based on aesthetic selection by the user and automat-
ic evolution of static textures.

The major contributions of the ongoing work presented
here are:

• Procedural textures are produced via vertex shaders
subjected to genetic programming.

• Animated (not only static) textures are evolved under
human supervision in real time (see Fig. 1).

• A given static texture is imitated by vertex shaders.
This unsupervised process allows artistic abstraction
as well as compact representation of an image (see
Fig. 2).

RELATED WORK

Following the seminal work of Sims (Sims 1991), many
researchers have applied genetic programming (Koza
1989) with human aesthetic selection to art and to graphic
design, including such areas like 3-D morphogenesis and
music generation (Benteley 1999). Abraham’s Genshade
(Ibrahim 1998) evolves RenderMan shaders either with or
without human supervision. In unsupervised mode it tries
to mimic given 2-D images like the Gentropy system by

Wiens and Ross (Wiens 2002, Ross 2002). They mutate
and recombine LISP expressions and employ a set of
quality measures inspired by algorithms for query by ex-
ample in image data bases. Saunders and Gero combine a
genetic art software with a neural network judging the
novelty of a generated picture (Saunders and Gero 2002).
They study the sociology of groups of such agents with
different behaviors.

Thompson and co-workers analyze the performance of the
graphics chip nVidia® GeForce4 Ti 4600™ in general-
purpose applications such as matrix multiplication and 3-
SAT (Thompson et al. 2002). They find that in many
cases the graphics chip outperforms a Pentium® 4 class
CPU.

TEXTURING BY VERTEX SHADERS

The programmabilty of modern graphics chips rests on
vertex shaders (also known as vertex programs) and pixel
shaders (also known as fragment programs). These are

Figure 1: Interactive Evolution of Video Textures

Figure 2: Artistic Abstraction of Static Textures



small programs run on the graphics chip for each vertex or
for each pixel fragment, respectively, being processed.

Pixel shaders are the obvious choice for texture opera-
tions. However, the available graphics cards still offer
only very restricted functionality for pixel shaders. There-
fore, we chose to use vertex shaders to generate textures.

Our prototype supports the nVidia® GeForce3 Ti and Ge-
Force4 Ti class ships. On them, a vertex shader can con-
sist of up to 127 instructions from a set of 21 base types.
Most of them are fully SIMD (single instruction multiple
data), such as the component-wise addition of two vectors,
each consisting of four 32 bit floating point values. A ver-
tex shader has a workspace of 12 write- and readable re-
gisters. The instructions can read from 96 constant re-
gisters and from 16 vertex attribute registers. All of these
registers store vectors of four floating point components.

A vertex shader operation can permute and/or negate the
components of its inputs. Its effect can be limited to a sub-
set of the four components of the output register. Indirect
addressing is possible, but not used here due to its com-
plexity in programming and results.

The evolved shaders only read the 2-D position from the
vertex attributes. In our application, each of the four float-
ing point components of the 96 constants are set to fixed
pseudo-random floating point values between 0.0 and 1.0.
For the evolution of animated textures the constants are
filled with sine and cosine waves of integer frequencies so
that the animation smoothly repeats every second.

To every evolved shader an instruction is appended to use
the content of one of the registers as color of the vertex.
The vertex shader assembler enforces that the vertex posi-
tion be written. Thus, in total we are left with 125 instruc-
tions to evolve freely, see Fig. 3. (On the GeForce3 Ti and
GeForce4 Ti there is no need to sacrifice instructions to
initialize registers within a vertex shader; this is in con-
trast, for instance, to the ATI® Radeon™  9700.)

In order to minimize the number of vertex shader runs, the
software plots a display list of point drawing commands.
The points address pixel per pixel of the buffer. Using
polygons instead of points would drastically increase the
number of vertices needed, although the vertex cache of
the graphics card might lessen this problem. In the inter-
active version the display list is rendered into an offscreen
buffer, which is painted as a texture to fill an arbitrarily
large window with relatively little computation.

GENETIC VERTEX SHADERS

Genetic programming of machine code typically needs
severe restrictions (Harvey et al. 1999) or to take precau-
tion against syntactic errors and against operations that
result in errors or compromise system stability (Kühling et
al. 2002). However, for the vertex shaders of the class of
3-D chips employed here, loops as well as branching are
not available, every operation can digest any input value,
and no output can do any harm to the system. Therefore,
such programs can easily be mutated and recombined as
instruction lists. Their overall structure resembles

Cartesian Genetic Programming (Miller and Thompson
2000).

Genetic Programming is characterized by the fast growth
of functionally superfluous code such as introns (Soule
and Heckedorn 2002). Such code bloat may possess ad-
vantages for genetic operations, especially by protecting
other code against the harmful action of crossover. It is in-
efficient, however, for the evaluation of the evolved pro-
grams.

Therefore, for the rendering of the programs we have im-
plemented an optimization so that all instructions are
skipped which only write into register components not
used at a later stage. Thus, typically about half of the in-
structions are discarded which nearly doubles the rate at
which evolved vertex shaders are converted from assem-
bler code and rendered.

In the interactive application for animated textures, the
user clicks onto the videos to be varied on their own
(mutated) or mixed with others (recombined). To acceler-
ate the interactive search for complex graphical and tem-
poral patterns, we found it helpful to restrict the number
of registers used: Using only three of the twelve available
registers leads to heavy use of former results in later in-
structions and thus to complexity.

For the unsupervised evolution of static textures guided by
an input picture, the result is read back from the graphics
buffer and compared to the input. As a measure for fitness
we use the sum of the mean absolute difference (L1) plus
the maximum absolute difference (L∞).

To use a PC cluster for accelerating the unsupervised
evolution, we let each computer evolve its own popula-
tion; additionally, the PCs exchange genotypes as files on
a shared disk volume. This corresponds to the island mod-
el of multipopulation genetic programming (Fernández et
al. 2003).

!!VP1.1
MOV o[HPOS], v[OPOS];
ABS R4.xy, -c[30].yzxz; 
DPH R4.w, -R11.yyzy, -c[75].wzwx; 
LIT R5.z, c[43].xwzx; 
ADD R9.xyw, v[OPOS].wyxx, c[36].yzwx; 
EXP R11.xyz, -R4.x; 
SGE R3.y, R9.wyww, -c[64].zzwx; 
RCC R0.zw, -R9.w; 
LOG R1.xw, -c[46].w; 
RCC R1.yzw, v[OPOS].x; 
MUL R7.xyw, R11.xyyw, -v[OPOS].xyzw; 
DPH R11.xyz, -R9.zwxy, -c[75].wyzx; 
MAX R0.xz, c[70].zyxw, R9.yzxy; 
// 70 lines deleted from this listing
LIT R10.x, -R10.zxzz; 
SUB R2.xyw, -c[66].wzyz, R10.xyzy; 
DP3 R9.x, -R8.ywzw, R9.xwzw; 
SUB R1.xyw, c[59].xwyy, R9.yxzz; 
DP3 R1.xz, R3.xzxz, -R2.wwxx; 
MAX R0.yzw, -R9.wwzy, -R1.zyxz; 
MIN R0.xzw, c[32].wywz, -R9.yyyy; 
MOV o[COL0], R0;
END#

Figure 3: Assembler Code of an Evolved Vertex Shader



RESULTS

The implementation prototype has been written in C++
with OpenGL™. Our benchmarks for the GeForce4 Ti
4200 show a maximum speed of approximately 474,000
vertex instructions per second (distributed onto several
execution units in the 3-D chip), which is equivalent to
nearly 2 GFLOPS, roughly the processing power of the
vector floating point instructions (so-called SSE) of Penti-
um® III class processors. Simultaneously displaying 20
small animated textures on 64 times 64 vertices and one
large on 256 times 256 vertices, the interactive solution
delivers (depending on the length of the shaders after op-
timization) 30 to 40 frames per second on a PC equipped
with a Pentium® 4 running at 2.5 GHz.

The automatic evolution suffers from the bottleneck that
evolved programs cannot be sent as opcodes to the graph-
ics driver but only as assembler code. The overhead for
building assembler programs and letting the graphics
driver parse them limits the performance for small pic-
tures: At a size of 32 times 32 pixels, we achieve approx-
imately 1200 evolved genotypes per second.

OUTLOOK

Instead of providing time as input to a shader evolved in
real time, one could also use mouse position, motion, the
bass level of a music signal and many other variables. A
novelty detector (Saunders and Gero 2002) may be of
help in the supervised mode. For automatic, unsupervised
evolution, the measurement should mimic human percep-
tion like in (Wiens and Ross, 2002).

When the nVidia® GeForceFX generation of graphics
chips becomes available, we will switch from vertex
shaders to pixel shaders. They will then have similar or
even more programmability features than the recent vertex
shaders. Because pixel shaders employ a larger number of
parallel execution units, we expect the throughput to
double at least.

We hope to be able to formulate physiological measure-
ments as such pixel shaders, not only to speed up the com-
putation but also to skip reading back the generated tex-
tures to the main memory. Such measurement programs
may be found by co-evolution of synthesis and analysis.
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ABSTRACT

This paper proposes low cost implementation of acous-
tic field enhancement dedicatedly for stereo headphones.
This aproach can reduce the computational costs for sig-
nal processing to widen an acoustic field generated through
stereo headphones on the basis of the feature extraction of
the head related transfer function (HRTF). Software im-
plementation are attempted by using a DSP and an em-
bedded RISC processor in order to demonstrate the prac-
ticability of the proposed approach. For both types of
processors, acoustic field enhancement is achieved with
dissipating 50mW. Subjective test results of the generated
sound are also executed.

1. INTRODUCTION

In recent years, a number of approaches are extensively
attempted to attain high fidelity acoustic environments.
Especially, it is said that in the coming mobile era there
will be strong demands to develop such excellent acoustic
fields applicable for mobile computing.
In the audio listening with portable devices, listeners gen-
erally enjoy sounds through stereo headphones. Since
stereo sounds from headphones directly reach to eardrums
of listeners without spatial cues imparted, sound images
are localized inside their heads, and thus listeners are al-
ways suffering from the so-calledlistening fatigues.
To settle this problem, several researches have been per-
formed for the acoustic field enhancement, which por-
tray the sound of a two-speaker system virtually to lessen
the fatigues. Conventional approaches(Rubak 1991; Fu-
jinami 1998; Lake Technology Ltd.), however, incur enor-
mous computations with a huge size of memory, for which
a single chip DSP can hardly execute the whole process.
Motivated by this tendency, the present paper describes a

low-cost algorithm to enhance an acoustic field of stereo
headphones to the extent of out-of-head, which extracts
fundamental factors necessary for perceiving realistic sound
effects through the human auditory sense on the basis of
a 3D acoustic image localization algorithm run on an em-
bedded DSP(Kobayashi et al. 2001; Sakamoto 2000). To
demonstrate the practicability of the algorithm, two types
of implementations using a TMS320C54x DSP and an
ARM7 RISC processor are evaluated, for which subjec-
tive tests are carried out.

2. ACOUSTIC FIELD ENHANCEMENT

When the sounds from each speaker of a stereo system
reach to eardrums of listeners, a set of acoustic factors
influence the sounds. These factors are associated with
the acoustics of a room, such as the attenuation by a sound
path, the reflection/diffraction by the wall/floor, and the
physical properties of the listeners’ heads and outer ears.
By receiving effected sounds the listeners can perceive
the location of a sound source in terms of the direction
and distance, as well as its pitch, tone, and level.
When one listens to sounds of a two-speaker stereo sys-
tem, each ear of the listener receives the direct sound from
each speaker (i.e. left speaker to left ear, right speaker
to right ear), together with the cross-talk sound from the
opposite side speaker. Therefore the listener can detect
the direction and distance of the sound source by sensing
several differences of the received sound, such as pressure
and time differences.
Contrary to this, the stereo sound through headphones di-
rectly reaches to the listener’s eardrums without any of
spatial cues imparted, and thus left and right sounds are
localized just beside the listener, while other sounds are
inside the head, forming a straight line between ears. This
in-head localization yields unnatural acoustic fields and
the listener may feel uncomfortable, which causes listen-
ing fatigues.
To widen the acoustic field to the extent of out-of-head, a



number of researches have been attempted(Rubak 1991;
Fujinami 1998; Lake Technology Ltd.), which are based
on virtual simulations of speaker systems. Generally, at
first a listening room is supposed, where two or 5.1 chan-
nel speakers are placed. Then the characteristics of a
sound propagation path, such as the arrival time from a
virtual speaker to left/right ear, the head-related transfer
function, the reflection by a wall of the listening room,
etc., are extracted to simulate an acoustic field from mul-
tiple speakers in the virtual listening room.
In (Rubak 1991), eight 226 tap FIR filters are used for
simulating wall-reflected sounds and cross-talk sounds diffracted
by the listener’s head. A key feature of wall-reflected
sounds utilized in (Fujinami 1998) is that the impulse re-
sponse in the high frequency band lasts for a shorter time
than that of the low frequency band does. Specifically, in
this approach, first the audible frequency band is divided
into two subbands by using a filter bank, and then high tap
FIR filters are used only for the lower frequency subband
to reduce the total computational costs. A single universal
HRTF setting is accomplished in (Lake Technology Ltd.),
taking account of the direct sound and multiple reflections
contributed by the room’s surfaces and furnishings. Al-
though two (stereo) to five (surround) speaker system in
a virtual room can be simulated, two 7,000 tap FIR fil-
ters have to be employed in this algorithm to portray each
virtual speaker.
These approaches entail an enormous cost of high-precision
computations, for which multiple DSPs are used for 20-
or 24-bit fixed-point or 32-bit floating-point calculations.
Moreover, the required memory capacity is also large, and
thus it can be hardly incorporated into an embedded sys-
tem with practically low cost and low power consump-
tion. In addition, the achieved acoustic field may fall into
an unrealistic one due to the artificial reverberation and/or
flanging effect, when an identical processing filter is ap-
plied to allover the audible frequency band.

3. NOVEL SCHEME FOR ACOUSTIC FIELD EN-
HANCEMENT

3.1. Algorithm

To cope with the rigid condition for embedded systems,
a simple yet effective algorithm is discussed here, which
extracts fundamental factors necessary for perceiving re-
alistic sound effects through the human auditory sense.
Specifically, this algorithm executes an acoustic field en-
hancement by using the following three sound paths illus-
trated in Fig. 1.

• Direct: Direct sound path from a speaker to the lis-
tener’s corresponding ear.

• Reflected: Reflected sound path, which is reflected
at a wall and reaches to the listener’s corresponding

ear.

• Crosstalk: Crosstalk sound path from a speaker to
the listener’s opposite ear, which is diffracted by
the listener’s head.
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� �� �����	


���� 
���

Figure 1: Direct, Reflected, and Crosstalk Sound to Hu-
man Ears

In order to reproduce those sounds through headphones,
Reflected/Crosstalksounds are obtainable by adding to
Direct sounds the pressure and time differences between
Direct andCrosstalksounds.
As for Crosstalk, it should be noticed that the pressure and
time differences vary with frequencies, since the sound
path is diffracted by the human head and pinna. Thus,
based on the scheme proposed in (Kobayashi et al. 2001;
Sakamoto 2000), our algorithm divides the whole audible
frequency band into three subbands, low, intermediate,
and high subbands, such that the synthesis ofCrosstalk
sound in each subband can be efficiently achieved.
It is reasonable to assume that a human head has a spher-
ical shape with a diameter of 150-200mm, although there
are a little differences among individuals. If the half of
a sound wavelength is longer than the head diameter, the
effect of sound diffraction by the head is negligibly small.
Thus frequency response in the low frequency band ap-
pears flat.
On the other hand, in the high frequency band, the sound
diffraction by a human pinna dominantly effects on the
frequency response. Suppose that the pinna is a cone
with a base diameter of 35-55mm. If the half of a sound
wavelength is shorter than the pinna diameter, then the
diffracted sound issuperposed to the original sound, and
thus the frequency response in this band looks like a comb.
Finally, the intermediate frequency band has a compli-
cated frequency response, since there are a number of
diffraction factors overlaid to the original sound.



Figs. 2 and 3 exemplify measured pressure differences
(differences of amplitude spectrum) and measured time
differences (differences of phase delay spectrum), respec-
tively, betweenDirect and Crosstalksounds. It can be
seen from Fig. 2 that the frequency response of the pres-
sure differences show complicated charactaristics. How-
ever, it is generally supposed that only the average level
of the pressure differences is essential for perceiving hor-
izontal directions of the sounds, while the spectrum varia-
tion in the high frequency subband is effective for perceiv-
ing vertical and cross directions. Furthermore, it is known
that the time differences are also essential for perceiving
horizontal directions, especially in the low frequency sub-
band(see Fig. 3).
Since perceiving the horizontal direction of a sound is the
most impotant for the acoustic field enhancement, the pro-
posed algorithm is constructed by replicating mainly the
average level of the pressure differences in all subbands
and the time differences only in the low frequency sub-
band.
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Figure 2: Example of Pressure Difference betweenDirect
andCrosstalk

3.2. Signal Processing Flow

Fig. 4 outlines an invocation of the proposed algorithm.
Input signals are used forDirect sounds without change,
andReflectedsounds are controlled by delays depending
on arrival times. As forCrosstalksounds, subsequent to
the frequency division, each of the low, intermediate, and
high subbands is controlled by the phase-controller, so
that different phase-controls can be applied to each sub-
band. Finally, the sounds obtained by these processes are
mixed with Direct sound so as to generate out-of-head
stereo sounds.
To facilitate various types of implementations, the alter-
native architectures are prepared in each part of process-
ing, the details of which are described bellow.
At first, in the frequency division part, low-pass, band-
pass, and high-pass filters are used for dividing input sig-
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Figure 3: Example of Time Difference betweenDirect
andCrosstalk
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nalsx[n] into low subband signalsxl[n], intermediate sub-
band signalsxi[n], and high subband signalsxh[n], as il-
lustrated in Fig. 5(a). Here, a 32nd order linear phase FIR
filter is adopted for each of these filters, which can main-
tain 40dB/oct slope without phase adjustment.
The FIR filter processing requires a considerable amount
of operations in the environment of low performance on
the product-sum operations. In such an environment, the
intermediate subband signals can be attained by subtract-
ing low and high subband signals from input signals, as
illustrated in Fig. 5(b).
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(a)Architecture 1 (b)Architecture 2

Figure 5: Architecture of Frequency Division

In the phase control part, signal phases are controlled by
using 2nd order IIR filters as PEQs (parametric equaliz-
ers) in conjunction with delay elements, as illustrated in
Fig. 6. As described in 3.1, intermediate and high sub-
band signals are not so important for the phase-control as
compared with low subband signals, and thus PEQs for
intermediate and high subbands can be removed in order
to reduce the total computational costs, if necessary.
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Figure 6: Architecture of Phase Control

Finally, in the mixing part, the gain-control is performed
by multiplying Direct xd[n]，Reflectedxr[n] Crosstalk
xl[n], xi[n], xh[n] by gainsad, ar, al, ai, ah, respec-
tively, as illustrated in Fig. 7(a). This architecture offers
low computational costs in the environment that supports
the circular buffer operations. As another architecture as
illustrated in Fig. 7(b), a delay buffer can be used repeat-
edly for mixing five intermediate signals to reduse the
memory size.

4. IMPLEMENTATION RESULTS

4.1. Embedded DSP Implementation
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Figure 7: Architecture of Mixing

The proposed scheme has been implemented on a Texas
Instruments 16-bit fixed point DSP TMS320C54x. The
input/output sampling rate is set to 44.1kHz, which is gen-
erally used in portable audio devices, such as CD and MD.
A block diagram of this implementation is shown in Fig. 9(a),
where the frequency division ofCrosstalksounds is achieved
by using three FIR filters.
In this implementation FIR filters for the frequency divi-
sion are also used for controlling the phase ofCrosstalk
so that PEQs for intermediate and high subbands can be
removed.
Input/output data of this implementation are in 16-bit pre-
cision integers, while intermediate data between the pro-
cesses are in 32-bit fixed point representation of 24-bit
integer and 8-bit decimal.
Fig. 8 shows an evaluation board of the DSP implemen-
tation. Computational costs of the acoustic field enhance-
ment by the embedded DSP are summarized in Table 1,
where totally 34.4MIPS is necessary for realtime process-
ing. Requested sizes for ROM and RAM are 8k bytes and
4k bytes, respectively. Power consumption of this DSP
implementation is evaluated as 56mW with 1.8V power
supply. Consequently, it is confirmed that the out-of-head
acoustic field enhancement scheme is compliant to the
single chip DSP for mobile applications.

Figure 8: Picture of DSP Evaluation Board

4.2. Embedded RISC Implementation



Considering the portability of our scheme to a number of
embedded RISC processors, it should be practical to eval-
uate a software implementation in C, in which an arbitrary
filter organization can be selected in accordance with its
application.
Our software implementation on an ARM7TDMI proces-
sor, is evaluated with the use of ARMulator.
As shown in Fig. 9(b), the intermediate subband ofCrosstalk
sounds is achieved by subtracting, since the RISC proces-
sor has low performance on the product-sum operation.
In contrast with DSP implementation, however, this fre-
quency division scheme has a low capability of phase con-
trol. Thus PEQs are used for all subbands ofCrosstalk. In
addition, an RISC processor may suffer from limited on-
chip memory size. To cope with this difficulty, in this
implementation a delay buffer is repeatedly used.
As a result, 81MIPS can be attained for realtime process-
ing, which can perform ARM7TDMI by using 0.13µm
technology. Required sizes for ROM and RAM are 5.5k
bytes and 1k bytes respectively. Power consumption is
18mW from a 1.8V supply.
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(a) DSP implementation (b) RISC implementation

Figure 9: Block Diagram of Two Types of Implementa-
tion

Table 1: Impulementation Results

DSP RISC
Computational costs [MIPS] 34 81

RAM [k bytes] 4 1
ROM [k bytes] 8 5.5

Power consumption [mW] 56 18

5. SUBJECTIVE TESTS

The sound quality achieved in the proposed algorithm is
evaluated by subjective tests based on Mean Opinion Score
(MOS). In our subjective test, 20 participants have lis-
tened to the original and enhanced sounds through stereo

headphones. Afterwards, each participant has evaluated
the sound quality of the enhanced sounds in comparison
with the original sounds. “Sense of distance", “direction",
and “spatiality" are rated according to MOS with cate-
gories “excellent (5)", “good (4)", “fair (3)", “poor (2)",
and “bad (1)". Moreover “feeling fatigue" is rated with
“no fatigue (5)", “less fatigue (4)", “fair (3)", “fatigue
(2)", and “hard fatigue (1)". The results are summarized
in Table 2, which claims that the proposed algorithm can
achieve the sound with good spatiality and less fatigue.

Table 2: Subjective Tests Results

distance direction spatiality fatigue
3.6 3.2 4.8 3.9

6. CONCLUSIONS

This paper has devised an embedded implementation of
an acoustic field enhancement for stereo headphones. Based
on the analysis of the human auditory sense, this approach
successfully performs the acoustic signal processing to
widen an acoustic field generated through stereo head-
phones with low computational costs. The proposed scheme
is experimentally implemented on a TMS320C54x DSP
and an ARM7TDMI RISC processor. In both implemen-
tations, the acoustic field enhancement can be achieved
with low computational costs and low memory size in
comparison with the conventional approaches. Subjective
test of the proposed scheme claims that good spatiality
and less fatigue can be achieved.
Development is continuing further on the investigation of
a more efficient out-of-head acoustic field enhancement
scheme not only for stereo headphones but also for stereo
speaker system.

REFERENCES

Rubak, P. 1991. “Headphone signal processing system for
out-of-head localization,"Audio Eng. Soc. Preprint 3063
(Feb), 16.

Fujinami, Y. 1998. “Improvement of sound image localization
for headphone listening by wavelet analysis,"IEEE Trans.
Consumer Electronics, vol. 44, no. 3 (Aug), 1183–1188.

Lake Technology Ltd., “Dolby Headphone DSP Implementa-
tion."

Kobayashi, W.; N. Sakamoto; T. Onoye; and I. Shirakawa.
2001. “3D acoustic image localization algorithm by em-
bedded DSP,"IEICE Trans. Fundamentals, vol. E84-A,
no. 6 (June), 1423–1430.

Sakamoto, N.; W. Kobayashi; T. Onoye; and I. Shirakawa. 2000.
“Low power DSP implementation of 3D sound local-
ization," in Proc. International Technical Conference on
Circuits/Systems, Computers and Communications (ITC-
CSCC 2000)(July), 253–56.



A New  Approach to Speech Synthesis Based on Fractal Dimension 
 

S. Fekkai, M. Al-Akaidi 
Faculty of Computing Sc. & Engineering, 

De Montfort University, Leicester, LE1 9BH, UK. 
Email: mma@dmu.ac.uk 

 
 
 
 

Abstract 
 
Speech is the primary means of communication 
between people. Speech synthesis, automatic 
generation of speech waveforms has been under 
development for several decades [1,2]. Recent 
progress in speech synthesis has produced 
synthesizers with very high intelligibility but the 
sound quality and naturalness still remain a major 
problem. 
The goal of this work was to develop a new speech 
synthesis system, which is based mainly on the 
fractal dimension to create natural sounding 
speech. Our initial work in this area showed that 
by careful use of the fractal dimension together 
with the phase of the speech signal to ensure 
consistent intonation contours, natural –sounding 
speech synthesis was achievable with word level 
speech. In order to extend the flexibility of this 
framework, we focused on the filtering and 
compression of the phase to maintain and produce 
natural sounding speech. 
 

Introduction 
 
In an ideal world, a speech synthesizer should be 
able to synthesize any arbitrary word sequence 
with complete intelligibility and naturalness. The 
trade-off schematic in Figure 1 illustrates how 
current synthesizers have tended to strive for 
flexibility of vocabulary and sentences at the 
expense of naturalness (i.e., arbitrary words can be 
synthesized, but do not sound very natural). This 
applies to articulatory, rule-based and 
concatenative methods of speech synthesis 
[3,4,5,6]. 
 
An alternative strategy is one, which seeks to 
maintain naturalness by operating in a constrained 
domain. There are potentially many applications 
where this mode of operation is perfectly suitable. 
In conversational systems for example, the domain 

of operation is often quite limited, and is known 
ahead of time [7]. 
 
Past work by others have examined how unit 
selection algorithms can be formulated, and what 
constraints must be maintained [3,5,6]. 
 
In this work, we develop a framework for natural-
sounding speech synthesis using fractal dimension. 
The developmental philosophy that we have 
adhered to throughout the work, places naturalness 
as a paramount goal. In our preliminary work 
involving word fractal dimension, the vocabulary 
size is relatively small, but naturalness is very 
high. Evaluation of the Fractal Dimension  
 
Fractal dimension as parameter is important 
because it can be defined in terms of real-world 
data, and can be measured approximately by 
means of experiment [8-10]. Fractal dimension is a 
real number that in general, falls between the 
limits of 1 and 5 and can be calculated in a number 
of ways.  
 
In order to test the validity and accuracy of the 
different methods for computing the fractal 
dimension, a fractal signal of size 256 with a 
known fractal dimension D was created by 
filtering white Gaussian noise with the filter qk1  
where 2/)25( Dq −= . The fractal dimensions of the 
fractal signal were then evaluated using the 
Walking Divider Method (WDM), the Box 
Counting Method (BCM), the continuous box 
counting Method (CBCM) and the Power 
Spectrum Method (PSM). The results are given in 
Table 1.  
 
From Table 1, it is clear that the Power Spectrum 
Method provides the most consistently accurate 
results throughout the range 1 to 2. The box 
counting method provides good results for fractal 
dimensions with a value below 1.5. After this, the 



fractal dimension is below the original value used 
to synthesize the data; for a value of 2.0, the box 
counting method returns a value of 1.6. However, 
this does not mean that the Box Counting Method 
will give results as low as this for all fractal signals 
used as the test procedure considered here uses a 
signal generator based on filtering white Gaussian 
noise. The Walking-Divider Method provides a 
good approximation of the fractal dimension for 
values below 1.5, returning results that are slightly 
higher than those produced by the Box Counting 
Method and the continuous Box Counting Method. 
For an original value of 2.0 the Walking-Divider 
Method returns a value of 1.604. Of the four 
methods tested, the PSM is the fastest as it is based 
on a non-iterative approach based on the least 
square estimate which relies on the use of an FFT.  
 
The accuracy, efficiency and the versatility of the 
PSM lead naturally to its use in many areas of 
signal processing. The test discussed above 
provides confidence in the realization that the 
PSM is the most appropriate technique for 
applications to speech processing.  
 
In this paper the fractal dimension computation is 
obtained from the PSM only. 
 
 
Original 
value of 
D 

WDM BCM CBCM PSM 

1.0 1.220 1.097 1.187 1.006 
1.1 1.268 1.147 1.268 1.138 
1.2 1.287 1.165 1.255 1.219 
1.3 1.351 1.265 1.309 1.273 
1.4 1.404 1.307 1.344 1.382 
1.5 1.451 1.380 1.417 1.495 
1.6 1.501 1.418 1.451 1.599 
1.7 1.542 1.482 1.507 1.705 
1.8 1.592 1.537 1.612 1.832 
1.9 1.617 1.554 1.621 1.942 
2.0 1.604 1.561 1.650 1.997 
 

Table 1. Evaluation and Comparison of fractal 
dimension 

 
 

Power Spectrum Method 
 

For the case of fractal speech signals and curves 
the fractal dimension lie between 1 and 2. The 

Power Spectrum Method (PSM) [11] has been 
used as an application of the Fourier power 
spectrum technique to calculate the fractal 
dimension of speech phonemes. The speech signal 
is Fourier Transformed by means of an FFT and 
the power spectrum is computed, 

= . Assume that  is the 
measured power spectrum then  is the expected 
form of the fractal power spectrum, = c | , 
where c is a positive constant and 

iP 22 )Im()Re( ii kk + iP

iP̂

iP̂ β−|ik
β  the positive 

spectral exponent [12].  
      Applying the Least Square approach to 
calculate the spectral exponent β  and c yields to 
the following equation: 
 

∑ ∑−

∑ ∑ ∑−
=

= =

= = =
N

i

N

i
ii

N

i

N

i

N

i
iiii

kNk

kPkPN

1 1

22
1 1

|)|(ln|)|ln(

|)|ln)(ln(||)(ln(ln
β 1              (1) 

&      

N

kP
C

N

i

N

i
ii∑ ∑−

= = =1 1
||lnln β

                           (2) 

 
Where C= ln c. Using the relationship: 

2
5 β−

=D                                                            (3) 

 
Provides a simple formula for computing the 
fractal dimension from the power spectrum of a 
signal. 
 
The implementation of the PSM consists of 
applying the FFT to the speech signal in order to 
obtain a spectral representation of the phoneme. A 
pre-filter step is then used to adjust the estimated 
values of the fractal dimension to fit within the 
range 1 and 2. The power spectrum of the pre-
filtered signal is computed then the least square 
approach is applied to calculate the power 
exponent β  (Eq. 1). Hence the fractal dimension 

 (Eq. 3) is obtained.  D
 
It is important to mention that without the pre-
filtering step, the values of the fractal dimension 
were not satisfying the range of the fractal model. 
However the use of the Pre-filter (

w
1 ) has the 

effect of confirming the speech data to fit the 
range of the fractal dimension for speech signal 
which lies between the range 1 and 2. 



Synthesising Speech with Fractals 
 
In the previous section we have discussed how the 
power spectrum of a signal’s Fourier transform 
can be used to extract the fractal dimension. This 
followed from assuming the power spectrum, , 
was related to the dimension in the following 
form, = c | , where 

iP̂

iP̂ β−|ik β =5-2 . D
To create a synthetic fractal is then the process of 
filtering white noise of the required size with a low 
pass filter,  whose Fourier transform is q

2/)( β−= kkQ , where β =5-2 . Using this 
principle we will start by creating a fractal signal. 
The process consists of four steps explained 
bellow: 

D

Step 1: Compute a random Gaussian distributed 
array  using a conventional 
Gaussian random number generator, with zero 
mean and unit variance. Compute a random 
number sequence of uniform distributed numbers 

 in the range zero to one. 

1,...,1,0 , −= NiGi

1,...,1, −N0, =iUi
Step 2: Calculate the real and imaginary parts; 

iii UGN π2cos= and iii UGM π2sin=

i

. This defines 
as the amplitude and U as the phase. iG

Step 3: Filter withii MN ,
2/

1
β

i
i

K
=W  to create 

. ' and ' MN
Step 4: Inverse DFT the result using a FFT to 
obtain  

}).''{ˆRe( 1 iMNFni += −  
The exponent is 2/β  to ensure that the power 
spectrum, , satisfies: kP

β−∝+= kMNP kkk
22 )'()'(  

By using the same random noise for U and G, we 
can see in Figure 1 how changes to D affect the 
signal. 
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signal. The analytic signal is important because it 
is from this signal that the amplitude, phase and 
frequency modulations of the original real valued 
signal can be determined. 
 
If  is a real valued signal with spectrum , 
then  can be computed from  via the 
inverse Fourier transform  

)(xf

f
)(kF

)(x )(kF

∫
+∞

∞−
= dkikxkFxf )exp()(

2
1)(
π

 

This involves integrating over k from ∞−  to ∞+ . 
The analytic signal is obtained by integrating only 
over the positive half of the spectrum, which 
contains the physically significant frequencies (i.e. 
integrating over k from 0 to ). ∞+
If s is used to denote the analytic signal of , then 
by definition: 

f

∫
+∞

∞−
= dkikxkFxs )exp()(1)(
π

          (4) 

From this result it is possible to obtain an 
expression for s in terms of which is done by 
transforming s into Fourier space and analysing 
the spectral properties of the analytic signal. 

f

 
The Analytic Signal and the Hilbert Transform 
 
From the last result it is clear that the analytic 
signal associated with a real valued function f can 
be obtained by computing its Hilbert transform to 
provide the quadrature component. This process is 
called quadrature detection. 
The analytic signal is a complex function and 
therefore contains both amplitude and phase 
information. The important feature about the 
analytic signal is that its spectrum (by definition) 
is zero for all values of k less than zero. This type 
of spectrum is known as a single sideband 
spectrum because the negative half of the spectrum 
is zero. An analytic signal is therefore a single 
sideband signal. This result provides another way 
of computing the Hilbert transform of a 
function : )(xf
 
¾ Compute the Fourier transform of  )(xf
¾ Set of the component of the complex 

spectrum  in the negative half space to 
zero. 

)(kF

¾ Compute the inverse Fourier transform, 
which will have real and imaginary 
parts  and q  respectively. )(xf )(x
T g
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Attributes of the analytic signal 
 
As with any other complex function, the behavior 
of the analytic signal can be analysed using an 
argand diagram and may be written in the form: 
 

)](exp[)()( xixAxs θ=                             (5) 
where 

22 qfA +=                                         (6) 








−=
f
q1tanθ                                         (7) 

The parameter A describes the average dynamical 
behaviour of the amplitude modulations of . For 
this reason, it is sometimes referred to as the 
amplitude envelope. The parameter 

f

θ  measures 
the phase of the signal at an instant in time and is 
therefore known as the instantaneous phase. 
 

,...2,1,0    )];2(exp[ ±±=+= nniAs πθ (8) 
 
If we confine the value of the phase to a fixed 
period (i.e. we compute the phase using only one 
particular value of n), then it is referred to as the 
wrapped phase. 
  
The next section will illustrate the new algorithm 
used to reproduce a natural sounding speech 
synthesis system, which make use of the fractal 
dimension of the word and its unwrapped phase. 
 

Algorithm Used 
 
The main objective of this algorithm is to create 
natural sounding speech and to ensure consistent 
intonation contours.  
The work carried out was based on two 
hypotheses: 
 
First, that the phase of the speech signal carries 
important information, hence intelligibility of the 
synthesis speech and second, that the fractal 
dimension characteristics, if used in the energy of 
the signal, will reproduce a natural sounding 
speech.  
 
The algorithm steps are summarised in the block 
diagram given in Figure 2. 
 
 
 
 

 
 
 
 
 
 
 
 
 
 

 
Compute Fractal 
Signal F (t) 

Hilbert 
Transform H (t) 

Calculate the 
Amplitude A (t) Input 

Speech Si

Compute the 
phase φ  

Unwrap  φ  Synthesised speech 
So=A (t) cosφ  

Fig. 2. Block diagram of speech synthesis using 
Fractal 

 
Experiments &Discussion 

 
Three experiments have been conducted in the 
simulation process involving four different words 
namely “test”, “best”, “Open” and “zone”. 
In the first experiment, only the unwrapped phase 
of the word has been used along with the fractal 
signal, in the second one the phase is then 65% 
compressed from the original and finally in the 
third experiment the phase is low pass filtered and 
the remaining signal is replaced by a white random 
noise. The three experiments gave good quality 
and intelligibility of the synthesised words and 
they all sounded very natural, however, among the 
three the best natural sounding speech was 
enhanced when the phase of the speech signal was 
low pass filtered and white noise added. It is 
important to mention here, that the use of the 
fractal signal in the energy of the reconstructed 
speech signal has for effect to control the 
naturalness sounding of speech synthesis. 
Figure 3 shows the unwrapped phase of the word 
“best”, the amplitude, as well as the original word 
and its reconstructed one. We can clearly notice 
the similarities in the waveforms of the input 
speech word with the reconstructed one. 
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Fig. 3. Synthesis results of word “Best” 

 



To test the validity of our results 10 people have 
been listening to the synthetic speech and their 
evaluation is elaborated in Figure 4 

[4] Huang X., Acero A., Adcock J., Hon H., 
Goldsmith J., Liu J., and Plumpe M., “Whistler: A 
trainable text-to-speech system,” in Proc. ICSLP, 
Philadelphia, PA, pp. 2387–2390, Oct. 1996. 
[5] Hunt A. J. and Black A.W., “Unit selection in a 
 
 

 
 
 
 
 
 
 
 
 

Fig. 4. Evaluation of the synthesis 
 

 
Conclusion 

 
A new algorithm based on fractals has been used 
for the synthesis of speech words. 
The synthesis process involved three cases of 
experiments, which increased the quality and the 
intelligibility of the synthesised speech. 
 
The naturalness level we placed as paramount in 
our work was highly achieved as a result of the 
fractal characteristic used in the synthesis process. 
Despite the small size of vocabulary we used, the 
naturalness is very high an as the pursuit of 
naturalness dominates, human listening provided 
the best feedback. 
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ABSTRACT
The findings presented in this paper are the results of a
European project in which the authors participated [1].
Consequently, and on the basis of this former RTD ac-
tions, [2, 3, 4] the authors present in this paper an en-
hancement on a specific type of decision support meth-
odology - a new approach in Case Based Reasoning
(CBR) for general application in decision supported in-
formation retrieval. The realisation trait of this system is
the use of a closed loop approach considering and taking
into account statistically evaluated user and experience
feedback information implicitly. This closed loop struc-
ture assures stable, yet dynamically growing internal case
bases and optimal adaptation to the user’s systems needs.
Furthermore, a description will be given for introducing
the CBR methodology as decision- making and infer-
encing unit in web-service composing techniques.

INTRODUCTION
Due to the fact that, nowadays, new knowledge creation
and generation is rapidly accelerating, the development
of efficient tools and systems for knowledge management
and reasoning is essential. A main application field in the
wide area of knowledge management is designated to
decision support systems - systems that provide compre-
hensive support in gathering, organizing, refining and
distributing knowledge.
Within a thematic overview the main and significant
terms and definitions of CBR are given, whereas in the
following part of this paper the different application
fields and realisation areas are touched upon [5]. Exem-
plary, the approach of a CBR-Wrapper [6] composed for
product configuration and used in a personal computer
sales system will be discussed. In [8] the new term
"utility" [9] is introduced in the realm CBR methodology.
The authors refer to this introduction in a section and
briefly describe the proposed methodology. Alterna-
tively, the authors present a further approach to CBR that

is modelled and designed as a closed loop process. As a
further, meanwhile more important, application field –
web-service technology is discussed. In this context the
authors propose and introduce the CBR approach as the
fusion of inferencing capabilities and a web service
Knowledge Base in service composing processes.

Case Based Reasoning  (CBR)
Generally, problem solving related to CBR is based on
the main assumption, that "similar problems have similar
solutions." Accordingly, the general structure of a CBR-
System is illustrated in (Fig. 1), where the relationship
between user oriented task resp. problem description and
the recommended solution (knowledge object, artefact) is
traditionally based on similarity measures given in a so-
called "case base". In this case base the problem descrip-
tions and solutions are stored as coupled object pairs.

task t i

solution /
subject s i

new task t

new solution s

Case Base

user query similarity
sim(t, t i)

recommendation /
adaptation
s= αααα (t, s i)

Task & Subject Tree

Fig. 1: Traditional CBR model

Hence, cases resp. solutions / subjects are retrieved from
the case base using a similarity relationship. In this sense,
the decision making process is mainly dependent on the
quality of determining a more likely precise similarity
measure – some kind of function that assesses this simi-
larity and represents it by a numeric value (in simplest
case a similarity coefficient). Generally the case with the
highest similarity is selected for recommendation. CBR
can be formalised as a four-step process:
Retrieve: Given a target problem, retrieve cases from the
case base that are relevant to solving it.
Reuse: Map the solution from the previous case to the
target problem, and try to adapt the solution as needed to
fit the new one.



new  problem p

new  solution s

user query
similarity
sim(t, ti)

utility descr. di

solution si

case base

utility descr. d

reasoning level:
utility reasoning

problem
transformation
d=pt(p)

utility u(p,si)

adaptation s=α α α α (d,si)

Fig. 2: CBR Model with utility level [8]

new  problem p

new  solution s

user query

problem / task pi

solution si

case base

similarity
calculation

assignment
function a(pi,si)

adaptation
 s=α (pi,si)

user feedback
experience 

measure

Fig. 3: Approach and enhancement of the CBR model [1, 2, 3, 10, 11]

Revise: After mapping the previous solution to the target
one, the new solution should be evaluated – in case of bad
functioning revise it.
Retain: After positive adaptation of the solution to the
target problem, store the resulting experience as a new
case in the case base.
In contrary to rule based decision making procedures the
CBR-approach has its advantages in all fields, where the
knowledge about the decision making related facts are not
clearly and precise describable and/or are elusive.

Application Fields of CBR
The CBR methodology is often implemented in areas,
where some kind of “reuse” is appropriate, like electronic
design reuse, reuse of SW packages and, component based
SW development. Therefore, applications of the CBR
approach can be found in different fields and areas such as
electronic commerce, planning issues (project manage-
ment), diagnosis, CBR-supported planning Design - gen-
erally spoken, in all areas where reasoning and decision
making might be based on existing “similar” solutions and
cases. At present one of the most important commercial
applications is in e-commerce, for example the handling
of distributed information and sales support for custom-
ised e-commerce products.
In [6] a framework for product configuration is intro-
duced. It consists of a configurator and a wrapper for the
configurator. The application is a specific personal com-
puter sales system within the e-commerce field, whereby
the goal of product configuration is to assemble PC prod-
ucts and components by arranging a predefined set of
product parts, so that the end product satisfies the user’s
requirements by “observing the connectivity of the parts

and limitations on the resources necessary for assembling
the products” [7]. The CBR wrapper generates a task,
namely a problem description, according to the user’s
query. The problem description itself consists of a parts
description and a requirements description, whereas the
wrapper generates only a requirements description using
similar cases for a given query. The solver then performs
the actual task of product configuration based on the
problem description given.

Utility Oriented Matching in CBR
The authors in [8] propose in their work to “overcome”
the traditional view of CBR, namely “similar problems
have similar solutions”. They want to extend the CBR
view to situations in which “we do not have cases that
contain pairs of problem descriptions and solutions in the
usual sense”. However, in [8] the new term "utility" [9] is
introduced in CBR methodology, based on the cognition,
that "a similarity measure always tries to approximate
some form of utility" [8]. Therefore the authors in [8]
proposed a utility-oriented case matching approach by
applying a utility reasoning level (Fig. 2).  They overcome
the assumption that cases consist of a problem description
and a solution description – in their approach “only a
solution description is required”. From this solution de-
scription, they compute the so-called “utility description”,
which means that some kind of “utility reasoning” has to
be performed. Hereby a “utility function“ is introduced,
reflecting “elementary references”. The authors do not
provide a solution that considers user feedback – or im-
plicitly internal feedback – it seems that this approach is a
pure static approach, because the “utility-function” is
determined and loaded by the administrator (expert,



maintainer) of the CBR system. This utility oriented -
approach to reasoning is solely a static approach and due
to this fact, it may be identified as an open-loop system,
which is in the sense of cybernetics not dynamic and not
capable of handling and managing user influences and
experiences and accordingly, does not enable an unsuper-
vised stable growth of the case base.

New Approach of Closed-Loop CBR
As an alternative, the authors of this paper present an
approach to CBR modelling designed as a closed-loop
process. One of the characteristics of this new approach is
to consider and evaluate user feedback and "satisfying"
data and applying this data and user information in a

closed-loop cycle for dynamically optimising the relation-
ship and assignment functions within the problem/solution
pairs.

The procedure, using statistically evaluated feedback data
(fitness function), assures implicitly the consistency of the
case base (Fig.3) and furthermore optimises the adaptation
of known "old" solutions to current problems resp. the
generation of new solutions. This presented CBR method-
ology is discussed and illustrated as an enhancement of a
decision support strategy and decision making process
already proposed in several papers [1, 2, 3, 10, 11] at the
Euromedia conferences 2000-2002.
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Fig. 4: Modelling of the CBR approach as a Decision Support Unit

The main approach of this CBR modelling (in the fol-
lowing called DSU – Decision Support Unit) consists of
a dynamic relationship between subject trees (SCT – the
case base, consisting of solutions) and task trees (TCT –
the problem base – consisting of problems resp. tasks),
whereby the TCT is structured in the same way as the
SCT [see 1, 10, 11 for details]. As illustrated in (Fig.3)
the correspondence between SCT and TCT is realised as
a structured relationship (assignment) function SRF,
which implies similarity terms and coefficients, feedback
terms, calculated out of the feedback data given by the
user and further coefficients, calculated out of the statis-
tical analysis of the system history data such as the ac-
cumulated satisfying factor, task counter etc (ASF, TC,
SF) [2, 3]. The dynamic growth and expansion of the
TCT is referenced to the SCT by the varying relationship
(assignment) function SRF - the TCT is organically

mapped to the SCT. Each object in the TCT is formalized
as a Structured Task Description Vector - STDV. A per-
manently running module, the relationship module, cal-
culates the relationship function out of the data given
within questionnaires, filled out by the user, similarity
estimations using the node representatives and further
statistical history data calculations

A further main, characteristically significance, feature of
the DSU is the use of task related multi-loop feedback
procedures. The multi-loop feedback structure ensures
stable generation of dynamic knowledge pools embedded
in coupled subject trees - and this in relation to given
task-profiles of the users. The correspondences between
subject (object) trees and user specified task (- profile)
trees are adapted (and varied) according to multi-loop
feedback evaluations. This guarantees a dynamically
growing and implicitly supervised corresponding knowl-



edge trees (the case bases – for problems/tasks and solu-
tions).
Internal feedback loops based on fitness functions evalu-
ate and determine which parts of the user specified
task/problem description are fitting well (and in which
degree) to the objects recommended by the system. That
means that the user is assisted and supported in optimis-
ing his task (problem description). This fitness function
(loop in Fig. 4, interface in Fig. 5) also gives implicitly
advise to the user to avoid generation of inconsistencies
and indicates probable contradictions. A further internal
loop considers statistical history data to facilitate modifi-
cations of the task description by the user.

Fig.5: External feedback: the user evaluates the
usefulness of recommended objects with respect to the

predefined task resp. problem description

Within the external feedback loop the user evaluates
recommended objects with respect to and in relation to
the user specified task. The user estimates the usefulness
of the objects by filling out a questionnaire and gives
feedback evaluations. This evaluation and feedback data
are employed implicitly for optimising and dynamically
adapting the relationship and assignment function (SRF)
between the TCT (Task/Problem Classification Tree) and
the SCT (Subject/Solution Classification Tree). This
yields optimised correspondences between the task-pro-
files and the knowledge objects stored and handled in the
SCT. In this sense the DSU provides facilities for a
knowledge (information) retrieval process which is in-
stantiated and supervised by a decision making process -
supporting and assisting the user in determining and
classifying his information requirements related to his
given task/problem description. The main output of the
DSU is to recommend for the given task a set (list) of
approaches, methods, documents, software libraries and
other relevant knowledge objects that satisfy the given
criteria determined by the user – and furthermore give
recommendations for modifications of the task descrip-
tion itself

The retrieval procedure is undertaken stepwise in an
iterative way, so that the user is guided in optimising his
task description and accordingly optimising his informa-
tion retrieval. The system extracts from the user’s -
predefined tasks knowledge patterns (-profiles) and ac-
cordingly recommends relevant information objects.
These objects are automatically rated with respect to their

task/problem related relevancy.
According to the illustration given in Fig. 4 the procedure
is as follows:
1 - Define/Edit Task: The DSU provides the user with a
multi-step request cycle in which the information request
is undertaken stepwise in an iterative approach. The user
determines in a 10-step cycle his task and provides the
system with data concerning: task name, subject, key-
words, narrative task description, aim description, related
authors, methods, time constraints, exclude subjects,
exclude authors, etc.
2 - STDV Extraction:  The system extracts from this data
a knowledge pattern and generates a user specific task
profile, called the Structured Task Description Vector
(STDV, see previous paragraph). This profile is stored in
the automated generated Task (problem) Classification
Tree (TCT) – the problem case base.
3 - Check Sim-STDV: The user specified task is checked,
in an internal loop, with respect to already stored and
processed history data. If a similar task exists (within a
predefined range or threshold) the user accesses the rele-
vant objects and modifies accordingly his task descrip-
tion (internal loop).
4/5 - TCT-SCT-Correspondence and assignment func-
tion: The STDV given by the user is checked regarding
its similarity and fuzzy matched with the task description
tree (TCT). The given structured relationship and as-
signment function (SRF) establishes a weighted reference
to the subject tree.
6 - Recommend Objects: According to the weight of the
relationship function a set of knowledge objects is rec-
ommended to the user. The objects are rated with a rele-
vancy factor.
7 - Fitness Function: Within a further internal loop an
implicit fitness function (relevancy checking) evaluates
and determine which parts (components) of the user
specified task/problem description (STDV) are fitting
well (and to which degree) to the recommended objects.
Accordingly the user modifies his task description.
8 - Select Objects: The user selects or discards recom-
mended objects with respect to his given task description.
9 - Storing: The recommended objects are stored, refer-
enced and assigned to the given STDV.
10 - Evaluation-Feedback: The user determines and
evaluates the usefulness of recommended objects /
solutions with respect to the user’s given task description.
11 - Optimise SRF: As an external feedback loop the
feedback data are exploited to optimise and adapt the
relationship function SRF (as correspondence function)
between task and subject trees. The main scientific ap-
proach here is that a dependency is established between
the object ratings and the predefined task.

Web-Services
The main application target of Web-Services is to estab-
lish and enhance the interoperability between different
information providing and information demanding enti-
ties. An essential attribute of Web-Services should be
platform and language independence, which guarantees
the useful integration in heterogeneous environments. In



this context several languages define standards for serv-
ice discovery, description and messaging protocols [12,
13, 14]

UDDI – Universal Description, Discovery and,
   Integration

WSDL – Web Service Description Language
SOAP – Simple Object Access Protocol

These given web-service standards are useful and appli-
cable for generating single and static web-services. In the
case of dynamically composing existing web-services,
the use of these standards is not sufficient. Accordingly,
further enhancing languages have been proposed and
developed, which extend the current web technologies
with the focus of the semantic web. Due to the lack of
handling of dynamic processes in web, especially in
semantic web technology, the OWL – the web ontology
language has been specified in 2001 [15, 16] by the W3C
et al. Therefore, in combination with DAML+OIL
(DARPA Agent Mark-up Language plus Ontology Infer-
ence Language) & DAML-S (DAML service language)
the standards and languages are presented for handling
and managing web-services, including under aspects of
dynamical composing.
In [17] a concept and some tools are described for the
semi-automatic composition of web-services. DAML-S
decomposes the semantic description of a web-service
into three components: the service profile (input / output
types), process model (how the service works) and
grounding (details of how an agent can access the serv-
ice).  The service composition prototype of [17] has two
basic components: a composer and an inference engine,
whereby the composer is the user interface that handles
the communication between the human operator and the
engine. The inference engine, which is realised in [17] as
an OWL reasoner built in Prolog, stores the information
about known services in its Knowledge Base.
At this stage, the present authors propose a further new
approach and concept: the application of hybrid case
based reasoning as a fusion of the Knowledge Base and
the inferencing process. The web-service Knowledge
Base is designed as a typical case (task and/or problem)
base, reflecting the abilities and features of stored web-
services. In conjunction with a simple structured rule
base for supervising the matching process between ex-
isting and new designed web-services the more compli-
cated structure of separate inference engine and Knowl-
edge Base is eliminated. A further advantage is the direct
access and the comparison of existing cases (web-
services) as the assumption for building new (similar)
web-services. In this sense the composing process is
decision supported by using the similarity phenomena,
explained in the previous sections.

OUTLOOK
A European consortium has been formed to continue the
ESPRIT/INCO project KNIXMAS in the current 6th

Framework within the IST strategic objective: Semantic
Based Systems in Networked Businesses and E-Govern-
ments. This project will be based on the scientific results
of the KNIXMAS project and furthermore will enhance
the former project achievements [18] with modern and

contemporary techniques and methods, especially the
modification of the CBR approach and the introduction
and implementation of web-services using DAML + OIL,
OWL, OOA  and DAML-S [18]. Within this new project
the focus will be on establishing a framework for intelli-
gent web-services created by web service composers
accessing a decision supported organisational memory.
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ABSTRACT 

Based on the continuing fundamental changes of 
eCommerce the last years, customers need tailored e-stores 
to support them in completing their purchases online. A 
variety of services have been developed to fulfil this 
requirement. The most widespread such services apply 
various techniques that aim to personalize the online 
shopping experience. Recommendation systems feature as 
a big category of personalized services. The scope of this 
paper is to identify the necessary requirements of a 
recommendation system and describe the architecture and 
supported functionalities of the implemented e-store that 
deploys recommendation features in order to foster 
customer satisfaction and loyalty, and increase sales.  
 
INTRODUCTION 

   How can someone create a usable eCommerce store? 
How to recommend products that the customer wants? 
When does the customer buy? How to ensure that the 
customer will keep doing business with the store? What is 
the most important content to customize/personalize? 
What types of data are needed to stimulate transactions 
and predict lifetime value? What store features make the 
customer revisit, repurchase or recommend the e-store or 
specific products?  
 
   These are only few of the questions that we try to answer 
in this paper. A lot of discussion has been made on the 
significance and importance of eCommerce. eCommerce is 
more than just handling purchase transactions and funds 
transfer over the Internet. It includes the tasks that support 
buying and selling goods and services, as well as the 
interactions among them. More specifically, eCommerce 
embodies the entire business process from promotion, 
advertisement, marketing, through sales, ordering, 
distribution, customer support, turnover and market share, 
to interactions within the company (processes and 
organization), as well as with external partners (customers 
and suppliers) (Shaw et al. 2000). However, the majority 
of eCommerce sites (e-stores) fail to fulfil the customer’s 

needs, desires and requests. The secret of success in 
eCommerce today is building and sustaining an effective 
relationship with the customers (EC Enterprise DG 1999).  
 
   The goal is too simple. The store should give to the 
potential customers a compelling reason to buy products 
or services. Rationally, there are differences between the 
electronic store and the physical store. An electronic store 
is not necessarily a substitute for the physical store. In 
most cases, it works as a complement for the physical 
store and aims to gain the confidence of the consumers. 
Obviously, there is no easy answer to the way someone 
can maintain or even increase customers’ e-loyalty (Smith 
2000). However, the first key is to understand what the 
customer wants (Seybold 1988). The second key is to 
build a close personal relationship. This is not too different 
from the relationship that a store has in real world, since 
web site “relationships” work in the same way. Based on 
this assumption, the e-store should provide the appropriate 
tools ensuring the creation of lasting relationships between 
the web site and the customers. This means that the store 
should use customers’ data to develop and maintain an 
intelligent interaction. So, when the customer gives 
information, the store should respond with more 
personalized services, products, and information (Nielsen 
2000), (Pearrow 2000) in return. 
 
   Personalization and recommendation systems are only 
two of the tools that may improve the customer’s shopping 
experience by offering advanced services and 
functionalities (Chen and Chen 2001), (Ohsugi et al. 
2002), (Sarwar te al. 2000), (Schafer et al. 1999). The aim 
is to have customers revealing themselves. The e-store 
uses this information, builds and maintains customer’s 
profiles about their particular needs, interests, preferences, 
etc. The web site is then personalized, so that every time 
they come back it adapts itself to better suit their profile. 
This behaviour gives customers a friendly feeling every 
time they come back, increases their loyalty and trust 
about the e-store and of course improves their satisfaction 
(Serco Usability Services 2000). 
 
   In this paper we address the issue of offering 
recommendation services and the way we implemented 
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their underlying mechanism within the framework of a 
research project. More specifically, we examine how we 
can actively associate a product or products to the 
customers of an e-store. We explain how the 
recommendation system, while a customer is examining a 
product, can suggest a set of other products. We refer to 
all available methods (e.g. online catalogue, banners, 
offers, cross-selling and up-selling tactics, etc.) an e-store 
can deploy in order to offer successful recommendations. 
Another issue under consideration is the promotion 
effectiveness of having items featuring on the home page 
of an e-store.  
 
   This work is organized as follows; the next section 
discusses the requirements of a recommendations system 
under both the customer and the e-store owner (seller) 
perspective; the third section describes the supported 
functionalities of the implemented recommendations 
system; recommendations system architecture is briefly 
outlined in the forth section, while the last section 
concludes with some general thoughts and suggestions on 
future developments in the area. 
 
REQUIREMENTS 

   Customers expect to be able to make their online 
purchases easily and effectively. e-Store owners expect to 
sell as many products and/or services as possible easily 
and cost-effectively. The requirements of a 
recommendation system should be examined from both 
the perspective of the customer and the store owner.  
 
   From the customer’s point of view, the recommendation 
system should ensure that: 
� Efficient recommendations about new products, product 

discounts, special offers, coupons, sweepstakes, etc. are 
produced and delivered. 
� All second-time visitors receive personalized content to 

meet their needs and that this content is embedded into 
recommendations about relevant product. 
� Browsing through the products of the online catalogue 

is easy. 
� Useful assistance is available during all steps of the 

shopping process. 
� Customers’ time is respected and irritation is 

minimized. 
� Customers’ individuality is respected. 
� Customers are allowed to specify and modify own 

profile settings. 
 
   As regards the store owner point of view, a 
recommendation system should: 
� Promote the products. 
� Create customer profiles. This means that the system 

should capture customer behavioural information from 
login procedure, completed purchases, response to 
questionnaires, etc. The data should be updated at 
predefined time intervals. 
� Generate consumers demographics. 
� Manage navigation data. 
� Analyse sales data. 

� Gather statistical data. 
� “Remember” and analyse everything the store needs to 

“know” about the customer. 
� Encourage  customers to “leave something of 

themselves behind” by different and “invisible” 
methods.  
� Increase of second-time purchases. 
 
   All information about customers is gathered in a specific 
database called customer profile database. A customer 
profile is where customers ‘store’ their preferences and 
where the system notes important things it has learned 
about them. For example, name, phone number, address, 
what credit card the customer uses, what kind of products 
the customer prefers, etc. This database is updated and 
queried constantly. Customers transaction information is 
stored into another database called transaction database. 
The system combines the data and generates appropriate 
and ‘relevant’ recommendations. Figure 1 depicts the 
types of information customers supply directly or 
indirectly to the system databases. 
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Figure 1: Information on Customers 

 
SUPPORTED FUNCTIONALITIES 

   The ability to suggest to customers to make additional 
purchases is a powerful eCommerce sales tool. The user 
should be able to find products of interest in the e-store in 
various different ways. Figure 2 shows a state diagram 
describing the behaviour of a customer engaged in 
selecting products to purchase. Indeed, the state diagram is 
a pattern since it describes the entire range of different 
sequences (multiple sequences for each customer). 
Following, we provide the explanation of every state. 
 
   The diagram has one initial and one final state:  
� Start: a solid circle indicates the initial state where the 

customer enters the procedure of identifying and 
selecting a desirable product. 
� Select: the final state is indicated by a bull’s eye, 

labeled ‘select’. The customer reaches this state upon 
having selected the desirable products. 
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Figure 2: State Diagram of Product Selection 
 
   On figure 2 we can identify several ways for the 
customer of the e-store to browse through the set of 
available products. The most obvious method is to browse 
inside the store and when finding the product simply click 
on it in order to select it. In most cases, the store is 
structured in departments that are available on the 
storefront (main page). When the customer selects a 
department the list of available products is displayed. 
Another option is to use the search option (it can be in the 
form of simple or advanced search) to locate a particular 
product in the online catalogue. Moreover, products can be 
selected from the special offers section. All the ways to 
spot products mentioned are depicted in the corresponding 
states: 
� Browse: navigation inside the store. 
� Search: identification of specific products using 

appropriate keywords. 
� Special offers: locating products that have a discount. 
 
   When the customer finds the product then state ‘find’ 
has been reached. There detailed information about the 
product can be found (state ‘inform’) or recommendations 
can be delivered (state ‘recommend’). The customer may 
also jump to a specific item through promotional links, 
such as those that are supplied by the cross-selling or up-
selling options. 
� Find: the customer has located the desirable product.  
� Inform: presents in detail all the features of the product 

including name, price, other characteristics (like 
number, weight, height, material), photograph, etc. 
� Recommend: access a specific item through promotional 

links, such as those that are supplied by the cross-
selling or up-selling options. 

• Cross-selling: suggests products related to the 
one(s) the user is currently viewing. In many 
cases, these are complementary products. For 
example, proposing a music CD with a book or 
batteries with toys.  

• Up-selling: suggests products perhaps more 
expensive or advanced to the one(s) the user has 
chosen. The customer will be informed about 
products available in the next price level, which 
he/she may not know about. This tactic depends 
on the type of products.  

� Other customers’ opinions: suggests additional products 
that the customer may like, based on what other 

(probably like-minded) customers believe (since they 
already purchased them). 
� History data: analysing the history of purchased data 

(stored on transaction database), the store is able to 
offer customers an extremely targeted range of choices 
that are most likely to fit their profile. 

 
   Before deploying either technique it is absolutely vital to 
ensure that it will be of benefit to the customer and will 
not interfere with the process of completing the current 
purchase. Indeed, it is clear that what online shoppers 
want most is convenience as they are looking for an easy 
way to acquire goods. Therefore, the recommendation 
system should be fast, efficient, reliable and discrete. 
 
ARCHITECTURE 

   As mentioned before, the system saves data about 
customers’ shopping habits, in order to make effective 
suggestions. This kind of technology offering sales 
recommendations when the visitor is examining a product, 
as well as offering the visitor a way of saying “What do 
you recommend to me?”.  
 
   The proposed system recommendation technology is 
based on examining the real-world buying habits of its 
customers. The problem for implementing this kind of 
technology is that it needs a lot of orders for creating an 
enviable base of data on which to run the queries. Another 
problem is that in many cases some recommendations are 
often based on assumptions made a priori. Also, statistical 
information that has not been gathered directly from the 
customer may lead to inaccurate and misleading 
recommendations. Finally, people do not usually like the 
fact that the system collects information about them. So, 
they avoid supplying the system with personal 
information. 
 
   Figure 3 depicts the architecture of the proposed 
recommendation system.  
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Figure 3: Recommendation System Architecture 
 

   Appropriate data is supplied to the recommendation 
processor by both the customer profile and the transaction 
databases. The recommendation processor aggregates all 
the orders ever placed for each individual product of the 
online catalogue. The results are ordered and recorded to 
the recommendation database. 

 



 
   The first stage in the recommendation process is to take 
a snapshot of the orders currently recorded in the system 
and pass them to the recommendation processor. The 
processor also has a snapshot of the current version of the 
online products catalogue. The recommendation process is 
then triggered in order to apply the cross-selling tactic:  
1. First, it scans through the transaction database for 

orders containing the selected product. 
2. Once all orders are processed the system has sorted the 

products according to their popularity. Therefore, it has 
estimated the most common other product that is 
bought by customers together with the selected one.  

3. At the end of this process, the system has dynamically 
produced a set of recommended items based on the 
real-world ordering habits of its customers.  

 
   To maximize data gathering opportunities, the system 
collects data from every customer touch point, online and 
offline.  
 
   Online customer touch points include:  
� Registration: the store asks some basic information 

about the customer (e.g. name, address, phone number, 
fax, interests, preferences, etc.), including the e-mail 
address and the password. Being a registered user 
makes future purchases faster, easier and friendlier.  
� Transactions: purchase data or request for information. 
� Sign-ups: newsletters, email notifications, samples, 

coupons, partner offers, etc. 
� Customer profiles or user preferences. 
� Customer surveys: research-related and entertaining 

content surveys. 
� Customer service. 
� Web log files: pages viewed, categories searched, links 

clicked, etc. 
� Incoming and outgoing URLs (URL linking to the 

store, and links leading outside the store). 
� Advertising banners. 
� Sweepstakes and other promotions requiring customer 

data. 
 
   Offline customer touch points comprise: 
� Customer service by phone, stored in the customer 

profile database. 
� In-store transactions (meaning physical store purchases). 
� Various surveys. 
� Paper submissions (e.g. sweepstake or promotion 

entries). 
 
   The most important data collection source is the initial 
registration. In most cases this registration process is more 
important than the first transaction, in that the act of 
registering indicates that a customer wants to start a 
‘conversation’ or a relationship and that he/she is giving 
the store permission to begin this process. When adequate 
data is collected subsequent interactions with the store 
may well exceed the visitor’s expectations. Ensuring that 
the store allows customers to update and modify own 
profile data not only will keep the customer information 
up to date but shall also engender more trust because 

customers know what information is maintained about 
them by the e-store. 
   Another equally effective way to gather data about the 
customer is when the system does not explicitly ask for 
any information at all; many successful web sites use 
cookies and unique identifiers to make collecting 
customer-specific data invisible to the customer.  
 
   It is worth mentioning that the front page of the e-store 
is a good place to put items that the store wants to promote 
as it is a place where user attention is by default drawn. 
This page should be constantly updated to keep people 
coming back. A good e-store design should provide an 
option (in the administrative page) that allows the store to 
set whether a product is to be a featured product appearing 
on the homepage or not. 
 
   Finally, figure 4 presents the implemented 
recommendation system as a component of a business-to-
consumer (b2c) eCommerce application where the focus is 
placed on the different ways to select products (as 
presented in the state diagram of figure 2). 
 

 
 

Figure 4: Example of Application for the Selection of a 
Product 

 
CONCLUSIONS 

   We started off this paper by discussing the importance of 
a recommendation component in an eCommerce 
application promoting additional relevant items while the 
customer is shopping around the e-store. Besides, effective 
recommendations are a valuable service to the customer 
and a profitable service to the seller. We then saw how we 
can build such a system, its architecture and the way it 
stores and then analyses transaction data and customers’ 
habits and preferences in order to generate successful and 
accurate product recommendations.  
 
   For achieving better results out of the recommendation 
process, the company’s marketing department should be 
involved in the design and delivery of the service. Equally 
necessary is the continuous evaluation of the produced 
recommendations, bringing us to the natural question 

 



“when is a recommendation system successful?”. A quick 
but rather too strict answer could be that “it is successful 
when the customer buys every product that the 
recommender suggests”. But this is not realistic though 
since customers do not necessarily buy the suggested 
product even though it was interesting.  
 
   There remains lot of work for defining the metrics for 
measuring the performance of our recommendation 
system. The evaluation basic directions include assessment 
of a) system’s ability to “build” customers’ models that 
correctly reflect their preferences and b) the “value” of the 
produced recommendations. This will be part of our future 
work. 
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