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Abstract 
We have 3G on the doorstep but nothing seems to attract ordinary people to this technology. 
To attract the mass market the telecom industry must show something beyond high bit rates. 
They must show how ordinary people can take advantage of this new technology. This is done 
by showing the possibilities of the new technology and by demonstrating applications that it 
will handle. The telecom industry must convince the telecom operators to invest in this 
technology and the only thing that matters to them is how much revenue they can make by 
adopting the upcoming technology.   
 
To convince the operators industry must show how the operators can charge for the new types 
of applications that will be introduced soon. This is the main reason why this Master�s Thesis 
has been conducted. The purpose of this thesis is to provide a demonstration to Ericsson�s 3G 
lab in Katrineholm in the form of an IP application with a billing solution. This thesis 
describes the migration from 1G to 3G and examines existing and future billing strategies as 
well.  
 
The IP application is an application that uses progressive streaming in order to stream 
multimedia content to a PDA connected to a 3G phone. This application is platform 
independent because it is placed on both leading Web servers, Apache and IIS.  
 
The billing application consists of a number of steps. The first step is logging, which is 
performed by the Web server on which the streaming application is placed. The second step, 
processing and billing, is performed in the BGw, which is Ericsson�s mediation tool, and the 
SQL server. The third step is displaying the bill, which is done by using ASP to create a 
dynamic HTML page.  
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1 Introduction 
 
1.1 Background 
This thesis is part of the Master of Science (MSc) degree in Communication and Transport 
Engineering with specialization in Data and Telecommunication at Linköping University in 
Norrköping, Sweden. It is the final part of the education programme that leads to the MSc 
degree. It has been performed on the assignment of Ericsson Test Verification Solutions (TL) 
in Katrineholm, Sweden.  

 
1.2 Document Objective 
The objective of this Master�s Thesis is to investigate and set up three interfaces: 
♦ Check whether end-to-end billing is supported and possible with current software/ 

hardware-configuration.  
♦ Create a simple application to be used over Wideband Code Division Multiple Access 

(WCDMA). Both server and client end. 
♦ Examine and set up the best method to make sure subscribers �pay per usage of 

application� (content-based billing) using existing hardware in the WCDMA 
configuration. Billing information should be viewable as an HTML page or a report.  

 
1.3 Purpose 
The main purpose of this thesis has been to provide an understanding of the applications and 
services that are running on the WCDMA network. It will also provide understanding of how 
the Billing Gateway (BGw) works and how the Service Provider (SP) can use it when 
charging. This thesis will provide a demonstration object to the full functional UMTS lab, 
which is one of Ericsson�s 3G labs. The Master�s Thesis assignment can be found in 
Appendix A. 

 
1.4 Assumptions  
Some assumptions have been made in order to make our billing application work. The first 
assumption is that the cell phones use static IP addresses instead of dynamic IP addresses 
because it is easier to bill since the IP addresses of all the users in the system are known all 
the time. If dynamic IP addresses were used, it would be more difficult to bill the users since 
they change the IP address all the time due to roaming or new connections. This assumption is 
made because of the time limit. If dynamic IP addressing was considered, it would probably 
take a few more months to complete this project. 
 
The second assumption is that no roaming is used. Roaming means that the cell phone 
changes Serving GPRS Support Node (SGSN) during a call. This assumption is made because 
roaming is not supported in the lab.  
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1.5 Method 
 
1.5.1 Pre-study 
The pre-study consists of studying written information within the area of mobile 
communication and application development. Most of the information is found in books and 
scientific magazines and newspapers but also some homepages are very valuable information 
sources. With the help of Ericsson�s employees� knowledge and experience, an understanding 
for how the different nodes in the lab work and what tasks they have can be achieved.  
 
1.5.2 Application Development 
Two applications were developed during this thesis: streaming and billing applications. The 
streaming application was developed first because an IP based application was needed in 
order to perform content-based billing. When the streaming application was finished, it was 
time to start with the development of the billing application but before we could do that the 
right charging data had to be found.  
 
1.5.3 Tests and Validation 
The stability of both streaming and billing application was tested. The stability of streaming 
applications depends on the stability of the radio interface. Since the billing application 
includes more than one node, the stability test is crucial. It is very important that no data is 
lost during a transfer between the nodes or because of a connection failure. The log files 
generated in the system are also tested to see if they produce reliable information. No chain is 
stronger than its weakest link and the weakest link in our case are the log files. Without 
correct log files our application is useless. Validation is needed in order to see if the 
applications are working as they were intended to. 

  
1.6 Structure 
Chapter 1- Introduction - general about the thesis and this report. 
 
Chapter 2- The Evolution of Mobile Communication - introduces mobile communication of 
yesterday, today and tomorrow to the reader. The network architecture and radio interface of 
the first three generations is concisely described. Comparisons between these are also made 
by means of data rates and download times.  
 
Chapter 3- Streaming Application - explains how the streaming application has been 
developed and which components it includes. The software and hardware that are needed for 
this streaming application are briefly explained in this chapter. It also presents a 
demonstration of the application. 
 
Chapter 4- Why Content-Based Billing? � examines the already existing billing strategies, 
such as volume-based, duration-based and flat rate, and compares these with the new strategy 
of content-based billing.  
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Chapter 5- Billing Application - adds one of the most important parts of the development of 
the successful mobile application, namely billing. This chapter explains how mediation 
system, billing system and log files generated by different nodes in the third generation 
system can be used in content-based billing. Our solution for this kind of billing is also 
provided. 
 
Chapter 6- Conclusions- summarizes the two applications developed during this thesis. 
 
Chapter 7- Discussion- summarizes some of the most important aspect of this thesis. It brings 
forward some thoughts and unanswered questions about the billing in general and about this 
project.  
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2 The Evolution of Mobile Communication 
In 1865 J. C. Maxwell predicted the existence of electromagnetic waves that propagated at the 
speed of light. H. Hertz continued Maxwell�s work by experimental verification in 1887. M. 
G. Marconi started commercial exploitation in 1895 with the radio and today electromagnetic 
waves are used in a number of commercial systems such as TV broadcasting, satellite 
communications and cell phone systems. 
 
The first portable phone, with a weight of 17.5 kg and a call time of about 8 minutes with a 
battery charge, was introduced in 1946 in the USA. The cell phones as we know them today 
were not adopted until the early 1980s when the first generation of the mobile communication 
systems was introduced. These systems were expensive; the user�s unit (phone) was bulky, 
heavy and rarely used by ordinary people. The years went by and the radio technologies 
improved. The phones became smaller, user-friendlier and most important of all cheaper to 
develop and produce which means cheaper to buy. At the same time the service providers 
introduced more and cheaper calling services on the market, which led to an increased number 
of subscriptions.  
 
Today the cellular communication is one of the fastest and most popular telecommunications 
applications. Today there are more than 900 million cellular subscribers worldwide [34]. 

 
2.1 From 1G to 3G  
The evolution of mobile telecommunication can be divided into three different generations: 
first generation (1G), second generation (2G) and third generation (3G) and the intermediate 
step between second and third generation called 2.5G, see Figure 1.  
 

 
 Figure 1: The Evolution of Mobile Communication 

 
The first generation of cellular systems had three different standards: 
-   Nordic Mobile Telephone (NMT), Scandinavian standard    
-   Advanced Mobile Phone Service (AMPS), U.S. standard 
-   Total Access Communication System (TACS), U.K. standard 
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All of the above mentioned systems were analog. Although all of these systems were similar 
to each other there were some differences. The systems used frequency modulation of the 
audio and control signal but they operated on different frequencies, the number of used 
channels and the channel bandwidth were different, etc.  
 
After a while it was possible to consider digital cellular systems and in 1992 the second 
generation was introduced. There are a number of leading standards in this generation: 
-    Global System for Mobile Communication (GSM), European standard 
- Digital � Advanced Mobile Phone Service (D-AMPS), U.S. standard 
- CdmaOne, U.S. standard 
- Personal Digital Cellular (PDC), Japanese standard 
 
The evolution of the second generation continued and resulted in the 2.5 generation including 
standards like: 
- General Packet Radio Service (GPRS) 
- Enhanced Data rates for Global Evolution (EDGE) 
 
The demand for global access and more bandwidth led to development of new systems even 
known as third generation systems. These systems are still under development but they are 
also employed in some countries, Japan for example. There are two leading standards: 
- Universal Mobile Telecommunication System (UMTS), European standard 
- Cdma2000, U.S. standard 
 
This is just a brief description of the evolution of mobile communication. In the following 
subsections some of the above mentioned systems will be described. There are many 
standards in mobile communication and this thesis will only consider the European ones. First 
of all the 1G technology NMT will be described and after that the evolution of digital mobile 
communications from 2G to 2.5G/3G will be explained. To understand this digital mobile 
communication evolution it is necessary to understand the existing GSM network and that is 
why the focus will lie on this system. When describing GPRS the GSM system will serve as 
the starting point for a description. UMTS on the other hand will be compared to both GSM 
and GPRS. EDGE will be compared to GPRS. 
 
2.1.1 1G- Nordic Mobile Telephone System (NMT) 
The Nordic Mobile Telephone (NMT) system was the first fully functional public wireless 
network. NMT was an analog service developed by Ericsson and Telia. The system was used 
in over 30 countries around the world, especially in Denmark, Finland, Norway and Sweden. 
An estimation made at the end of 1990 showed that there were about 460 000 NMT 
subscribers in Sweden alone [35].  
 
NMT operated at two different frequencies 450 and 900 MHz. NMT 450 was put into public 
service in the end of 1981. The uplink, i.e., transmission from a cell phone to the base station, 
used frequencies in the range 453 to 457.5 MHz. The frequencies between 463 and 467.5 
MHz was reserved for downlink, i.e., transmission from a base station to the cell phone. The 
spectrum for the uplink in the NMT 900 was between 890 and 915 MHz. The downlink used 
frequencies between 935 and 960 MHz. This way of separating up and downlink is called 
Frequency Division Duplex (FDD). NMT 900 was introduced in 1986. The reason why this 
system was introduced was the insufficient number of channels in the NMT 450 system. The 
coverage in both rural and urban environments for this new system was excellent. It was 
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equipped with several advanced functions such as call forwarding and international roaming 
[22]. 
 

 
 Figure 2: NMT architecture network 

 
Mobile Telephone Exchange (MTX) was the most important part of this system, see Figure 2. 
It was an interface between the fixed telephone network, PSTN, and the cell phone network. 
All calls in the network were connected through the MTX. This part of the network was also 
responsible for the subscriber information, i.e., the MTX stored information about the 
subscribers that belonged to the MTX service area and those who were only visiting it. It 
consisted of two parts: the AXE 10 telephone exchange (AXE) and the Mobile Telephone 
Subsystem (MTS). MTS contained special cell phone functions and it adapted the interface of 
the exchange to base stations and mobile stations.  
 
Base Station (BS) was responsible for the radio contact between MTX and the subscribers. It 
was permanently connected to MTX. Every base station had a number of channels, which 
were equipped with a transmitter, receiver and control unit. 
 
Mobile Station (MS) was subscriber�s equipment that is the cell phone. MS established the 
interface between a single subscriber and the cell phone system.  
 
The users of the NMT could send and receive e-mail and fax and access the Internet since the 
system was capable of supporting the data rates up to 19.2 kbps [22]. This system broke new 
ground, which helped the development of the new digital systems that were introduced later 
on.  
 
2.1.2 2G-Global System for Mobile Communication (GSM) 
The Global System for Mobile Communication (GSM) is a European digital cellular system. It 
was developed by Conference Europeen des Postes et Telecommunication (CEPT) at the 
beginning of 1980s. The system was put into public service 10 years later. In May 2002 there 
were about 684 million GSM subscribers worldwide. This system is used in 179 countries and 
there are about 430 GSM networks in the world [23].  
 
The frequency spectrum for the GSM system in Europe is in the 900 MHz and 1800 MHz 
frequency bands. In the GSM 900, frequencies between 890 and 915 MHz are used for the 
uplink. The transmission in the downlink is regulated in the frequency range of 935 MHz to 
960 MHz. Uplink in GSM 1800 ranges from 1710 MHz to 1785 MHz while downlink ranges 
between 1805 MHz and 1880 MHz.  
 
Initially the data rate of the GSM system was 9.6 kbps but later on the data rate was increased 
to 14.4 kbps thanks to a change in channel coding scheme. The single time slot in the Time 
Division Multiple Access (TDMA) frame was used for data transmission. By using for 
example two time slots the data rate can be increased to 28.8 kbps. This arrangement is called 
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High Speed Circuit Switched Data (HSCSD). Using HSCSD was the first step towards 
2.5G/3G.  
 
Since the GSM was developed for carrying speech and low speed data there are not many 
applications. Except for speech it is possible to send Short Message Service (SMS). This 
service became a big success and today nearly 24 billion SMS are sent in the world every day. 

2.1.2.1 GSM Network Architecture 
The components that together make up a GSM network will be examined in this section. 
Many of the GSM network parts can be found in other mobile communication systems such 
as GPRS and UMTS. In Figure 3 the GSM network architecture with its most important 
components is shown. There are several others parts that are not included in the figure below, 
this because more details would make the system more difficult to understand.  
 

 
 Figure 3: GSM network architecture 

 
The first component that is used to get and make calls is familiar to most of us. It is called 
Mobile Station (MS) and it is composed of two entities: 

- Subscriber Identity Module (SIM), which is a smart card used for storing and handling 
subscriber information. Part of this information is International Mobile Subscriber 
Identity (IMSI), which is unique for each subscriber. 

- Mobile Equipment (ME), i.e., cell phone itself without the SIM-card. Each cell phone 
has a unique International Mobile Equipment Identity (IMEI) number. This entity is 
divided in three functional blocks. Terminal Equipment (TE) performs functions that 
are specific to a particular service, for example fax. Mobile Terminal (MT) is a block 
that carries out all the functions relating to the transmission of information over the 
GSM radio interface. The third block is Terminal Adapter (TA), which is used to 
ensure capacity between the MT and the TA. 

 
The Base Station Subsystem (BSS) is the next component in the network. BSS is responsible 
for the radio path control and every call that is made in the system is connected through the 
BSS. This part of the network is divided in two entities: Base Transceiver Station (BTS) and 
Base Station Controller (BSC).  
 
BTS takes care of air interface signaling, ciphering and speech control, i.e., it is responsible 
for maintaining the air interface. It is usually located at the center of the cell. A base station 
has between one and sixteen transceivers, each representing a separate Radio Frequency (RF) 
channel.  
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Although the BTS has a very important role in the system, it plays a minor role in the way the 
radio resources are allocated to the different MSs. There is instead another element, which 
controls the radio network, namely BSC. BSC is responsible for maintaining radio 
connections with the MS and its main task is to administrate frequency, control BTS and 
function-exchange. Several tens to several hundreds of stations can be connected to one 
controller and up to 40 BTSs can be controlled by one BSC.  
 
Mobile Switching Center (MSC) is the element in the network that takes care of call control 
functions. MSC is responsible for call control, BSS control functions, charging, statistics and 
interface signaling towards BSS and interfacing with the external network, i.e., it is 
responsible for routing calls to and from mobile users. The capacity of one MSC is several 
tens of thousands of subscriber and it can control some tens of BSCs. One or several MSCs 
can act as a Gateway MSC (GMSC). It is an interface that makes it possible to route calls 
between the fixed network and an individual mobile station.  
 
Home Location Register (HLR) is a database where all the subscriber information is stored 
permanently. This information is the Individual Mobile Subscriber Identity (IMSI) number, 
the authentication key, etc. HLR has to provide the (G)MSC with the necessary subscriber 
data when the call is coming from another network, such as the PSTN or another GSM 
network. 
 
Visitor Location Register (VLR) is, like HLR, a database that contains information about the 
subscribers. The difference is that VLR stores the subscriber information as long as the 
mobile subscriber visits the MSC area of that specific VLR while the information the HLR 
stores is permanent. VLR provides a copy of the subscriber�s information that is needed to 
receive/make calls so that the IMSI number does not have to be sent over the radio interface 
all the time. Instead, VLR stores another unique subscriber number, Temporary Mobile 
Subscriber Identity (TMSI). Another task of this component is to provide host (G)MSC with 
the necessary subscriber data when the call is coming from a mobile station. In all GSM 
systems VLR is part of MSC, that is they are physically combined, but in this thesis they are 
separated because it makes it easier for the reader to understand.  
 
The next component in the network is the Authentication Center (AuC), which is related to 
the HLR. AuC is also a database containing subscriber identity-related security information. It 
provides HLR with the information that is needed for a successful authentication of the 
mobile station. Authentication code is stored in this database and the same code is also stored 
in the SIM.  
 
The Equipment Identity Register (EIR) contains three different lists of International Mobile 
Equipment Identities (IMEI). The white list contains the IMEIs of all the cell phones that can 
be used in the GSM network. IMEIs of the phones, which are stolen or are malfunctioning 
and cannot be used in the network, are stored in the black list. The third list is the gray list 
where the IMEIs of the mobile equipment that have to be traced by the network for evaluation 
are stored. This part of the network is optional. 
 
The main function of the Operation and Maintenance Center (OMC) is to handle error 
messages coming from the network and control the traffic load of the BSC and the BTS [6,9]. 
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2.1.2.2 Radio Interface in GSM 
In the GSM-system a combination of Frequency Division Multiple Access (FDMA) and Time 
Division Multiple Access (TDMA) is used. With FDMA the available frequency is divided 
into frequency channels. The carriers are divided by 200 kHz. This spacing of 200 kHz may 
sound like a waste of the frequency that has been assigned to an operator, but the truth is that 
the system would not work without this frequency separation. Without it the calls would 
interfere with each other, i.e., one caller may hear other conversations and vice versa.  
 
If every user in the GSM-system has one frequency channel assigned to his/her phone during 
a call, it is very easy to realize that the number of simultaneous calls will be lower than in the 
NMT system. In the NMT-system the spacing between carriers was 25 kHz. In other words if 
only the FDMA scheme is used then the capacity of the GSM would be eight times less than 
the capacity in the NMT system. When the FDMA scheme is combined with the TDMA, each 
frequency channel is divided into 8 time slots, see Figure 4. These 8 time slots together are 
called a TDMA frame. Each time slot has a duration of 0.577 ms that give a total duration of 
4.615 ms. Simple calculation shows that both NMT and GSM have the same capacity. If both 
these systems have the same capacity, why did the telecom industry change from NMT to 
GSM? Since the GSM is a digital system, the guard channel, that is the frequency that 
separates two channels, is not as wide as in the NMT. This means that more channels can be 
assigned in the same frequency range. 
 

 
 Figure 4: Radio Interface in GSM 

 
Besides the combined FDMA/TDMA-scheme the GSM system can use Frequency Hopping 
(FH), i.e., during a call the frequency will be changed every time the user goes to the next 
assigned time slot. This approach will possibly seem like a complicated and pointless strategy. 
It is true that this strategy is more complicated but it is not insignificant. If a user only has a 
single frequency during a call session, then there is a possibility that the user will end up in a 
situation where the signal cannot be received due to frequency related fading. If the user is not 
moving, nothing can be done to solve this problem but by using FH the user will be assigned 
different frequencies all the time and therefore there is a slight possibility that a call will be 
interrupted due to fading. Another problem that may occur in a GSM-system without FH is 
that a user will end up with a frequency that has high interference [4,5,17,44].  
 
2.1.3 2.5G-General Packet Radio Service (GPRS) 
General Packet Radio Service (GPRS) is a standard from European Telecommunications 
Standards Institute (ETSI) and was put into service in 2000 [28]. GPRS is not a completely 
new system. Instead it can be seen as an upgrade of the existing GSM-system. The GPRS 
system is able to handle packet data through the new GPRS packet-switched Core Network 
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(CN) that can be added to the existing GSM-infrastructure. In other words the GSM-system 
will still handle voice through its circuit-switched CN and the packet data will be handled by 
the GPRS add-on. A GSM-user must get a new terminal (cell phone) in order to use the 
packet-switched Core Network [14]. 
 
The frequency spectrum is the same as in the GSM system. The theoretical speed of the 
GPRS-system is calculated to be 115 kbps, but a more realistic maximum speed in the first 
release should be around 40-60 kbps [3, 14]. 

2.1.3.1 GPRS Network Architecture 
The components that together make up a GPRS network will be examined in this section. 
Most of the components have already been described in 2.1.2.1 �GSM Network Architecture� 
and will thus not be described again. In Figure 5 the GPRS network components are shown. 
Once again a simpler network description was chosen.  
 
 

 
 Figure 5: GPRS network architecture 

 
The Serving GPRS Support Node (SGSN) keeps track of location and security related infor-
mation that is associated with an MS that is within the service area of the SGSN. An SGSN 
node can be compared to the MSC/VLR nodes in a circuit-switched network.  
 
The Gateway GPRS Support Node (GGSN) is the gateway between external packet data net-
works such as the Internet and a GPRS-enabled GSM-network. The GGSN routes the in-
coming packets, from external networks, to the SGSN. It is connected to the SGSN via an IP 
backbone (GPRS backbone).  

2.1.3.2 Radio Interface in GPRS 
The same as in the GSM network. 
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2.1.4 2.5G- Enhanced Data Rates for Global Evolution (EDGE) 
Enhanced Data Rates for Global Evolution (EDGE) is a standard from the Third Generation 
Partnership Project (3GPP). The EDGE system is an upgrade for the GSM/GPRS network 
and it works in the same frequency spectrum as GSM/GPRS. EDGE can be seen as a 
technology that utilizes every time slot better i.e. it increase the capacity of every time slot, 
which gives the users higher data rates. The increased data rates are achieved by changing the 
coding scheme from Gaussian Modular Shift Keying (GMSK) that is used in GSM/GPRS to 
the 8 Phase Shift Keying (8PSK). In GMSK every symbol is represented by one bit and every 
symbol can represent four different values, but in 8PSK every symbol is represented by three 
bits and every symbol can represent eight values [3]. 
 
The data rate in EDGE is somewhere around 384 kbps i.e. the same minimum speed as the 
UMTS system will offer and this is the reason why many authors refer to EDGE as 3G. It is 
true that EDGE can be used for the third generation applications that require data rates up to 
384 kbps, but it is very important to keep in mind that these applications are just a preview of 
the applications to come. In the future third generation applications will need higher bit rates. 
Since the EDGE has a maximum bit data rate of 384 kbps, while this is the minimum speed of 
a 3G system, it would be impossible to use EDGE for these applications. This is why EDGE 
cannot be referred to as a 3G system but as a 2.5G system.  
 
2.1.5 3G-Universal Mobile Telecommunication System (UMTS) 
Universal Mobile Communication System (UMTS) is being shaped within the 3GPP. The idea 
behind UMTS is to build an infrastructure that is able to carry existing and future services. 
Changes in the system and upgrades could be made without disturbing the existing services 
using the existing network infrastructure. In the UMTS network the GSM technology is used 
but with required modifications. Some requirements have to be met to make this possible. 
One of the requirements is that the UMTS system is interoperable with GSM system. The 
main reason why this new technology uses GSM is because GSM dominates the market and 
great investments have been made in this system and these investments should be utilized. 
UMTS should be introduced some time next year. The system is expected to be fully 
functional in about 5 years [38]. 
 
The frequency spectrum for UMTS is in the 1900 MHz and 2100 MHz frequency band. The 
uplink ranges from 1900 to 2025 MHz while the frequencies between 2110 MHz and 2200 
MHz are used by the downlink. The frequency bands 1920-1980 and 2110-2170 are used by 
Frequency Division Duplex (FDD, WCDMA) where spacing between channels is 5 MHz. To 
be able to offer high speed, high capacity network every operator will need 3-4 channels. 
Time Division Duplex (TDD) on the other hand uses frequencies in the range 1900-1920 and 
2010-2025 MHz. TDD means that different time frames are used for uplink and downlink. 
Some of the frequencies 1980-2020 and 2170-2200 are reserved for Mobile Satellite Service 
(MSS) uplink and downlink [39].  
 
The data rate that the UMTS network will offer depends on the position of the subscriber. 
Satellite part of the network and UMTS network in rural areas (outdoors) will offer 144 kbps 
while in the urban areas (outdoors) the data rate will be a bit higher, 384 kbps. Indoors and 
low range outdoors the speed of the network will be 2048 kbps (2Mbps) [40].  
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Thanks to these high data rates and the great bandwidth of frequency channels the third 
generation network will enable multimedia applications. It will be possible to transmit speech, 
video, data, text, images, audio and video on the UMTS network. Speech transmission will for 
the most part continue to be handled via GSM, which is because it will be much cheaper than 
to handle it via UMTS.  

2.1.5.1 UMTS Network Architecture 
The third generation system, UMTS, consists of two different networks, Core Network (CN) 
and Radio Network (RN), and User Equipment (UE). Core Network is basically the same as in 
GSM with GPRS. The only difference is that some modifications have been made so that the 
network can handle higher data volumes and higher bit rates. The CN consists of connection 
nodes, which are linked with one another by the network. The radio network consists of 
mobile stations, base stations and the radio interfaces between these.  
 

 
 Figure 6: UMTS network architecture 

 
Since the system is based on GSM with GPRS, the circuit-switched traffic is still handled by 
MSC and GMSC. Other CN elements are the same as in the GPRS and/or GSM and this is 
understandable because UMTS has the same CN as its predecessor as previously explained. 
The only new component in Figure 6 compared to Figures 3 and 5 is Media Gateway (MGW). 
The task of MGW is to maintain connection and to perform switching functions when needed.  
 
The radio interface in the UMTS network is called Universal Terrestrial Radio Access Net-
work (UTRAN), which consists of Radio Network Subsystem (RNS) connected to CN.  
 
RNS consists of Radio Network Controller (RNC) and one or more Node Bs. A Node B can 
contain one or more Radio Base Stations (RBS). RNC is responsible for controlling radio re-
sources that are responsible for local control of handovers. The RNC controlling one Node B 
is called Controlling RNC (CRNC) of that particular Node B. CRNC is responsible for 
congestion control and for the load of the cell that belongs to it. It also has responsibility for 
the new radio links that are established in that cell. Serving RNC (SRNC) holds the radio 
interface between RNCs and Core Network for a certain cell phone. Drifting RNC (DRNC) is 
any RNC besides SRNC that controls cells that are used by the cell phone [2,7,8].  
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UMTS terminology introduces a number of new terms and re-names some familiar ones. In 
Table 1 are the GSM terms that are re-named in UMTS. 
 

GSM UMTS 
Mobile Station (MS) User Equipment (UE) 

Base Transceiver Station (BTS) Node B or Radio Base Station (RBS)  
Base Station Controller (BSC) Radio Network Controller (RNC) 
Base Station Subsystem (BSS) Radio Network Subsystem (RNS) 

Subscriber Identity Module (SIM) Universal Subscriber Identity Module (USIM) 
 Table 1: Differences between GSM and UMTS terminology 

2.1.5.2 Radio Interface in UMTS 
Wideband Code Division Multiple Access (WCDMA) is the multiple access technology that 
will be used in UMTS. This technology is called wideband because the frequency channels 
are divided by 5 MHz instead of 200 kHz, which are used in GSM. WCDMA is a technology 
that is based on Direct Sequence-CDMA (DS-CDMA), this technology is also known as a 
spread spectrum technology. In a CDMA system many users can use the same frequency at 
the same time within a cell. In order to separate users from each other unique codes are used. 
At the beginning of a session every user is assigned a pair of codes that can be used to send 
(uplink) and receive (downlink) calls and data. An example of spreading and despreading can 
be seen in Figures 7 and 8. 
 
  1Bit          
Spreading             
 +1            
Data             
             
 -1

            
 +1            
Spreading             
Code             
 -1

            
 +1            
Spread Signal             
=Data×Code             
 -1            

Figure 7: Spreading in DS-CDMA 

 
When a user A wants to send some data to user B, user A�s cell phone will encode the data 
sequence with the assigned spreading code. This process is even known as spreading. The 
result of this is a spread signal, which will be sent to the base station. The base station 
decodes or despreads the signal and in this way the base station will have the original data. 
This data is encoded once again with the spreading code of user B and sent to user B�s cell 
phone where the spreaded signal will be despreaded. 
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Figure 8: Despreading in DS-CDMA 

 
Now one might wonder why the telecom industry made this change from FDMA/TDMA that 
is used in GSM to WCDMA that will be used in UMTS. FDMA/TDMA may be an easier 
technology to implement but estimations show that a user usually only uses 40% [44] of the 
channel that is assigned to him/her. In other words up to 60 % of the capacity is wasted and 
cannot be used by anybody else. To avoid this waste of capacity WCDMA will be used. In 
WCDMA the capacity depends on how many users are using the system at a specific time, 
i.e., if there is only one user, then the user will be able to utilize all the available bandwidth 
[1,4,5,17,44]. 
 
An FDMA/TDMA system has a predefined number of channels. In other words it is known in 
advance how many users a system will be able to handle. But in UMTS where WCDMA will 
be used it is more difficult to know the exact capacity in advance. The number of 
simultaneous users is dependent on how much the cell phones within a cell interfere with each 
other. This principle can be described by the following analogy. 
 
Assume that you are at a party where you can meet people of different nationalities. Assume 
that there are two simultaneous conversations going on in the room where you are. The first 
conversation is in English and the second conversation is in German. Neither of these two 
groups can speak or understand any other language then their mother tongue. In this case the 
languages can be seen as unique spreading codes because the two parties cannot understand 
each other. If the two parties are keeping a normal tone of voice, then both these 
conversations will be able to continue without any disturbance. The Englishmen will consider 
the German conversation as background noise and vice versa.  
 
After a while two Italians enter the room and they are in the middle of a conversation. They 
cannot speak or understand any other language than Italian and they are keeping a normal 
tone of voice. Therefore all three conversations can continue to coexist. After a while the 
situation between the Italians gets a bit tense and they start to yell at each other. An outcome 
of the yelling is that the Germans and the Englishmen cannot proceed with their ongoing con-
versation due to the loud background noise generated by the Italians. This analogy tell us that 
if you speak louder than necessary, you will disturb all the other ongoing conversations and 
this is the case in a system using WCDMA, i.e., a cell phone that transmits with more power 
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than necessary will disturb all other cell phones. If a cell phone which is located near the base 
station is transmitting to it with maximum power (yelling), then all of the other cell phones� 
signals that are received with lower power because of their greater distance will probably not 
be received correctly. This problem is known as the near-far effect. Because of the near-far 
effect it is important that all the signals received at the base station are of equal power. Power 
control at the uplink is an essential issue when optimizing the number of simultaneous users 
within a cell. 
 
In a WCDMA system the number of simultaneous users is dependent on how much all the 
cell phones within a cell are disturbing each other. Assume that there are three cell phones a, 
b and c that are transmitting near a base station. Telephone a will interfere with telephone b 
and c and they will, in turn, interfere cell phone a. In this way all the cell phones will interfere 
with each other. As long as the interference is at a low level, it will be recognized as 
background noise by the cell phones within the cell and new cell phones will be allowed to 
enter the cell to transmit. Whenever a new cell phone will be allowed to transmit within the 
cell, the quality of all the ongoing sessions will softly degrade. Depending on quality policy 
operators will be able to decide how many users they want their system to handle [2,7,8]. 
  
The WCDMA technology is less sensitive to frequency selective interference and fading but it 
is very complex. The performance of the system depends on the number of connected users, 
which makes it impossible to regulate the bit rate. It is also impossible to guarantee that the 
user will have a certain bit rate continuously during the session.  
 
2.1.6 Conclusions 
In only two decades mobile technology has come a long way, from an analog system with few 
users, NMT, to the digital system used over the whole world, GSM. With the third generation 
on its way a bright future can be predicted. With each generation new technologies and new 
services are introduced but essentially all digital mobile systems are the same. The main 
difference between these is the introduction of packet-switched network and the increasing 
data rates. In Table 2 the data rates for digital systems are presented.  
  

Technology Circuit-Switched Packet-Switched Data Rates (kbit/s) 
GSM �  9.6 or 14.4 
GPRS � � 0-115 
EDGE � � 0-384 
UMTS � � 384-2 000 

 Table 2: Digital mobile communication systems 

 
The increasing data rates result in new, more complex and resource demanding services. More 
Internet-like services, such as image transmission and multimedia, are already possible via 
cell phones.  
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 Figure 9: Comparison between different mobile communication systems� download times 

 
The reduction of download times, see Figure 9, makes technology more attractive on the 
market but the prices for using this technology are still very high. The question that many of 
us have asked ourselves is: are people ready for this technology? We think that the technology 
is here to stay but if telecom operators want to succeed with the expansion of their business 
with the 3G technology and make it as popular as GSM, they have to introduce some new and 
exciting application. They need something as popular and profitable as SMS. In order to make 
an application attractive and popular the initial price should be low and when the application 
is established and well-known the price can be increased.    
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3 Streaming Application 
Our aim when we started our thesis was to develop a streaming application that could stream 
music. In order to get CD-quality, the music must be sampled at a data rate of 192 kbps, but at 
that time (June 2002) the WCDMA-lab was only capable of sending packets at a bit rate of 60 
kbps. Due to the speed limitation we could not deliver high quality music through the network 
and that is why we decided that the Quality of Service (QoS) parameters were not our main 
concern.  
 
When we had started the development of our streaming application we realized that we could 
stream video with a pretty good quality at the data rates the WCDMA network could offer and 
therefore we decided to reformulate our aim. Instead of just streaming music we decided that 
our application would stream all kind of multimedia. Another reason for the quick change 
from music to multimedia streaming was that we found that the employees at Ericsson in 
Katrineholm were much more impressed by the video streaming application than with our 
initial music application despite the low quality due to the bit rate. Fortunately, at the end of 
our thesis (October 2002) the data rate was about 384 kbit/s and because of this the quality of 
the streamed media was improved. 
 
In the following subsections we will first explain the technologies the streaming application 
uses and then the application itself is described.  

 
3.1 What is Streaming and How Does it Work? 
The application we have designed requires media to be streamed. Why streaming? Every 
Internet user knows that it can take a long time to download a file. Depending on the file size 
and connection speed a five-minute media clip might take anywhere between a minute to 
hours to download. When using streaming the media file does not have to be completely 
downloaded before you can start viewing it. It is instead fragmented in small packets, which 
are sent in a continuous stream to your computer. The media player is able to read the packet 
stream as it comes and begin playing it before all the packets have arrived. The first streaming 
platform was introduced by RealNetworks in 1995 [37,43]. Streaming allows users to view 
digitized media, such as video and music, as they are being downloaded over the Internet 
[32]. 
 
To make streaming smoother buffering is used. Buffering means that a number of packets are 
collected before being played. For example the buffer can load 30 seconds of media before it 
is played. This technology is used for controlling the stream and it can be compared with a 
leaky bucket. The packets arrive in bursts to the bucket. These packets are stored in the bucket 
(buffer) and when it is filled to a certain level it starts to leak, i.e., the packets are passed 
through to the network at a constant rate, see Figure 10. By using a buffer a constant stream 
can be achieved despite a bursty input.  
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Figure 10: Leaky bucket 

 
There are two types of streaming technologies: progressive and real time streaming. 
Progressive streaming is even called pseudo streaming or progressive download. In this 
document this technology will be referred to as progressive streaming.  
 
3.1.1 Progressive Streaming 
Progressive streaming is a technology that delivers media at a fixed speed, i.e., a media file 
that has a data rate of 200 kbps will always be played at this speed at the client regardless of 
connection speed. If the connection speed is slower then the data rate, the stream may be 
interrupted during the play session in order to buffer. 
 
Progressive streaming requires no special streaming server. An ordinary Web server that has 
real time packet scheduling can be used to stream the media content to a client [45]. 
Depending on the media format some files may require the client to download the entire file 
before playing it but this is not streaming; this is an ordinary download. Progressive streaming 
is best suited for short media clips such as trailers, commercials, etc [27]. 
 
3.1.2 Real-Time Streaming 
Real time streaming is a technology that delivers media in real time, i.e., the bandwidth of the 
media signal is matched to that of the viewer�s connection. It requires a special streaming 
server such as RealNetworks Server, Windows Media Server, QuickTime Streaming Server or 
Darwin. A disadvantage of real-time streaming is that quality of streamed content is 
dependent on the connection speed. The quality will degrade softly if the connection speed 
decreases. Real-time streaming is best suited for longer videos where users can fast-forward 
or rewind. 
 
3.1.3 Real-Time Streaming vs. Progressive Streaming 
Both the streaming technologies mentioned above have their strengths and weaknesses. The 
real-time streaming technology requires special streaming servers, which cost a great deal of 
money. In return you will get intelligent servers that are capable of adjusting the streams de-
pending on network conditions. This technique is excellent as long the connection is good but 
what happens when the connection speed is reduced? Who is ready to pay for media of bad 
quality?  
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The progressive streaming technology on the other hand is a cheap technology. An ordinary 
Web server is all that you need to start your own streaming service. The main disadvantage of 
progressive steaming is that you cannot control the stream. If the network speed decreases, 
then the multimedia file may be interrupted during the play session in order to buffer. This 
can annoy the audience especially if they have paid to see the content. The advantage of this 
technology is that you will have constant media quality during the whole play session as long 
as connection speed is higher than the data rate of the multimedia file. 
 
Since we have to charge the subscriber �per usage of application� it would be very difficult to 
find a good charging strategy when the viewer has the possibility to rewind and fast forward. 
Progressive streaming does not have these options, which makes it easier to test different 
charging strategies and find the optimal one.  
 
After taking a closer look at both streaming technologies we have decided to use progressive 
streaming in our application even though the real-time streaming seems to be better suited for 
streaming. The Web servers Internet Information Server (IIS) and Apache were already 
installed in the lab and that is the main reason why we chose progressive streaming. Another 
reason is that it is easier to perform content-based billing on a stream that cannot be controlled 
by the user.  

 
3.2 Synchronized Multimedia Integration Language (SMIL) 
Synchronized Multimedia Integration Language (SMIL, pronounced smile) was developed by 
the World Wide Web Consortium (W3C) in 1998. It is a subset of eXtensible Markup 
Language (XML) and is used for solving the problems of coordinating the display of 
multimedia on Web sites. SMIL can be compared with HTML. The only difference is that 
SMIL has additional design of time and temporal behavior. This makes it possible to combine 
different types of multimedia such as audio, animations, graphics, video and text, and to 
synchronize them. 
 
SMIL is very simple to use and it is an inexpensive way of presenting media content on the 
Web. It makes it possible to make files playable in a controlled environment [30,32,37,41]. 
These are the main reasons why we chose to use SMIL in our application.  
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3.3 Media-on-Demand (MonD) 
Our streaming application, which we call MonD, is as mentioned above a media streaming 
application. The application is placed in the Service Network (SN) part of the UMTS system, 
see Figure 11. All the services offered in the third generation system and all the technologies, 
such as web servers that are needed for these services are placed in this part of the network.  
 
 

 
 Figure 11: Media-on-Demand (MonD) 

 
The application is intended to be played on a Personal Digital Assistant (PDA), which is 
connected to a cell phone directly or through a laptop. This configuration can be seen in 
Figure 12. The reason why the laptop is used when connecting the PDA to the phone is to 
achieve a stable connection. If the PDA is connected directly to the cell phone the connection 
goes down all the time due to hardware instability problem.  
 

  

Figure 12: Two ways to connect PDA to a cell phone 

 
Progressive streaming is used in our application and it requires access to a Web server. In our 
case we use both Apache and IIS Web server. The Apache server is the most common Web 
server on the Internet today. This is an open-source server that can be used in both UNIX and 
Win NT environments. The IIS from Microsoft is a server, which is developed to be used on 
the Win NT, Win 2k or Win XP platform. The reason why both the leading Web servers are 
used is to achieve platform independence on the server side of the application. 
  
Some modifications on the IIS server have to be made in order to make our application work. 
The Multipurpose Internet Mail Extensions (MIME) types have to be defined, see Appendix 
B. This definition tells the client that the data it receives is a media-type application of format 
smi or smil.  
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After all modifications have been made the SMIL player can be installed on the PDA. We 
have tested three players: InterObject�s SMIL Player, RealNetworks� RealOne Player for 
Mobile Devices and Popwire�s 3GPP SMIL Player [25,29,31]. InterObject�s SMIL Player 
was the only player that could handle progressive streaming on a PDA. It is a very simple 
player but it is enough for this purpose. This player is freeware and can be found on the 
Internet [25]. One disadvantage is that the player does not have fast forward and rewind 
buttons. Later on it became clear to us that this is more of an advantage than a disadvantage 
because it is easier to bill when the user does not have full control over the stream. If the user 
had full control, it would be hard to implement the pay per usage strategy because the user 
may have the possibility to watch the movie more than once in a streaming session. This 
would make it very difficult for the operators to assess whether or not the client has watched 
the movie more than once.  
 
The next step was to find the format that is supported by the player. The player specification 
(Appendix C) summarizes the supported media types but some of them do not work when 
progressive streaming is used. In order to find the right format some tests had to be per-
formed. We encoded the media to all the different formats mentioned in the SMIL Player 
specification and then tried to stream it to the PDA. After a number of tests and a lot of time 
we found out that the only formats that can be streamed were wmv for video and wma for 
audio. The Windows Media Encoder, freeware from Microsoft, is used for encoding to these 
formats [21]. This encoder is able to convert the following formats  
- video mpg , avi, asf  
- audio: mp3, wav 
to wmv for video and wma for audio. 
 
It is very important when encoding that the source files are of good quality if high-standard 
final results are to be achieved. During the coding process the resolution of the media files, 
the bit rate, number of frames per second and other parameters are adjusted to the PDA used 
and to the radio interface in the lab. Five Ericsson short movies were encoded and they were 
later on used in our billing application. When it was time to write the report and demonstrate 
the MonD application we realized that it would be easier to relate to something familiar and 
that is why the Monsters Inc trailer was used for demonstration. This trailer is not priced and 
not charged for. All these encoded files are placed on the Web server from where they are 
accessed by a SMIL file. Using SMIL file the media can be played in the player.  As 
mentioned SMIL is very similar to HTML and this can be seen in Figure 13. It also provides a 
perfect control over the media played. The code starts and ends with a SMIL tag. In the head 
tag the layout of the region where the movie is played is described. In the body the path to the 
file that is going to be played in the defined region is defined. More than one movie can be 
played at the same time.  
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<smil>
<head>

 <layout>
<root-layout id="mymovie" width="320" height="240" background-color="black"/>
<region id="video" top="5%" left="5%"/>

</layout>
</head>
<body>

<seq>
<videoregion="video" src="   Type the URL address to the media file  "/>
</seq>

</body>
</smil>

Figure 13: SMIL code 

 
Everything is ready for streaming. Well, almost everything. Now it is time to switch your cell 
phone on and attach it to your PDA. What is left for you to do is to type the URL address to 
the SMIL file in the InterObjects�s Player and press return. Subsequently the trailer will start 
streaming and the result of this streaming session can be seen in the Figure 14.   
 

 
Figure 14: Mike and Sullivan enjoying their first streaming session ever in a PDA 

 
The streaming will continue as long as your mobile has a connection to the base station. If the 
connection goes down for more then 5 seconds, the streaming will stop and the session will be 
ended. After approximately 30 seconds the rest of the buffer, which is about 5 seconds long, 
will be played.  
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3.4 Network Analysis 
The MonD application, which is a complement to the existing real time streaming solutions in 
3G, has first and foremost been developed for the UMTS network. This network is the 
optimal network for this type of application. Our application is platform independent on the 
server side, but it could be tested in the GPRS or EDGE environment to see if it is network 
independent as well. Since the packet handling is similar in UMTS, GPRS and EDGE, the 
application should work in all three systems without any major problems. Unfortunately, the 
quality of the media has to be degraded dramatically if the application is used in GPRS. If the 
MonD application, on the other hand, is used in an EDGE network, slight changes have to be 
made regarding the media since the media we are using in the UMTS network is sampled with 
256 kbit/s and EDGE should be able to manage this bit rate.  

 
3.5 Conclusions 
We are aware of the fact that the progressive streaming technology that has been chosen for 
our application is not standardized by the 3GPP and we know that it may never be launched as 
a commercial application, and this was never the focus of our thesis either. The main concern 
was to make it work and to have an application ready for the upcoming billing application. 
 
Even if we had very little experience with Web streaming before we started with the 
development of the application, the streaming was never the difficult task. The biggest 
challenge was to make the application work in the UMTS lab environment. Another major 
obstacle was to find the appropriate media player that could work in the PDA. With some 
players the PDA downloaded the material before showing it and that was not how we wanted 
our application to work. 
 
During the development phase we have learned how hard it can be to make an idea come true. 
We had a prototype for the Web already after few days but we could not make it work in the 
lab. After a lot of hard work and a great deal of support from the staff working in the lab we 
finally had our application up and running. Hopefully this will be a valuable experience for 
the future. 
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4 Why Content-Based Billing? 
The operators will face a new challenge, namely content-based charging, when the 3G is 
introduced on the market. Today there are three ways of charging: duration-based, 
volume-based and flat rate, see Table 3.  
 
To bill according to duration-based strategy means that the network subscriber pays for the 
time the network is used. The user has to initiate a new session every time he/she wants to use 
the network in order to avoid paying for the inactive part of the session. This scheme is easy 
to implement and most important of all it is easy to understand for the customers. 
 
Volume-based charging, on the other hand, means that every user pays for the number of 
bytes downloaded, i.e., the customer pays for the active part of a session. The main 
disadvantage with this technology is the pricing because the cost of one service may not be in 
proportion to what it should cost.  
 
The third strategy is flat rate. A fixed tariff is paid for a pre-defined period, for example a 
month. This strategy is the easiest to implement but it may not be best suited for all sub-
scribers. All subscribers would pay the same amount independently of the time they are 
on-line.  
 

Billing type Used in 
Duration-based PSTN, GSM 
Volume-based GPRS 
Flat rate ADSL 

 Table 3: Existing billing types 

 
4.1 Content-Based Billing vs. Existing Billing Strategies 
According to our Master�s Thesis assignment (Appendix A) the �pay per usage� strategy 
should be used when the application is billed. This strategy is even referred to as 
content-based billing. The above-mentioned charging strategies are better suited for 
circuit-switched applications than for IP applications. Initially they may be used in both 2.5 
and 3G but IP-applications must be priced by their content in order to be managed profitably. 
Already existing billing strategies will be compared to content-based billing to see why the 
content-based billing is best suited for billing IP applications. 
 
With the duration-based billing scheme the billing is based on the period for which the 
customer is connected to the network. If the duration-based strategy is used for the MonD 
application, some modifications have to be made. First and foremost the billing should not 
start before data packets are sent from the Web server. These packets will pass the GSN nodes 
on their way to the client and from the GSN nodes Call Detail Records1 (CDRs) can be 
collected. These CDRs cannot provide any information about the source of the packets that 
have passed the nodes nor can they provide any information about what kind of data that has 
passed. The only information that can be seen from the CDRs are the ID of the customer, the 
duration of the session, i.e., the time the user has been on-line, and the number of bytes that 
have been sent to the client. With this type of billing the clients will be charged for the time 

                                                 
1 For more information about CDRs see section 5.1.1 
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the data is downloaded, but it is impossible to know if they are charged for the MonD 
application or any other service within the network. Since the IP application has to be charged 
for the usage, duration-based billing cannot be used because the client is charged for the all 
traffic generated, independent of the content.  
 
Volume-based billing can also be used for charging the clients for the MonD application. 
Here the information about downloaded bytes can be collected from the CDRs mentioned 
above. In this case the users of the application will be charged for the number of bytes 
downloaded but we still do not know if they are charged for the MonD application or any 
other service. 
 
Flat rate can be used for charging the users of the MonD application. Although this strategy is 
easy to implement and might be preferred by the users, it is not suitable for IP billing because 
all the users will be billed equally. Those who use the application frequently will obviously 
prefer this strategy but those who use it more rarely would prefer another strategy, which 
would mean that they are charged every time they access the application and for the use of it. 
 
If an operator is providing an on demand service the prices should be flexible depending on 
the quality, current interest and demand for the media just like the pricing that is used in video 
stores. The duration-based, volume-based and flat rate strategies are not well suited for the 
MonD application billing because the charges will probably not be in proportion to the service 
that is offered. The cost is a factor that will affect the demand for the application and that is 
why it is important that the pricing and charging are reasonable. According to our assessment 
content-based billing is the most fair billing strategy from both client and operator 
perspective.  

 
4.2 Conclusions 
When we started the development of our application, we did not really understand what �pay 
per usage� meant. We thought that the already existing billing strategies could be used for 
charging for our streaming application, too. After a while, when we understood the meaning 
of �pay per usage�, we realized that a new billing strategy had to be used in order to manage 
IP applications profitably.   
 
Before this new billing strategy is introduced on the market, volume-based billing may be 
used. This strategy is already used in the GPRS but it is insufficient for the UMTS, which 
may offer more IP applications than its precursors. We believe that it would be necessary to 
switch to content-based billing as soon as possible in order to make the applications attractive 
to the users. No one is ready to pay a large amount of money for a movie of bad quality and 
low resolution. Flat rate may also be initially used in the UMTS system but not everyone is 
ready to pay a fixed rate and that is another reason why content-based billing is needed.   
  
Customers, such as ordinary people, generally prefer simple rating and package plans to 
calculate their expected price in advance and companies usually demand it because they have 
to calculate their budgets. Content-based billing is a pretty simple strategy to understand and 
the price is known in advance. 
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5 Billing Application 
The second and third objective of our thesis is to investigate whether or not content-based 
billing is possible and if so set up the best method for �pay per usage of application�. When 
the streaming application was finished, it was time to concentrate on these two objectives. In 
order to be able to perform the cost effective content-based IP billing of the MonD application 
the right charging data has to be used. After this the data should be processed and priced and 
finally the bill should be displayed either as an HTML page or as a report. 

 
5.1 Charging Data  
Charging data is the most important part of the billing application. Without correct charging 
data billing cannot be performed. There are a number of log files and detail records generated 
in the UMTS system today so the first step was to investigate these and see if they can be used 
for billing. There are two requirements these log files and detail records have to satisfy in 
order to be used for content-based billing. The first is that they, at least, have to contain: 
• Time stamp (start and stop time) 
• Client and server IP address 
• Path/File name 
• Number of bytes sent by the server to the client. 
 
The second is that they have to be able to log correctly for the following four scenarios: 
• The client watches the whole movie 
• The client stops the movie by pressing the stop button 
• The client stops the movie by closing the SMIL player 
• The client turns off the mobile device/ the connection goes down. 
 
5.1.1 Call Detail Record (CDR) 
Call Detail Record (CDR) is a record containing charging information, which is generated in 
the GPRS Support Nodes (GSN), SGSN and GGSN. This record contains charging data for 
the time a subscriber was connected to the network. The charging information it contains 
includes, among other things: 
• Time stamp (creation of a CDR) 
• User ID (IMSI number) 
• Number of bytes received by the subscriber. 
 
Unfortunately, the CDRs are inadequate for IP billing and neither it is possible to make 
changes in the CDR standard for telephony so that it can be used for IP billing.  
 
5.1.2 Internet Protocol Detail Record (IPDR) 
Since CDRs are insufficient for IP billing, some new standard had to be found. The IPDR 
Organization defined Internet Protocol Detail Record (IPDR) format. According to the 
IPDR.org the Streaming Media (SM) service attribute list should contain following: 
• Who: Service Provider ID, source IP address, subscriber IP address, destination IP address 
• When: Time stamp 
• What: time zone offset, termination status, stream name, stream ID [18]. 
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There are a number of other attributes, which are optional and they will not be mentioned in 
this report. For more information visit the IPDR Organization�s homepage [26]. 
 
IPDR makes it possible to bill for application usage, to quickly detect fraud, to authenticate 
and authorize services, etc. To date the nodes in the UMTS system do not support this format. 
Hopefully, some changes in the system will be made soon [12,13,15,16]. 
 
5.1.3 Remote Authentication Dial in User Service (RADIUS) 
Remote Authentication Dial In User Service (RADIUS) makes it possible to authenticate all 
users that access a certain node in the network. It presents a log file that may contain: 
• Time stamp 
• Date 
• RAS-client (name or IP of the Remote Access Server (RAS) client) 
• Record-Type (start, stop, on, off) 
• Full-name (user) 
• Authentication type. 
 
Unfortunately, neither does this log contain enough charging information for IP billing 
because it is impossible to see which media file was accessed [10]. 
 
5.1.4 Monitoring tools  
Packet sniffing programs are used to track the traffic in computer networks and they have 
been used for a long period of time. The two main types of sniffing programs are commercial 
packet sniffers and underground packet sniffers. The commercial sniffers have been used to 
help network operators to maintain their computer networks, while underground sniffers have 
mostly been used by hackers as tools to break into computer systems. 
 
When we started the search for a log file that would contain enough information for 
IP-billing, we thought that some kind of network sniffing/monitoring tool would be able to 
create the log file we needed. After some testing we found a few valuable programs that could 
help us to create the log file we were looking for.  
 
Filmon is a Windows Application Interface (WinAPI) monitoring tool that lets you see all 
system activity in real-time. TDImon is another WinAPI tool that was tested. With this tool all 
the Transmission Control Protocol (TCP) and User Datagram Protocol (UDP) activity can be 
seen in real-time. A third program that was tested is CdirectoryChangeWatcher. This is a 
directory watcher that registers all the directory accesses. For more information about these 
tools see [33,36].  
 
None of these applications could create a log file with enough information to make the 
content-based billing possible, i.e., satisfy the requirements mentioned in chapter 5.1. We 
realized that even if we modified the programs, the logging would either be overwhelming 
and therefore difficult to cope with or the applications would be unstable. That is one of the 
reasons why we never went on with our own logging application. Another reason for not 
continuing with the application development is that we realized that logs from IIS and Apache 
servers contained enough information to make the content-based billing possible. 
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5.1.5 Internet Information Services (IIS) Log  
Internet Information Services (IIS) can generate server activity logs, without interfering with 
other server processes [11]. It logs all GET requests sent from the client to the server and 
from the server to the client. When the investigation of the existing log files and detail records 
was started, the IIS log files were studied first but we had trouble interpreting the files. That is 
why we continued our search for the right charging data by investigating CDRs, IPDRs and 
different monitoring tools.  
 
Later on we realized that IIS log files do provide the right charging data. The reason why we 
could not find the right data when we examined the files for the first time was that IIS logged 
the wrong information because of the proxy settings in the Service Network. The first feeling 
we got after realizing this was that we had wasted a lot of time during the investigation for 
alternatives, but during this period we learned a lot about the challenges that the billing 
industry faces.  
 
An example of how the IIS log can look like can be seen in Table 4:  
 

Date Time Client IP Server IP Port Path/File name Bytes Version Comment 
2002-10-24 10:02:28 192.25.1.0 178.26.5.2 80 /testpc1/mi.smi 545 HTTP/1.1 SMIL 
2002-10-24 10:02:28 192.25.1.0 178.26.5.2 80 /testpc1/mi.wmv 0 HTTP/1.0 Start 
2002-10-24 10:04:18 192.25.1.0 178.26.5.2 80 /testpc1/mi.wmv 3112278 HTTP/1.0 Stop  
2002-10-24 10:04:36 192.25.1.0 178.26.5.2 80 /testpc1/mi.wmv 65770 HTTP/1.0 Buffer 

Table 4: An IIS Log  

 
As we can see, the information provided by this log is enough for performing content-based 
billing. This log file meets the requirements defined at the beginning of this chapter (5.1). Not 
all information in the log is needed for billing. Only rows two and three are needed and that is 
why this log has to be processed in order to remove the redundant information provided by 
rows one and four.  
 
5.1.6 Apache Server Log 
Apache server generates log files every time someone accesses the applications on the server. 
The reason why both Apache and IIS servers are used besides making the application 
platform independent is that the IIS in the 3G lab is dependent on the proxy settings, which 
change from time to time due to continuous improvement of the network in the lab. These 
changes in proxy affect the IIS logging in an undesirable way. When we realized this, we 
decided to use Apache server log files as a complement to the log files generated by the IIS 
server.  
 
When our streaming application was adapted to the Apache server, we realized that it would 
be difficult to obtain the start time. This server, unlike IIS, does not have a specific start row. 
In IIS log files the moment streaming is started the client sends a request to the server and this 
results in a 0 in the Bytes column. We were never able to modify the Apache logging to work 
in a similar way. That is why a dummy image file, which is a white dot, is sent at the same 
time the movie starts to play. In this way we can obtain the start time.  
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An example of how the Apache log can appear can be seen in Table 5: 
 

Date&Time Client IP Server IP Path/File name Bytes Comment 
[25/Oct/2002:10:02:27 +0200] 192.25.1.0 178.26.5.2 /testsun1/mi.smi 416  SMIL 
[25/Oct/2002:10:02:28 +0200] 192.25.1.0 178.26.5.2 /testsun1/mi.gif 43  Start 
[25/Oct/2002:10:02:45 +0200] 192.25.1.0 178.26.5.2 /testsun1/mi.wmv 40960 Buffer 
[25/Oct/2002:10:02:45 +0200] 192.25.1.0 178.26.5.2 /testsun1/mi.wmv 163840 Buffer 
[25/Oct/2002:10:04:18 +0200] 192.25.1.0 178.26.5.2 /testsun1/mi.wmv 3112278 Stop  

Table 5: An Apache log 

 
Apache log files, like IIS log files, provide enough information for billing. It is also necessary 
to process this log file before it can be used in a billing system. Only rows two and five are 
needed while all other rows can be discarded.  

 
5.2 Mediation and Billing System 
Now that the problem with the charging data has been solved, it is time to bill for our 
application. It has been decided that Billing Gateway will be used for processing and pricing 
charging data. An SQL server is used for further processing, i.e., the text files generated by 
the BGw are converted and exported to a database. In this chapter we will concentrate on 
mediation and billing systems and how they are used to solve the challenge with 
content-based billing.  
 
5.2.1 Billing Gateway (BGw) 
Billing Gateway (BGw), also referred to as the Mediator, started as a student project in 
Karlskrona/Ronneby in 1992. This first version was developed for Cellnet of England and the 
first customer was APC in the USA. Today 180 BGw systems are installed and 120 operators 
in more than 50 countries use the BGw. 
 
The BGw is a single-point, uniform interface connection between the Network Elements 
(NEs) that produce billing information and the administrative billing system. It collects 
charging data like CDRs, IPDRs and log and event records from IP nodes (Usage Data 
Record (UDR)). This information is collected automatically and on-line from different nodes 
in the GSM, GPRS, EDGE and/or UMTS system. It also processes and distributes billing 
data, automatically and on-line, to billing, fraud, statistics and storage systems. Billing Gate-
way also offers other features like Hot Billing2, filtering, formatting, consolidation and alarm 
logs.  
 
BGw is excellent tool for processing, formatting and mediation and it is node independent, 
i.e., it can process log files from all kind of nodes in a telecom/datacom network. These are 
the main reasons why it is used in our billing application. All functions in the BGw are saved 
in a BGw configuration. This configuration, in our case, is divided in four steps and they all 
are described in the following text.  

                                                 
2 Hot Billing is near real time billing, i.e., the subscriber can seen the bill few seconds after the end of session. 
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 Figure 15: Step 1- Collection of log files 

 
In step one, see Figure 15, the BGw collects the log files from the Apache/IIS-server by using 
an NE element named Apache/IIS. NEs are used by the BGw to either collect data from the 
local disk or from any node inside the telecommunications network. Different protocols like 
Disk, MTP/SFO, FTP, TFTP, etc, can be used to collect data. Disk protocol is used for getting 
files that are stored on the local disk and MTP/SFO is used over X.25 connections. For 
collection over UDP, TFTP is used. FTP is used for transferring files from a remote host over 
TCP connection. In our case the FTP-protocol is used for setting up a connection between the 
Apache/IIS-server and the BGw for the file transportation. This because the FTP server and 
client agent are installed on all nodes used in our application and since FTP uses a TCP 
connection, a reliable connection can be achieved.  

In order to process the incoming log files the BGw needs to know what the log files look like. 
To solve this problem a decoder and a data structure must be placed inside the Apache/IIS 
element. The decoder is used to identify individual data fields within the log files and the data 
structure is needed to describe the structure of the whole file. In the log file that we are using 
some corrupt characters such as - may occur in the Bytes column. Since the data in this 
column is defined as an integer in the BGw, and the - character is not an integer, the BGw is 
unable to read the file. To filter out unwanted rows containing corrupt characters from the 
incoming log files a filter called remove is used. (In Appendix D a general filter is presented.) 
Finally the data is stored in the BGw element. The BGw element is a Post Processing System 
(PPS) element, which is used for storing the log files that an NE has collected. These files can 
either be stored on the local disk by using the Disk protocol or they can be stored in another 
node by using different transport protocols. Here the Disk protocol is used for storing the files 
to the local disk. 

 

 Figure 16: Step 2- Pricing and sorting 

 
In step two, see Figure 16, the NE called BgwProcessing uses Disk protocol for collecting the 
files stored by the BGw element in the previous step. To be able to price the log files a 
formatter called Pricing is used. (In Appendix D a general formatter is presented.) A 
formatter can be used for converting a file from one format to another. In our application the 
formatter is used for adding a Price, Movie_ID and Status field into the log files. In the Price 
column the cost for the movie session is added. This cost depends on what movie was 
accessed and for the percentage of the movie that is watched, i.e., if 95-100 percent of the 
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movie is watched, then one price is charged and when 40-94 percent is watched then another 
price is charged. See Table 6 to see how one of the movies used in the streaming application 
is priced according to the content-based billing. In the same way different movies have 
different tariffs depending on the quality and the demand of the movie. A complete pricing 
plan for all the Ericsson movies used can be found in Appendix E. 

Movie % Price 
 95-100 10 

Bringing 3G to the market 40-94 6 
 *-39 2 
 0-* 0 

 Table 6: Billing strategy (*=Buffer) 

 
In the Movie ID column a short name for the movie is added. This makes it much easier to 
search the database in the final step of this billing application. Instead of having the movie 
name for example Monsters Inc the Movie_ID MI can be used as a search parameter. In the 
Status column Start is added when the movie is started and Stop is added when the movie is 
stopped. The filter Sorting only filters out rows that contain start or stop and by doing this 
only priced information will pass through to the PPS called ForBilling. This information is 
stored on the local disk. The Backup PPS is used for saving log files in case the connection 
between BGw and SQL goes down. This backup information can also be used if the 
information in the database for some reason is lost or erroneous. 
 

 

 Figure 17: Step 3- Transportation of the processed log file to the SQL server 

 
In the third step, Figure 17, the NE BGwFTP collects the priced log files, saved by ForBilling 
element in the previous step, by using the Disk protocol. The PPS called SQL-server uses an 
FTP protocol for transferring processed and priced log files from the BGw to the SQL server. 
These files are stored on the SQL server where some further processing is performed. This 
processing is described in more detail in section 5.2.2. 

 

 

 Figure 18: Step 4- Removing the log file from the SQL server 

 
The fourth step, Figure 18, is a reversed step three. The priced log files that are transferred to 
the SQL are transferred back to the BGw. For this action the network element called 
DeleteSQL is used. During the collection the files are removed from the SQL-server and the 
PPS Trash stores them for a while before deleting them. This step was introduced mainly 
because the BGw was unable to overwrite files with the same name and which are sent from a 
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UNIX environment to Microsoft environment. This step may seem unprofessional but we 
have decided to keep it until another and better solution is found.  
 
5.2.2 SQL Server 
Since the bill should be displayed as a report or as an HTML page the log files processed by 
the BGw need further processing before they can be displayed. To make it easier to search 
and sort the billing information the text log files transferred from BGw are converted and 
exported to a database. The easiest way of converting is using a SQL server.  
 
When the files arrive from BGw to the SQL server, they are just ordinary ASCII-files. 
Columns are comma-separated and each row is separated by \n, which means new line. An 
example of a BGw file with two rows is presented in Table 7.  
 

Date Time Client IP Server IP Movie ID Movie Title B3 P4 St5 
2002-10-24 10:02:28 192.25.1.0 178.26.5.2 MI Monsters Inc 0 0 Start 
2002-10-24 10:04:18 192.25.1.0 178.26.5.2 MI Monsters Inc 3 15 Stop 

 Table 7: Priced IIS log file 

 
To import these rows to an SQL database a component called Import and Export Data is used. 
The characteristics of the log files are defined in this component and the data is exported and 
stored into a SQL database table. The Structured Query Language (SQL) can be used to query 
the database in order to get the desired information. This procedure is manual and it must be 
executed every time a new file arrives from the BGw. To achieve an automatic process, as it 
should be in a commercial billing system, a package that automatically queries the database is 
used. In our case a package called BGwSQL is created in the SQL server and it can be seen in 
Figure 19. This package exports the text log files into a database table and it is scheduled to 
do so every minute. When a package is scheduled, a job with the same name is created. A job 
is a specified series of operations performed sequentially by the SQL server agent. The 
operations in the SQL server agent are often referred to as steps and in our case only one step 
is used, namely the schedule that imports the log files into the database table. 
 

 
 Figure 19: BGwSQL package in the SQL server 

 
While testing the automatic BGwSQL package we realized that log files coming from the 
BGw could have duplicated rows. The duplication of rows crashed the BGwSQL package 
every time it tried to insert these into the database table called exlog. This problem occurred 
because of primary key violation in the database table. To solve this problem the primary key, 
which consisted of Date, Time, Client_IP and Movie_ID, was removed. By doing this, the 
problem with the crashing package was solved but another problem was introduced, namely 
redundant data in the exlog table in the form of duplicated rows. The entire BGw 
configuration can be viewed in the Appendix F. 

                                                 
3 B= Bytes sent to the client (Megabyte) 
4 P= Cost of the movie 
5 St= The status of the session, start or stop 
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The solution to the duplicated rows and the crashing package problems is to somehow remove 
the duplicated rows that are inserted into the database table. Therefore a new table called 
exlogtemp is created. The files arriving from the BGw are stored in the exlogtemp table where 
the duplicates are removed by executing the query in Figure 20, which is a step in the job 
BGwSQL.  
 
INSERT INTO exlog

SELECT DISTINCT *
FROM exlogtemp l
WHERE NOT EXISTS (SELECT [Date]

FROM exlogg t
WHERE t.[Date] = l.[Date]
AND t.Time = l.Time
AND t.Client_IP = l.Client_IP
AND t.Movie_ID = l.Movie_ID
AND t.Status=l.Status)

DELETE FROM exlogtemp
 

Figure 20: An SQL query that removes duplicated rows 

 
This query will be performed automatically immediately after the log files are imported to the 
exlogtemp table. What it does is that it compares the fields in exlog and exlogtemp tables and 
adds all the rows from the exlogtemp that do not exist in the exlog to the exlog. After this it 
deletes all information in the exlogtemp. It is also worth mentioning that the exlog table has 
Date, Time, Client_IP and Movie_ID as a primary key.  

 
5.3 The Bill 
The last step in the billing chain is to display the bill. The first decision that had to be made is 
what the bill will look like. The best thing would be to make it as similar to the phone bill as 
possible since the subscribers are already familiar with it. So we decided to include the 
following when displaying our content-based bill:  
• Client IP 
• Date 
• Time stamp (start and stop time) 
• Movie Title  
• Bytes sent from the server to the client 
• Price. 

 
Since all billing data is in the database, generated by the SQL server, the easiest way to create 
the bill would be to search through the database and display the required billing information. 
To do so a tool that easy, fast and efficient performs the search and displays the result of that 
search is needed. The bill should be displayed as a homepage or as a report according to our 
Master�s Thesis assignment. One tool that meets all these requirements is Active Server Pages 
(ASP).  
 
Active Server Pages is a server-side scripting technology that enables scripts to be executed 
by an Internet server, such as IIS or Microsoft Personal Web Server (PWS). An ASP file can 
contain text, HTML, XML, and scripts. It supports three languages C#, VBScript and JScript. 
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(VBScript is used in our application.) All ASP code is run on the server, which makes ASP 
accessible to all clients regardless of the platform they are using.  
 
Well, how does ASP work? It is very simple actually. When a browser requests an HTML 
file, the server returns the file and when a browser requests an ASP file, the Web server 
passes the request to ASP engine, which reads the file, line by line, and executes the scripts in 
the file. Finally, the ASP file is returned to the browser as plain HTML.  
 
ASP can be used to fetch and store information in a database, make homepages more inter-
active for the visitors, store information about the visitor and use it every time someone visits 
the site, make games, guest book, create and read information from cookies, etc. The syntax 
for the ASP code is in Figure 21: 
 
<%@LANGUAGE="VBSCRIPT"%>
<%
ASP code
� This is a comment
%>
<html>
HTML code
</html>  
Figure 21: The syntax for the ASP code 

 
All ASP code is written between <% and %> signs. A row that starts with an apostrophe � is a 
comment row and it is not included in the code [19,20,42]. 
 
In our application we only use ASP to search the database and display the result. When 
databases are used, it has to be taken into consideration that the Web server must support the 
use of databases and that a database program is available. Appendix G contains the ASP 
source file with entire code and comments. We are only going to explain what the code does, 
not what every command means.  
 
In order to query the database the SQL string and the connection to the database have to be 
created first. Usually the Set Connection command is used to create the connection and Dim 
to create the string. Then the questionnaire can be created. We have chosen to use dropdown 
list with the following search alternatives: Date, Client IP, Movie ID and Movie Name; and an 
input field where the specific search string can be entered, for example Movie ID=MI. Also a 
Submit button is created. The result of this design can be seen in Figure 22. 
 

 
Figure 22: ASP homepage 
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The SQL command SELECT is used for selecting those rows in a database that match the 
strings in the dropdown list and the input field. Those rows that match the requirement are 
displayed. When the search is finished and the result displayed, the connection to the database 
is closed. The result is viewed in Figure 23 where the first row is start and the second row is 
stop.  
 

 
 Figure 23: The result of the SQL search where Movie ID=MI 

 
At the beginning of this chapter we mentioned that our bill should be similar to the phone bill 
but we did not manage to present start and stop time in the same row. We have tried to do this 
by using SQL but we did not succeed. The lack of unique session ID makes it difficult to 
decide which start belongs to which stop. Despite this weakness it is possible to present an 
acceptable bill since the second row, which is the stop row, contains all wanted parameters 
mentioned in the beginning of this chapter (5.3), except the start time. 
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5.4 Our Billing Application 
In the previous chapter all parts of our billing application were explained in detail and in this 
chapter we are just going to summarize. The easiest way of presenting an overall picture is by 
the illustration in Figure 24.  
 

 
 Figure 24: Billing application 

 
As mentioned before our application contains four steps. The first step is streaming. It is 
impossible to perform billing without any billable data and that is the reason why the first step 
is streaming. As a logging tool Apache and IIS servers are used and this is the second step of 
the application. Both logs have advantages and disadvantages but both of them present 
enough information for our billing application. The advantage of the IIS log is that it is user-
friendly and easier to process in the BGw while the disadvantage is that it follows a certain 
standard, which makes it impossible to add additional information to the log file. Apache log 
on the other hand is not easy to use but the strength of this log is its flexibility, i.e., the user 
can decide format of the log. The third step is processing and billing which are done in the 
BGw and SQL server. The final step is to display the bill, which is done by creating a 
dynamic homepage using ASP. It is worth mentioning that the bill in Figure 23 is not a 
commercial solution; it is only intended to serve as a demonstration object for the employees 
at our department.     

 
5.5 Conclusions  
The biggest challenge during our thesis has been to find a solution to the content-based billing 
assignment. The most difficult task has been to find a log file that can provide the billing 
system with enough information to charge the customers for their use of the MonD 
application.  
 
First we thought we could merge different log files as the CDRs from the GSN-nodes and the 
Apache/IIS log to create a completely new log file. The reason why this merger was discussed 
was that none of the single files could provide the billing system with complete information. 
To achieve a successful merger between the CDRs and the Apache/IIS logs these two log files 
must have something in common. Unfortunately they do not have anything in common and 
therefore this merger is of no use. Even if the clocks in the Apache/IIS server and the GSN-
nodes are synchronized in order to generate the perfect log file, this would never provide 
useful information. The logs generated by the IIS and the GSN nodes are different and there-
fore an exact match between these files is hard to achieve. 
 
The CDRs could not tell what movie the user was watching. The truth is that the CDRs can 
not tell anything about what the user has been doing in the packet-switched Core Network 
besides the number of downloaded bytes. The Apache/IIS on the other hand can provide 
information about what a user has been doing but it can only provide user identity by a static 
IP-address. The problem with this is that there are not enough IP addresses available today.  
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Dynamic IP addressing can be used to give the customer a temporary session-related identity 
but this would create another problem. What will happen if the user changes SGSN-area 
during a session? Nothing, if the IP address assigned to the client is available, but if not, this 
will create a conflict within the network. To avoid conflicts an IP address must be assigned to 
the user within the SGSN area where the session has started and in all neighboring SGSNs 
areas as well. This solution is very complicated and makes the initial problem even more 
complex. 
 
In our billing solution the clients are not charged for the buffer that is sent at the beginning of 
each movie session. From an operator point of view this may sound like generous billing 
because they are literally giving away network resources for free. People may abuse this 
generous policy and therefore other options should be considered. One way of doing this is to 
include a connection fee that is paid every time a session is started. Another solution may be a 
dialog window that asks the users if they really want to start the movie session. It is very 
important that such a solution is used if a connection fee is charged. In this way the clients 
will feel that everything is under control and will know that they are not paying for something 
they have not done. 
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6 Conclusions 
One objective of our Master�s Thesis was to create a simple application to be used in a 3G 
network. A simple streaming application using progressive streaming was created. It is 
capable of streaming media, such as movies and trailers, via the WCDMA network to the 
media player on the PDA. Although this application is not based on a standardized solution it 
is fully functional. No effort was made to standardize this application because the main focus 
of this thesis is not application development.  
 
When the development of the streaming application was finished, it was time to concentrate 
on the second and third objective of our thesis, i.e., check whether end-to-end billing is 
supported and possible with current software/ hardware-configuration and examine and set up 
the best method to make sure subscriber �pay per usage of application� using existing 
hardware in the WCDMA configuration. After some investigations we found that the end-to-
end billing was supported and possible so we started the development of the billing 
application. The first step of the development was to find the right charging data without 
which the billing is impossible. The data records and log files that were investigated were 
insufficient in one way or another but we managed to find two log files, the IIS and the 
Apache log, that provided enough data. These log files were processed in the BGw and in the 
SQL server. The information in these files was stored in an SQL database, which is queried 
by the ASP homepage. The displayed bill is a result of this query.  
 
Neither the streaming and the billing applications are standardized and they include some 
weakness. We are aware of that some of our solutions, such as the dummy file, removal of 
corrupt characters in BGw step 1 and the BGw step 4, are not perfect solutions to the problem 
and that they would never be accepted in a commercial system.  
 
With the knowledge we have in streaming and billing today we know that some things could 
have been done differently. During the streaming application development other servers better 
suited for streaming could have been used. Real time streaming could have been used and this 
would make the MonD application more interesting from a commercial point of view. On the 
other hand our applications were never meant to be used commercially. They are good enough 
to serve as a demonstration in the 3G lab, which was the main purpose of this project. 
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7 Discussion 
During this project we have worked with two of the most challenging problems that the 
mobile industry is facing today. We have 3G on the doorstep but nothing seems to attract 
ordinary people to this technology. We think that people are ready for this technology but the 
telecom industry must show something beyond high bit rates to attract the mass market. They 
must show how ordinary people can take advantage of this new technology. This can be done 
by showing the possibilities of the new technology and by demonstrating applications that it 
will handle.  
 
To convince the operators industry must show how the operators can charge for the new types 
of applications that will be introduced soon. This is the main reason why Ericsson gave two 
students with fresh ideas the chance to first learn the technology and then develop an 
application with a billing solution.  
 
During our project we have realized that application developers must work in close co-
operation with the developers of billing strategies. The applications must generate billable 
information in order to make the content-based billing successful. This is the key to success in 
the future mobile communication. We think that IPDRs is the future standard for logging but 
in order to make it successful the developers must keep the billing in mind when they are 
developing new popular applications.  
 
We know that our billing solution is not complete. It produces double information i.e. the 
customers have to pay for the MonD application two times. The first time when volume-based 
billing is used and second time when the content-based billing is used. This problem can be 
solved in different ways. One way is to place all the streaming servers behind a GGSN of 
their own. By doing this the CDRs generated there can be neglected. This may sound like a 
very expensive solution and it is. Another way is to use an Ericsson based solution Flexible 
Bearer Charging, which was developed for Vodafone, that can filter out the CDRs created by 
data packets sent from a specific server.   
 
There are a number of things that service providers have to consider when billing according to 
the content-based strategy and if progressive streaming is used. What will happen if the 
connection is lost during a MonD session? Will the client be charged for this session? These 
questions and many others have to be answered before the application is introduced on the 
market. The service providers must agree on a standard for IP billing in order to manage their 
applications profitably. 
 
Those responsible for billing should keep in mind that they have to protect the integrity of the 
customers. The customers may not want everyone to see which files they have accessed even 
though content-based billing is impossible to perform without seeing the network activity. 
One solution to this integrity problem could be to place the movies into different categories 
and charge per category instead of movie. This was not the main objective of our Thesis and 
therefore no effort has been made to provide a solution. Our main aim was to show that it was 
possible to charge according to pay per usage strategy.  
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1 Basic Information

1.1 Description of the examination work

The outcome of this examination work is to have an application that demonstrates
both end-to-end connectivity and the billing capabilities of WCDMA. The
application will be used when Ericsson AB, Katrineholm is demonstrating the
UMTS TechLab for internal and external Ericsson customers.
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The examination work will start the 17:th of June 2002 and will be completed 25:th of 
November. 

The material cost for the examination may not cost more than 10 000 SEK. 

Sponsor of this project is SEKH/ERA/PPA/TL Fredrik Bentzer, Assistant Manager 
TechLab. 

The students will examine, investigate and set up three interfaces: 

 
1 Check whether end-to-end billing is supported and possible with current SW/HW-

configuration. Seek best practice within the Ericsson organization. 
 
2 Create a simple application to be used, over WCDMA. Both server and client end.

 
3 Examine and set up best method to make sure subscriber �pay per usage of 

application� using existing hardware in the WCDMA configuration. Billing 
information should be viewable as an HTML page or a report. 

 
All code that is to be written should use appropriate, (common), code language. 
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1.2 Purpose 

The purpose of this examination work is to give the students a deeper understanding of 
the applications and services run over a WCDMA-network. Billing/business focus is 
also essential for the network operators and is therefore included in the scope.
 
This knowledge will make the students attractive on the work market after they have 
taken their examination in Communication and Transportation Engineering. 

TechLab need more demonstrations and this examination work will provide this to the 
staff of TechLab. 

 
1.3 Background 

�Ericsson is the leading supplier for 2G and 3G Mobile Systems, providing industry-
leading end-to-end system elements: infrastructure, terminals, applications and 
expertise.� 

It�s an important consideration for Ericsson that students learn more about the new 
technologies.   

http://www.ericsson.com/technology/WCDMA.shtml 
  

2 Assignment Scope 
 
2.1 Expected Outcome of the Assignment 

A demo object, fully implemented. (SW and instructions). 

 
2.2 Time Limits for the Assignment 

The students must have a functional demo by the end of October 2002, and also have 
at least a draft of their report by that date. 

It is up to Campus Norrköping to decide when the report should be finalized and the 
conditions to accomplish this task. 

 
2.3 Quality demands 

The examination work should be documented according to general Ericsson rules and 
also a consideration of Campus Norrköping will be taken regarding their demands. 
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2.4 Measurements 

The examination work should follow a simplified PROPS model with the following 
tollgates: 

TG1 At tollgate1, which is the first decision point in the project, the project 
sponsor decides on the feasibility study of the project according to 
Ericsson standardized methods and based on the result of the pre-study.

TG2 At tollgate2, the project sponsor makes a decision concerning the 
implementation of the project and choice of alternatives. From this 
point onwards, therefore, only one product alternative remains in the 
plan.  

TG3 Design and learning phase. 

TG4 Tollgate 4 involves the project sponsor deciding whether the project 
result will be used. A decision about General Availability (GA) is also 
taken at this stage; i.e. if the product can be shipped to the customers. 
For installation and service works, it is important that all manuals are 
ready. 

TG5 Tollgate 5 involves the project sponsor deciding whether to conclude 
the project.  

Dates for each tollgate are to be decided amongst the students, Thomas Söderlind and 
Fredrik Bentzer. 

2.5 Hand-Over of Assignment Outcome 

The examination work should be handed over via the examiner to Campus Norrköping 
according to Campus standards. 

To Ericsson AB, Katrineholm, the students will write a document that describes how 
to maintain, demonstrate and run the application; this document will follow a template 
that will be given to the students. 

These documents will be handed over to the involved parties no later than week 47. 

3 Assignment Organization and Stakeholders 

3.1 The Assignment Organization 

SEKH/ERA/PPA/TL Fredrik Bentzer/Thomas Söderlind is the issuer of this 
assignment. 

SEKH/ERA/PPA/TL Thomas Söderlind will be the students� �instructor� during this 
work. 
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The students will report on a bi-weekly basis on the team meetings that are held for 
AK/TL. 

4 Prerequisites and Constraints 

4.1 Security 

The students have to sign a non � disclosure agreement with Ericsson; this will be 
taken care of by the Human Resource Department via Cecillia Franssen. 

Fredrik Bentzer will revise every document produced by the students before 
publishing. 

5 Other Matters 

6 References 

Reference material will be handed to the students concerning the Service-Lan. 
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Appendix B- MIME Type Registration on the IIS 
Server 
 
 
1. Go to Start->Administrative Tools->Internet Server Manager 
2. Double click on acl-pc-1 
3. Right click on Default Web Site 
4. Select Properties 
5. Go to HTTP Headers tab 
6. MIME Map at the bottom of the HTTP Header 
7. File Types� 
8. New Type� 
9. Register your MIME type by entering .smi in the Associated Extensions field and 

application/smil.smi in the Content Type (MIME) filed 
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Appendix C- InterObject�s SMIL Player 
Specifications 
 
 

Category Media Win  
NT/2000/XP

PPC MS Direct 
Show 

Inter 
Object 

Images GIF � � �  
 JPEG � � �  
 BMP � � �  
Audio AMR NB � �  � 
 AAC �   � 
 WAV � � � � 
 Windows Media Audio V8 � � �  
Video MPEG 4 ISO SP � �  � 
 Windows Media MPEG-4 Video V3 � � �  
 Windows Media Video V7 � � �  
Multiplexed MP4     
 MPEG 4 ISO SP � �  � 
 AMR NB � �  � 
 AAC �   � 
 WMV     
 MPEG 4 ISO SP � �  � 
 Windows Media MPEG-4 Video V3 � � �  
 Windows Media Video V7 � � �  
 Windows Media Audio V8 � � �  
 
 
Win NT/2000/XP Implemented for MS Windows 
PPC Implemented for Pocket PC 
MS Direct Show Implemented by MS Direct Show 
InterObject Implemented by InterObject SDK may be easily ported to other platforms 
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Appendix D- Example Filter and Formatter 
 
 
A roaming filter that checks the IMSI number to determine if a CDR is roaming or not 
 
CONST INTEGER isRoaming (imsi CONST CME20R6MSCber.IMSI) 
{ 
if (isDefined(imsi)) 
if (left(imsi,4,4) != �0703�D)  
return 1; 
return 0; 
 
 
 
A formatter from datastructure CMS40 R1 to datastructure CMS40 R2 
 
CONST INTEGER main (theCallNumber CONST INTEGER,  
theTarget CMS40R2MSCber.PCSPLMNCallDataRecord,  
theSource CONST CMS40R1MSCber.CMS40PLMNCallDataModule) 
{ 
 theTarget.cdr ::= theSource.cdr; 
 
 if(isDefined(theTarget.cdr.transit.iNMarkingOfMS)) 
 { 
 theTarget.cdr.transit.iNMarkingOfMS += �1�D;  
 } 
else  
 if(isDefined(theTarget.cdr.mSOriginating.iNMarkingOfMS)) 
 { 
 theTarget.cdr.mSOriginating.iNMarkingOfMS += �1�D; 
 } 
else  
 if(isDefined(theTarget.cdr.callForwarding.iNMarkingOfMS)) 
 { 
 theTarget.cdr.callForwarding.iNMarkingOfMS += �1�D; 
 } 
 theTarget.eventModule ::= theSource.eventModule; 
return 0; 
}
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Appendix E- Pricing Table 
 
 

Movie % Price 
 95-100 10 

Bringing 3G to the market 40-94 6 
 *-39 2 
 0-* 0 
   
 95-100 13 

What is GPRS 40-94 9 
 *-39 4 
 0-* 0 
   
 95-100 15 

Ericsson Mobile Future 40-94 13 
 *-39 6 
 0-* 0 

   
 95-100 14 

MMS � Sharing the good times 40-94 12 
 *-39 5 
 0-* 0 
   

Overview 0-100 0 
 
 
We can charge differently by deciding the pricing parameters ourselves. Such parameters can 
be popularity, quality, movie category, etc. As you can see in the pricing table above, the 
pricing is based on the percentage that is watched by the clients. The pricing does not 
necessarily have to depend on the size of the movie. The buffer, which is 0-*, is not charged 
for because the subscriber will not manage to see anything while the buffer is downloading. 
We have chosen not to charge for the movie called Overview just to show that it is possible to 
adjust the charging and pricing for each movie.  
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<%@LANGUAGE="VBSCRIPT"%> 
<% 
'### If the search has been submitted create the SQL string and open another DB connection for the search 
'########################################################################### 
If request.querystring() <> "" then  
 
 Dim SQLstring 
  
 If request.form("search") = "" then  
   SQLstring = "SELECT DISTINCT 
Date,Client_IP,Server_IP,Movie_ID,Movie_Name,Bytes,Price,Status FROM exlogg" 
 Else 
  
 If request.form("field") = "Please Select One" then  
   SQLstring = "SELECT DISTINCT 
Date,Client_IP,Server_IP,Movie_ID,Movie_Name,Bytes,Price,Status FROM exlogg" 
   
 Else 
  SQLstring = "SELECT DISTINCT Client_IP AS 
IP,Date,Movie_Name AS Title,Bytes,Price FROM logg WHERE "& request.form("field") &" 
LIKE '%"& request.form("search") &"%'" 
 End if 
 End if 
 
 set RsSearch = Server.CreateObject("ADODB.Recordset") 
 RsSearch.ActiveConnection ="DRIVER={SQL 
Server};SERVER=localhost;UID=webuser1;PWD=web;DATABASE=MonD" 
 RsSearch.Source = SQLstring 
 RsSearch.CursorType = 0 
 RsSearch.CursorLocation = 2 
 RsSearch.LockType = 3 
 RsSearch.Open() 
End if  
%> 
<html> 
<head> 
<meta http-equiv="Content-Language" content="en"> 
<meta http-equiv="Content-Type" content="text/html; charset=windows-1252"> 
<meta name="GENERATOR" content="Microsoft FrontPage 4.0"> 
<meta name="ProgId" content="FrontPage.Editor.Document"> 
<title>Billing</title> 
<meta name="Microsoft Border" content="none, default"> 
</head> 
 
<body bgcolor="#FFFFFF" text="#000000"> 
<style type="text/css"> body { margin-left: 5%; margin-right: 5%; }</style> 
 
<img border="0" src="Logo_100.gif" width="100" height="23"><br> 
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<img border="0" src="left.gif" width="116" height="17"><a 
href="http://www.acl.umtsct.com/Testpc1/asp/SearchDBa.asp"><img border="0" 
src="home.gif" width="56" height="17"></a><img border="0" src="right.gif" width="729" 
height="17"><br> 
 
 
<form name="form1" method="post" action="SearchDBa.asp?search"> 
  <table width="368" border="0" cellspacing="5" cellpadding="5"> 
  <tr>  
    <td><font face="Arial, Helvetica, sans-serif" size="2">Search The Database</font></td> 
    </tr> 
    <tr>  
      <td><font face="Arial, Helvetica, sans-serif" size="2">Search  
        <select name="field"> 
          <option selected>Please Select One</option> 
   <option>Date</option> 
   <option>Client_IP</option> 
   <option>Movie_ID</option> 
   <option>Movie_Name</option> 
        </select> 
        for  
        <input type="text" name="search"> 
        </font></td> 
    </tr> 
    <tr>  
      <td> <font face="Arial, Helvetica, sans-serif" size="2">  
        <input type="submit" name="Submit" value="Submit"> 
         </font></td> 
    </tr> 
  </table> 
 
  <table border="0" cellspacing="10" width="100%" align="center"> 
 <tr><td></td></tr> 
  </table> 
 
<% 
 
'#### Print the search results to a table on the page 
If request.querystring() <> "" then  
 
     Response.Write "<table border=1 align=center cellpadding=3 " 
      Response.Write "cellspacing=0><thead><tr>" 
      For Each fldF in RsSearch.Fields 
         Response.Write "<td>" & fldF.Name & "</td>" 
     Next 
     Response.Write "</tr></thead><tbody>" 
 
Do until RsSearch.EOF  
            Response.Write "<tr>" 
            For Each fldF in RsSearch.Fields 
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               Response.Write "<td>" & fldF.Value & "</td>" 
            Next 
            Response.Write "<tr>" 
            RsSearch.MoveNext 
Loop 
      Response.Write "</tbody></table><p>" 
 
'#### Close it off ###### 
RsSearch.Close() 
Set RsSearch = nothing 
 
End if %> 
   <img border="0" src="footer.gif" width="900" height="17" align="center"> 
</form> 
</body> 
</html> 



 
 

 

 




