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Abstract

The evolution of mobile communications
and the Internet has lead to the third genera-
tion of cellular networks, known as UMTS. In
this evolution, new applications/services have
been designed requiring QoS guarantees with
respect to data transfer reliability, available
bandwidth and delay/jitter bounds. The goal
of this PhD is twofold. First we will build a
testbed simulating the UTRAN of a UMTS
network using a dozen of personal computers
and open source softwares. The second step
of our work will be to improve the best-effort
network algorithms to adapt them to the
wireless/narrow-band links (typically the air
interface of the UTRAN), in order to fulfil the
QoS requirements of upcoming applications
and services.
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1 Introduction

The last few decades have seen two great rev-
olutions in communication: Internet and mobile
communication.

Primarily, Internet was used by scientists for ex-
changing information among themselves and for net-
working research up to beginning of '90s. Remote
access, file transfer, and e-mails were then the most
common applications. But the World Wide Web has
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fundamentally changed the Internet. Nowadays, In-
ternet is much more than just e-mail and web brows-
ing. It is really a complete data technology revolu-
tion which transforms our daily life with new services
such as e-commerce, Internet telephony, videophony,
instant messaging or video/audio streaming to name
a few. Some of these new applications require a cer-
tain minimum throughput to operate, while others
require a minimum latency. Jitter, which is the dif-
ference in latency between consecutive packets, has
also to be carefully constrained for many time sensi-
tive applications. Some applications do not tolerate
dropped packets while others contain time-sensitive
information whose delivery is better cancelled than
delayed. With all these new flow characteristics, QoS
has become the major concern of the Internet opera-
tors and their challenge is to provide an effective QoS
while staying unperceivable from the user’s side.

On the other hand, mobile communications have
also evolved thanks to wireless standards evolution
(802.11b/g, Bluetooth, GPRS, etc.) and hardware
improvement (laptops, PDA’s, mobile phones, etc.).
But current mobile phones still mainly offer a single
service: voice ; from this point of view, they are still
closer to the PSTN than IP networks. However,
with the launch of so-called third generation of
mobile communication (3G), users are now able to
truly access the Internet from mobile terminals,
allowing mobile phones to deliver other services than
voice. The convergence of mobile communication
and Internet technologies is considered to be the
next great communication evolution.

This proposal is organised as follows. Section 2
briefly presents the third generation of mobile com-
munication on which we will base our work. Section
3 defines in detail the term “QoS” which we will use
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in the rest of the document. Section 4 explains why
QoS provisioning over a wireless link is a real chal-
lenge. Section 5 exposes the methodology to reach
the thesis goal: the creation of new scheduling strate-
gies, mainly located in the NodeB, to efliciently sup-
port QoS over an UMTS network. Section 6 depicts
the project organisation for the next four years and
finally, Section 7 concludes the paper.

2 UMTS and 3G

What exactly are 3G networks 7 It is in fact the
result of the mobile system evolution. Here is a quick
run-down [1]:

e 1G is the first generation systems. They were
analogue and offered only a voice service. 1G
systems were very insecure against eavesdrop-
pers, and offered no roaming possibilities.

e 2G heralded a digital voice and messaging ser-
vice and offered encrypted transmissions. GSM
has become the dominant 2G standard and
roaming is now possible between overall 150
countries where GSM is deployed.

e 3G systems are being rolled out across the globe
since 2003. They ultimately offer true broad-
band data: multimedia messaging, video on de-
mand, videophones and high bandwidth games
are available. Third generation systems differ
from the second generation in terms of both the
bandwidth and data capabilities that they pro-
vide.

3G systems can be divided very crudely into three
(network) parts: the air interface, the RAN, and
the Core Network (Figure 1). The air interface is
the technology of the radio hop located between the
terminal (the cellular phone, UE) and the UMTS
Base Station (NodeB). The Core Network links the
operator switches and routers together and extends
to a gateway connecting to the wider Internet or
PSTN. Finally, the RAN is the ‘glue’ that links the
Core Network to the NodeB’s and deals with most
of the consequences of the terminal’s mobility.

During its development, two flavors of the 3G have
emerged. They are known as UMTS (developed
and promoted by Europe and Japan) and cdma2000
(developed and promoted by North America). Both
are tightly integrated systems that specify the entire

Air Interface

Figure 1: Third generation network overview.

architecture (from the air interface to the services
offered). Although each has a different air interface
and network design, they offer users broadly the
same services of voice, video and fast Internet access.

As already mentioned, third generation wireless
communication systems are providing wide-band
multimedia services beside the conventional voice ser-
vice. In order to support these various services, 3G
networks bring a fundamental change since they are
expected to be primarily packet-switched instead of
circuit-switched. These new services need different
QoS management. To support it over the UMTS
packet-switched system, the 3GPP has established,
in its releases 5 and 6, an architecture for the con-
vergence of data, speech and mobile networks known
as IMS [2, 3]. It is based on a wide range of pro-
tocols (SIP, RTP, GPRS, etc.) and combines them
to allow real time services over the UMTS. Via the
IMS, UE negotiates its capabilities and expresses its
QoS requirements (media type, bit rate, bandwidth
adaptation, etc.) during a SIP session. After nego-
tiating the parameters at the application level, UE
reserves suitable resources from the access network.
Once end-to-end QoS is created, the UE encodes and
packetizes its media data’s and sends these media
packets to the access and transport network by using
an appropriate transport layer protocol (e.g., TCP or
UDP) over IP.

The 3GPP has also fixed in [4, 5] four classes of
services that need to be provided in UMTS. In terms
of QoS, that means it will be possible to support sev-
eral QoS classes linking them to specific applications
(Table 1) or end-users profiles. We can easily imagine
two different user profiles:

e Standard users: they pay for a basic use of their
mobile terminal. That means they have access
to all applications previously presented, but in
case of bandwidth starvation in the cell, they
accept a degradation or even a cut-off if needed.

e Premium users: they subscribe for a more ex-
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| Class Name |

QoS Description

| Typical application

Conversational Delay/ Jltter. high sen.51.t1.v ity VolIP
Error medium sensitivity
Streaming Jitter high s:ens1t1v1tyi . Video Streaming
Delay/error medium sensitivity

Interactive Error high sensitivity Web browsin,

Delay /jitter low sensitivity 5
Error high sensitivity .
Background No delay /jitter sensitivity Email transfer

Table 1: UMTS QoS classes and applications.

pensive contract than the Standard users, but
they are almost sure that their communications
will not be degraded or cut-off at any time. That
would however be the case if all the Standard
users in the cell had been cut-off and the demand
in bandwidth would still larger than 2 Mbps.

3 Quality of Service
3.1 What is QoS ?

The success of the Internet has brought us fresh
new challenges. Many of the new applications have
very different requirements from those for which the
Internet was originally designed. One issue is per-
formance assurance. The IPv4 implementation of
the datagram model, on which the Internet is based,
has few resource allocation capabilities inside the net-
work and these have almost never been used. There-
fore IPv4 does not provide any resource guarantee
to users. However, most real-time applications, such
as video conferencing, require some minimal level of
resources to operate effectively. As the Internet be-
comes indispensable in our life and work, the lack of
predictable performance is certainly an issue we have
to address.

Another issue is service differentiation. Because
the original Internet treats all packets identically, it
can only offer a single level of service. The applica-
tion, however, have diverse requirements. Interactive
applications such as Internet telephony are very sen-
sitive to latency and packet losses. In contrast, a file
transfer can tolerate a fair amount of delay and losses
without much degradation of perceived performance.
But it is also to be said that service differentiation
is not only application dependent, the user has also
a role to play in this decision. Indeed users require-

ments can vary, depending on what he has paid for,
influencing the requirements attached to their pack-
ets.

In a word, the capability to provide resource as-
surance and service differentiation in a network is
nowadays often referred to as QoS [6].

3.2 Where enabling QoS ?

QoS can be defined on two different levels (Figure
2). The first one, the macroscopic level, is an end-
to-end definition which can provide QoS from the
initial transmitter to the final receiver. The other
level, the microscopic one, is a QoS management
inside the routers. This one can protect predefined
flows from being delayed or dropped allowing their
packets to pass rapidly through the router.

Flow-Level Traffic Control
(macroscopic level)

[QoS

Buffer Acceptance Algorilhmsj

Packet-Level Traffic Control
(microscopic level)

Packet Schedulling

Figure 2: QoS levels.

On the former point of view, the flow-level traffic
control, four technologies have emerged in the last
few years as the core building blocks for enabling QoS
in the Internet: IntServ/RSVP, DiffServ, MPLS and
traffic engineering. Without them, it would be diffi-
cult to support QoS on a large scale and at reasonable
cost.

On the packet-level traffic control point of view,
many algorithms have been created to take into
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account the QoS during the packet routing to
effectively protect sensitive traffic in congested situ-
ations. We can easily divide them in two categories.
The first one gathers buffer acceptance algorithms
which decide whether an incoming packet may enter
the router or not (policing) or must be delayed
(shaping). The most popular implementations are
known as RED or Token Bucket (TB) [7, 8, 9]. The
second category takes place at the egress side of the
router. Its role is to decide which packet may leave
the router at a given instant as all the packets can
not use the egress link at the same time. Several
implementations exist and one directly thinks about
Processor Sharing (PS) which is the ideal, mathe-
matical solution but cannot be implemented in real
life because PS assumes that each active queue is
served by the scheduler as if it contained a fluid
flow. Besides this inapplicable algorithm, a largely
used scheduling implementation is the Round Robin
(RR) which serves the active queues one after the
other. This algorithm tries to get close to the PS
but in an implementable way [7].

By using one of these QoS algorithms, packets are
sorted into a series of flows linking them to a priority
level, a drop probability or a part of the available
bandwidth.

3.3 Why enabling QoS ?

The Internet Protocol was originally designed as a
mean to deliver QoS when it was released in Septem-
ber 1981 [10]. However, its features have not been
extensively used until recently. New applications
such as video conferencing, Web searching, on-line
gaming, discussion boards or Internet telephony are
now coming out and require some degree of resource
assurance in order to operate effectively. As we enter
the twenty-first century, the Internet is destined
to become the ubiquitous global communication
infrastructure. The need for QoS capabilities in the
Internet stems from the fact that best-effort service
and pure datagram routing do not meet the needs
of these new applications.

To clarify the view of the different Internet ap-
plications, we can divide them in two great families
(Figure 3):

e The “time critical” family includes applica-
tions imposing high delay and jitter require-
ments. But certain of these applications, such

as streaming, can tolerate some errors whereas
others are extremely sensitive to corrupted or
lost packets.

e The “elastic” family gathers applications setting
less stringent delay/jitter requirements. We can
classify them according to their interactivity
level which corresponds also to their delay
sensitivity.

Error Tolerant
(Multimedia applications)
Error intolerant
(Remote device operations)
Interactive
(Telnet, X, NFS)
Interactive bluk
(FTP)
Asynchronous
(email, fax)

Figure 3: Applications families.

Real-time / playback / streaming

)

(Time critical)

Elastic / opportunistic
(

Tolerate packet delays and packet losses)

nzo—-=->»0—-r7vov>

Each of the new applications now available over
the Internet can be classified into one of these two
families in terms of QoS requirements.

4 Difficulties to provide QoS in
mobile systems

It has been years that researchers are working on
QoS, however it has never been widely used over the
Internet. Indeed, at the ISP point of view, it is easier
and faster to over-provision resources, hence ensur-
ing the bandwidth availability for all time-sensitive
applications, rather than to introduce complicated
QoS algorithms. But, in the narrow-band/wireless
network, the over-provisioning is impossible making
QoS provisioning more intricate than providing it in
a wired network [11]. Three main issues can be tack-
led out in that respect. They are exposed in the next
Subsections (4.1, 4.2 and 4.3):

4.1 Physical layer

The first major challenge to address in order to
support QoS over a wireless network is the physical
layer, e.g., the radio channel. Compared to a wired
one, a wireless link has high noise and low bandwidth.
In typical copper cable BER is usually between 10~°
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and 107 while in optical fibre between 10712 and
10~ In wireless channel it can be as high as 1071,
This involves transmission problems. A higher BER
inevitably increases packet loss and naturally causes
a reduction of the link throughput.

Wireless links are not fitted to effectively support
QoS as we consider it over a wired network. An adap-
tation has to be made to take into account the high
loss rate and the low bandwidth of such links.

4.2 Network layer

The network layer also needs additional functional-
ity in mobile networks when compared to the PSTN
or fixed computer networks. Mobility, known as the
possibility of communicating in different locations
and while ‘on-the-move’, is one of the key characteris-
tics of wireless networks. Moving around within a few
meters range is clearly not a big problem. More in-
teresting is what happens if the terminals move over
larger distances, when users drive around in their
cars or even when they step out of an aircraft and
switch on their terminal far from home, possibly on
a different continent.

Two types of problems arise in this context. The
first is tracking of terminals in dormant mode (al-
ternative terms are idle and standby). This is usu-
ally referred to as the paging or locating network
functionality. The paging process regularly “wakes
up” a dormant mobile by sending it a special packet
named a page. Once a dormant mobile receives this
page, it moves into active mode and informs the net-
work of its exact location (the NodeB of which it
depends) before returning in dormant mode. The
mobile must also inform the network when it moves
into a new paging area (when it changes of serving
NodeB). All these location informations are stored
and maintained in central data bases called Location
Registers (LR).

The other problem is that a moving, active termi-
nal will face the risk that it will leave the area where
its currently serving NodeB is capable to provide suf-
ficient QoS. In order to get a continuous or even
seamless service, the connection has to be handed
over to another NodeB which is better suited to fulfil
the QoS commitment. This research is currently in
progress. The ‘handover’ or ‘hand-off’ can be divided
into three phases or sub-problems tackled in [12]:

e Handover decision/detection - when and where
to hand over ?

e Handover resource assignment - are there re-
sources available in the receiving access area ?

e Handover execution - protocols for the reliable
exchange of handover data.

Note that these phases can occur during an han-
dover between two 3G access points and in this case
the literature speaks about an horizontal handover,
or between an UMTS and an other wireless technol-
ogy access points, this is known as vertical handover.
This last type of handover is out of the scope of the
present thesis.

4.3 Transport layer

Finally, the third issue to keep in mind is located
in the transport layer. Typical transport protocols,
such as TCP, are designed on the assumption that
they are running over a wired network and that er-
rors are negligible. Over these low loss connections,
any packet loss is assumed to be due to congestion
and causes the TCP protocol to reduce the transmis-
sion rate [13, 14]. But wireless links have a very high
and variable error rate, limited and variable band-
width and a dynamic network topology compared to
fixed connections. All these link characteristics make
the transport protocols totally unadapted to wireless
links and they perform very poorly when one is in-
cluded into the path.

4.4 QoS over wireless

All in all, the extreme variability of mobile traffic,
the need for handover support, the adaptability
of TCP to wireless environment and the fact that
the radio link is a bandwidth bottleneck means
that mobile systems have to manage resources
very carefully and it is very worthwhile to develop
resource admission control and handover procedures.

Conscious of these problems, R&D teams have al-
ready elaborated some processes to solve them and to
enable QoS over a wireless link. Research is mainly
focused on TCP optimisation techniques to enhance
the TCP performance for various wireless environ-
ments. The different protocols that have been pro-
posed to improve TCP can be classified in two sepa-
rate groups.

The first one is the “End-to-End Protocols”. In
this approach the TCP sender attempt to handle
the losses in a way that improves the performance
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over regular TCP, using various end-to-end proto-
cols. As example, TCP Reno [1, 11, 15] introduces
the fast recovery phase forcing the transfer mech-
anism not to return to slow-start during the fast
retransmit phase. This considerably improves the
sender throughput. TCP New Reno [16] introduces
the idea of “partial ack” to accelerate the packet
loss recovery process of TCP Reno. We may also
think about TCP Sack (Selective acknowledgement)
[17, 18, 19] which uses TCP options to provide more
detailed information about recently received packets
to the sender. The TCP Fack (Forward acknowledge-
ment) [20] can be seen as an extension of TCP Sack.
This protocol uses the additional information pro-
vided by TCP Sack option to keep an explicit mea-
sure of the total number of bytes of data outstanding
in the network. The Eifel detection algorithm [21]
uses the TCP timestamps option to detect (a poste-
riori) whether it has entered loss recovery unneces-
sarily. This algorithm discards almost all useless re-
transmission. The TCP Vegas protocol brings light
changes at the sender side. These modifications take
place in the retransmission, the congestion avoidance
and the slow-start mechanisms and tend to increase
the TCP throughput while reducing retransmitted
packets. In ECN (Explicit Congestion Notification)
approach [22], intermediate hosts provide incipient
congestion information. EBSN (Explicit Bad State
Notification) schemes are similar to the ECN based
approach in that the intermediate hosts swiftly for-
ward the bad state information back to the sender
so that the sender’s timer is reset. The Snoop proto-
col! [23] introduces a module called the snoop agent
at the NodeB. The agent monitors every packet that
passes through the TCP connection in both direc-
tions and maintains a cache of TCP segments that
have not yet been acknowledged. If a packet loss is
detected the snoop agent retransmits the lost packet
and suppresses the duplicate acknowledgements.
The second group of protocols is known as “Split-
Connection Protocols”. These are intended to isolate
mobility and wireless related problems from the
existing network protocols. This is done by splitting
the TCP connection between the mobile host and
the fixed host into two separate connections: a wired
connection between the fixed host and the NodeB,
and a wireless connection between the NodeB and
the mobile host. In this way the wired connection
does not require any change in existing software on

1Some authors consider Snoop as a Split-Connection pro-
tocol.

the fixed hosts, and the wireless connection can use
a mobile protocol designed to improve performance.
Such split connection protocols include I-TCP
(Indirect-TCP) [24] which utilises the resources of
Mobility Support Routers (the RNC for the UMTS)
to provide transport layer communication between
mobile hosts and hosts on the fixed network. With
I-TCP, the problems related to mobility and un-
reliability of the wireless link are handled entirely
within the wireless link. The TCP protocol on the
fixed hosts is not modified. M-TCP (Mobile-TCP)
[25] is another split connection protocol. In the case
of disconnections, the sender is forced into ‘persist’
state by receiving persist packets from M-TCP.
While in persist state, the sender will not suffer from
retransmit timeout, it will not exponentially back off
its retransmission timer, and it will preserve the size
of its congestion window. Hence, when the connec-
tion resumes following the reception of a notification
from M-TCP, the sender will be able to transmit
at previous speed. Finallyy, METP (Mobile-End
Transport Protocol) [26] replaces TCP/IP protocol
over the wireless link by a simpler one with smaller
headers. By doing so, it shifts functions needed to
communicate with an Internet host using TCP/IP
from the mobile host to the NodeB, so that the dis-
tinct wireless link is hidden from the outside Internet.

Nevertheless, other research axes are going on to
increase the bandwidth available over the UTRAN
wireless interface. The HSDPA [27, 28] is the first
major result of those studies. It improves system
capacity and increases user data rates in downlink
direction (from the RAN to the UE). This improved
performance is based on:

e Adaptive modulation and coding: link adapta-
tion in HSDPA is the ability to adapt the modu-
lation scheme and coding according to the qual-
ity of the radio link.

e Fast scheduling: besides the PS and the RR
scheduling algorithms (Section 3.2) which are
essentially based on the QoS requested by the
flow, the HSDPA scheduling algorithm is based
on several other informations (the channel qual-
ity, terminal capability and power/code avail-
ability). This scheduling of transmission of data
packets over the air interface is performed in the
NodeB.

e Fast retransmissions: in current WCDMA, re-
transmission requests (due to errors) are pro-
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cessed by the RNC. In HSDPA, these requests
are processed in the NodeB, hence providing
a faster response. In addition, incremental re-
dundancy is also used. This technique selects
correctly transmitted bits from both the orig-
inal transmission and its retransmitted version
to minimise the need for further repeat requests.

Thanks to these improvements, HSDPA offers max-
imum peak rates of up to 10 Mbps. However, more
important than the peak rate is the packet data
throughput capacity, which is improved significantly.
Another important characteristic of HSDPA is the
reduced variance in downlink transmission delay. A
guaranteed short response time/delay time is impor-
tant for many applications such as video streaming.

5 Methodology

Our work takes place in the third track of a project
carried out by the Pdle Réseauzx et Sécurité (PRS in
the following) of University of Namur. This project
is proposed in [29] and has the ambition of tackle the
topics of interest by following three main, parallel
tracks (Figure 4), enabling the PRS to use the results
obtained following each track as a benchmark against
which the team could check the validity of the results
obtained through the two other tracks.

Analytic developments

Simulation (ns-2)

Experimental (testbed)

Figure 4: 3-tracks project overview.

1. The first track involves analytical develop-
ments. With the help of the tools of Net-
work Calculus, statistical modelling and finite
state machines, the PRS intend to model the be-
haviour of computer networks relying on wireless
access networks and multiplexing several con-
nections on a given wireless segment.

2. The second track will be of simulation type.
The complexity of the communication networks
has become so intricate that no one can truly

claim to have apprehended it completely with
analytical studies only. For instance, protocols
designed to cope with congestion in wired net-
works are likely to react in an unexpected way
when coping with phenomena triggered by wire-
less communications. In a move to assess the
exhaustiveness of the analytical approach men-
tioned in the previous paragraph, computer sim-
ulations will be performed.

3. The third and last track involves the implemen-
tation of the schemes under study on a simpli-
fied Linux-based testbed. The present proposal
entirely belongs to this final track. It will be de-
signed so as to take into account the impact of
UMTS access networks.

By comparing the results obtained through these
three tracks, analytical studies, computer simula-
tions and Linux-based testbed, the ambition of the
PRS is to produce results whose validity will have
been thoroughly assessed.

In this context, the thesis main goals will be to
reproduce the real behaviours of the UMTS users and
to establish an acceptable QoS level over the network
(especially in the UTRAN).

To study these problems, and in order to test
the new scheduling strategies over exactly the same
network, we will build a testbed to mimic a real
UTRAN. The purpose of creating an UTRAN
testbed is to reproduce the user’s behaviour (in terms
of application usage, mobility, QoS requirements,
traffic distribution, etc.) with less theoretical hy-
potheses and more accuracy, scalability and flexi-
bility than what would be obtained by the other
tracks of the project (ns-2 simulation and analytical
developments), but with less costs and implementa-
tion complexity than a real system would demand.
The testbed solution is a good compromise between
costs efficiency and reality, that is the reason why we
choose this research option.

But this will of course generate a set of issues which
we will address one by one. We have identified five
main stages presented in the following Sections (5.1,
5.2, 5.3, 5.4 and 5.5):

5.1 Experimental testbed preparation

The idea of using a testbed to validate the for-
mer simulation experiments is not a novel one. Some
other projects are already using this strategy for
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Testbeds Main Research topics
QoS classes Others
Conver- | Stream- | Inter- | Back- Vertical | Horizontal | Secu-
sational ing active | ground || Handover | Handover | rity
ARROWS v v v
NOVEMBRE v
NET INSTITUTE v v
MOBIQ v v
WHYNET v v v
Our testbed v v v Ve v

Table 2: Testbeds comparison.

UMTS studies and are getting good results out of
it.  We will here after present some of the most
well-known experiences before introducing our own
testbed, its main characteristics and its innovation
points.

5.1.1 Testbed state of the art

The first testbed emulating an UMTS network that
we address is the IST project ARROWS [30, 31] which
emulates a complete UMTS network comprising four
main blocks: UE, UTRAN, CN and an application
server. This testbed is focused on studying the im-
pact of RRM strategies on delivered real-time ser-
vices from the QoS point of view.

Besides, the NOVEMBRE testbed joins together
several wireless studies. One of them is working on
the UMTS and more particularly on VoIP traffic over
the UTRAN. It tries to limit as much as possible the
VoIP end-to-end delay [32] by using DiffServ or by
multiplexing small VoIP packets in larger IP pack-
ets. This aggregation takes place in the NodeB tak-
ing care of the stringent delay and jitter requirements
of VoIP traffic.

Other projects gather telecommunication partners
who ensure them an access to their wireless infras-
tructure. In this case, the testbed is in fact a simple
reduction of a real UMTS networks. The NET IN-
STITUTE [33] project has this great opportunity with
T-Mobile and Nokia as partners. The main research
axis of this project resides in security improvements
over the air interface of the UMTS.

The MOBIQ project [34] focuses on the VoIP and
audio/video streaming. Its key components are com-
pression of RTP/UDP/IP headers and QoS control
utilising feedback information from a network agent
called “RTP monitoring agent” in the face of both

network congestion and radio link errors. These com-
ponents enhance quality of multimedia delivery ser-
vices in 3G networks.

Finally, we can cite the large WHYNET project
[35]. This one is an hybrid testbed which gathers
many wireless standards and works on their interop-
erability. It is no use to say that the number one
concern of this project lays in the vertical handover
and the deployment of the Always Best Connected
service (ABC, [36]).

5.1.2 Owur testbed

Our testbed differs from the previously presented
ones both in scope and approach. Our objective is to
establish a suitable open-source software/hardware
platform to deeply analyse and improve QoS. As
shown on the Table 2, most of the presented testbeds
are focused on one or two types of the typical UMTS
traffic flows, defined by the 3GPP (Table 1) such as
Streaming or Conversational. Instead, we will not
constrain our research on a single service but will
consider all typical UMTS applications together and
work on an acceptable QoS level for all these services
while running together. By running together, we
consider for example a population of users within
the same cell, some of them having standard conver-
sations (Conversational) while others are browsing
the Internet (Interactive) or retrieving their Emails
(Background). Meanwhile, a few of them may arrive
and initiate an audio streaming session (Streaming).

In order to emulate the UMTS network, we have
installed a testbed which is composed of intercon-
nected Personal Computers (PC’s) to create a little
network isolated from the Internet (Figure 5). It is
formed by three computer groups. The first one, the
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Figure 5: The A group (left), the overall testbed (centre) and the B group (right).

A group, is made of Pentiums III 750 MHz with 512
MB of RAM. They all have four network interfaces
connected to various sub-networks. The B group is
composed of Celerons 300 MHz with 64 MB of RAM.
Each one is connected to one of the computer of the
A group as shown on figure 6. Finally, the C group,
which is in fact composed of a single computer, has
the same hardware specification of those from the A
group and is directly connected to all the A group
machines.

For the sake of homogeneity, we have installed
the same operating system on each machine: a
Linux RedHat based Fedora Core 1, kernel 2.4.22-
1.2115.nptl.

Figure 6: Laboratory testbed overview.

The A group is placed in the centre of the network
because these computers are more powerful and then

more able to deal with a large amount of traffic.
Typically, the A group is used as routers using the
routing freeware Quagga [37], whereas the computers
of the B and the C groups are placed in periphery
and used as traffic generators. In this way, we have
installed the freeware T'G [38] which is a traffic
generator program able to create one-way UDP or
TCP streams between a source and a sink. This
traffic is described in terms of inter-arrival times
and packet lengths using statistical distributions.

Using this testbed, the idea is to mimic the
UTRAN. We plan to emulate one RNC managing
four NodeB’s with each of them supporting a popu-
lation of mobile phones:

e A group, NodeB: Computers of the A group will
act as NodeB’s. Their role will be to take care of
the traffic coming from the UE (resp. RNC) and
to forward it to the RNC (resp. UE). Most QoS
management functions will be performed in A
group nodes since they are at the bottleneck of
the UTRAN (connection between the wireless
and the wired network). Indeed, in the early
UMTS standardisation the NodeB’s were seen
as simple access points linking the UE’s to the
UTRAN and the CN. But, since the HSDPA
introduction, the 3GPP gives them much more
responsibility in term of QoS management and
scheduling [27, 28].

e B group, UE: Each one of these computers will
represent a population of UE attached to a single
NodeB. Each of them will emulate several uplink
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flows (from the UE to the RNC) to approach the
reality. To create this kind of traffic, we mainly
followed the specifications given in Appendices
A and D of [39].

e C group, RNC: This computer will play the part
of the RNC. It will receive the traffic from the
four NodeB’s and, in counter part, will gener-
ate the downlink traffic (from the RNC to the
UE’s). The specifications of this traffic have
been derived from the recommendations given
in Appendix A of [40].

The goal of this testbed is to approach as much as
possible a real UTRAN (Figure 7), to generate a re-
alistic traffic exchange and to deliver the requested
QoS to the different services/users.

Figure 7: Real UTRAN.

5.2 UMTS traffic generation

We have to create an UMTS traffic as realistic as
possible. In this way, we know the four QoS traffic
classes for UMTS defined by the 3GPP standardi-
sation [4]. In order to construct models for them,
it might be useful to focus ourself on four repre-
sentative applications: VoIP (Conversational), video
streaming (Streaming), Web browsing (Interactive)
and Emails (Background). But instead of using real
applications to simulate user’s behaviour, we decided
to create traffic using statistical distributions and
packets including fake/dummy data. We take this

decision for the sake of simplicity. Actually, it’s much
more simple to configure some probabilistic scripts
and launch them at the beginning of a simulation
than creating as many as application sessions than
users during the simulation.

But introducing one real application session
during the simulation could be interesting as well.
For example, including a real VolP session while
the simulation is running would give us a good hint
of what a UMTS user would experience in such
circumstances.

Here is a quick presentation of our traffic genera-
tion choices:

5.2.1 Conversational traffic

To generate a standard VoIP traffic, the first thing
to decide is the used codec. As specified in [39], we
choose the AMR vocoder with a rate of 12.2 kbps,
which will generate 32 Bytes packets every 20 ms in
case of activity.

The voice activity average of 32% is given by the
following two-states Makovian model:

IF PrevState=0
THEN IF RAND()<0.01
THEN NewState=1; /* Go to voice activity state */
ELSE NewState=0; /* Remain in voice inactivity state */
ELSE IF RAND()<0.9875
THEN NewState=1; /* Remain in voice activity state */

ELSE NewState=0; /* Go to voice inactivity state */

5.2.2 Interactive traffic

The Web browsing traffic consists of a sequence of
file downloads named “Packet Call”, each of them
modelled as a sequence of packet arrivals. All the
parameters are listed in [40], but here is a quick sum-
mary of it:

e Number of packet per Packet Call: Geometric
distribution with a mean of 25 packets.

e Packet inter-arrival time: Ezrponential distribu-
tion with a mean of 8.3 ms.

e Packet Call inter-arrival time : Fxponential dis-
tribution with a mean of 12 ms.

e Packet size: Pareto distribution with the param-
eters « = 1.1 and § = 81.5.

Page 10



| [ IEEE 802.11b | IEEE 802.11g | UMTS |

Frequency band [GHz| 2.4 2.4 2
Typical bit rate [Mbps] 11 54 2
Typical range [m] 100 100 >1000
Multiple access CSMA/CA CSMA/CA || WCDMA
Supporting Handover No No Yes

Table 3: Differences between the 802.11b/g IEEE standards and the UMTS.

5.2.3 Streaming and Background traffic

For the moment, we are still looking for a suitable
stochastic model to fit the Streaming or the Back-
ground traffic. We expect to identify it in the next
few weeks.

5.3 Wireless link emulation

The implementation of the wireless segments of
the testbed is one of the key issues of the proposal.
Computing perfectly simulated UMTS traffic over a
totally erroneous wireless link emulation would lead
to useless results. On the other hand, one can not
expect to get a (free) NodeB to introduce it into the
testbed. So, the only way to go through this thesis
will be to emulate the wireless link connecting the
UE to the NodeB (the U, interface). We may depict
the UMTS Data Link layer as shown on Figure 8 [41].
To emulate this, we thought about two options.

From upper layer

Classifier

eeeeeeeeee

IP queues

UMTS RLC Layer

Scheduler
Seg : Segmentation function
AM : Acknowledged Mode
] UM : Unacknowledged Mode

To lower layer TM : Transparent Mode

Figure 8: UMTS layer 2.

5.3.1 UMTS over IEEE 802.11b/g

The first option is to start from another standard-
ised wireless AP such as the IEEE 802.11b (or g).
We know that the UMTS and IEEE standards are
not similar, especially in terms of frequency band
and multiple access method (Table 3), but the am-
bition is to modify the AP to approach as much as
possible a real U, interface. To do so, many things
have to be taken into account:

e Packet segmentation: we will implement a seg-
mentation/reassembly module. On one hand,
it will divide the data packets in smaller RLC
PDU’s [42] before sending them on the wireless
link. On the other hand, this module will recon-
struct a data packet using severals RLC PDU’s.

e Data transfer services: the RLC sub-layers or-
ganisation includes three data transfer services
[42]: Transparent Mode (TM), Unacknowledged
Mode (UM) and Acknowledged Mode (AM). We
will include a mechanism which will take care of
the specifications of each transmission mode.

e Bandwidth limitation: we will decrease the
available bandwidth to 2 Mbps (or 10 Mbps in
downlink direction in the case of HSDPA emu-
lation).

The advantage of this option is to benefit from a real
wireless interface which will create typical wireless
issues like bandwidth variations or high error rate.

Obviously, despite the fact that both IEEE 802.11
and UMTS rely on CDMA at physical layer, they
proceed in very different ways. That does not jeop-
ardise this emulation approach, however. Our vi-
sion of the IEEE 802.11-enabled testbed enables us
to perform real radio transmissions, and therefore,
to suffer from typical impairments like reflection or
obstruction. But as far as the interference is con-
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cerned, CDMA is used in UMTS to solve the is-
sue, while IEEE 802.11 aims at avoiding interference
from other users by directly handling contention of
the medium through CSMA/CA. We would therefore
need to emulate the incidence of interference in our
IEEE 802.11-enabled testbed in order to be able to
claim that it truly mimics UMTS communications.

5.3.2 UMTS over Ethernet

The other option would be to emulate the air
interface over a wired network. The idea is to create
a “simulation box” which will act as the lower layers
(Data Link and Physical) of the UMTS protocol
stack. It will simulate the RLC segmentation of the
IP packets, data transfer services and wireless issues
using mathematical equations and probabilistic
distribution. The good point of this option is the
implementation assurance. Using the free operating
system Linux, it will be certainly possible to code
our “simulation box”. But the disadvantage is
the fact that we have emulate some other things
compare to the first option. We can seen on the
figure 9 that each option sets the border between
emulation and implementation at different level.

Application Layer

Transport Layer

Network Layer

- UMTS over Ethernet

Radio Link Control Layer

Data Link Layer

B Ny aytyyy Sy iysp) P - UMTS over 802.11b/g
Medium Access Control Layer

Physical Layer

Figure 9: UMTS protocol stack and emulation limits.

These two options are attractive and are certainly
not exclusive. The idea of starting a research in both
way in parallel to constantly compare the results ob-
tained seems to be a good one.

5.4 QoS management

The ambition of the thesis is to deliver an ac-
ceptable QoS to all services while running together.
That means many users will use many applications

at the same time. To support an equitable QoS be-
tween all these, we have to elaborate an algorithm to
decide which user/application may or may not use
the available bandwidth. This algorithm could be
based on the type of user. Considering we have only
two types of users: the Standard users which pay
a minimum but accept communications/connections
degradation/cut-off and the Premium users which
pay a more expensive contract, but are sure that
their communications/connections will almost never
be degraded/cut-off.

That is the macroscopic QoS point of view. On
an other hand, we have the microscopic QoS point of
view which is the packet scheduling inside the NodeB.
How to identify /classify /delay/drop all these packets
? To answer those questions, an other information
has to be exploited by the algorithm. This informa-
tion is the type of application or, more precisely, the
QoS class the application belong. The four classes
have totally different QoS requirements (Table 1) and
have to be treated differently by the algorithm.

Having four QoS classes and only two types of
users, we could identify all the packets (in terms of
QoS class and type of user) using only height values
(i.e. 3 bits, Table 4). Finding three unused bits in
the IP header is not a big problem. The first field
we have found in the IPv4 header [10] is the “Type
Of Service” field which is not really used for the mo-
ment, except for some DiffServ application. But, as
we won’t use DiffServ in our testbed, the TOS field
is a good candidate to support our new packets iden-
tification. The IPv6 header [43] contains also a 8-
bits field which could fit to our utilisation known as
“Traffic Class” field.

| Bits value | Description |

111 Conversational flow/Premium user
110 Streaming flow/Premium user
101 Interactive flow/Premium user
100 Background flow/Premium user
011 Conversational flow/Normal user
010 Streaming flow/Normal user

001 Interactive flow/Normal user

000 Background flow/Normal user

Table 4: Packets identification.

Relying on the QoS class for the scheduling and
on the type of users to perform or not communica-
tion/connection degradation, the algorithm will be
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| || Year 1 || Year 2 || Year 3 || Year 4 |
State of the art and thesis delimitation VIV
Stage 1: Experimental testbed preparation || v | v | X
Stage 2: UMTS traffic generation VXX
Stage 3: Wireless link emulation X[ X | X | X
Stage 4: QoS management X[ X | X | X
Stage 5 (1/2): Control Plane simulation XXX
Stage 5 (2/2): Mobility management XXX
Thesis report and presentation X | X

Table 5: Thesis working plan.

able to balance the flows in order to satisfy as many
users as possible.

5.5 Control Plane simulation and mo-
bility management

As noticed in [41], the UTRAN protocol model
is based on the principle that the planes are logi-
cally independent. The Control Plane is used for
all UMTS-specific control signalling. It includes the
Application Protocol (RANAP for example) and the
Signalling Bearers for transporting the Application
Protocol messages. The User Plane transports all
information sent and received by the users, such as
the coded voice in a voice call or the packets in an
Internet connection.

In the above description (Sections 5.1 to 5.4), we
have only considered the User Plane. Indeed, we
have made the assumption that the UE stay into
the same cell, in other words, these UE always stand
within the serving range of the same NodeB. In
this context, we do not need handover management
and Control Plane signalling. But, as mentioned
before, the ambition of the thesis is to support a
global acceptable QoS policy for near-real traffic,
even when an handover occurs. The movement
of UE across cells will require RRM and access
control. Within the framework of this thesis, we will
only take care of the Control Plane part directly
connected to the handover management. So, topics
like IMS or spreading factor computation will not
be addressed in this work.

Enabling terminal mobility inside the testbed is
once more an issue to control. The way the mobil-
ity will be implemented will largely depend on the
wireless link emulation (Section 5.3). If we decide to

simulate the UMTS the air interface above another
wireless standard, we can imagine to create mobil-
ity simply by moving the hardware from a “A” node
to an other. But if we choose to use the wired net-
work option to simulate the U, interface, the mobil-
ity problem will be solved by software by killing the
running application on the old “B” node to transfer
its context to the new serving “B” node. This will
simulate a migrating user from one cell to an other.

6 Working plan

We divided the thesis in five main stages and we
will approach them separately. As each one of these
stages represents a lot of work, we have planned to
finish this work within four years. A detailed calen-
dar is shown in the Table 5.

7 Conclusion

In this proposal, we have presented the ambition
of our thesis. In this way, we described our experi-
mental testbed which will copy an UTRAN. Upon
this infrastructure, we explain the real challenges of
setting up a testbed, creating UMTS traffic (based
on the 3GPP specifications), emulating the UMTS
air interface (over an other wireless standard or
a wired network), enabling QoS (depending on
the application and/or the type of user) and man-
aging UE mobility (with a Control Plane simulation).

Currently, the testbed is prepared and ready to
support traffic generation. @We are working on
Streaming and Background traffic simulation using
statistical distribution and we are already thinking
on the better way to simulate the U, interface.
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A Terms and abbreviations

1/2/3G  15t/274 /372 Generation
3GPP 374 Generation Partnership Project
ABC  Always Best Connected
AMR  Adaptive Multi Rate
AP (wireless) Access Point
ARQ Automatic Repeat reQuest
BER  Bit Error Rate
CAC  Call Access Control
CN  Core Network
DiffServ  Differentiated Services
ECN  Explicit Congestion Notification
EBSN  Explicit Bad State Notification
FQ  Fair Queueing
GPRS  General Packet Radio Service
GSM  Global System for Mobile communications
HSDPA  High Speed Downlink Packet Access
I-TCP  Indirect-TCP
IEEE Institute of Electrical and Electronics Engineers
IMS IP Multimedia Subsystem
IntServ  Integrated Services
IP  Internet Protocol
IST  Information Society Technologies
LR  Location Register
M-TCP  Mobile-TCP
MAC  Medium Access Control
METP  Mobile-End Transport Protocol
MPLS  Multi-Protocol Label Switching
MTU Maximum Transmission Unit
NodeB  UMTS base station
PDU  Protocol Data Unit
PS  Processor sharing
PSTN  Public Switched Telephony Network
QoS Quality of Service
RAN Radio Access Network
RANAP  Radio Access Network Application Part
RED Random Early Detection
RLC Radio Link Control
RNC Radio Network Controller
RR  Round Robin
RRM  Radio Resource Management
RSVP  ReSerVation Protocol
RTP  Real-Time Protocol
SIP  Session Initiation Protocol
TB  Token Bucket
TCP  Transmission Control Protocol
UDP  User Datagram Protocol
UE  User Equipment
UMTS  Universal Mobile Telecommunications System
UTRAN  UMTS Terrestrial RAN
VoIP  Voice over IP
WCDMA  Wideband Code Division Multiple Access
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