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Abstract 

The demand for network resources (e.g. forwarding capacity, buffer space) by 
increasingly used real-time multimedia applications is growing. Moreover, their 
stringent performance requirements (e.g. delay and jitter bounds) pose challenges on 
network resource management (RM). RM determines how available resources are 
modeled and distributed to achieve a performance goal such as assuring forwarding 
quality to real-time multimedia applications. Improvements to existing RM 
mechanisms can avoid performance limitations of networks by facilitating more 
efficient use of scarce resources. For example, in a vehicular to infrastructure (V2I) 
communication scenario that uses IP Multimedia Subsystem (IMS) lacking RM 
support for multicast, the 3G downlink quickly becomes a bottleneck although some 
information is addressed to multiple receivers. 

 The main goal of this thesis is to develop RM algorithms and protocols that 
improve forwarding capacity utilization and remove performance bottlenecks. An 
additional goal is to improve the scalability of existing RM mechanisms. Three 
architectural paradigms are covered to demonstrate the advantages of efficient and 
systematic network RM: open access networks (OAN), next generation networks 
(NGN), and heterogeneous access networks (HAN).  
    For OAN, a cross-layer signaling technique called parameter injection was 
developed. It reduces the signaling overhead and update time for real-time multimedia 
sessions over Wi-Fi while autonomously selecting the format and CODEC that best 
match the current resource settings. Within NGN, a resource management protocol is 
proposed for extending unicast signaling in IMS with multicast capabilities. The 
contribution uses adaptive and dynamic group size selection to improve resource 
utilization on the 3G downlink for the signaling and data planes. For HAN, an 
algorithm is proposed that predicts the best access network for achieving the highest 
QoE of a real-time multimedia session with the available QoS resources based on 
regression and statistical learning. In all three paradigms, the provided core 
contributions serve the common goal of achieving a performance edge in terms of 
efficiency and systematic operation with a limited amount of network resources.    
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Chapter 1: Thesis Introduction and Methodology 

1.1 Environment and Settings 

After telephony and voice as the main application run over telecommunication 
networks, packet data networks and applications emerged and continued to gain 
importance. Multimedia traffic, both on-demand and real-time, is the fastest growing 
traffic class today in several application domains. 

This thesis focuses on real-time multimedia traffic due to its increasing importance. 
Today, with the multitude of mobile devices, most of which have multiple wireless 
communication protocol capabilities, and the variety of multimedia services available, 
network resource management becomes a challenging and interesting issue. The 
settings and scope of this thesis for efficient and systematic network resource 
management are best defined via a set of scenarios which highlight the challenges and 
share a common set of goals identified and achieved in this work. 

One scenario is real-time multimedia applications in Wi-Fi based open access 
networks (OAN). An open access network is one where the wireless network 
infrastructure which is privately owned is also partially open for public access for 
users roaming in its vicinity. Imagine a user with a 3G and Wi-Fi equipped terminal 
roaming in a dense residential area where his voice over IP (VoIP) or video session is 
transferred from one access point in a residential house to another as he moves along 
(e.g. walking, slow vehicular transportation) and proceeds with his conversation. 
Multimedia applications have a very significant factor which is quality of experience 
(QoE) and are sensitive to delays, delay variations (jitters), and packet losses. 
Therefore, one challenge is to make sure that the resources in the system (e.g. 
forwarding capacity, buffer space) are wisely managed in order to assure the 
continuity of multimedia sessions and their proper operation. This requires the usage 
of session management protocols for adapting the resources in VoIP sessions as 
various Wi-Fi access points with different levels of available resources are traversed.  
Another scenario is Vehicle-to-Infrastructure communication (V2I) together with the 
IP Multimedia Subsystem (IMS) which is a standardized architectural framework for 
delivering IP multimedia services. Two sources of information data on the front-end 
are taken, and they both send this information over the IMS infrastructure towards a 
common backend for processing in real-time. The first source is sensors embedded in 
the road that collect periodically information about moving vehicles and physical 
conditions as temperature, load, etc. The other source is moving cars on the road 
where drivers have IMS-enabled clients on their mobile devices. When the two sets of 
information are available on the application server on the IMS backend, real-time 
processing is done to compute relative distances between cars and warn them against 
hazardous conditions as well as to disseminate important road information in audio-
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visual form. The challenge faced here is that the dynamics and intensity of the 
communication in real-time can create resource bottlenecks, requiring systematic and 
more efficient mechanisms that manage resources intelligently and allow the proper 
operation of the system. 

A third scenario where the necessity for more intelligent, efficient and 
systematically operating resource management mechanisms is evident is 
heterogeneous access networks with real-time multimedia traffic. One example case is 
a roaming mobile user engaged in a voice or video session and having a multi-mode 
device capable of communicating over e.g. both 3G and Wi-Fi. Analyzing the patterns 
in resource levels and performance of different available networks allows for making 
intelligent choices for improved multimedia QoE proves to be helpful. In other words, 
when multiple access technologies are available, making the best access network 
choice from a performance (e.g. QoE) perspective requires knowing the behavioral 
patterns of network resources and the relationships (e.g. tradeoffs) between them. 
Sometimes, making a network selection choice based on a single metric (e.g. data 
rate) could lead to worse performance; therefore, analyzing the whole system and 
having an intelligent resource management mechanism can provide better multimedia 
quality o f experience.    

In all the aforementioned scenarios, although the constraints and challenges vary 
from scenario to scenario, the goal is the same, namely: designing and developing 
network resource management mechanisms that operate more efficiently and 
systematically to improve performance, remove bottlenecks, and reduce interactions 
with the system when applicable. In particular, techniques such as prediction, group 
communication, control loops, architecturally-enhanced signaling mechanisms, and 
pattern analysis when used in network resource management lead to successfully 
addressing the challenges in the scenarios mentioned above and achieving the goal of 
efficient and systematic network resource management.    

1.2 General Introduction 

Scenarios where the access network on the front end can change often have been 
studied in this thesis. This includes: Next Generation Networks (NGN) in connection 
with a Vehicle-to-Infrastructure (V2I) scenario, Heterogeneous Access Networks 
(HAN) in connection with pedestrian and slow vehicular users, and homogeneous 
Open Access Networks (OAN) with slow and stationary users. Real-time multimedia 
traffic consisting of audio and video is the main traffic type considered in all 
scenarios. The main challenge in all scenarios is limited amounts of available network 
resources to multimedia applications on the end-user side and the difficulty to manage 
resources in varying conditions. Varying conditions such as variable noise levels 
impairing the signal, complex usage patterns causing variable load on an access 
network, different mobility speeds, and varying demands of the multimedia 
applications themselves pose a challenge on resource management. Research within 
the scope of this doctoral thesis looks at the overall available resources as a fixed or 
slightly varying budget and tries to improve resource management efficiency and 
systematic usage within that budget using intelligent mechanisms (either algorithms 



Chapter 1: Thesis Introduction and Methodology 

 3

or protocols). Interesting observations can be made upon collective analysis of 
various factors and conditions especially when it comes to which metrics are more 
important or representative of performance and which are less important or 
representative as seen in e.g. [ME2].  

Architectural and functional support is necessary in order to provide resource 
management mechanisms that operate efficiently and systematically in the 
aforementioned scenarios. When a multimedia session or application is looked at 
from a resource management point of view, the following aspects are important: 
quality of service (QoS), quality of experience (QoE), and proper performance of the 
application in general. One performance bottleneck of an end-to-end chain over which 
a multimedia application runs is the access (or last-mile) network part. For this 
reason, a mobility-management-enabled client may switch to an alternative access 
network in order to boost performance, maintain a performance level close to the 
previous one, or even optimize the overall use of network resources (such as data rate 
and bandwidth). Therefore, access network selection is an integral part of efficient 
and systematic network resource management, especially in the presence of 
overlapping coverage and alternative network access technologies. 

This doctoral thesis is a contribution in the area of efficient and systematic network 
resource management. Multimedia applications in particular, including audio and 
video flows consume a lot of network resources such as bandwidth and pose stringent 
requirements on performance parameter levels such as e.g. delay and jitter. 
Furthermore, resource management processes in networks to e.g. control quality of 
service (QoS), monitor quality of experience (QoE), adjust flows, or reallocate 
resources have become too complex and tedious to manually handle and contain 
many bottlenecks that can be removed.  

This thesis comes into the spotlight as a set of scientific contributions in the form 
of algorithms and protocols that improve resource management efficiency and 
alleviate resource bottlenecks. Depending on the scenario and the architectural 
paradigm used, performance analysis using either prototyping followed by real testing 
or simulations is conducted.  

For the open access networks (OAN) paradigm, a resource management algorithm 
has been designed and developed to run on the client side and perform dynamic self-
configuration of stream properties for a roaming node. This algorithm exchanges 
information with Wi-Fi access point (AP) controllers and coordinates the operations 
of several protocols including Mobile IP (MIP), the Session Initiation Protocol (SIP), 
and the Candidate Access Router Discovery protocol (CARD). Further details are 
available in [ME11], [ME8] and in Section 2.1.1.     

In the next generation networks (NGN) paradigm, the IP Multimedia Subsystem 
(IMS) and Multimedia Broadcast Multicast Service (MBMS) are the key technologies 
used. Both are standard architectures managed by the 3rd Generation Partnership 
Project (3GPP). The scientific contributions in the area of resource management for 
this paradigm are in the form of protocols for signaling and enabling the functional 
operation of multicast-enabled IMS. Systematic modeling of resource management on 
the 3G downlink data plane using dynamic grouping and multicast is one pillar of the 
contribution and concrete modeling with exhaustive factorial design for the signaling 
plane performance is another. More information is available in Section 2.1.2. 
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For the heterogeneous networks paradigm, the two mainly used access 
technologies are 3G and Wi-Fi in my case. The scenario involves switching to the 
access network technology that yields a globally optimal QoE profile for a well-
defined geographical and time scope. Mathematical models are derived in this area to 
represent the target variable to be optimized as a formula where network performance 
metrics and resources add up. The key here is to find the right weight, coefficient or 
impact factor of each variable to obtain an accurate resource model for the target 
variable for various mobility scenarios; the ones covered in this thesis include 
multimedia calls involving both video and audio channels for pedestrian users, slow 
speed vehicular motion, and average speed vehicular motion. Section 2.1.3 provides 
some further details on this paradigm and in connection with the scope of this thesis.  

Table 1 below provides a compact form of some properties of this doctoral thesis 
to better shape and highlight its scope and the range of scenarios and contributions.  

 

Table 1: General Scope-defining Properties of this Doctoral Thesis. 

Thesis Property Property Value Relevant Example Terms 

Area Network Resource 
Management 

QoS, QoE 

Traffic classes Multimedia and real-time 
traffic 

Audio, Video 

Mobility speeds and 

scenarios 

Pedestrian, slow vehicular, 
average and fast vehicular 

Vehicle to Infrastructure 
(V2I), campus network, 
dense road, crossings, 
straight road  

Architectural 

paradigms 

Open Access Networks, Next 
Generation Networks, 
Heterogeneous Networks 

IP Multimedia Subsystem 
(IMS), Multimedia 
Broadcast Multicast System 
(MBMS) 

Contributions Algorithms for improved 
resource utilization in 
heterogeneous and open 
access networks, Protocols 
for higher resource efficiency 
in next generation networks 

Multicast-enabled IMS 
(protocol), Parameter 
injection algorithm, 
Statistical-learning based 
network selection algorithm, 
Systematic and self-
configuring stream 
parameter update algorithm 

Network access 

technologies 

Cellular, Broadband Wireless IEEE 802.11 a,b,g, 3G, 
CDMA, 3.5G (HSPDA) 

Standardization 

Bodies relevant 

3GPP, 3GPP2, TISPAN, 
IETF, IEEE (mainly 802.11 
group) 

802.11r, 802.11e, UMTS, 
CDMA, HSPDA 

Scientific 

Techniques used 

Statistical learning, adaptive 
feedback  control, Ergodic 
Markov Decision Process 
(EDMP), linear prediction 

Prediction, linear regression, 
adaptive, control loops, 
Markov Chains 
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As Table 1 shows, this thesis has a focused scope with a single goal, namely: 

Efficient and Systematic Network Resource Management. This goal is achieved 
through proof of concept demonstration of scientific methods applied to produce 
algorithms and protocols for resource management within three network architecture 
paradigms, namely: open access networks, next generation networks, and 
heterogeneous networks. Efficiency and systematic mode of operation for network 
resource management processes requires the use of scientific methods, and the 
generation of outcomes that I chose to be in the form of algorithms and protocols in 
this thesis. Resource management algorithms and protocols are modular forms of 
outcomes with clear boundaries and are best suited for re-use, extension, 
improvement, and comparison with peer methods by peer and fellow researchers in 
the field.  

1.3 Research Area Definition 

This doctoral thesis deals with the topic of network resource management. 
Network resource management, or RM for short, is all about allocating, granting, 
dynamically tuning, and denying resources in order to improve a target performance 
variable or high-level goal such as multimedia quality of service (MM QoE) or 
aggregate throughput of a particular application. Every resource such as the 
bandwidth of an audio channel or network performance metric such as the delay jitter 
varies within a particular finite range [lower network resource level, upper network 
resource level]. The range length for each resource or metric depends on several 
factors such as: 

• The network access technology used; 
• The motion/mobility speeds of users; 
• The restrictions on resources imposed by the service model or stakeholders 

involved (e.g. at least a level of “x” for the data rate of an audio channel or at 
most a level of “y” for multimedia session signaling data volume cost in 
bytes. 
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Figure 1: Capacity Resource Levels versus Coverage Range and Supported 

Mobility Speeds. 

Figure 1 puts together the different network access technologies in relation to the 
coverage range, uplink, and downlink capacity resource level they normally run with. 
This information is important from a resource management perspective because 
scenarios are shaped based on the mobility speed and the network access technologies 
used. Knowing the network access technologies that are able to operate at the speeds 
dictated by the scenarios simplifies knowing the resource levels to expect for some 
parameters such as e.g. capacity and data rate. Another important aspect deducible 
from the figure and which is highlighted in this thesis is the concept of tradeoffs, 
especially resource tradeoffs. The coverage-capacity tradeoff means that as the 
coverage range of an access technology increases, capacity tends to decrease and vice 
versa. The same holds for supported data rates versus mobility speeds. 

RM support, which is also efficient and systematic, is done in the following ways 
in this thesis: 

1. Architectural design (support) via: 
a. Signaling-Layer5; optimization 
b. Extension/upgrade of communication mode (e.g. unicast vs. 

multicast) 
2. Performance modeling 

a. Signaling plane 
b. Data plane 

3. Statistical learning 
a. Autonomic control loop 
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b. Prediction, linear regression 
 

The architectural paradigms for which RM design, realization, an evaluation are 
done include: next generation networks (NGN) and heterogeneous access networks 
(HAN). This thesis focuses mainly on efficiency and systematic operation aspects in 
RM. 

Table 2: Overview Matrix Matching Contribution Areas to Architectural 

Paradigms to Define the Thesis Area of Discourse. 

 Autonomic: 

Self-awareness & 

Self-configuration 

Architectural 

Design 

Performance 

Modeling 

Statistical 

Learning 

OAN Yes Yes No Yes 
NGN No Yes Yes No 
HAN Yes Yes No No 
 
As Table 2 shows, the discourse of this thesis is visualized using a matrix that 

matches architectural paradigms (OAN, NGN, and HAN) to resource management 
(RM) improvement techniques used in my research. 

Chapter 11 sums up the lessons learned from all paradigms and using all applied 
RM improvement techniques in order to draw a unified conclusion and set the 
roadmap for further research beyond the time scope of this doctoral thesis. 

1.4 Summary-Knowledge Gaps 

The following knowledge gaps have been identified during the research work 
leading to this thesis: 

1.4.1 Knowledge Gap A: Systematic Methodology for Resource Management 

 
A. Need for a systematic methodology for linking network QoS parameters to a 

higher level target parameter within an optimization framework based on statistical 

learning 

 
Gap Description 

 
There has been so much work in the literature such as [EG1], [NS1], and [PM1] 

where the contribution is limited to the tuning of one (and in some cases two) 
parameter value (s) and observing the impact on the target performance variable. For 
instance, the impact of changing packet size in wireless networks (e.g. IEEE 802.11) 
on the throughput and goodput has been analyzed in many papers in the literature. 
This may seem like a valid approach, but the complex dependency chain (or graph) 
between different parameters and the fact that changing one of them impacts other 
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parameters as well, making it impossible to control the full parameter tuning process 
and monitor it closely enough led me to seek alternative ways to close this gap. What 
is required is a closed system that systematically and simultaneously analyzes all 
basic variables and their impacts (weights) on the overall target performance variable. 
Moreover, the large set of parameters able to impact performance is huge impedance 
in the face of researchers. Having for instance over a 100 basic parameters that could 
impact the 3G (and 3G+) family (CDMA, CDMA2000, UMTS, HSPDA) throughput, 
selecting a substantially smaller set of variables and putting them into a modeling 
frame that can be systematically analyzed presents a step in that direction.  

 
Response to Knowledge Gap A 
 
The response to this gap is to design a mechanism with a scientific foundation, 

namely statistical learning techniques such as prediction and linear regression, for 
systematically determining the weights (impact factors) of various resources on the 
overall target performance variable. This result is then further applied within a control 
loop to perform intelligent decisions that use the derived information in the first step 
(statistical learning) as input. Bridging this knowledge gap requires several factors to 
be successful, the main ones being: 

• Narrowing down the large pool of metrics and resource parameters to a finite 
set that captures the performance and behavior of the target variable under 
study; for this purpose, I use pre-existing know how from the literature and 
own experience and also some performance measurements in real available 
environments (testbed and outdoor measurements). Some metrics I focus on 
for performance modeling are: packet round trip time (RTT), delay variation 
(jitter), packet loss rate (PLR), and data rate; 

• Deriving a mathematical statistical model for the relationship between the 
target variable and the weighted levels of basic resources and their 
interactions; 

• Applying the derived information via statistical learning (linear regression 
and prediction) dynamically in real-time to improve resource utilization and 
boost performance; example scenarios I test the solution which I designed 
and developed to bridge the knowledge gap under question include: 
pedestrian, slow vehicular and moderate-speed vehicular mobility with 
optimal network selection for maintaining a stable QoE profile [ME2]. 

1.4.2 Knowledge Gap B: Steady-State Resource Management Architectural and 

Functional Support 

B. Need for architectural and functional support for efficient resource utilization 

(on both data and signaling planes), systematic steady state and saturation 

performance analysis, and capacity extension in integrated next generation network 

architectures 

 

Gap Description 
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The IP Multimedia Subsystem (IMS) is a strong framework for call control as well 
as session and content management; however, its operational mode is unicast-based, 
i.e. single point to single point. For scenarios where the traffic intensity varies vastly 
and often as in e.g. a vehicle to infrastructure (V2I) scenario, IMS systems experience 
resource bottlenecks [ME7]. In the literature, overall performance limits have been 
hypothetically discussed in a very limited number of papers such as [PG1] and [NR1]. 
Part of this gap is in diagnosing a unicast IMS system in a particular scenario and 
identifying the exact bottleneck link or node within the overall architecture. The 
Multimedia Broadcast Multicast Service (MBMS) is a standardized framework which 
acts as a bearer for broadcast and multicast traffic in e.g. 2.5 and 3G systems. 
However, MBMS lacks the strong session adaptation and call control powerful 
functionality that IMS possesses. A knowledge gap to bridge here is to combine the 
powerful aspects of the two frameworks, namely IMS and MBMS in order to resolve 
IMS resource bottlenecks and yield a new signaling protocol composed of several 
functions. Furthermore, steady-state and exact cost modeling for the efficient use of 
the signaling plane and data plane in multicast-enabled IMS requires filling a 
knowledge gap with scientific methods for deriving accurate models from which 
meaningful guidelines and conclusions can be drawn [ME1].  

 
Response to Knowledge Gap B 

 
Bridging Gap B requires architectural design work to integrate the 3GPP standard 

architectures IMS and MBMS using a multicast tree. For the proper operation of such 
a system, a resource-efficient signaling protocol is needed with several phases that 
enable group dynamics on top of resource management for better data plane 
utilization and removing any potential bottlenecks. Mathematical modeling of the 
processes on the signaling plane corresponding to the functional part of the signaling 
protocol I designed insures bridging the part of the gap related to the lack of accurate 
models for exact cost and performance models. For modeling, among the techniques I 
use are Ergodic Markov Decision Processes (EDMP) and statistical full factorial 
design [ME1]. 

1.4.3 Knowledge Gap B: Resource-Aware Self-Configuring Processes 

 
C. Need for mechanisms for resource-aware (self-aware) network nodes to operate 

in a self-configuring manner for media stream adaptation 

 
Gap Description 

 

Open access networks (OAN) is chosen as the paradigm for which this knowledge 
gap is looked into because it best helps demonstrate the concept and devise an 
appropriate solution. Network nodes in e.g. a Wi-Fi-based open access network can 
either operate in an independent manner creating large delays for a mobile node 
performing constant handover between Wi-Fi access points as it roams constantly 
[TT1, SL1, RB1, FP2], or act in a coordinated manner to add collective and individual 
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awareness to the overall network. Real-time and multimedia traffic has hard 
performance requirements on metrics and resources. The most feasible solution is to 
join the strengths of various protocols to fulfill the hard requirements; for instance, 
Mobile IP is the best candidate for fast handovers, Session Initiation Protocol (SIP) is 
the best candidate for multimedia session management, and the Candidate Access 
Router Discovery protocol (CARD) is the most suitable for inter-access point 
coordination. However, making those protocols inter-work for achieving efficient, 
self-configuring, and autonomic resource management requires some knowledge and 
scientific methods for achieving coordinated protocol operation and also improving 
the resource reconfiguration management process of multimedia streams by reducing 
delays and exploiting available information for that purpose. 

 
Response to Knowledge Gap C 

 
The response to Knowledge Gap C, which I provide in the scope of this doctoral 

thesis, is to design a common resource model that spans all three relevant protocols 
(MIP, SIP, and CARD) and acts as an information model to the parameter injection 
algorithm, which is a resource-self configuration mechanism for multimedia traffic in 
OAN [ME8], [ME9], [ME13]. 

1.5 Research Methodology Used in this Thesis 

My research covers the whole cycle from identifying research questions and the 
analysis to design to implementation followed by the quantitative and qualitative 
evaluation and then looping back to the start for optimizing the performance outcome. 

Due to the numerous available techniques that could be applied, it was important to 
pursue the research work in a goal-oriented manner. In other words, determining the 
target to be achieved (in terms of performance) allows for better selection of the 
techniques to be used. 

I pursued the following steps in my methodology: 
• Step1: Select a set of paradigms where the RM and its optimization or 

improvement aspects have not yet been fully explored; namely: OAN, 
NGN, and HN; 

• Step 2: identify the performance and resource bottlenecks in each 
paradigm and analyze the architectural and system properties of each 
paradigm; 

• Step 3: design and implement network resource management mechanisms 
in the form of algorithms and protocols that resolve the identified 
bottlenecks and operate in a highly efficient and systematic (or 
autonomic) mode; 

• Step 4: select the proper verification and evaluation methods (simulations, 
formal methods, and real implementations) for the provided RM 
mechanisms; an overview of the evaluation methods in this doctoral thesis 
is provided in Table 3 followed by a discussion; 
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• Step 5: systematically model the performed extensions and run 
optimization or improvement  algorithms on the problems under question 
in order to give a statement about performance gains and degree of RM 
improvement, with focus on efficiency and systematic operation; 

• Step 6: draw research results and conclusions, capitulate on them, and 
define the scope and goal of subsequent/upcoming future work. 

 

Table 3: Evaluation Techniques for Resource Management Contributions 

Proposed in the Thesis. 

Evaluation 

Technique 
Strengths Weaknesses Scope 

Formal  
modeling and 
finite-state 
verification  

 

Useful for early 
development 
process, e.g., on 
specifications 
and steady state 
modeling 

Limited expressive 
power applicable to 
particular scenarios 
with known dynamics 
(e.g. random 
variables, etc.) 

Steady-state 
probability modeling 
and signaling states 
for functional stages 
of multicast-enabled 
IMS 

Simulation Easier to 
replicate 
components and 
perform 
experiments of 
large scale as 
opposed to real 
world 
experiments 

 

Only approximate 
solution that does not 
very accurately 
capture or reflect the 
dynamics and results 
that will emerge in the 
real world; more for 
proof of concept 
purposes than for 
actual performance 
indication upon 
deployment 

L3, Multicast packets 
through 
router/scheduler, 
service completion 
times L7 for 
transition 
probabilities, 
multicast, signaling 
protocols (L3,L5,L7) 

Testing of real 
implementation 

Realistic 
environment, 
actual exact code 
as opposed to 
approximate 
solutions 
provided by 
simulations 

 

Scenarios and scale of 
testing is limited due 
to financial and 
physical restrictions; 
hard to achieve 
repeatability and 
control all test 
conditions and 
external factors; 
tracing the source of 
problems or 
bottlenecks is harder 
than in simulations 

Resource 
management with 
statistical learning; 
QoE optimization 
with network QoS 
metrics; OSI/ISO 
layers: L2, L3, L5, 
L7 

 
The stepwise methodology for network resource management followed in thesis is 

demonstrated in compact pictorial form in Figure 2.  
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Figure 2: Research Methodology in this Thesis. 

My research methodology in this PhD thesis starts with a requirements analysis 
phase combined with pre-existing know-how (PEKH) followed by idea generation in 
the area of network resource management, efficient utilization, and improvement. In 
particular, multimedia traffic including audio and video is the category studied and 
the focus is on solutions for identifying resource bottlenecks and methods for 
removing them. Efficient, intelligent, and systematic resource management (RM) is at 
the core of all research ideas in this thesis. Moving on from the generation of ideas 
phase to the design phase requires scientific work on one or more of the three aspects: 
architectures, algorithms, and protocols. This has to hold for every significant 
contribution in the area of network resource management.  

In the area of next generation networks (NGN), bottlenecks in the IP Multimedia 
Subsystem (IMS) architecture used in a vehicle to infrastructure (V2I) scenario are 
identified and multicast is used as a technique to resolve the resource bottlenecks on 
the 3G downlink with intelligent dynamic grouping and multicast-enabled IMS. The 
other paradigm that this thesis looks at is heterogeneous networks where network 
resource levels on the mobile device are analyzed to maximize and potentially 
optimize a target variable using prediction and statistical learning techniques.  

The scenario settings and complexity simplify determining the evaluation method 
to use for the designs in question as summarized in Table 3. For the V2I scenario 
where multicast is used, simulations are the way to go, mainly due to the infeasibility 
of running the scenarios in a real environment. Cars on the road with a dynamic range 
of speeds and worst-case density are only possible to simulate or emulate for research 
purposes.  

Since the contributions in network resource management are in the form of 
algorithms and protocols, they can either be evaluated via real-world testing, 
simulation or emulating the context in which the produced software is supposed to 
run. Irrespective of the method chosen, testing a system means to evaluate it by 
providing a set of inputs and observing the system behavior, or its output. If the 
system output matches the expected output, as described in a specification, the system 
passes the test.  
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Observing system output means different things depending on the level at which 
the testing is performed. For instance, parameter value levels as well as significance 
levels help form resource management models when using statistical techniques. I 
chose a set of representative cases in order to capture relevant situations that reflect 
the performance delta achieved by the proposed contributions. A common way to 
select test cases is to use corner cases, e.g., provide the minimum and maximum 
possible integers as input to a function taking integers.  

Granularity is a key factor during evaluation, for instance the control loop time 
interval duration in the discrete system developed in [ME2]. Resource management 
mechanisms have to avoid being too sensitive to small fluctuations and also respond 
to changes in a timely manner. Gelenbe et al. [EG2], [EG4] examines this issue in 
detail. In my work on the other hand, I have the granularity parameter as a tunable 
variable that allows me to regulate the scale of the discrete timeline as best suits the 
performance for each particular scenario. For instance when comparing fast scenarios 
(e.g. vehicular mobility) with slow scenarios (e.g. pedestrian mobility), I observe that 
performance parameter values change at different paces in each case. Therefore, the 
duration of the resource management adaptation cycle (e.g. in a control loop) has to 
be adjusted to the scenario speed. In formal modeling such as the steady state model 
for multicast-enabled IMS signaling, the models are variants of Markov chains 
[ME1], [ME3] and the verification properties are modeled as the probability of an 
event happening within a given time. Properties are specified using probabilistic 
temporal logics. 

There are scientific as well as engineering aspects in the research contributions 
provided in this thesis. Some examples are listed in Table 4 below: 

 

Table 4: Some Sample Engineering and Scientific Contributions Provided by 

this Thesis. 

Contribution Brief Description Scientific or 

Engineering 

Aspect Stronger? 

Remark 

Architecture for integrating IMS 
and MBMS and the required 
signaling protocol with all 
functional entities 

Engineering 3GPP conform, 
additional architectural 
and protocol work for 
domain specific scenarios 
and settings 

Methodology for steady-state 
performance for complex 
environments and systematic 
analysis of results to draw 
scientific conclusions 

Scientific Proposing a new method 
based on Ergodic Markov 
Decision Processes and 
capturing the behavioral 
dynamics of traffic in the 
system  

Parameter Injection Algorithm for 
autonomic (automated) shorter-
cycle proactive multimedia session 
adaptation 

Scientific The methodology of the 
algorithm can be reused 
and applied to several 
domains due to the 
proposed techniques for 
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parameter extraction, 
request, and generation.   

 
The above examples are just a subset of the contributions of this thesis and the 

main point here is to stress the fact that contributions are of both types: scientific and 
engineering. Scientific results are more generally and widely applicable whereas 
engineering research contributions are more technology or architecture-specific. Both 
are pretty important in networking research and it is of value and importance to have 
both types of contributions in a full paper or a doctoral thesis. 

1.6 Positioning Statement, Problem Definition, and Key 
Research Questions  

This section has the purpose of providing a compact overview of the purpose of 
this thesis via a positioning statement and simple problem definition as well as some 
key research questions addressed in the conducted work. 

1.6.1 Positioning Statement 

Network Resource Management (RM) is the logic governing network behavior via 
controlling resource levels of tunable parameters and observing non-tunable 
parameters within a common information model. Efficient and optimized network 
resource management refers to systematic RM via algorithms and protocols to 
maximize a performance goal (e.g. downlink multimedia quality of experience, 
efficiency of a bottleneck link utilization, or session signaling delay bound while 
roaming).     

1.6.2 Research Problem Definition 

For multimedia traffic in next generation networks (NGN) and open access 
networks (OAN), the goal is to design, develop, and evaluate resource management 
algorithms and protocols that have a high degree of efficiency and 
systematic/autonomic operation and at the same time attempt to optimize a particular 
performance target. Identifying and removing RM performance bottlenecks and 
fluctuation effects that impair application-level multimedia performance by providing 
systematic mechanisms is then the outcome of the conducted research. 

1.6.3 Key Research Questions 

Some of the several research questions that motivated me during my work and 
inspired me to conduct the research I did within the scope of this thesis are: 
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Research Question A 

 
To what extent can introducing group communication (multicast) and group 

dynamics to a V2I (vehicle to infrastructure) communication scenario improve 
resource management efficiency, and what is the cost incurred? 

 
Research Question B 

 
Can statistical learning be used in real-time for multimedia traffic or is it more 

suited for offline operations?  
 
Research Question C  

 
Which network resource management parameters are crucial for multimedia in 

open access networks and which of them are manageable autonomically with self-
configuring resource management processes? 

 
The goal of the aforementioned research questions is two-fold:  

• To clearly and concisely highlight the problems addressed using scientific 
methods within the research conducted in this thesis; 

• To look back at the achievements and contributions in this doctoral thesis 
and see how well they managed to answer the key research questions and 
to align them into a unified conclusion. 

1.7 Thesis Organization 

This chapter has introduced the thesis and discussed the methodologies that have 
been used. This doctoral thesis has a ‘composite’ template; in other words, it consists 
of a leading part followed by the core papers representing the conducted research and 
finally terminated with a wrap up and discussion part. The thesis consists of two main 
parts. ‘Part One’ is the monographic or ‘Kappa’ part of the thesis consisting of a 
thesis introduction and methodology description chapter, a definition of the area of 
work chapter, a state of the art chapter to cover all areas and approaches, and finally a 
discussion chapter that follows the papers. Chapter One of this thesis includes 
sections on:  general introduction, knowledge gaps, research methodology, 
positioning statement and research questions, thesis organization (the current short 
section), and the red thread in this thesis. The second chapter of the leading part of 
this thesis covers background information in this doctoral thesis covering: 
architectural paradigms such as open access networks, next generation networks, and 
heterogeneous networks, resource management in the connection with quality of 
service (QoS) and quality of experience (QoE), resource management algorithms, and 
resource management protocols for multimedia traffic. Chapter 3 discusses the state 
of the art in all areas and paradigms within the scope of this doctoral thesis. Chapters 
4-10 are modified versions of key papers that contribute to this doctoral thesis. They 
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are listed and summarized in Section 1.8 as well. Chapter 11 is a short wrap-up 
chapter that summarizes the contributions contained in this thesis.  

1.8 Red Thread in this Thesis and Summary of Included 
Publications 

In network resource management various research contributions can be grouped 
into three categories, based on the aspect where resource handling is brought to a 
more efficient or systematic level. Those three aspects in resource management are:  

• Resource Management Processes; 
• Resource Management Group Communication; 
• Resource Management Timing. 

Those three aspects have been grouped into a three-dimensional model shown in  
 
Figure 7 with the scientific papers aligned to the corresponding dimension best 

reflecting the aspect of network resource management most strongly improved.  

1.8.1 Resource Management Process Dimension 

A regular network resource management process lags a self-configuring resource 
management process on this dimension; in other words, a self-configuring resource 
management process has a performance advantage compared to one which requires 
more manual operations or negotiation messages in order to operate. For example, for 
managing multimedia stream resources in a Wi-Fi based open access network, where 
handovers are frequent and resource management mechanisms are important, a self-
configuring mechanism such as parameter injection [ME9][ME13] has a quantitative 
and qualitative process advantage compared to the manual negotiation method. This is 
manifested in metrics such as session end-to-end signaling delay and bytes on the air 
used for a multimedia session resource update. A process that reduces manual 
configuration and negotiation requirements gives an advantage to the underlying 
network resource management mechanisms.  

1.8.2 Resource Management Group and Data Dimension 

A single point to single point (or point to point) communication mechanism has a 
certain resource budget governed by individual link capacities, bottleneck link widths 
along the end-to-end path, etc. Although it is possible to identify resource bottlenecks 
in such a system [ME7] and to compute the requirements on network resources to 
achieve acceptable levels of performance for multimedia applications, there is much 
more potential in a system from a resource management perspective. For instance, the 
data dimension shown in Figure 7 can boost the resource levels available in a network 
e.g. via group communication and multicast group dynamics. When forming the 
concept of groups and using point to multipoint communication, resource bottlenecks 
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can be removed and also a new level is introduced, namely the group level to which a 
particular piece of multimedia data is sent, followed by the individual elements (users, 
nodes) within a group. However, applying this extra dimension and using the right 
group dynamics requires a lot of design and evaluation work [ME3], as well as 
systematic modeling for identifying the overall cost and steady state operation 
performance model of such a system [ME1].  Once this dimension of data and group 
communication is handled properly, resource management mechanisms can achieve a 
quantitative as well as qualitative advantage over other point to point processes. 
Besides the architectural and design challenges mentioned above, an additional 
challenge is to modularize content and identify potential groups to which the 
multimedia content can be sent; this requires some solid knowledge about the traffic 
patterns as well as the application requirements  

1.8.3 Resource Management Time and Intelligence Dimension 

Another dimension that provides a resource management advantage is time and 
intelligence; when acting in a timely manner, e.g. proactively, performance gains can 
be achieved. Furthermore, prediction based on learning provides a time advantage for 
resource management processes as shown in [ME2]. Adaptation mechanisms for 
resource tuning and improvement of efficiency or utilization can profit largely from a 
time shift.  

Adaptation mechanisms and their performance rely heavily on the time dimension. 
For instance, multimedia traffic, which is the main category studied in this thesis, 
benefits from adaptive trans-coding when network resource levels change during 
mobility. In order to depict the variation in resource levels for real-time traffic with 
different adaptation mechanisms, some of the conducted measurements are shown in 
Figure 3 and Figure 4 for slow and fast adaptation respectively for an audio channel 
and in Figure 5 and Figure 6 for a video channel. Figure 3 reflects the fluctuation of 
the effective data rate assigned to an audio channel. This channel is built using SIP 
signaling. The figure also reflects how the system slowly re-adapts to smooth the 
sharp loss by using different codecs to minimize the disruption in service usage. 
Figure 4 shows on the other hand fast adaptation capabilities whereby the fallback 
duration is shorter, it is detected earlier, and negotiation and adaptation thus takes 
less. This shows the importance of the time dimension in network resource 
management.   
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Figure 3: SLOW Adaptation for Audio Channel upon 

Mobility and Handovers. 

 
 

 

Figure 4: FAST Adaptation for Audio Channel upon 

Mobility and Handovers. 

 
The same scenario case is carried out for video as manifested in Figure 5 and 

Figure 6. After a sharp drop in e.g. the available bandwidth resource due to network 
type change or joining an overloaded cell with a much lower profile, the system uses 
a codec with better compression rate (as a trade-off to more CPU and battery power 
use). This enabled achieving a higher effective rate to the user on the audio channel 
using lower bandwidth resources. For instance, from 256 Kbps video a drop to 54 is 
mildly corrected upwards by the system to reach almost 96 Kbps using a more 
effective codec. This improves the user experience and stabilizes the profile over the 
long run and during a service usage cycle. Efficient and systematic resource 
management aims at proactive behavior and fast adaptation mechanisms to cope with 
the challenges. 
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Figure 5: SLOW Adaptation for VIDEO Channel upon Mobility 

and Handovers. 

 

 

Figure 6: FAST Adaptation for VIDEO Channel upon Mobility and 

Handovers. 

 
Profiting from the time dimension facilitates self-configuring, systematic resource 

management mechanism with reduced complexity, lower session signaling delays, 
proactive behavior, and improved utilization of network resources.  

Figure 7 and Figure 8 use the list of papers forming the second part of this thesis as 
building blocks where research contributions and interconnected with a clear red 
thread.  

Figure 7 aligns the contributions in efficient and systematic network resource 
management based which of the three aforementioned dimensions they most focus on 
in the three-dimensional model proposed. Figure 8 shows the logical connection 
between research papers and classifies them into secondary and core contributions. 
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The secondary contributions build foundations for the core contributions and add 
features to the main scientific outcomes contained therein.  

 

 

Figure 7: Advantage/Edge Dimension Model for Efficient and Systematic 

Network Resource Management. 

 
 

 

Figure 8: Connection and Red Thread in the Thesis. 
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As Figure 8 shows, there are three core contributions for achieving efficient and 
systematic network resource management in this thesis represented in Paper A and 
Paper B, and Paper F. The first proposes a multicast-enabled IMS architecture and 
signaling protocol with an Ergodic Markov Decision Process for performance 
modeling. Paper C provides the details on the signaling protocol for multicast-enabled 
IMS and the gains achieved on the 3G downlink data plane.  

 
Paper D provides the unicast IMS system case with all resource bottlenecks 

identified before further work is done by extending the scheme on the data dimension 
with multicast. Thus, papers D, C, and A form a series in that respective order that 
starts with bottleneck analysis followed by extension and improvement to remove 
resource management bottlenecks, and topped with a methodology for systematic 
steady-state resource management. 

 
Paper G discusses mutual network-service awareness and provides a contribution 

to Paper B and a minor one to Paper C. Paper B uses two-phase statistical learning 
and prediction with linear regression to achieve more efficient (higher QoE) and 
systematic (by using a control loop) network resource management. For such an 
approach to work, mutual awareness and coordination between the network and the 
application is necessary with the appropriate architectural support as paper G 
describes, and this is exactly the same coordination between QoS (network) and QoE 
(application) that is the goal.  

 
Paper C which demonstrates, among other contributions, a multicast-enabled IMS 

signaling protocol and the respective architectural support, also profits from some 
architectural work on IMS (IP Multimedia Subsystem) provided in paper G.  

 
Paper E includes statistical methods for performance metric behavior and pattern 

analysis for various resource management signaling schemes with one being the 
regular session negotiation-based scheme and the other being the more systematic and 
autonomous scheme called “Parameter Injection Algorithm” which is the topic of 
Paper F is a core contribution of this thesis.  

 
Paper A (Embodied in Chapter 4) 
M. Elkotob and C. Åhlund, Multicast-Enabled IMS Signaling Resource Management 
and Performance Modeling, Accepted with changes, IEEE Transactions on Mobile 
Computing 
 
Paper B (Embodied in Chapter 5) 

M. Elkotob, D. Granlund, K. Andersson, and C. Åhlund, Multimedia QoE Optimized 
Management Using Prediction and Statistical Learning, In Proceedings of the 35th 
IEEE Conference on Local Computer Networks (LCN 2010), Denver, Colorado, 
USA, 11-14 October 2010 
 
Paper C (Embodied in Chapter 6) 
M. Elkotob, Architectural, Service, and Performance Modeling for an IMS-MBMS-
based Application, (nominated for best paper award) in proceedings of IEEE 
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International Communications Conference (ICC 2010), Cape Town, South Africa, 23-
27 May  2010 
 
Paper D (Embodied in Chapter 7) 

M. Elkotob and E. Osipov, iRide: a Cooperative Sensor and IP Multimedia Subsystem 
based Architecture and Application for ITS Road Safety, in proceedings (Springer) of 
ICST Europecomm International Conference, London, UK, August 2009 
 
Paper E (Embodied in Chapter 8) 

M. Elkotob and K. Andersson, Analysis and Measurement of Session Setup Delay 
and Jitter in VoWLAN Using Composite Metrics, In ACM International Conference 
Proceeding Series, Proceedings of the 7th International Conference on Mobile and 
Ubiquitous Multimedia (MUM2008), Umeå, Sweden, December 2008 
 
Paper F (Embodied in Chapter 9) 

M. Elkotob and S. Albayrak, A Parameter Injection Algorithm for Real-time Traffic 
in 802.11 Open Access Networks, In Proceedings of 50th IEEE Global 
Communications Conference (GLOBECOM 2007), Washington D.C., USA 26-30 
November 2007 
 

Paper G (Embodied in Chapter 10) 

S. Albayrak, M. Elkotob, and A. C. Toker, Smart Middleware for Mutual Service-
Network Awareness in Evolving 3GPP Networks, In Proceedings of IEEE 
COMSWARE, Bangalore India, January 6-10, 2008 

1.9 List of Tables 

Table 1: General Scope-defining Properties of this Doctoral Thesis. 
Table 2: Overview Matrix Matching Contribution Areas to Architectural Paradigms to 
Define the Thesis Area of Discourse. 
Table 3: Evaluation Techniques for Resource Management Contributions Proposed in 
the Thesis. 
Table 4: Some Sample Engineering and Scientific Contributions Provided by this 
Thesis. 
Table 5: Paradigms and Stakeholders in State of the Art Overview. 
Table 6: Performance Gains for Key Approaches. 
Table 7: IMS-MBMS Service Parameters. 
Table 8: Signaling Bytes on the Air Interface in 3G. 
Table 9: Message Count in Multicast and Unicast in iRide. 
Table 10: Sample 3-State Transition Diagram in iRide. 
Table 11: 4-State Transition Diagram in iRide. 
Table 12: Dynamics Based on Tree Width. 
Table 13: Factorial Design for iRide Experiments. 
Table 14: Factorial Experiment Design and Utility Outputs. 
Table 15: Estimated Effects and Coefficients for Highway SameSize (coded units). 



Chapter 1: Thesis Introduction and Methodology 

 23

Table 16: Estimated Effects and Coefficients for Crossings SameSize (coded units). 
Table 17: Estimated Effects and Coefficients for Highway ExactSize (coded units). 
Table 18: Estimated Effects and Coefficients for Crossings ExactSize (coded units). 
Table 19:  Design Guidelines and Results Summary. 
Table 20: Performance Metrics Measurable in the Used Scenarios. 
Table 21: Vehicular Wi-Fi Regression Results. 
Table 22: Pedestrian Wi-Fi Regression Results. 
Table 23: 3G Regression Results. 
Table 24: Prediction Model Summary. 
Table 25: Performance Gains for Key Approaches. 
Table 26: MBMS Service Center (SC) Functionality. 
Table 27: MBMS and IMS Comparable Functionality. 
Table 28: IMS-MBMS Service Parameters. 
Table 29: Traffic Patterns in the iRide System. 
Table 30: Average Service Response Times on Downlink for Different Regions. 
Table 31: iRide Data Table. 
Table 32: iRide Events and Actions in the Prototype Implementation. 
Table 33: Motion Speeds and Average Durations of Stay within a Wi-Fi Access Point. 
Table 34: Message Sizes and Frame Count per Message. 

1.10 List of Figures 

Figure 1: Capacity Resource Levels versus Coverage Range and Supported Mobility 
Speeds. 
Figure 2: Research Methodology in this Thesis. 
Figure 3: SLOW Adaptation for Audio Channel upon Mobility and Handovers. 
Figure 4: FAST Adaptation for Audio Channel upon Mobility and Handovers. 
Figure 5: SLOW Adaptation for VIDEO Channel upon Mobility and Handovers. 
Figure 6: FAST Adaptation for VIDEO Channel upon Mobility and Handovers. 
Figure 7: Advantage/Edge Dimension Model for Efficient and Systematic Network 
Resource Management. 
Figure 8: Connection and Red Thread in the Thesis. 
Figure 9: Open Access Network Snapshot. 
Figure 10: Resource Management Contributions in the Open Access Network 
Paradigm. 
Figure 11: Autonomic Networking and Open Access Networks Evolution and 
Contribution Positioning. 
Figure 12: IMS Reference Architecture. 
Figure 13: IMS and MBMS Architectures. 
Figure 14: MBMS Detailed Architecture. 
Figure 15: Finite State Machine Based on a Markov Decision Process. 
Figure 16: Transition probabilities example for an Ergodic Markov Decision Process. 
Figure 17: CPN Proposed by Gelenbe et al. 
Figure 18: Adding iRide Services by a Subscriber. 



Chapter 1: Thesis Introduction and Methodology 

 24

Figure 19: IMS-MBMS Join Phase. 
Figure 20: IMS-MBMS Session Launch. 
Figure 21: Multicast Tree Components: Root, Multicast Aggregation Router (MAR), 
Multicast Edge Router (MER), and Leaf Nodes. 
Figure 22: State Diagram for Signaling Part Based on a Discrete Time Markov Chain 
Process. 
Figure 23: Steady State Transition Probabilities for 5 Joins Per Subscribe. 
Figure 24: Steady State Transition Probabilities for10 Joins per Subscribe. 
Figure 25: Steady State Transition Probabilities for 20 Joins per Subscribe. 
Figure 26: Highway, Same Packet Size, Cube Plot. 
Figure 27: Highway, Same Packet Size, Main Effects Plot. 
Figure 28: Highway, Same Packet Size, Interaction Plot. 
Figure 29: Dense Road, Same Packet Size, Cube Plot. 
Figure 30: Dense Road, Same Packet Size, Main Effects Plot. 
Figure 31: Dense Road, Same Packet Size, Interaction Plot. 
Figure 32: Straight Road, Differentiated Packet Size, Cube Plot. 
Figure 33: Straight Road, Differentiated Packet Size, Main Effects Plot. 
Figure 34: Straight Road, Differentiated Packet Size, Interaction Plot. 
Figure 35: Dense Road, Differentiated Packet Size, Cube Plot. 
Figure 36: Dense Road, Differentiated Packet Size, Main Effects Plot. 
Figure 37: Dense Road, Differentiated Packet Size, Interactions Plot. 
Figure 38: Experimental Setup with Wi-Fi, 3G, and GPRS. 
Figure 39: Mobile Node Control Loop and Metrics. 
Figure 40: System Architecture. 
Figure 41: Measured versus Predicted Video QoE for an Indoor Scenario. 
Figure 42: Low-speed Vehicular Wi-Fi QoS (Bandwidth) and QoE (Perceptual Video 
Conferencing) Quality Indicators. 
Figure 43: Low-speed Vehicular Wi-Fi QoS Bandwidth) and QoE (Perceptual Video 
Conferencing) Quality. 
Figure 44: Vehicular Wi-Fi QoE Profile Normal Probability Plot. 
Figure 45: Pedestrian Wi-Fi QoE Profile Normal Probability Plot. 
Figure 46: 3G QoE Profile Normal Probability Plot. 
Figure 47: Multi-hop Wireless Sensor Network and 3G Client Base Connected to IMS 
Core. 
Figure 48: IMS and MBMS in iRide. 
Figure 49: MBMS Broadcast Multicast Service Center (BM-SC) Functionality and 
Associated IMS Entities. 
Figure 50: Message Sequence Chart and Signaling Flow. 
Figure 51: Adding iRide Services. 
Figure 52: IMS-MBMS Join Phase. 
Figure 53: IMS-MBMS Session Launch. 
Figure 54: Resource Savings Distribution on Downlink. 
Figure 55: Service Bundles in iRide. 
Figure 56: OPNET iRide Topology. 
Figure 57: iRide S1, S2, and S3 Response Times. 



Chapter 1: Thesis Introduction and Methodology 

 25

Figure 58: iRide Actors and Information Flow. 
Figure 59: iRide Service Logic. 
Figure 60: IMS Architectural Model of iRide. 
Figure 61: Message Sequence Chart and Signaling Flow. 
Figure 62: OPNET Middle Tier and Backend Topology Network for iRide. 
Figure 63: Performance of CSCF Server Units and TCP-SIP Sessions in iRide. 
Figure 64: Basic Architecture. 
Figure 65: Experimental Setup. 
Figure 66: Modified Signaling Procedure. 
Figure 67: Delay Components in the Architecture Used. 
Figure 68: Session Update Delay Times Comparison for Two Different Signaling 
Methods. 
Figure 69:  Jitter Values for the Classical and the Modified Signaling Cases for 
VoWLAN. 
Figure 70: Metric 1 is Linear in Terms of Delay and Jitter. 
Figure 71: Metric 2 Adds Linear Delay and Quadratic Jitter. 
Figure 72: Collecting Input and Computing Result for Session Update for Injection 
into Stream. 
Figure 73: Table after Swapping PT and Data Rate Columns. 
Figure 74: Data Rates Used by Some Formats and PT Codes. 
Figure 75: Reversing the PT Table after Extending it with the Data Rate Column. 
Figure 76: BW mapping to Audio PT Codes. 
Figure 77: Video PT Computation Table. 
Figure 78: Parameter Injection Procedure. 
Figure 79: Computation Process. 
Figure 80: Delay Profile of Negotiation vs Injection Algorithm. 
Figure 81: Parameter Injection Performance. 
Figure 82: Jitter Profile for the Injection Algorithm. 
Figure 83: Quality Levels and Parameters from [PC1]. 
Figure 84: Abstract Architecture. 
Figure 85: Component Architecture. 
Figure 86: Deployment Architecture. 
Figure 87: Applications, Middleware and Network Interactions for Load Balancing. 
Figure 88: Load Balancing Message Sequence Chart. 
Figure 89: ABC Message Sequence Chart. 

1.11 List of Acronyms 

3GPP Third Generation Partnership Project 
802.11 Wireless Local Area Network 

AC Autonomic Communication 

ACK Acknowledgement 
ADMD Agent Discovery and Motion Detection 

ADV Agent Advertisement 



Chapter 1: Thesis Introduction and Methodology 

 26

AN Autonomic Networking 
AP Access Point 
API Application Programming Interface 
CARD Candidate Access Router Discovery 
CMP Capacity Management Process 
CPIM Common Presence and Instant Messaging 
CPN Cognitive Packet Network 
CSMA Carrier Sense Multiple Access 
ECS Eager Cell Switching 
EMDP Ergodic Markov Decision Process 
FA Foreign Agent 
IEEE Institute of Electrical and Electronics Engineers 
IETF Internet Engineering Task Force 
IM Instant Messaging 
IMS IP Multimedia Subsystem 
INAP Intelligent Network Application Protocol 
IP Internet Protocol 
ISDN Integrated Services Digital Network 
ISM Industrial, Science, Medical 
ISUP ISDN User Part 
JAIN   Java API for Integrated Networks 
JCC   Java Call Control 
JCP   Java Community Process 
JMF Java Media Framework 
JSR   Java Specification Requests 
LRE Limited Relative Error 
MAC Medium Access Control 
MDP Markov Decision Process 
MIME Multipurpose Internet Mail Extensions 
MIP Mobile IP 
MN Mobile Node 
MSRP Message Session Relay Protocol 
MTU Maximum Transfer Unit 
NIST   National Institute of Standards and Technology 
OAN Open Access Network 
PA Presence Agent 
PSTN Public Switched Telephone Network 
PT   Payload Type 
PUA Presence User Agent 
QoS Quality of Service 
RADIUS Remote Authentication Dial In User Service 
RU Residential User 
RFC Requests for Comments 
RLS Resource List Server 
RTCP Real-Time Control Protocol 



Chapter 1: Thesis Introduction and Methodology 

 27

RTP Real-time Protocol 
RTS/CTS Request to Send/Clear to Send 
RTSP Real-time Transport Protocol 
SDP Session Description Protocol 
SIMPLE SIP for Instant Messaging and Presence Leveraging Extensions 
SIP Session Initiation Protocol 
S/MIME Secure/Multipurpose Internet Mail Extensions 
TCP Transmission Control Protocol 
UA User Agent 
UDP User Datagram Protocol 
URI Uniform Resource Identifiers 
VLAN Virtual LAN 
VU Visiting User 
 

 
 



 

28 

Chapter 2: Background Information 

2.1 Paradigms and Scope of Resource Management 

Network resource management, as seen in the preceding section, faces various 
restrictions and conditions that depend on the underlying architectural paradigm and 
on the scenarios covered and their properties such as mobility speed, used network 
access technologies, etc. This section of this second chapter in this thesis briefly 
highlights the three architectural paradigms studied and the respective implications 
and challenges for resource management mechanisms. The three architectural 
paradigms studied are: 
 
Open Access Networks: are networks with continuous coverage based in some cases 
on the same network access technology (e.g. Wi-Fi this thesis). In OANs, the capacity 
of each access point is shared but securely separated between private users (owners) 
and roaming public users. For roaming users traversing several access points and 
accessing the public share of each access point profit from continuous service 
coverage but are faced with various challenges especially network resource level 
fluctuations and the need to adaptation, as seen in this thesis. 
 
Next Generation Networks: are to a large part standardized networks by the 3rd 
Generation Partnership Project (3GPP) and include an architectural skeleton with core 
components. Network architectures and architectural standards have a physical side 
and a functional side, both of which are important. Functional descriptions of network 
architectures are more abstract and can be instantiated in different ways whereas 
physical architectures relate to actual specific components of networks. Whereas 
certain standardization bodies such as the European Telecommunications Standards 
Institute (ETSI) focus more on functional aspects, other bodies such as the Institute of 
Electrical and Electronic Engineers (IEEE) put a lot of value on the physical 
realization of the architectures themselves. In this thesis, both functional and physical 
aspects of the architectures are analyzed. The functional aspect relates more to session 
management and signaling schemes as proposed in [ME1], [ME3], and [ME13]. This 
includes the 3GPP specifications of the IP Multimedia Subsystem (IMS) and the 
Mobile Broadcast Multicast Service (MBMS) for which an architectural integration is 
proposed in this thesis [ME1], [ME3] to enable multicast together with IMS. The 
physical aspect of architectures becomes more significant when it comes to realization 
and proof-of-concept. In that case, the researcher has to design and use a physical 
implementation in the testbed or simulation environment that carries the functional 
entities defined in the standards (e.g. ETSI 3GPP) and also include physical 
implementation factors into account such as location of network nodes, positioning, 
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transmission environment, etc. The IP Multimedia Subsystem (IMS) and the 
Multimedia Broadcast Multicast Service (MBMS) belong to this category. Despite the 
fact that signaling and architectures are specified to a large part, there is still room for 
improvement there to address the resource bottleneck problems and boost multimedia 
application performance. This is of interest because the standard mechanisms on their 
own are not tailored for all types of scenarios and their respective challenges. A large 
part of this thesis deals with this paradigm from an architectural, functional, service 
and performance modeling point of view.  
 
Heterogeneous Access Networks: this type of network architecture is used in the 
context of this doctoral thesis to address the type of network where for a multimedia 
application on the “front-end” or ”last-mile” part, the client can often choose between 
several simultaneously available access networks of different types. Simultaneous 
availability of several access technologies does not have to hold in all regions, but in 
the parts where it is available, the system has the chance to use intelligent resource 
management mechanisms in order to improve the performance of multimedia 
applications. Simply switching between access networks is commonly done today. 
However, the underlying mechanisms involve gradual improvements in how to select 
the best access technology to meet different needs through learning, such as statistical 
learning, and step-wise optimization as in this thesis, better performance can be 
achieved while at the same time making the system resource handling more 
systematic and efficient. 

 
They three aforementioned paradigms are explained and analyzed in the 

subsections to follow. 

2.1.1 Wi-Fi-based Open Access Networks 

 

Figure 9: Open Access Network Snapshot. 

Currently one strong trend in telecommunications is the expansion of broadband 
penetration of the “last-mile” part of networks. Most private residences have or will 
soon have access to a broadband network over ADSL, VDSL, fiber, cable, or radio. 
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Furthermore, wireless technology will continue to be the main trend for the growing 
connectivity demands both for residential and business users. In dense metropolitan 
areas, numerous “micro base stations” already form continuous radio coverage 
allowing users to roam through a large distance while maintaining their 
communication sessions. Especially for multimedia and real-time applications, hard 
requirements are imposed including session continuity and tight values on parameters 
such as delay and jitter. This is the challenge posed and solved by deploying 
appropriate QoS and resource management architectures and solutions on open access 
networks (OAN).   

In OANs, the roaming as well as residential subscribers share the capacity of 
wireless LANs and access lines according to a general service agreement between all 
users and the network operator. This shapes the openness feature within the OAN. 
Because such networks are low-cost when it comes to installation and deployment, 
they are attractive to use and are gaining subscribers every day. Furthermore, the 
“mobile-broadband” based on 3.5G (High Speed Downlink Packet Access HSPDA) 
or 4G (Long Term Evolution LTE) still does not deliver the real promised data rate of 
several megabits per second. Hence there are reasons to believe that 802.11 will stay 
as the dominant technology for OANs, and new initiatives with micro-operators, 
mobile virtual network operators (MVNO)s, closed community open access [FON], 
and expanded hotspots and clouds e.g. Boingo [BO], Linspot [LS], The Cloud [TC] 
will continue to emerge and expand. The positive trend in the development of 
different open access network (OAN) technologies motivated me to pursue that trend 
in my research. In particular, I am interested in designing and developing innovative 
efficient resource utilization mechanisms for OAN architectures because it is a 
challenging task and of value to the state of the art in research. 

Open access networks, as a concept was first introduced by Battiti et al. [RB1]. 
The concept contains a business model, service model, and some architectural insights 
on how such a vision can be realized. A user being able to roam continuously 
traversing many access points and having the connections shared by residential 
owners and by-passers is quite an innovative concept that expanded later on. In 
[ME13] and [ME18], a specific case of a 802.11 OAN is highlighted including 
architectural details, comparative analyses with other approaches, and technical 
details on protocol operation.  

One resource management challenge at the core of the problem is the lack of 
sufficient self-awareness and self-configuration in resource management mechanisms, 
it is very hard to cope with the complexity and continuously changing conditions in 
wireless networks. Typical changing conditions include variations in the levels of 
network resources or performance parameters such as: available bandwidth, jitter and 
delay bounds, number of hops, number of choices for alternative access networks 
with overlapping coverage, etc. As the number of tunable or measurable parameters 
grows, the process of designing the right resource management mechanisms that 
increase performance becomes more complex. This is due to the fact that various 
parameters affect overall performance in various ways and their interactions also have 
to be taken into account. For instance, for a video session running over an OAN with 
continuous coverage Wi-Fi, complexity arises with the need for adaptation of 
multimedia stream properties (trans-coding, buffering), handovers upon entering new 
cells, context of the session itself (e.g. call time), and also Service-Level Agreement 
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(SLA) resource bounds. Autonomic resource management is a partial response to 
reducing this complexity. 

There are two major challenges at this point. Firstly, providing the appropriate 
level of QoS to multimedia applications faces many stringent constraints imposed by 
the real-time nature of the underlying traffic classes used by audio and video. In 
particular, real-time applications have hard constraints on network performance 
parameters such as: packet loss rate (PLR) which has to be below 1% for audio and 
below 3% for video according to ITU-T recommendations, jitter which has to remain 
within reasonable bounds for voice channels, and end-to-end delay for video 
channels. For non-real-time traffic, those constrains are either much more relaxed, 
e.g. delay bound when performing an FTP download of a file over a TCP socket. 
Secondly, as the volume of multimedia content transferred and exchanged by mobile 
users grows drastically, new architectures and signaling protocols are constantly being 
developed to deliver appropriate QoS. When thinking of the network as a finite 
resource delivery tool for multimedia content from source (content provider) to the 
end user, as the volume of multimedia content grows, the network quickly reaches its 
performance bounds and then architectural and functional improvements are 
necessary to boost performance and further cope with the increasing traffic volume. 
However, very complex signaling and a lot of human interaction and control is 
required for the current solutions to run properly. The response to that is an algorithm 
for systematic resource management that reduces the need for human interaction, 
which can be costly and failure prone. 
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Figure 10: Resource Management Contributions in the Open Access Network 

Paradigm. 

 
For the open access network (OAN) paradigm, this thesis looks at Layers 2, 3, 5, 

and 7 in the OSI/ISO model. The three main protocols used are CARD (Candidate 
Access Router Discovery) [RFC4066], MIP (Mobile IP) [RFC3344], and SIP 
(Session Initiation Protocol) [RFC3261]. CARD operates on Layers 2 and 3; MIP 
operates on Layer 3, and SIP operates on Layers 5 and 7. Figure 10 depicts the 
contribution scope for resource management on the client and access point controller 
sides. The essence of this contribution is in combining information and knowledge 
from all three protocols in a cross-layer manner and then performing resource-aware 
multimedia (audio and video) stream reconfiguration and resource tuning. This 
information collection, processing, and knowledge generation followed by dynamic 
and self-configuring multimedia stream resource adaptation is combined into a 
mechanism called the Parameter Injection Algorithm (PIA) presented in [ME13]. 
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Figure 11: Autonomic Networking and Open Access Networks Evolution and 

Contribution Positioning. 

 
Self-configuring resource management in this thesis has two main motivating 

paradigms as pillars: open access networks (OAN), and autonomic communication 
(AC). One core goal is to apply autonomic principles to the specific network 
architecture OAN. Upon applying those principles, several challenges are faced, and 
there is large potential for feature enhancement and performance optimization. Figure 
11 portrays the two paradigms: Open Access Networks and Autonomic 
Communication.  

Autonomic communication (AC) is the result of several evolution stages in 
networking. One of the predecessors is the so-called Intelligent Network, typically 
stated as its acronym IN, which was intended both for fixed as well as mobile telecom 
networks. It allows operators to differentiate themselves by providing value-added 
services in addition to the standard telecom services such as PSTN, ISDN and GSM 
services on mobile phones. In IN, the intelligence is contained in the network nodes 
owned by telecom operators, as opposed to solutions based on intelligence in the end 
nodes such as telephone equipment or Internet servers. Intelligence and control logic 
started in a centralized way, where a central node had all the decision power and sent 
control messages to other nodes of the architecture. Then as computing capabilities of 
individual nodes improved, and the functionality required from the network 
architecture grew in complexity, it was time for distributing the intelligence and 
computational work among nodes. Distributed computing was one of the drivers for 
promoting autonomic functionality of nodes due to the absence of a central node that 
controls the whole network.  

AC has been constantly evolving since its introduction in 2004. A global research 
community has been built to endorse this domain, as it tries to solve the upcoming 
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challenges of complexity in networking. As mobility and Quality of Service (QoS) 
become harder to manage with the increasing number of devices, platforms, access 
network types, available architectures and signaling protocols, the Autonomic 
Communication research community tries to find systematic solutions to domain-
specific problems. When talking about domains, I refer to application and commercial 
domains such as telecommunications, production, automation, etc. Systematic 
resource management, a core goal of this thesis, is well aligned with the principles of 
autonomic communication. 

Autonomic Communication has evolved in its own direction and has not yet 
succeeded to provide any ideally fitting generic solution to existing problems except 
in very domain-specific areas. Moreover, in the domain of OAN, solutions that 
provide easy-to-use broadband connectivity lack the sufficient degree of autonomy 
and QoS required for satisfying users. Therefore, a research problem addressed in this 
thesis is how to apply the principles of one domain to the other. The answer to this 
research problem is in systematic network resource management. 

2.1.2 Next Generation Networks: IMS and MBMS 

In short, the IP Multimedia Subsystem (IMS), shown in Figure 12, is a set of 
standards and specifications that describes the Next Generation Networking (NGN) 
architecture for implementing multimedia-based services over IP including telephony, 
video, and instant messaging as well as combinations of those.  

IMS in its core definition includes an architecture and framework that enable 
voice, video, data, and mobile front-end network technology to converge over an IP-
based infrastructure. IMS can be seen as a framework and architecture that bridges the 
two paradigms: cellular communication and Internet technology. Part of the IMS 
vision is to provide cellular access (e.g. 3G, HSPDA) to many of the IP-based 
services with call control and quality of service support via appropriate resource 
management mechanisms. 

Initially, the 3rd Generation Partnership Project (3GPP) defined the IP Multimedia 
Subsystem (IMS) in 3GPP Release 5. The 3GPP is a consortium of collaborating 
telecommunication standardization bodies focusing especially on radio technology 
evolution, with GSM, UMTS as examples. In 3GPP Release 5, the Session Initiation 
Protocol (SIP) and the AAA (Authentication, Authorization, and Accounting) 
protocol DIAMETER are the main signaling protocols.  

Advanced features for the SIP protocol such as presence and group management 
have been added in order to improve IMS in 3GPP Releases 6 and 7. Moreover, the 
interoperation between Wi-Fi and circuit-switched systems, and that between fixed 
and mobile broadband access are key aspects of IMS.  

Furthermore, the Open Mobile Alliance (OMA) plays an important role on 
specifying and developing IMS service standardization. The services defined by 
OMA are built on top of IMS infrastructure, such as Instant Messaging (IM), Presence 
service, and Group Management Service. [ME16] discusses the IMS architecture and 
how it supports next generation services. In addition, addressing the challenges faced 
by those services and looking at different architectural solutions that support that are 
part of the paper with concrete case studies.  
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Network resource management (RM) is significant in IMS due to the importance of 
service quality and the broad range of scenarios where it is hard to provide stable 
resource levels. An example is V2I (Vehicle to Infrastructure) communication as 
studied in [ME1] and [ME3]. IMS provides multimedia services with Quality of 
Service (QoS) support. Various mechanisms for performing resource control (network 
resource management) are of interest. Two main QoS mechanism categories are 
admission control and traffic control; the former is more coarse-grained and the latter 
is more fine-grained. In the scope of this doctoral thesis, the perspective of a network 
operator or service provider is considered. Therefore, resource reservation and 
partitioning, scheduling, as well as session adaptation mechanisms in particular on 
OSI/ISO layers 5-7 are what I focus on in the area of QoS. Admission control is 
related to mobility, in other words, an operator decides whether or not to let a roaming 
cell involved in real-time session (audio or video) use its resources. Then traffic 
control and session control in the second step involve proactive adaptation to 
changing network conditions built into resource management mechanisms. Despite 
the improvement in available bandwidths e.g. from 2.5G to 3G, there are no 
guarantees about the quality of the services. A 3G cellular network provides what is 
known as "best effort” Internet connectivity, which means it will do its best to ensure 
the required bandwidth, but there is no guarantee it will remain at the same level. 
Consequently, the bandwidth of a particular connection can vary significantly over 
time. In order to solve this problem, Quality of Service (QoS) mechanisms were 
developed in order to provide certain guarantee levels of network bandwidth during 
transmission instead of the so called "best effort". IMS specifies QoS support within 
the IP network and takes advantage of various resource management mechanisms to 
improve and guarantee the transmission quality. 

 

 

Figure 12: IMS Reference Architecture. 
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Figure 13: IMS and MBMS Architectures. 

 

 

Figure 14: MBMS Detailed Architecture. 
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MBMS, depicted in Figure 14, is a point-to-multipoint service in which data is 
transmitted from a single source to multiple destinations over radio network. 
Transmitting the same data to multiple recipients allows network resources to be 
shared. MBMS is realized by the addition of existing and new functional entities of 
the 3GPP architecture. 

The MBMS bearer service offers two modes: Broadcast Mode and Multicast 
Mode. MBMS architecture enables efficient usage of radio-network and core-network 
resources, with an emphasis on radio interface efficiency. The boundary of the 
MBMS Bearer Service is the Gmb and Gi reference points. The Gmb provides access 
to the control plane functions and the Gi the bearer plane. The Broadcast Multicast 
Service Centre (BM-SC) provides a set of functions for MBMS User Services.  

Multimedia Broadcast and Multicast Services (MBMS) is a broadcasting service 
offered via existing GSM and UMTS cellular networks. The infrastructure offers an 
option to use an uplink channel for interaction between the service and the user, 
which is not a straightforward issue in usual broadcast networks, as for example 
conventional digital television is only a one-way (unidirectional) system. MBMS uses 
multicast distribution in the core network instead of point-to-point links for each end 
device. 

MBMS has the major benefit that the network infrastructure already exists for 
mobile network operators and the deployment can be cost effective compared with 
building a new network for the services. The broadcast capability enables to reach 
unlimited number of users with constant network load. Moreover, it also enables the 
possibility to broadcast information simultaneously to many cellular subscribers for 
example emergency alerts. 

MBMS is two services. MB stands for the relatively simple to achieve multimedia 
broadcasting. MS stands for the more challenging Multicast Services. MB's main use 
will be broadcasting television channels in much the same way as traditional 
terrestrial and satellite TV companies offer TV today. MB TV will be broadcast TV 
many channels, some Free to Air paid for by advertising content and others restricted 
to the cellular networks call subscribers, as an added value service, whereas some TV 
channels will be paid for by subscription. 

2.2 Heterogeneous Wireless Networks and Mobility 
Management 

This section discusses Markov Chains related mathematical tools and mechanisms 
used in part of the scientific methods in this doctoral thesis. It discusses Ergodic 
Markov Decision Processes, Markov Decision Processes in general, and the well-
known Chapman-Kolmogorov Theorem used to derive steady state probabilities in 
performance modeling. 

Markov decision processes (MDPs), provide a mathematical framework for 
modeling decision-making in situations where outcomes are influenced by both 
stakeholder actions as well as natural conditions. For instance, in networking, a 
Markov Decision Process that controls the resource management process in the 
wireless downlink part, natural conditions would be the channel conditions and packet 
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delay times (signaling and data) whereas stakeholder actions would be the network 
and flow selection actions or congestion control individual decisions. MDPs are 
known to be useful for studying a broad range of optimization problems whose 
solution normally requires mechanisms such as dynamic programming and 
reinforcement learning.  

Technically, an MDP is a discrete time stochastic control process. At each time 
step, the process is in some state “x”, and each graph node which acts as the decision 
maker has the possibility to choose any action “a” that is available in state “x”. The 
process responds at the next time step by randomly moving into a new state “y”, and 
giving the decision maker a corresponding reward Rew(x,y). 

The probability that the process chooses “y” as its new state is influenced by the 
chosen action. Specifically, it is given by the state transition function Pa(x,y). Thus, 
the next state “y” depends on the current state “x” and the decision maker action “a”. 
However, given “x” and “a”, it is conditionally independent of all previous states and 
actions; in other words, the state transitions of an MDP possess the Markov property.  

MDPs can be seen as a functional extension of Markov chains; with the difference 
being the addition of actions where choice (decision) is enabled and value (reward) is 
integrated into the output variable (utility/target). Conversely, and ignoring rewards, if 
only one action exists for each state, a Markov decision process reduces to a Markov 
chain. 

The fundamental scientific problem in MDPs is to find a policy that states what 
action to take for each particular situation; where situation is the pairing between 
current state “x” and the input factor “a”. The goal is to choose a policy that will 
maximize some objective aggregate function of the random input variables. 

Within the scope of this thesis, the Markov Decision Process (MDP) is used for the 
modeling of the behavior of the signaling plane with multicast-enabled IP Multimedia 
Subsystem (IMS), which is normally unicast-based. 

 

 

Figure 15: Finite State Machine Based on a Markov Decision Process. 

 
Figure 15 shows an example of a finite state machine (FSM) based on a Markov 

Decision Process (MDP). The FSM is for the multicast-enabled IMS signaling plane 
that has three possible active states, namely subscribing to a service, joining a 
multicast group, and performing session signaling. There is a decision split three-way 
at every step in the signaling process where the input factors on the arrows are the 
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probabilities of the signaling being in a particular phase. There are some natural 
dependencies derived via simulations in the research work for finding the fraction of 
one probability value to that of its peers in an outgoing sum. The sum of outgoing 
probabilities at each node has to add up to exactly 1.0. Other factors are logical and 
influenced by the stakeholders as mentioned above; for instance, logically, after 
performing a session subscribe process, a mobile node never moves to the session 
signaling state before performing a multicast join signaling action by going through 
the join state, therefore that transition is set to zero. More details are available in 
[ME1] titled: “Multicast-enabled IMS Signaling Resource Management and 
Performance Modeling”. For a short notation overview: Pij    stands for the probability 
of a node moving from state “i” to state “j” with “b” standing for the “subscribe” 
state, “j” standing for the “join” state, and “s” standing for the “session signaling” 
state.   

If a Markov chain is ergodic, then a unique steady state distribution π exists, 
independent of the initial state p(0)={p1(0),p2(0),…,pk(0)}.  

When the number of states in an ergodic, discrete-time Markov chain is finite, it is 
possible to solve for the steady-state probability vector in several ways. For small-
scale operations, the computations could be performed by hand. Moreover, 
mathematical tools such as Matlab provide simple and efficient operations for finding 
the solution and can be used even when the number of states is large. 

First it is essential to define the state probability vector of a discrete-time Markov 
chain with m states after the nth transition, given some initial state probability 

vector p(0), to be p(n)=( 

[p(n
)]1 

p(n)
]2 

⋮ 
[p(n

)]m 
) where [p(n)]i is the probability that the system is in state i after transition n, 

given p(0). 
P is the single-step transition probability matrix and has the form: 

 P=(pjk  
). pjk is the probability that the next state will be k given that the current state is j. If 
the state probability vector is known at time n, it is possible to compute the ith 

component of the vector at time n+1: [p(n+1)]i=[p(n)]1p1i+[p(n)]2p2i+…+[p(n)]mpmi  
The set of m such equations can be summarized as p(n+1)=p(n)P. These are 
called forward Chapman-Kolmogorov equations. 
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To give an example of how this operates, let us consider the Markov chain 
described by the state transition diagram in Figure 16. 
 

 

Figure 16: Transition probabilities example for an Ergodic Markov Decision 

Process. 

The single-step transition probability matrix is P=[ 
.1 .4 0 
.7 0 .5 
.2 .6 .5] 

 
This is an ergodic Markov chain. If the initial state probability vector 

is p(0)=(0.3,0.4,0.3)T, the evolution of the state probability vector for as many 
transitions as needed can be computed by repeated applications of the well-known 
forward Chapman-Kolmogorov equations.  
 
[p(1)]1=0.3×0.1+0.4×0.4+0.3×0=0.19 [p(1)]2=0.3×0.7+0.4×0+0.3×0.5=0.36[p(1)]3=0.
3×0.2+0.4×0.6+0.3×0.5=0.45 [p(2)]1=0.19×0.1+0.36×0.4+0.45×0=0.163 [p(2)]2=0.19
×0.7+0.36×0+0.45×0.5=0.358[p(2)]3=0.19×0.2+0.36×0.6+0.45×0.5=0.479  
 
The resulting sequence of state probability vectors is: 
 

p(0)=(0.3,0.4,0.3)T 
p(1)=(0.19,0.36,0.45)T 
p(2)=(0.163,0.358,0.479)T 
p(3)=(0.1595,0.3536,0.4869)T 
p(4)=(0.1574,0.3551,0.4875)T 
p(5)=(0.1578,0.3539,0.4883)T 
p(6)=(0.1573,0.3546,0.4881)T 
p(7)=(0.1576,0.3542,0.4883)T 
p(8)=(0.1574,0.3544,0.4881)T 
p(9)=(0.1575,0.3543,0.4882)T 
p(10)=(0.1575,0.3544,0.4882)T 
p(11)=(0.1575,0.3543,0.4882)T 
⋮ 
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p(20)=(0.1575,0.3543,0.4882)T 
 

As expected, the state probability vectors are converging to the steady state 
probability vector π. After the 11th transition, the state probabilities remain unchanged 
to four decimal places. 

The Ergodicity Theorem says not only that the state probability vector will 
converge, but that the steady-state probability vector is unique and does not depend 
on the initial state. If another starting vector is used with different initial values such 
as p(0)=(1,0,0)T and the same procedure is applied, the same result is obtained. 
Convergence is a little slower than for the previous initial state probability vector 
because the new initial vector is farther from steady state. 

 
p(0)=(1,0,0)T 
p(1)=(0.1,0.7,0.2)T 
p(2)=(0.29,0.17,0.54)T 
p(3)=(0.097,0.473,0.430)T 
p(4)=(0.1989,0.2829,0.5182)T 
p(5)=(0.1331,0.3983,0.4686)T 
p(6)=(0.1726,0.3274,0.4999)T 
p(7)=(0.1482,0.3708,0.4810)T 
p(8)=(0.1631,0.3442,0.4926)T 
p(9)=(0.1540,0.3605,0.4855)T 
p(10)=(0.1596,0.3505,0.4898)T 
p(11)=(0.1562,0.3566,0.4872)T 
⋮ 
p(20)=(0.1575,0.3542,0.4882)T 

2.3 Statistical Learning Techniques with Linear 
Regression 

There are quite some proposed algorithms for access network selections decision 
making in the literature.  

 
Statistical methods have quite often proved to be useful in several domains 

including computer science and computer networking, including mobile networks and 
mobile systems. One of those methods which is significant in the scope of this thesis 
is linear regression. It normally refers to an approach for the modeling of the 
relationship between an output/target variable y and one or more variables x, where 
the model depends linearly on the unknown parameters to be estimated from the data. 
Such a model is called a “linear model.” Most commonly, linear regression refers to a 
model in which the conditional mean of y given the value of X is an affine 
function of X. Less commonly, linear regression could refer to a model in which 
the median, or some other quantile of the conditional distribution of y given X is 
expressed as a linear function of X. Like all forms of regression analysis, linear 
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regression focuses on the conditional probability distribution of y given X, rather than 
on the joint probability distribution of y and X, which is the domain of multivariate 
analysis. 

Linear regression has many practical uses. Most applications of linear regression 
fall into one of the following two broad categories:  
- Predicting and forecasting the output or target variable value using computed 

weights and input metric values; as is the case for the research in this thesis (with 
details in [ME2]); 

- Quantifying the strength between input variables and the target variable (also done 
in [ME2] in this thesis to highlight the different statistical models for each 
mobility scenario such as vehicular Wi-Fi, pedestrian Wi-Fi and 3G). 

2.4 Resource Management, Network QoS, and User QoE 

Quality of Service (QoS) is describes the overall experience a user or application 
will receive over a network. It involves a broad range of access technologies, 
architectures, and protocols. This thesis looks at resource management techniques that 
provide high levels of QoS for multimedia traffic and applications. Network traffic is 
highly diverse, with each traffic class having its own requirements on bandwidth, 
delay, loss, and availability. Network resource management have thus to take this 
variation on requirements on resources and parameters among traffic classes into 
account. It is debated in the literature that increasing levels of the available bandwidth 
resource reduce the need for QoS mechanisms. However, increasing bandwidth alone 
does not fulfill all the needs of multimedia applications. For instance, an infinite 
bandwidth, which is practically impossible, does not provide good QoS levels for 
applications if the packet loss rate exceeds a certain amount. Furthermore, on a flow 
level, if the level of resources is not maintained end-to-end, then there can be points in 
the network where congestion may still occur and others where there is a resource 
overflow.  

This is where the connection between QoS and network resource management 
gains its significance. In particular, identifying the right bottlenecks in each particular 
architectural paradigm simplifies visualizing and devising a solution for achieving 
systematic and efficient resource management that leads to good QoS. The most 
common performance indicators for network QoS are: network availability, 
bandwidth, delay, jitter, and packet loss.  

Quality of Experience (QoE), in contrast to QoS, is more of a subjective measure 
of a user's experience with a service provider or operator provided service. The 
concept of “total experience” from a user perspective is central in QoE and depends 
on different network parameters with different intensities depending on the scenario 
and settings. For instance, the QoE in video telephony studied in [ME2] takes on 
different models with a different set of network QoS parameters for each of the 
examined scenarios such as pedestrian (low speed) Wi-Fi, vehicular (moderate speed) 
Wi-Fi, and 3G. Systematic network resource management using statistical learning 
allows for segregation of QoS models for the same target QoE variable as the paper 
shows.  
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Papers [ME2], [ME9], and [ME13] focus on the improved QoE level achievable 
when properly tuning certain network QoS metrics. For instance, for voice, the key 
QoS metric affecting user QoE is jitter, and for video QoE delay is the key metric. 
Delay also plays a significant role in voice QoE imposing a bound of about 150 msec 
for acceptable quality, but jitter is still the stronger metric. For research in the area of 
resource management, knowing the key metric helps designers to improve the 
network architecture in such a way that the metric of interest achieves better and 
improved values to attain the required QoE. The design methodology that includes 
both pre-existing know-how (PEKH) and architectural contributions is also shown in 
Figure 2.  

Using scientific methods for resource management research allows building the 
right bridge between QoS and QoE. This bridge overcomes the contrast in trend when 
a provider satisfies particular requirements according to e.g. an SLA (Service Level 
Agreement), thus rating high in QoS, but the users may be dissatisfied, thus causing a 
low QoE. In the same way, users may be satisfied with a service, resulting in an 
artificially high QoE even if the operator or service provider does not provide the 
level of resources users pay for. 

2.5 Chapter Summary 

This chapter briefly overviews related work in the area of resource management 
with particular focus on the techniques relevant to the architectural paradigms covered 
in this thesis. The next chapter surveys selected related work in the area of efficient 
and systematic network resource management.  
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Chapter 3: Related Work 

This chapter provides an overview of related work within the scope and bounds of 
this thesis. It is composed of three main sections followed by a short summary. The 
first section is on self-configuring resource management and discusses relevant and 
recent work done in the area, especially to achieve efficient and systematic network 
resource management. The second section looks at work done to achieve systematic 
and efficient design of network resource management on both the signaling and data 
planes for various networking paradigms where unicast and multicast are used for 
multimedia communication scenarios. The third section of this chapter covers 
systematic and efficient network resource management in connection with network 
quality of service (QoS) and user quality of experience (QoE).  

Table 5 briefly summarizes the motivation, state of the art and research gap 
keywords for the three types of stakeholders of interest in this thesis namely: end-
users, network operators, and service providers. 

 

Table 5: Paradigms and Stakeholders in State of the Art Overview. 

 Motivation/ 

Main Goal(s)  

State of the Art  

 

Research Gaps  

 

End  Users High QoS & QoE, 
cost effective 
service  

 

Adaptive resource  
control on client 
(streaming A+V), 
proactive behavior  

Lack of reasoning 
and learning for 
decision-making  

 
Network  

Operators 

Efficient use of 
infrastructure, 
avoid RM 
bottlenecks  

 

Manual and semi-
automated policy-
based resource 
configuration 

Conflicting policy 
goals, lack of 
cognition and fine-
grained decision-
making  

Service  

Providers  

Higher revenue, 
Higher no. users  

 

Framework-based 
resource 
management of 
network services  

 

Systematic, fine-
grained ways for 
improving the 
resource-
performance curve  
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3.1 Self-Configuring Process Design and Network 
Resource Management 

This subchapter surveys the state of the art in the areas: resource management in 
wireless networks, context aware QoS network systems, and multimedia session setup 
and management in wireless networks. In addition, the work is positioned with 
respect to the IEEE 802.11r and 802.21 standardization frameworks. Those categories 
are handled in consecutive sections. The first section is related to the core 
contribution of this thesis, namely autonomic, self-configuring resource management. 
The second section relates more closely to the next chapter on data design where 
context information and semantics play a key role in making networks self-aware. 
The third section analyzes challenges related to setting up and managing multimedia 
sessions in different wireless network types. The fourth section shortly overviews 
work ongoing in standardization bodies. Self-awareness and self-configuration are the 
two aspects of the Autonomic Communication paradigm that are analyzed in this 
thesis. The thesis positions itself with respect to existing research work  and 
highlights the delta that was achieved in terms of the two afore-mentioned self-* 
features. Furthermore, an architectural perspective is given with a comparison to what 
is available today. 

3.1.1 Architectural Support 

Active networking has partially inspired autonomic communication. Active 
networking allows highly tailored and rapid "real-time" changes to the underlying 
network operation. This enables such ideas as sending code along with packets of 
information allowing the data to change its form (code) to match the channel 
characteristics [AC1].  

In this subsection, the state of the art concerning QoS architectures and 
mechanisms for media streaming is investigated. I provide a survey on how far 
different approaches address network resource management for multimedia and 
streaming applications. This allows finding out the limitations of existing work, 
especially concerning the self-awareness and self-configuring capabilities of QoS 
mechanisms. 

Gelenbe et al. [EG1], [EG2], [EG3], [EG4] work on user-oriented networks and 
claim that those will not usually have precise information about the infrastructure at 
any given instant of time, so their knowledge should be acquired from online 
observations. Thus, they suggest that user-oriented networks should exploit self-
adaptiveness to try to obtain the best possible QoS for all their connections. They 
illustrate how self-awareness, through online self-monitoring and measurement, 
coupled with intelligent adaptive behavior in response to observations, can be used to 
offer user-oriented QoS. The work is based on ongoing experiments conducted in the 
“cognitive packet network” testbed.  

The solution provided in this research work is suitable for several domains 
including sensor, enterprise, home, and military networks. The system aims to support 
a broad range of QoS requirements imposed by the variety of network access 
technologies, devices, and applications. The core research issue in this work is 
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intelligence and adaptation to the user needs and the networking environment. This 
covers routing behavior, self-healing, and security aspects.  

Despite the existence of basic adaptation mechanisms for QoS, they are mainly 
static or based on basic policies exploiting very few parameters and using a limited 
set of rules. The authors note that learning algorithms and adaptation have very 
seldom been exploited in networks because of the lack of a practical framework for 
adaptive control especially for packet networks. The Cognitive Packet Network 
(CPN) system devised by the authors works on top of IP and interacts with classical 
networks via IP as well. CPN uses Smart Packets (SP) to collect QoS measurement 
information as they travel through the network.  

In order to investigate the potential of using self-awareness to offer QoS to users, 
they developed a practical packet-switching architecture that allows a network with an 
arbitrary topology to observe its state in a distributed manner. These observations are 
then used by an online algorithm running autonomously at each node to make routing 
decisions based on an estimate of QoS. However, these routing decisions are 
restricted to certain “smart” packets, which then inform the source about the paths 
they have found which offer the best QoS. These paths are then used by the payload 
carrying packets until a better path is found by the SPs. Thus, CPN is a packet routing 
protocol that addresses QoS using adaptive techniques based on online measurement. 

 

 

Figure 17: CPN Proposed by Gelenbe et al. 

 
SPs enable self-observation in a network. Self-observation leads to self-awareness. 

Awareness covers aspects such as QoS levels of network parameters, topology, flow 
and path information, and power levels of mobile nodes. In the model used, they 
assign to each QoS class between a source and a destination pair a QoS goal. This 
goal corresponds to a function that has to be minimized.  
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The main difference between this significant state-of-the-art piece of research work 
and the work pursued in this thesis is as follows. The authors exploit learning 
algorithms and adaptation mechanisms to add intelligence and awareness to the 
network behavior. The information they gather is collected via smart packets moving 
in the network. In this thesis, semantic structures are used to model and represent all 
information pieces belonging to network elements as well as processes. The process 
of acquiring semantic information, storing it, exchanging it, and all other types of 
processing is built into the system in such a way that a high level of self-awareness is 
achieved. I make processes for resource management and content adaptation for 
streaming applications self-aware and self-configuring. 

Krief et al. [FK1], [RH1] investigate self-aware management that allows the 
network to react and to adapt to changes. The architecture they designed is capable of 
self-aware management of IP networks offering QoS guarantees. This architecture 
uses policy-based management and multi-agent systems. The originality of the 
approach lies in the intention to give a real autonomy to the components intervening 
in the chain of services in terms of internal decisions and configuration. The solution 
thus enables self-aware behavior, self-provisioning, and self-monitoring of services. 
In contrast to the approach in [FK1] and [RH1], I provide a clear-cut mechanism for 
network resource management, namely the parameter injection algorithm adapted to a 
particular paradigm, namely open access networks (OAN). Krief et al. on the other 
hand provide a generic framework that supports network self-awareness. In order for 
contributions in the area of network resource management to be portable and reusable, 
they need to be defined in the form of mechanisms (algorithms or protocols). Generic 
frameworks on the other hand have little value outside their own scope. 

3.1.2 Algorithms and Protocols 

As the core contributions of this thesis are algorithms and protocols for efficient 
and systematic network resource management, this subsection surveys some 
comparable approaches in the state of the art. Particular focus in the survey is given to 
the autonomic resource management aspects: self-aware networks and self-
configuring resource management processes.   

Samaan et al. [NS1] present a novel approach for an advanced reservation protocol, 
NSLP (NSIS Signaling Layer Protocol), to provide seamless real-time services to 
mobile users in wireless networks. The robustness of the proposed work is the result 
of a two-fold contribution. The first is the utilization of knowledge about user 
preferences, goals, and analyzed spatial conceptual maps to predict the user’s future 
location. The second contribution is a predictive advanced resource reservation 
protocol for mobile environments. Transforming information into knowledge in the 
system enables self-awareness. An additional aspect of the intelligent behavior is 
prediction, which gives a proactive touch to the system.  

Yu et al. [QY1] developed a network self-configuring routing algorithm, called 
KTRA (Kernel Tree Routing Algorithm) for mobile ad hoc networks. It converts the 
actual network topology into a logical tree, thus only partial routing information needs 
to be maintained, and the update requirement is restricted in the area of a branch. 
Moreover, KTRA is characterized by low delay and high flexibility compared to that 
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of proactive and reactive routing algorithms. Empirical and simulation results 
demonstrate that KTRA is convergent and outperforms the traditional networking and 
routing algorithms. Self-configuration pays off in routing in terms of performance. 
However, there are other more significant aspects that can still be made self-
configuring, namely resource management and allocation. 

Zhang et al. [ZZ1] propose a path-oriented, quota-based QoS brokerage method 
which aims at increasing the overall call processing capability of the bandwidth 
broker box. They rely on path-level admission control and link-level bandwidth 
allocation. Their approach differs from ours in that their architecture is very 
centralized, having one box with a single bandwidth broker in the backend; whereas 
my approach uses many last-mile QoS brokers which are light-weight and optimize 
capacity based on air-time quota. 

Duan et al. propose for the QoS bandwidth brokerage issue to decouple the QoS 
control plane from the packet forwarding plane [ZD1]. They store QoS reservation 
states and manage them inside the bandwidth broker in addition to performing 
aggregate and per-flow management. Again their approach lacks the light-weight 
property and is too centralized.  

Although this thesis deals with the particular case of multimedia resource 
management over 802.11 open access networks, the challenges faced by this domain 
in other access technologies are highlighted. Furthermore, the using composite 
metrics to assess system performance is demonstrated [ME2]. 

A wide range of papers has been analyzed in parallel to conducting my work. In 
fact, it was observed that the SIP protocol is adopted in various access technologies; it 
faces a challenge in each access technology it is deployed in. VoIP over 3G is 
thoroughly handled by Prasad et al. in [HF1]. The authors analyze the different phases 
in setting up a SIP-based voice session and explore the different cases via numerical 
analysis in order to obtain an estimate on what it would cost in terms of time and 
resources to establish an appropriate VoWLAN or video-over-802.11 session in 3G 
networks.  

In [PM1] McGovern et al. address the problem of link adaptation using media 
codecs in 802.11. Different codecs are believed to result in different levels of 
congestion, and thus the system the authors propose switches back and forth between 
codecs to reduce the measured or perceived congestion level.  

Bacciu et al. [DB1] presents a fuzzy logic approach to determine a soft admission 
control mechanism for Voice-over-IP services over Wireless LANs. A framework is 
defined where the provider may express the network status and the client their 
preferences by the means of an approach based on Fuzzy Set Theory. 

Brännström el al. [RB2] proposes a mobility support system integrating the 
benefits of application-layer SIP mobility with network-layer MIP mobility where a 
cross-layer information system exchanges context for mobility adaptation. 

The different approaches in this section either take a step in introducing combined 
metrics in mobility scenarios or try to solve the congestion and bad coupling of voice 
traffic and IEEE 802.11.  

The group IEEE 802.11r [802.11r] has as main purpose finding solutions that 
minimize or optimize the time required for 802.11 Basic Service Set (BSS) to support 
real-time traffic sessions. Preparing the next candidate access point (AP) in advance 
during roaming in a proactive manner improves real-time and multimedia application 
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experience over 802.11 by reducing handover time. In 802.11r, there is an AP 
database as a prerequisite for the algorithm to work. It is the key technical element 
providing the link between the current AP and the next one. There is a scanning phase 
to detect available access points and check their capabilities, and then a network 
selection phase follows to execute a fast roaming association with the next access 
point. I alternatively consider the Candidate Access Router Discovery Protocol 
(CARD) as a mechanism for determining the next AP to join. IEEE 802.11r operates 
on protocol layers two and three, just as CARD does. They both need to gather 
information on available APs, performing reasoning on which best AP to select as the 
next candidate network. Even though 802.11 fast roaming (802.11r) was designed to 
mainly serve real-time applications and improve user-perceived quality and session 
continuity, there is still a substantial signaling overhead and room for optimization on 
higher layers. This thesis deals with this issue. In particular, distributing resources 
among users, applications, sessions, and channels while also reducing overhead in 
node interaction is a key goal of this work. 

3.1.3 Frameworks 

Patouni et al. [EP1] address the general issue of autonomic computing and 
communications. They claim that automated functions enhance the intelligence of 
existing computing and communication systems. This concept forms a new paradigm 
of systems with self-ware capabilities that will automatically adapt their behavior in 
relation to the configuration of the drastically changing environment and user 
preferences. They present a generic architecture for the design and deployment of 
nodes with self-managing and self-configuring capabilities. They validate the 
feasibility aspects of the proposed framework by means of a prototype that 
demonstrates the operation of plug and play solutions for an adaptable component-
based protocol. The framework addresses the issue of self-configuration of individual 
components. Two types of metadata are introduced: metadata for each protocol layer 
of the protocol stack and metadata for the protocol components.  

Bellur et al. [UB1] claim that self-configuring systems need a design approach 
based on behavioral specification and a control layer that can use those to 
dynamically bind components to obtain a self-configuring system. Their approach is 
based on semantic descriptions of components augmented with contextually 
dependent non-functional requirements for accomplishing the dynamic binding. For 
this purpose, they model service inter-dependencies as variability points. The control 
layer dynamically re-configures system behavior by mapping the variability points to 
components providing the needed functionality. Self-configuration reduces itself to 
component binding but not to the mechanisms themselves that perform resource 
management or reservation.  

Krishnamurthy et al. focus in their QoS broker on dynamic path conditions that 
influence the route between the source and destination involved in a bandwidth-
brokering scenario [AK1]. They manage admission control requests dynamically to 
reflect the changes occurring in a topology of moving nodes. The brokering process is 
then responsible for path tracking for all hops that change in an end-to-end path. Such 
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an approach is not scalable and ceases to perform well as the number of hops between 
the source and destination increases.  

Nahrstedt et al. integrate the resource reservation functionality with their resource 
broker module [CN1]. I on the other hand rather use policing and discarding traffic 
that violates the agreement between the served station and the broker on the last mile. 
Nevertheless, the approach used in [CN1] has several similarities to my resource 
management scheme. For instance, they use a client scheduler and client information 
table, a module on the terminal that communicates with entities in the network for 
optimizing admission control and resource utilization. I use a local resource 
management module on the client functionally similar to an operating system and it is 
responsible for resource partitioning among traffic types; that is to say, creating flows 
out of one flow. Nahrstedt et al. also use event-based triggering to perform updates on 
the allocated resources by a broker to a terminal giving a dynamic touch to the 
brokering mechanism.  

Paper [WD1] by Dargie et al. summarizes different techniques and probabilistic 
schemes used by context-aware systems. The paper covers fuzzy logic, hidden 
Markov Models, Bayesian Networks, and the Dempster-Schafer theory of evidence. It 
surveys various approaches including logic and rule-based schemes, and probabilistic 
schemes. Then a conceptual architecture is presented that shows an optimal 
framework for computing context while using a smart combination of different 
techniques previewed before in the paper. Components for fuzzy logic reasoning, 
primitive context acquisition, aggregation, belief, and reasoning are integral parts of 
the conceptual architecture depicted.  

From what has been surveyed, I observe that decision making in the area of 
resource management has been analyzed and solved from the architectural and 
signaling perspectives. However, there is barely any approach that views resource 
management as a self-contained process on each node interacting minimally with peer 
processes on other nodes. The thesis on the other hand, presents a process-based 
approach to solve QoS resource management whereby both the terminal and the 
access point are regarded as self-aware network nodes. Each of the nodes runs a self-
configuring process for resource management of multimedia traffic. What is different 
in the approach followed in the thesis is that it increases the amount of local 
computations but reduces signaling overhead, thereby optimizing session 
management. The SIP sessions in turn handle resources of real-time traffic. The 
processes used combine information from OSI/ISO layers three, five, and seven.  

Khedr et al. [MK1] present the design and system architecture of Ad hoc Context 
Aware Network (ACAN) in  a wireless environment  with  no  pre-configuration  and  
with spontaneous  applications  running  according  to  the contextual situation. 
ACAN  is  regarded as a  new  trend  in context-aware  wireless networks and it 
consists of: sensors that capture the entities in the environment and the surrounding 
users and a  context  manager  agent  who  interprets  the  sensor capture  information  
and  processes  it  then passes it on as higher  level context data to be used by the 
application. This data is used to minimize the user interaction while maximizing the 
relevance of the information provided. This is automated context awareness. ACAN 
targets the network layer and the application layer and introduces new mechanisms 
for network configuration, QoS provisioning, and more dynamically adaptable, 
flexible applications. Most importantly, ACAN contains a new protocol stack and a 
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Context Aware Service Discovery Protocol (CASDP) that are both innovative 
contributions in this area. The authors presented the ACAN architecture showing how 
it merges the technology of ad hoc networking with context-aware systems to provide 
a better, dynamic, and user-friendly network. 
  Mamei et al. [MM1] present TOTA (Tuples On The Air), a novel middleware for 
supporting adaptive context-aware activities in dynamic network scenarios. The key 
idea is to use spatially distributed tuples for representing contextual information and 
supporting uncoupled and adaptive interactions between application components. On 
one hand, the middleware sends and receives tuples across a network on the basis of 
application-specific patterns, to define computational fields, and adaptively re-shape 
the resulting distributed structures according to changes in the network scenario. On 
the other hand, application components can locally “sense” these fields and can rely 
on them for both acquiring contextual information and carrying out complex 
coordination activities adaptively. The key objectives of TOTA, only partially 
achieved by similar proposals in the area, are to promote uncoupled and adaptive 
interactions by locally providing application components with simple yet highly 
expressive contextual information and to actively support adaptivity by discharging 
application components from the duty of dealing with network and application 
dynamics. TOTA relies on spatially distributed tuples, to be injected in the network 
and propagated accordingly to application-specific patterns. Tuple propagation 
patterns are dynamically re-shaped by the TOTA middleware to implicitly reflect 
network and application dynamics, as well as to reflect the evolution of coordination 
activities. 

In [MM2], the authors analyze field-based coordination and claim that it is a 
promising approach for a wide range of application scenarios in modern dynamic 
networks. To implement it, they rely on distributed tuples injected in a network and 
propagated to form a distributed data structure to be sensed by application agents. 
However, to gain the full benefits from such a coordination approach, it is important 
to enable the distributed tuples to preserve their structures despite the dynamics of the 
network. They show how a variety of self-maintained distributed tuples for field-
based coordination are programmed in the TOTA middleware. Several examples 
clarify the approach, and performance data is presented to verify its effectiveness. 
Nevertheless, it is worth mentioning that the definition of such a methodology still 
lacks the maturity, systematic and modular style, and the wide adoption and 
applicability to a variety of domains that require distributed coordination with the 
help of context information. 

3.2 Resource Management for the Group Dimension  

This subsection discusses unicast and multicast i.e. point to point and point to 
multipoint communication for managing the network resources available for 
multimedia traffic sessions. 

 
Forte et al. [AF1] discuss the issue of scalability and multicast in cooperative 

networks. In particular, the challenge of two mobile stations being in two different 
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multicast groups and willing to communicate is analyzed. For this communication to 
be possible, they should know each others’ multicast addresses. There are two 
approaches to solve this when using e.g. IEEE 802.11 as an access technology. In the 
first approach, mobile nodes share their multicast addresses just as they share subnet 
IDs in Wi-Fi. In the second approach, mobile nodes compute their own and peer node 
multicast addresses based on a base address using a hash function. With ad-hoc 
communication considered an alternative to multicast in the presence of very-high 
load in Wi-Fi, the authors also show that switching between infrastructure and ad-hoc 
mode does not deliver the required performance for real-time and multimedia 
applications over wireless. Furthermore, the SIP presence functionality often used 
within IMS provides group management and can replace multicast to some extent. 
Presence functionality offers group communication just as in multicast, but the 
method names are different.  

 
Phonphoem et al. [AP1] propose a Markov Chain model in order to compare 

unicast and multicast performance when it comes to media streaming applications. In 
particular, the authors look at average throughput values achievable per node in an 
infrastructure Wi-Fi scenario with unicast and multicast. Despite the absence of 
mature and formal unicast versus multicast comparison models in the literature, the 
paper is a step in that direction. It discusses why it is difficult to compare unicast and 
multicast performance and then uses a simplified scenario with numerous mobile 
nodes contending to access a finite number of data streams. Steady-state transition 
probabilities are derived for moving between states in the Markov model. Then the 
estimated performance of streaming applications in unicast and multicast cases is 
derived using those steady-state probabilities. This work is very well connected to one 
of the basic steps of the methodology used in my work. I also determine steady-state 
probabilities for group dynamics where signaling protocols namely Subscribe, Join, 
and Session, designed to accommodate IMS and MBMS experience transitions using 
a one-step matrix and eventually converge to a steady state vector.  

 
Rodriguez et al. [VR1] present a simple optimization model for resource 

management with scalable video streaming over wireless links such as 3G (just as in 
iRide). The objective functions to be maximized are modeled as a ratio of two 
functions that yields an S-shaped curve having a single optimal point with the tangent 
being vertical at that point. The perceived (or perceptual quality, also known as 
quality of experience, QoE), probability of successful packet delivery, and other 
quality measures versus basic metrics such as SNR or rate can all be modeled as S-
curves as the paper shows. When it comes to resource management and performance 
modeling, especially complex architectures (as IMS-MBMS-WSN in iRide) involving 
a lot of nodes, standard tools and functions (such as the S-curve) are of great help in 
formulating the objective function of the system. The objective function in my work 
reflects the cost of signaling on the air interface versus the amount of data traffic 
saved when using multicast instead of unicast for different iRide services. 

 
Vukadinovic et al. [VV1] work on multicast scheduling with resource fairness 

constraints. Resource management is a key aspect in iRide as well, with all IMS 
control plane elements such as S, I, and P-CSCF and the airtime downlink and uplink 
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bandwidth shared by all mobile 3G terminals that run the iRide client. In 
[ME7][ME3], modeling of system performance is done so as to cover physical and 
network layer parameters as inputs and expected (predicted) achieved rate per station 
and per cluster as outputs. Optimizing resource management for unicast is 
mathematically modeled. The resulting algorithm is then upgraded with an additional 
stage in order be suited for multicast while keeping the same constraints. The first 
pass in the multicast scheduling algorithm selects the optimal rate for each group 
contending for multimedia transmission, and the second step gives access to that 
group whose grabbing the scheduling line (channel) would most benefit the overall 
objective function (e.g. data volume, fairness, or average goodput).  

 

The Session Initiation Protocol (SIP) when adopted in various access technologies 
faces a challenge in each access technology it is deployed in. VoIP over 3G is 
thoroughly tackled by Prasad et al. in [HF1]. The authors analyze the different phases 
in setting up a SIP-based voice session and explore the different cases via numerical 
analysis in order to obtain an estimate on what it would cost in terms of time and 
resources to establish an appropriate SIP session in 3G networks. Some of the data 
values provided are used in my work when computing the utility functions for bytes 
on the air consumption by different signaling protocols when using SIP, MBMS and 
DIAMETER. From what has been observed, multicast versus unicast performance 
comparison still needs to mature, and there are some attempts in the literature to 
capture the difference in behavior and performance between the two schemes. 

3.3 Resource Management in Connection with QoS and 
QoE 

A significant amount of work has been done in the areas of QoS-QoE analysis, 
prediction, stochastic analysis combined with prediction and optimization of resource 
control in wireless networks. I outline some of this work in this section and point out 
its relevance or delta from my own approach. 

Kitawaki in [NK1] designs a scheme for computing perceived quality of service 
(what I call QoE in my work) for multimedia (VoIP). Opinion models are used to 
process objective measurement input values and obtain a QoE value. Furthermore, 
prediction is an important aspect to foresee the degree of QoE to be expected. The 
G.107 E-model that has an additive property is used to build the prediction function. 
Extensive comparisons between generated voice traffic predicted quality and the 
measured one are performed. The purpose of this study is to determine the accuracy 
and delta between the two sets (predicted and measured). In my work, I predict QoS 
using QoE and statistical techniques on the already existing data sets acquired as the 
mobile node roams within the Wi-Fi-CDMA network. 

Ito et al. [YI1], [YI2] study the relationship between network level, node level, 
application-level, and end-to-end-level QoS and the user-level QoS (which I refer to 
QoE in this chapter) that the authors consider perceptual. This connection is quite 
complex and has a wide room for optimization, which is also a goal of my research. 
In other words, finding out the relationship between the calibrations done on other 
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QoS levels and the received improvement or change in QoE is a problem that can be 
optimized and is in the interest of operators. Through extensive studies, the authors 
provide a correlation matrix whose coefficients reflect the impact of each QoS 
variable in the QoE making it quantifiable and transparent for designers to see and use 
the relationship between QoS and QoE. My work is more about flexibly using 
different metrics and deciding in real-time what network selection step to take to 
maximize or maintain QoE, but I still see it as a part of future work to have a 
correlation matrix for the multimedia applications I am dealing with.  

Strassner et al. [JS1] bridge the QoS and QoE aspects using ontologies. They focus 
on ontology design that best reflects the relationships between attributes, metrics, and 
SLA (service level agreement) elements all of which form an integral part of QoS and 
QoE. Whereas I in my work I define different quality factors (indicators) for various 
multimedia application types (such as voice, video, mixed multimedia), Gelenbe et al. 
[EG1], [EG2], [EG3] and [EG4] work on user-oriented networks and claim that those 
ill not usually have precise information about the infrastructure at any given instant of 
time, so their knowledge should be acquired from online observations. Thus, they 
suggest that user-oriented networks should exploit self-adaptiveness to try to obtain 
the best possible QoS for all their connections. They illustrate how self-awareness, 
through online self-monitoring and measurement, coupled with intelligent adaptive 
behavior in response to observations, can be used to offer user-oriented QoS. The 
work is based on ongoing experiments conducted in the “cognitive packet network” 
test-bed. 

Himura et al. [YH1] conduct pattern analysis using variable sizes of collected data 
for learning, whereas I require small data set for operation with fixed size ranges and I 
have low dependency on and low sensitivity to the measured data quality.  

Winkler et al. [SW1] discuss the complexity of QoS-QoE modeling and prediction 
in a formal way revealing that it requires too many factors; I on the other hand choose 
a simplified objective way, adapted to Wi-Fi and 3G.  

Bradeanu et al. [OB1] present an end-user QoE modeling method based on video 
content, and with a linear output result; I however choose a peer model more adapted 
to frequent handover scenarios and classified video content based on the content type.  

Lee et al. [PC1] optimize and tune their model based on the metrics: battery life 
and optimal resource allocation (as goals). In my case I optimize the consistency of 
multimedia service profiles and correctness of decision for effective QoE.  

Menkovski et al. [VM1] optimize the learning process for QoE prediction; I work 
on the same goal with the difference that they maximize QoE prediction accuracy 
based on the video content whereas I do that based on the current multimedia service 
profile.  

Agboma et al. [FA1] use statistical modeling to compute QoE in a static manner 
whereas my scheme uses statistical learning as a feed to QoE prediction process 
dynamically.  

In [VR1], Wang et al. present a prediction-based technique for network selection. 
In the given scheme, backward projection is used whereby the prediction of whether a 
transmission would be successful or not is made based on path projection from the 
destination to the source. This requires full path information. On the other hand, my 
approach does not require full path information since it runs on the mobile device and 
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sends probes to estimate some parameters and gets feedback from the corresponding 
party. 

Table 6: Performance Gains for Key Approaches. 

Appr. Utility Basic 

Variable(s) 

Improvement 

Factor 

Unit/Block 

Wang 

et al. 

Delivery 
ratio 

Thput bits/Hz 1.0/0.9 = 1.11 Ad hoc single 
cluster 

Ormond 

et al. 

3 choices Transfer time 0.12/0.11 = 1.09 File Transfer 
500 Kbytes 

Elkotob 

et al. 

Video QoE SNR, PLR, 
jitter, 
Bandwidth  

3.98/3.36 = 1.18 One 3G cell 
and 3 Wi-Fi 
cells 

 
As Table 6 shows, when comparing the prediction based approaches in their 

respective scenarios and units of assessment, I observe that the range of quantitative 
improvement is between 1.09 and 1.18. For my approach, the qualitative aspect is also 
important, which is partially reflected in the MOS gain factor of 1.18 when using my 
scheme. In one worst base case, the user would always use 3G, to have the most 
stable profile, but the least average mean opinion score (MOS/QoE) value. If using 
pure Wi-Fi, another worst case would be generated leading to constant fluctuations. 
However, when using the combined predictive scheme I proposed based on statistical 
learning, a MOS value of 3.98 is achievable as measurements show, which when 
divided by the base value of 3.36 [ME2] yields a gain factor of 1.18. 

3.4 Chapter Summary 

This chapter presented related work in the area resource management with focus on 
systematic aspects and efficiency via improved architectures and protocols for various 
paradigms.  

In what follows, Chapters 4 to 10 present selected publications. Chapter 11 then 
briefly wraps up this doctoral thesis.  
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Chapter 4: Multicast-Enabled IMS Signaling Resource 

Management and Performance Modeling1 

                                                           
1 This chapter is based on the publication 
 
M. Elkotob and C. Åhlund, Multicast-Enabled IMS Signaling Resource Management and 
Performance Modeling, Accepted with changes, IEEE Transactions on Mobile Computing. 
 
Minor changes have been made to the publication to improve the presentation. 
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Multicast-Enabled IMS Signaling Resource Management 

and Performance Modeling 

 
In a scenario with high traffic intensity communication between vehicular speed 

mobile terminals (in cars) and an IP Multimedia Subsystem (IMS) backend, the 3G 
downlink becomes a resource bottleneck [ME7]. Multicast-enabled IMS is an 
effective solution to improve the 3G data plane utilization using group dynamics and 
data content shaping on the 3G downlink [ME3]. The scientific problem of 
systematically modeling resource consumption and behavior on the signaling plane is 
addressed in this chapter. The solution presented includes: a mathematical model of 
the signaling cost using the proposed protocols, steady-state behavior derivation and 
modeling for the system under study, and interaction factor analysis on the 
performance. Systematic modeling and factorial design of the signaling plane 
utilization are shown and design guidelines are derived from the collective 
performance results for different use cases. 

4.1 Introduction 

In this chapter I provide a systematic model design and evaluation of performance 
patterns and resource management schemes applied on the signaling plane of 
multicast-enabled IMS (IP Multimedia Subsystem). The application applying this 
conception is called iRide (intelligent Ride) that uses a joint IMS-MBMS signaling 
mechanism in cooperation with a road infrastructure equipped with a wireless sensor 
network (WSN). IMS or IP Multimedia Subsystem is a 3GPP standard framework for 
multimedia session call control and QoS management for IP-based networks. 
Furthermore, IMS seamlessly integrates wired with wireless networks and 3G with 
IP-based broadband technologies such as Wi-Fi. MBMS (Multimedia Broadcast 
Multicast Service) on the other hand possesses group communication capabilities, but 
lacks the strong session adaptation techniques for multimedia content distribution and 
processing as IMS does.  

Within iRide, where the multimedia content source is a single-point backend, and 
with a highly dynamic set of clients (users inside cars on the road in iRide), the 3G 
downlink becomes a resource bottleneck. This creates a challenge for the system 
which has to receive constant updates and issue security warnings and information 
updates over the downlink. In [ME7], I analyzed such a system’s performance and 
identified performance bottlenecks in the IMS system. In [ME3], I provided a new 
signaling scheme to manage multimedia content transfer with a Join-Subscribe-
Session protocol in IMS enabled with multicast in an integrated IMS-MBMS 
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architecture. After providing a mechanism with dynamic group sizing for content 
distribution to optimize the utilization of the 3G downlink [ME3] and showing how 
that major bottleneck can be removed with proper performance modeling, I take a 
closer look at the signaling plane in this chapter. 

The signaling plane, especially in an integrated IMS-MBMS architecture as the one 
I showed in [ME3] and also as I analyze in detail in this chapter, is a complex 
medium. Starting with the protocol for group dynamics, which includes a subscription 
phase, a multicast join phase, and a session setup phase, I formally model the incurred 
cost in terms of bytes on the air and airtime consumed by such signaling. With the 
signaling and cost model in place, I do performance modeling by determining the 
steady state probabilities for each of the three possible signaling states of a node 
(namely: subscribe, join, session) using a formal method involving a fine state 
machine and an Ergodic Markov Decision Process (EMDP). This determines the 
steady states probabilities for each protocol state and provides an edge over what has 
been proposed in [AP1] in terms of steady-state modeling of a multicast system 
running in a wireless network. 

With the iRide scenario in mind with a single IMS-MBMS backend serving 
numerous mobile clients (moving cars) over a 3G link, I analyze several scenarios 
including a crossings-based setting (like downtown traffic) and a straight road 
(highway) bidirectional motion scheme. Factors such as motion speed and traffic 
intensity on the road are varied, and then the respective steady state probabilities are 
derived.  

This chapter is organized as follows. After this introductory section, Section 4.2 
overviews some of the related and fundamental work in the area, paving the way to 
the proposed work. Section 4.3 then briefly presents the proposed signaling plane 
protocol for the multicast-enabled IMS architecture for group-based multimedia 
content transfer over the 3G downlink from the backend towards mobile clients. 
Elaborate details on this issue can also be found in [ME3]. Section 4.4 embodies the 
core contribution of this chapter namely because it contains critical system design 
factors for a multicast system to operate and lays down the scientific and 
mathematical foundation for signaling plane performance systematic modeling and 
tuning. Section 4.5 then shows some performance results accompanied by an analysis 
and a set of guidelines and recommendations drawn from the aggregate analysis. 
Finally, Section 4.6 concludes this chapter. 

 

4.2 State of the Art 

In this section, I overview and discuss the relevance of different technical 
contributions in the areas of MBMS, multicast for multimedia, and performance 
modeling with focus on research management to the core ideas in this chapter.   Forte 
et al. [AF1] discuss the issue of scalability and multicast in cooperative networks. In 
particular, the challenge of two mobile stations being in two different multicast 
groups and willing to communicate is analyzed. For this communication to be 
possible, they should know each others’ multicast addresses. There are two 
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approaches to solve this when using e.g. IEEE 802.11 as an access technology. In the 
first approach, mobile nodes share their multicast addresses just as they share subnet 
IDs in Wi-Fi. In the second approach, mobile nodes compute their own and peer node 
multicast addresses based on a base address using a hash function. With ad-hoc 
communication considered an alternative to multicast in the presence of very-high 
load in Wi-Fi, the authors also show that switching between infrastructure and ad-hoc 
mode does not deliver the required performance for real-time and multimedia 
applications over wireless. Furthermore, the SIP presence functionality often used 
within IMS provides group management and can replace multicast to some extent. 
Presence functionality offers group communication just as in multicast, but the 
method names are different. My work on the other hand uses multicast as a solution to 
lower the downlink radio hop traffic in a complex scenario and determines with what 
configuration range it is worth using multicast versus unicast allowing switching 
between schemes in iRide. 

Phonphoem et al. [AP1] propose a Markov Chain model in order to compare 
unicast and multicast performance when it comes to media streaming applications. In 
particular, the authors look at average throughput values achievable per node in an 
infrastructure Wi-Fi scenario with unicast and multicast. Despite the absence of 
mature and formal unicast versus multicast comparison models in the literature, the 
chapter is a step in that direction. It discusses why it is difficult to compare unicast 
and multicast performance and then uses a simplified scenario with numerous mobile 
nodes contending to access a finite number of data streams. Steady-state transition 
probabilities are derived for moving between states in the Markov model. Then the 
estimated performance of streaming applications in unicast and multicast cases is 
derived using those steady-state probabilities. This work is very well connected to one 
of the basic steps of the methodology used in my work. I also determine steady-state 
probabilities for group dynamics where signaling protocols namely Subscribe, Join, 
and Session, designed in this work to accommodate IMS and MBMS experience 
transitions using a one-step matrix and eventually converge to a steady state vector. 

Rodriguez et al. [VR1] present a simple optimization model for resource 
management with scalable video streaming over wireless links such as 3G (just as in 
iRide). The objective functions to be maximized are modeled as a ratio of two 
functions that yields an S-shaped curve having a single optimal point with the tangent 
being vertical at that point. The perceived (or perceptual quality, also known as 
quality of experience, QoE), probability of successful packet delivery, and other 
quality measures versus basic metrics such as SNR or rate can all be modeled as S-
curves as the paper shows. When it comes to resource management and performance 
modeling, especially complex architectures (as IMS-MBMS-WSN in iRide) involving 
a lot of nodes, standard tools and functions (such as the S-curve) are of great help in 
formulating the objective function of the system. The objective function I use reflects 
the cost of signaling on the air interface versus the amount of data traffic saved when 
using multicast instead of unicast for different iRide services. Vukadinovic et al. 
[VV1] work on multicast scheduling with resource fairness constraints. Resource 
management is a key aspect in iRide as well, with all IMS control plane elements 
such as S, I, and P-CSCF and the airtime downlink and uplink bandwidth shared by 
all mobile 3G terminals that run the iRide client. In [ME3][ME7], modeling of system 
performance is done so as to cover physical and network layer parameters as inputs 
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and expected (predicted) achieved rate per station and per cluster as outputs. 
Optimizing resource management for unicast is mathematically modeled. The 
resulting algorithm is then upgraded with an additional stage in order be suited for 
multicast while keeping the same constraints. The first pass in the multicast 
scheduling algorithm selects the optimal rate for each group contending for 
multimedia transmission, and the second step gives access to that group whose 
grabbing the scheduling line (channel) would most benefit the overall objective 
function (e.g. data volume, fairness, or average goodput). In my work on the other 
hand, multicast is not an upgrade for unicast over the same shared time scale as in 
[ME3], but rather an architectural alternative and signaling scheme with its own 
performance profile which is attractive to use in certain settings and dynamics. 
Resource utilization improvements done over the radio downlink in the current case, 
taking into account both the signaling overhead cost and the saving in downlink 
bandwidth while finding an efficient tradeoff between the two.  

The Session Initiation Protocol (SIP) when adopted in various access technologies 
faces a challenge in each access technology it is deployed in. VoIP over 3G is 
thoroughly tackled by Prasad et al. in [HF1]. The authors analyze the different phases 
in setting up a SIP-based voice session and explore the different cases via numerical 
analysis in order to obtain an estimate on what it would cost in terms of time and 
resources to establish an appropriate SIP session in 3G networks. Some of the data 
values provided are used in my research work when computing the utility functions 
for bytes on the air consumption by different signaling protocols when using SIP, 
MBMS and DIAMETER. 

From what has been observed, multicast versus unicast performance comparison 
still needs to mature, and there are some attempts in the literature to capture the 
difference in behavior and performance between the two schemes. 

4.3 Multicast-Enabled IMS Signaling within iRide 

This section presents several important aspects for iRide design and 
implementation. One is the service logic where the major states and the transitions 
leading to them are outlined. Another aspect is data representation and information 
flow. Service and protocol scheduling and control via advanced signaling involving 
the integrated operation of IMS and MBMS messaging are presented. 
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Figure 18: Adding iRide Services by a Subscriber. 

 
The service joining phase which is the pre-last stage in Figure 18 is outlined in 

detail in Figure 20. It requires some integration work in terms of joint signaling. The 
integrated signaling scheme that enables iRide services to operate in multicast-join 
mode uses SIP, DIAMATER [RFC3588], and MBMS messages. In Figure 19, after 
the subscription and service announcement processes operating end-to-end between 
the user equipment (UE) and the content server (CS), PDP (Packet Data Protocol) 
context activation is executed between the UE and GGSN (for iRide 3G terminals). 
Then SIP/SDP session establishment is coupled with a MBMS context request 
activation message. SIP and SDP stand for the two standardized protocols Session 
Initiation Protocol and Session Description Protocol respectively. This way, the two 
sets (IMS and MBMS) are activated together. Upon receiving the MBMS context 
request, the GGSN runs a DIAMETER authentication and authorization round with 
the IMS Media Delivery Function (MDF).Simultaneously, service charging starts 
when the SIP/SDP session is established. Following a successful DIAMETER 
response, MBMS registration takes place between the GGSN and SGSN before joint 
MBMS-RAN context can be provisioned to plan resource usage for the session to be 
joined. After a successful completion, the IMS client (UE) sends an MBMS context 
activation accept message to the SGSN and a SIP/SDP acknowledgement for the 
service towards the CSCF proxies elements. The Serving Call Session Control 
Function (S-CSCF) then forwards the acknowledgment to the session management 
enabler (SME) in the IMS application server (AS). The aforementioned signaling 
enables a coordinated IMS-MBMS join phase for launching a multicast-enabled 
service. 
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Figure 19: IMS-MBMS Join Phase. 

 
As Table 7 shows, MBMS together with IMS allows the creation of different 

subservices within iRide. The code MS stands for multicast-streaming; the code BS 
stands for broadcast-streaming; the code MD (not used in the table) stands for 
multicast-download; and the code BD stands for broadcast-download. To comply with 
MBMS requirements in iRide, the multicast IP address and UDP port numbers for the 
subservices are announced to cars entering the road and broadcast over a System 
Information Block (SIB). 

Table 7: IMS-MBMS Service Parameters. 

ID Channel Name Mcast addr Port 

S1 iRide-Critical Warning-MS “ff1e::1” 6201 
S2 iRide-Road Info Update-BS “ff1e::2” 6202 
S3 iRide-Announcement-BD “ff1e::3” 6203 
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Figure 20: IMS-MBMS Session Launch. 

 
Figure 20 shows the multimedia multicast session launch process that takes place 

after successful signaling for the “join” operation. The session launch procedure is 
called for every data transfer taking place in iRide. On the other hand, a join operation 
to a multicast group (cars on the road) is executed only once for each service 
connecting a car to the IMS backend. The session management enabler (SME) is the 
key entity in the signaling for session launch. It establishes a signaling exchange in 
parallel with the media delivery function (MDF) and that issues the MBMS session 
start and the content server (CS). 

After setting MBMS PDP context states to active, data is ready to be sent and the 
resources on the radio interface (RAN) and the mobile device are reserved. The SIP 
OK message is sent by the SME to the CS and the MDF indicating a successful 
MBMS session launch. Based on the scheduled time computed for the service (Figure 
18), the CS sends the data on the downlink at the required time. The MBMS session 
start signaling messages are a prerequisite before data is sent on the network (Figure 
20). 

4.4 Critical System Design Factors 

4.4.1 Multicast Tree 

In multicast communication, there is a tree with the root node being at the backend, 
and the individual iRide clients being the multicast leaf nodes and multicast 
information recipients. Looking at Figure 21, the multicast tree has the following 
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structure. The root is the application plane that encompasses the content and 
application servers where the data is generated and stored before being pushed 
towards the frontend. The GGSN and SGSN nodes are multicast aggregation routers, 
and finally the radio access networks (RAN) are the multicast edge routers (MER). 
The most significant multicast messages are handled by the MERs as outlined in the 
next subsection.  

4.4.2 Internet Group Messaging Protocol (IGMP) Messaging 

With the Internet Group Messaging Protocol (IGMP) [RFC2236] being the 
multicast counterpart of the well known ICMP (Internet Control Messaging Protocol) 
protocol used in unicast, it is possible to send two types of messages, namely: 

- IGMP:REPORT 
In order to join a particular group, a mobile node (e.g. iRide client) sends a join 

request to its responsible multicast router using an IGMP:REPORT message. In both 
the successful and the failing case, the status is reported back to the station. iRide 
clients who are to-be multicast group members because of entering the coverage 
region of a RAN base station all send this message and get granted access to the 
group with the RAN id, which is encoded in the road database of iRide and also 
associated with geographical coordinates. The basic service palette with three service 
types each having its critical degree is explained in detail in Section 4.6. The key 
point is that depending on the road section and coverage area overlap match, the 
IGMP:REPORT message is approved for either the whole 3-service palette, or a 
subset of one or two, depending on the quality resulting from the overlap. 

- IGMP:QUERY 
Upon success, the group information is updated and sent including the newly 

joining node to the whole multicast group by the multicast router using an 
IGMP:QUERY message. Maintaining and discovering membership is thus managed 
by this message. The scenario when this is needed is for a car entering a section, to 
discover peers, or for the network to check the group status before disseminating 
content via IMS-MBMS. 

In order to capture the multicast group dynamics, several tools are needed such as: 
a stochastic model, a cost (utility) function, and a signaling mechanism. 

 
Stochastic and Cost Model 

 
As cars move in the road in iRide, multicast groups for different services are 

formed, they increase in size as users drive into a geographical road block and 
decrease as users leave that block. Steady-state probabilities are needed in order to 
determine the rate at which traffic flows in and out of the multicast group and at what 
size the groups are actually maintained on the average during steady operation. 
Furthermore, to systematically determine the cost of using multicast for a particular 
scenario as compared to unicast, a detailed analysis is required backed by a systematic 
tunable model for resource management.  
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Let the airtime consumed by a transmission cycle be the overall utility function U1 
and the overall utility for data volume on the air interface (for either signaling, data 
traffic, or combined) be denoted as U2.  

Both U1 and U2 consist of a portion consumed by signaling Us and a portion 
consumed by data be Ud; 

I thus have: 
 

Equation 1: Signaling and Data Components in the Utility Function 

U = Us + Ud 
UM = UMs + UMd; Multicast 

UU = UUs + UUd; Unicast 
 
Where: 
UU = utility for unicast; 
UM = utility for multicast;  
UUs = signaling part of unicast utility; 
UMs = signaling part of multicast utility; 
 
When analyzing the downlink in iRide, multicast usage saves bandwidth on the 

data plane, but introduces more signaling using my proposed approach. On the other 
hand, the classical scheme with unicast on the downlink uses less signaling but 
introduces substantially more data on the downlink. Therefore, finding the break-even 
point from which it becomes beneficial to use multicast is a challenge I solve by 
systematically modeling the environment.  

Multimedia communication using multicast in an architecture integrating IMS and 
MBMS requires three phases, namely: subscribing, joining, and session management. 
The signaling details are given via message sequence charts in Figure 18, Figure 19, 
and Figure 20 respectively. 

Performance comparison can be done: 
- Horizontally: i.e. link usage efficiency versus blocking probability 
- Vertically: i.e. steady-state analysis and unicast versus multicast comparison 

I focus on the latter case in this chapter. 
Multicast cost depends on the model used. In other words, if multicast is a collection 
of multiple unicasts, the cost is higher than when dissemination is done using the 
multicast tree shown in Figure 21. 
Cost here refers to: 

- Multiple unicasts: cost = k*unicast cost = k*u + ε;  

 
- Native multicast; packet does not traverse the same link twice; cost is a linear 

weighted sum of the steady state probabilities of each state (subscribe, join, 
session) multiplied by the individual cost of each state in one discrete time 
interval.  
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Figure 21: Multicast Tree Components: Root, Multicast Aggregation Router 

(MAR), Multicast Edge Router (MER), and Leaf Nodes. 

Whether it is U1 or U2, the quantitative outlining of message volumes and counts is 
shown Table 8 in and Table 9 respectively.  

 
Messages Payload 

size bytes 

Msg. size 

bytes 

SIP INVITE or 
SIP RE-INVITE 

700 728 

SIP 183 835 863 
SIP PRACK 538 586 
SIP 200 OK 545 573 
SIP 180 349 377 
SIP ACK 300 328 

Table 8: Signaling Bytes on the Air Interface in 3G. 

 
 

 Unicast  Multicast Multicast Multicast Multicast 
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Session Subscribe Join Session Total 

TS 6 9 6 6 21 
TM 0 0 6 4 10 
TD 2 0 2 2 4 
Total 8 9 14 12 35 

Table 9: Message Count in Multicast and Unicast in iRide. 

Table 9 shows the cost of each signaling operation for MBMS-IMS multicast in 
terms of the number of messages required using the SIP, MBMS, and DIAMETER 
protocols. 

In what follows, I use the following notation: 
- Time-based cost of messages: TS: time cost of a SIP message, TM: time cost of a 

MBMS message, and TD: time cost of a DIAMETER message; 
- Volume-based cost of messages: SS: size (in bytes) of a SIP message, SM: size of 

a MBMS message, and SD: size of a DIAMETER message. 
 
With the utility corresponding to the airtime resource, reflected in a weighted form 

with number of messages needed to send multimedia data in either the unicast or 
multicast case, I have (Equation 1): 

 
Time Utility (airtime) for Utility 1, Multicast: 

U1M = Pb*(9TS) + Pj*(6TS+6TM+2TD) + Ps*(6TS+4TM+2TD); 
 
Volume Utility (bytes on the air) for Utility 2, Multicast: 

U2M = Pb*(9SS) + Pj*(6SS+6SM+2SD) + Ps*(6SS+4SM+2SD); 
 
Where Pb, Pj, and Ps being the steady state probabilities for a node in iRide being in 

either the subscription, joining, or session signaling phase respectively. The derivation 
and semantic background of those values are explained further on in this section. 

 
Case 1: All messages (SIP, MBMS, and DIAMETER) have equal sizes “s” and 

thus consuming same time on the air “t”:  
 
Equation 2: Same Packet Size Utility. 

U1 = Pb * 9t + Pj * 14t + Ps * 12t;  
U2 = Pb * 9s + Pj * 14s + Ps * 12s; 
 
Cost t: time on the air interface; 
Cost s: message size (volume) in Bytes over the air interface. 
  
Case 2: Messages have different sizes 
Avg. Size(SIP Msg) = (728+863+586+573+377+328) /6 = 575.83 Bytes; (Table 8)  
Avg. Size(MBMS Msg) = 450 Bytes; 
Avg. Size(DIAMETER Msg) = 280 Bytes; 
 
U2 = Pb*(6*576) + Pj*(6*576+6*450+2*280) + Ps*(6*576+4*450+2*280) 
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Equation 3: Differentiated Packet Size Utility. 

U2= 3456*Pb + 6716*Pj + 5816*Ps  Bytes 
 
Benchmark utility for unicast: 
-  UU1 =8.TS  
-  UU2 =8.SS = 8*576 = 4608 Bytes 

4.4.3 Multicast Group Dynamics 

In order to capture the system dynamics with iRide client equipped cars constantly 
changing their mode between the states: subscribe, join, and session, steady state 
probabilities need to be computed. This enables behavior modeling. When moving on 
the road, in an iRide covered section, multicast experiences certain group dynamics. 
Groups are formed, updated, and broken down based on when and for how long 
multicast communication is needed. In order to communicate via multicast with IMS-
MBMS, a chain of three events has to take place: subscribing to an iRide service, 
performing a multicast group join, and then launching a multicast IMS-MBMS 
session. The necessary signaling messages from the three processes are shown in 
detail further on in this chapter namely in Figure 18, Figure 19, and Figure 20 
respectively.  

To systematically capture the dynamics and model them, I use a Discrete Time 
Markov Chain (DTMC). Each state in the transition diagram corresponds to the 
current activity that a car is undergoing in an iRide scenario. To start with, I take a 
three-state DTMC as shown below with the states: subscribe, join, and session 
signaling. All three states deal with signaling and are part of the utility function U1 
and U2 analogously.  

 
 Subscribe b Join j Session s 

Subs b Pbb: 0.2 Pbj: 0.8 Pbs: 0 
Join j Pjb: 0 Pjj: 0.3 Pjs: 0.7 
Session s Psb: 0.1 Psj: 0 Pss: 0.9 

Table 10: Sample 3-State Transition Diagram in iRide. 

 
 Subscribe Join Session Data 

Subs b Pbb Pbj Pbs Pbd 
Join j Pjb Pjj Pjs Pjd 
Session s Psb Psj Pss Psd 
Data d Pdb Pdj Pds Pdd 

Table 11: 4-State Transition Diagram in iRide. 

The states and transitions have probabilities indicated in Table 10 and Table 11 for 
the 3-state and 4-state case models respectively. Those are the single-step transition 
probabilities forming the transition matrix for the Markov chain described by the state 
transition diagram in Figure 22.  
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Figure 22: State Diagram for Signaling Part Based on a Discrete Time 

Markov Chain Process. 

For simplicity, I take a steady stream in my studies which has a low-quality video 
transmission. In order to model the signaling plane behavior and determine the 
transition probabilities between protocol state (subscribe, join, and session), I build 
the transition probability matrices step by step and fill in their values using OPNET 
modeler simulation environment outputs. The first step in the matrix transition 
probability values computing is to set the known values to the right numbers. This 
applies to all studied cases.  

 
Based on Table 10 and Figure 22, I set the transition probability values between 

protocol states that are known in advance. This includes a transition probability value 
of zero between states if there is no direct functional connection in the protocol 
sequence. As Table 4 shows, the zero-transition probability cases are three. For 
instance after performing a subscribe operation a session is never started by a node 
before completing a multicast join operation (the middle state of the protocol in 
Figure 18).  Another zero-transition probability is when a join operation is conducted 
by a node, the protocol state machine never loops back into the subscribe mode before 
launching the signaling for the session for which the node joins a multicast group.  

 
Furthermore, from a session termination phase in the protocol, a node moves on to 

the subscription phase to enter the content scheduler or the node can engage in a 
second session if it has been scheduled, but it never moves from a session protocol 
phase to the multicast join phase without bypassing the subscribe phase. The next 
factor to set in the transition probability matrix is the ratio of subscribe to join 
operations for a single node. I consider three cases in this chapter, with 1 to 5 
subscribe to join ratio, a 1 to 10 ratio, and a 1 to 20 ratio. This means that a multicast 
group join can take place 5, 10, and 20 times respectively before the subscribe timer 
expires and a new one is required. The expiry of the subscribe function reflects either 
geographical location where renewed subscription to IMS-MBMS content is required.  

 
With three transition probabilities out of the nine elements in the 3 by 3 matrix set 

to zero as mentioned above, and three different combinations for subscribe to join 
ratios set (namely 1 to 5, 10 and 20 respectively), packet request streams are sent 
through the OPNET simulator with the aforementioned properties and with a packet 
loss rate chosen to be 3% for the environment in which the 3G link is utilized with the 
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respective speeds, packet requests are sent and processed and then their processing 
completion times are logged and the ratio of the remaining probabilities is computed 
using counting and division. The transition probability from the join to the session 
state is a randomly distributed Poisson value that varies within a bounded range and 
corresponds to the region within the 3G cell in which the mobile node is located. 
Counting the number of consecutive request completion time pairs from the 
simulation output allows me to determine the remaining transition probabilities and 
thus complete the transition matrix. Using the Chapman-Kolmogorov Theorem, I then 
multiply the obtained matrix by itself until it yields the saturation limit values for 
steady state probabilities under infinite traffic arrival conditions and converges to 
fixed numeric values.     

 
In my model, Pab is the probability that the next state will be b given that the 

current state is a Knowing the state probability vector at a discrete time interval n, I 
can compute all its components at time n+1. I do this using the forward Chapman-
Kolmogorov equations. The Ergodicity Theorem states that not only the state 
probability vector will converge, but that it is also unique and does not depend on the 
initial state. In my state machine for signaling, the states are modeled as:   
- At n: Result = Pn 
- At n+1: Result = Pn.M = Pn+1 

To fill the probability values in the single-transition probability matrices (Table 10, 
Table 11), the following has to hold: 

-  = 1; sum in a row; this corresponds to the sum of outgoing probabilities  
- The order of the indices is important and the matrix is not symmetrical 
- Arrivals of request messages of all three categories: subscribe (b), join (j), and 

session signaling (s) have a well known-pattern and frequency forming a standard 
distribution. I take the Poisson distribution with different mean values for each 
category to derive the single-step transition probability matrix. 

 

 

Figure 23: Steady State Transition Probabilities for 5 Joins Per Subscribe. 

M5 =  
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0.0986    0.1127    0.7887 
0.0986    0.1127    0.7887 
0.0986    0.1127    0.7887 
 

 

Figure 24: Steady State Transition Probabilities for10 Joins per Subscribe. 

 
M10 = 
0.0497    0.0559    0.8944 
0.0497    0.0559    0.8944 
0.0497    0.0559    0.8944 
 

 

Figure 25: Steady State Transition Probabilities for 20 Joins per Subscribe. 

M20=  
0.0202    0.0213    0.9585 
0.0202    0.0213    0.9585 
0.0202    0.0213    0.9585 
 
 

MCast Tree Width 2-5 6-10 11-20 



Chapter 4: Multicast-Enabled IMS Signaling Resource Management and Performance 
Modeling 

 72

Steps to steady-state 

convergence 

9 9 8 

Total runs 11 11 11 

Table 12: Dynamics Based on Tree Width. 

4.5 Performance Modeling and Evaluation 

The theoretical, design, and experimental work in this chapter serve as one their 
major goals providing a set of design guidelines for network traffic management and 
resource management improvement on the radio downlink.  

For this purpose, a dual 2k (k=2) factorial design is used to systematically analyze 
various impact factors in various scenarios and then identify the significant 
parameters for each scenario while screening out the less relevant ones.  

A further advantage of this design is interaction analysis and the simultaneous 
study of various impact factors on system performance, thus avoiding the one-factor-
at-a-time strategy which fails to study the interaction between parameters (factors).  

I study the following scenarios: 
- Scenario A: straight road section (e.g. European road, highway, etc.) 
- Scenario B: heavy traffic road (with many crossings or acceleration lanes and 

exits) 
I study the following factors:  
- Factor A: number (density) of cars on the road; “No Cars” 
- Factor B: average traffic speed; “Traffic Speed” 
This classification results in a total of 4 combinations reflected in Table 13. 
 

         Factor 

Run A: no.cars B:traffic speed 

1 Low (<10/block) Slow (<50 kph) 
2 Low (<10/block) Slow (>50 kph) 
3 High (>10/block) Fast  (<50 kph) 
4 High (>10/block) Fast (>50 kph) 

Table 13: Factorial Design for iRide Experiments. 

For the Slow level, I take speeds of 40 km/h (below the threshold of 50) and for the 
fast values I take 70 km/h as an average value. For the Low level of cars per block I 
take 5 (below the threshold of 10) and for the high I take various cases with 12, 16, 
and 20 (average around 16) which is larger than the threshold of 10 per block. 

 
Encoding the low level of each factor with -1 and the high level of each factor with 

+1, I obtain the following table: 
 
 
 

 Response Variables 
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Factors Fixed Message Size Real Message Size 

 A B Utility 

Highway 

Utility 

Crossings 

Utility 

Highway 

Utility 

Crossings 

1 -1 -1 12.0940  11.9683 5.7005 5.6855 
2 +1 -1 11.9617 11.9463 5.6865 5.7016 
3 -1 +1 11.9271 11.9704 5.6116 5.7550 
4 +1 +1 11.8846 11.9690 5.6475 5.7705 

Table 14: Factorial Experiment Design and Utility Outputs. 

Table 14 shows the utility (response variable) results for the different cases with 
each column corresponding to a different case. The input matrices for the Chapman-
Kolmogorov system for determining the steady state probability matrices are shown 
below with their carried values reflecting behavior and dynamics. 

Notation for each of the two input factors: 
- L: Low 
- H: High 

 
Super Case 1: straight road (European Road, Highway) 

 
P1LL = [0.1 0.9 0; 0 0.5 0.5; 0.25 0 0.75]; 
Derived steady state prob matrix row vector: 
0.1562    0.2813    0.5625 
 
P1LH = [0.2 0.8 0; 0 0.4 0.6; 0.12 0 0.88]; 
Derived steady state prob matrix row vector: 
0.1111    0.1481    0.7407 
 
P1HL = [0.1 0.9 0; 0 0.3 0.7; 0.25 0 0.75]; 
Derived Steady state prob matrix row vector: 
0.1699    0.2184    0.6117 
 
P1HH = [0.2 0.8 0; 0 0.2 0.8; 0.12 0 0.88]; 
Derived steady state prob matrix row vector: 
0.1154    0.1154    0.7692 
 
Super Case 2: crossings and downtown traffic 
 
P2LL = [0.05 0.95 0; 0 0.3 0.7; 0.15 0 0.85]; 
Derived steady state prob matrix row vector: 
0.1151    0.1562    0.7288 
 
P2LH = [0.1 0.9 0; 0 0.25 0.75; 0.1 0 0.9]; 
Derived steady state prob matrix row vector: 
0.0893    0.1071    0.8036 
 
P2HL = [0.05 0.95 0; 0 0.2 0.8; 0.05 0 0.95]; 
Derived steady state prob matrix row vector: 
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0.0472    0.0560    0.8968 
 
P2HH = [0.1 0.9 0; 0 0.1 0.9; 0.03 0 0.97]; 
Derived steady state prob matrix row vector: 
0.0312    0.0313    0.9375 
 
The Super Cases correspond to two main scenarios and are evaluated in Table 14 

whereby the two alternatives for utility functions are applied based on packet size 
parameterization as indicated in Equation 2 and Equation 3. In what follows, the 
combination of two Super Cases (straight versus dense road) and the two utility 
function variants (fixed versus differentiated packet size as indicated in Equation 2 
and Equation 3 respectively) is studied in the obtained four analysis cases.  

 
Besides commenting on the graphical results, I analyze the effects and numerical 

values calculated and follow up the four cases with design guidelines and 
recommendations. 

 
Case1: Straight road, same packet size across signaling protocols 

 

Term     Effect Coefficient 

Constant  11.9668 
No Cars -0.0873 -0.0437 
Traffic Speed -0.1220 -0.0610 
No Cars* 

Traffic Speed 

0.0450 0.0225 

Table 15: Estimated Effects and Coefficients for Highway SameSize (coded 

units). 

 

 

Figure 26: Highway, Same Packet Size, Cube Plot. 
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Figure 27: Highway, Same Packet Size, Main Effects Plot. 

 

 

Figure 28: Highway, Same Packet Size, Interaction Plot. 

 

Analysis: 
Based on Figure 26, Figure 27, and Figure 28, I observe that the utility function 

value decreases as either the first factor (no. of cars) or the second factor (average 
speed) increase. As for interaction, it is evident that the two factors are not totally 
independent from one another when impacting performance since the lines in Figure 
28 are not parallel and witness a bigger gap at low speed (indicating larger 
interaction) than at higher speed. This is the case when the same packet size is 
assumed for the used signaling protocols in the utility function, namely SIP, MBMS, 
and DIAMETER.  

 
Case2: Dense Road with Same Packet Size across Protocols 
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Figure 29: Dense Road, Same Packet Size, Cube Plot. 

 

 

Figure 30: Dense Road, Same Packet Size, Main Effects Plot. 
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Figure 31: Dense Road, Same Packet Size, Interaction Plot. 

 
Term     Effect Coefficient 

Constant  11.9635 
No Cars -0.0117 -0.0058 
Traffic Speed 0.0124 0.0062 
No Cars* 

Traffic Speed 

0.0103 0.0051 

Table 16: Estimated Effects and Coefficients for Crossings SameSize (coded 

units). 

Analysis: 
With dense roads that involve many crossings and acceleration lanes, utility 

slightly decreases with increase in number of cars and slightly increases with speed. 
There is an interaction between the two factors (speed and number of cars) especially 
at low speed with the interaction being larger by a factor of 10 compared to that at 
higher speeds. The tabular results with standard errors, sum of squares, degrees of 
freedom as well as graphical display are shown above in the text as well as Figure 29, 
Figure 30, and Figure 31. 

  
Case3: Straight Road with Differentiated Packet Size per Protocol 
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Figure 32: Straight Road, Differentiated Packet Size, Cube Plot. 

 

 

Figure 33: Straight Road, Differentiated Packet Size, Main Effects Plot. 
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Figure 34: Straight Road, Differentiated Packet Size, Interaction Plot. 

 
Term     Effect Coefficient 

Constant  5.66027 
No Cars 0.00845 0.00422 
Traffic Speed -0.06145 -0.03072 
No Cars* 

Traffic Speed 

0.02745 0.01372 

Table 17: Estimated Effects and Coefficients for Highway ExactSize (coded 

units). 

Analysis: 

In this case with straight roads and having the utility function incorporating the 
actual average packet sizes of each signaling protocol rather than fixed size, the 
results are obtained as above. It is noticeable from Figure 33 that the number of cars 
has a very low significance compared to traffic speed which strongly impacts the 
value of the utility function. There is also an obvious and significant interaction 
between the two input factors when contributing to the overall utility as Figure 34 
shows.  

 

Case4: Dense Road, Differentiated Packet Size 
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Figure 35: Dense Road, Differentiated Packet Size, Cube Plot. 

 

 

Figure 36: Dense Road, Differentiated Packet Size, Main Effects Plot. 
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Figure 37: Dense Road, Differentiated Packet Size, Interactions Plot. 

 
Term     Effect Coefficient 

Constant  5.72815 
No Cars 0.01580 0.00790 
Traffic Speed 0.06920 0.03460 
No Cars* 

Traffic Speed 

-0.00030 -0.00015 

Table 18: Estimated Effects and Coefficients for Crossings ExactSize (coded 

units). 

Analysis: 

In contrast to the previous case, the interaction plot shows no interaction (close to 
zero) between the two input factors, i.e. they influence the overall utility value 
independently (Figure 37). The effect of the first factor (no. of cars) is again smaller 
than that of the second factor (average speed).  

 
Design Guidelines and Recommendations 

Table 19 sums up the results for the different test cases in the left column and 
design provides guidelines and recommendations in the right column for each 
corresponding observation. 

 
Observations/Results Recommendations/Guidelines 

The utility function where packet size 
differentiation is used is better than the 
scheme where same fixed packet size 
is used across signaling protocols (Fig 
26, 29, 32, and 35) 

Use exact packet size of signaling messages 
when higher accuracy of performance 
modeling is needed (computation vs 
accuracy tradeoff) and same packet size 
when a rough analysis is required for 
resource provisioning 

There is no interaction between speed 
and number of cars in the dense road 

For topologies with dense roads, 
applications can take into account the two 
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case with the differentiated packet size 
utility case, making the effect of each 
factor predictable on the overall 
performance (Fig 37) 

factors: number of cars on the road and 
average moving speed separately because 
they do not interact with each other in the 
topology in question 

With the differentiated packet size in 
the utility function, the effect of 
average speed is much more 
significant than that of the number of 
cars on the overall performance 
(signaling cost) (Fig 36) 

Signaling cost increases faster with 
increasing average speed than with 
increasing number of cars, therefore 
application and service features (bundling) 
have to take this pattern into account to be 
resource aware. In other words, keeping 
only critical features at higher speeds and 
maintaining features with high traffic 
density 

With the first utility function with 
fixed packet size across protocols, the 
two input factors (number of cars and 
speed) have parallel effects for the 
straight road (decreasing utility) and 
opposite effects for the dense road 
case (Fig 27 and 30) 

Use the equal packet size utility for city 
traffic scenarios with crossings and use 
equilibrium between increased speed and 
increased number of cars since their impact 
cancels out and improves performance; for 
straight roads, limit the number of services 
per user as the factors average speed and 
number of cars start to increase 

For all cases, except the last one, 
where there is no interaction, the 
interaction between the two input 
factors is much larger at lower speed 
than at higher speed (Fig 28, 31, and 
34) 

At lower speeds, user iRide services in a 
balanced way since interactions are low and 
factors are independent; at higher speeds, 
prioritize and assign services selectively due 
to large interaction between average speed 
and number of cars on the road 

Table 19:  Design Guidelines and Results Summary. 
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4.6 Conclusion 

This chapter addresses the challenge of systematic modeling of the multicast-
enabled IMS signaling plane from a resource management perspective.  Controlling 
and tuning different factors and systematically modeling the environment provides 
information on factor interactions and the expected system behavior. Multicast-
enabled IMS resolves a bottleneck in a scenario such as the one in iRide where the 
data traffic intensity between vehicular clients and the backend becomes a resource 
management challenge. The complexity of the required solution is hard to quantize 
and evaluate so a systematic approach was followed in this chapter for performance 
modeling. What is particular to the work in this chapter is that it used fundamental 
mathematical methods to model the behavior of the proposed protocols and 
coordinately operates with simulations to deliver results on system performance and 
factor interactions. Despite the existence of some efforts in the literature to 
generically give an idea of the cost of multicast and performance [AP1], those 
scenarios remain generic whereas my approach concretely models the performance of 
the proposed signaling protocols for IMS with multicast and delivers numerical 
results and design guidelines in the area. Several significant design guidelines are 
drawn from the modeling and evaluation work in this chapter including the facts: the 
factors related to the number of cars and average speed of the traffic interact much 
less at lower speeds than at higher speeds, the average traffic speed impacts 
performance more strongly than the number of cars on the road when using 
differentiated packet size utility, and in dense road traffic with crossings, the two 
design factors can be applied so that their negative effects on performance cancel out. 

4.7 Chapter Summary 

In this chapter, I presented advanced systematic modeling techniques for the 
scientific analysis of various cases with the multicast-enabled IMS signaling scheme 
from a resource management perspective.  
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Chapter 5: Multimedia QoE Optimized Management 

Using Prediction and Statistical Learning2 

                                                           
2  This chapter is based on the publication 
 
M. Elkotob, D. Granlund, K. Andersson, and C. Åhlund, Multimedia QoE Optimized 
Management Using Prediction and Statistical Learning, In Proceedings of the 35th IEEE 
Conference on Local Computer Networks (LCN 2010), Denver, Colorado, USA, 11-14 October 
2010. 
 
Minor changes have been made to the publication to improve the presentation. 
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Multimedia QoE Optimized Management Using 

Prediction and Statistical Learning 
In this chapter, I present a scheme for flow management with heterogeneous access 

technologies available indoors and in a campus network such as 3G and Wi-Fi. 
Statistical learning is used as a key for optimizing a target variable namely video 
quality of experience (QoE). First I analyze the data using passive measurements to 
determine relationships between parameters and their impact on the main 
performance indicator, namely the video QoE value. The derived weights are used for 
performing prediction in every discrete time interval of my designed autonomic 
control loop to know approximately the QoE in the next time interval and be able to 
perform a switch to another access technology if it yields a better QoE level. This 
user-perspective performance optimization is in line with operator and service 
provider goals. QoE performance models for slow vehicular and pedestrian speeds for 
Wi-Fi and 3G are derived and compared as well. 

5.1 Introduction and Background 

Autonomic control of network resources and the autonomous management of their 
processes is a recurring hot topic. Autonomic Network Management (ANM) has the 
goal of increasing reliability and performance while reducing management cost using 
various automated techniques [RM1]. According to [MK2], automated service and 
network management are essential to creating and maintaining a flexible and agile 
service delivery infrastructure that also has much lower operations expense than 
existing systems. In [MS2], the authors outline the importance of self-management or 
autonomic management of network resources and their controlling processes in 
networks while also discussing the challenges faced. Paper [NB1] demonstrates the 
importance and benefit of autonomic control of network processes through a real case 
study on a Wi-Fi based network. In particular, flow management and network 
selection in complex topologies need special attention and have a part which has not 
yet been fully explored. With the control loop being the core of any autonomic system 
process (including in the networking domain), I pay special attention to that part in 
my work covered in this chapter. 

Autonomic communication is mostly about self-awareness and self configuration 
of networks. As mobile nodes roam the network, resource settings change, and there 
are various adaptation mechanisms available to tune resources and adjust them in the 
best suitable way to maximize the overall goal. The overall goal could be an operator 
objective such as fairness, maximized overall throughput, or highest profit. 
Furthermore, the autonomic communication paradigm favors proactive to reactive 
adaptive behavior. Proactive behavior involves some degree of foreseeing or 
prediction, which is also the case in my research work. Predictive QoE profiling refers 
to observing network parameters via active monitoring, followed by computing using 
a regression best fit the QoE (quality of experience) and then following a pattern by 
predicting the next discrete time interval’s level of QoE. The final step of the adaptive 
cycle is to select the network that achieves the best QoS level that in turn suits the so 
far built QoE profile including the value of the interval to come (predicted QoE for 



 

 86

time slot n + 1 when the current time slot is n). I use statistical learning techniques, 
namely linear regression and then apply the derived information from that stage to 
perform prediction of the target network parameter, namely video QoE for a 
subsequent discrete time interval. 

With papers [EG1], [EG2], [NK1], [YI1], [YI2], [YH1], [SW1], [OB1], [SL1], 
[VM1], [FA1], [YW1], and [OO1] presenting mechanisms on how to link QoS and 
QoE aspects in network systems design, they remain dependent on manual 
interactions and lack the right degree of process automation. Papers [NB1], [MS2], 
[RM1], and [MK2] on the other hand, discuss the importance process automation in 
networking, including resource management (with QoS and QoE). Pulling the two 
ends together from the framework of automation point of view and the QoS-QoE 
linking point of view comes together in my work where I propose a systematic 
methodology using a control loop and based on statistical learning and apply it to 
automatically resolve the QoS-QoE joint performance issue using prediction based on 
statistical learning techniques. 

In previous work [ME8], [ME13] I explored the issue of autonomic resource 
management for media streaming via a technique called parameter injection. This was 
limited to the open access network (OAN) [RB1] topology category, and also 
operated on media streams where trans-coding, codec selection, format change and 
stream width were adjusted based on a predictive technique and self-configuring 
behavior on the terminal that performs joint signaling with the network where media 
streams originate. In current work, I focus more on the autonomic control loop and 
especially on efficient design, consistency, and accuracy for achieving best possible 
behavior, i.e. optimizing resource usage with respect to operator goals (the high-level 
objectives). In the scenario where I ran my experiments, I built a set of access points 
forming a Wi-Fi coverage range and the area was also covered with GPRS and 3G as 
alternative access technologies to switch to when the network QoE indicator dropped 
out of the assigned range. GPRS and 3G are not backhauls, but rather alternative QoE 
level maintenance technologies in my scenarios. Furthermore, autonomic adaptation 
and optimization have been directly and indirectly analyzed in the literature, whereby 
I here present a short overview on autonomic adaptation in general and a detailed 
deep analysis on predictive QoS/QoE mapping and pattern design techniques in 
Section 5.5 of this chapter. The results produced in this chapter provide an elegant 
solution which distinctively highlights the significant performance parameters and 
sorts out the insignificant ones that do not contribute to quality of experience (QoE) 
depending on the scenario. The three scenarios tested and analyzed using my solution 
are 3G, vehicular-speed Wi-Fi, and pedestrian-speed Wi-Fi. 

This chapter is structured as follows. After this introductory section, Section 5.2 
presents an insight about the architecture I used. Section 5.3 discusses my statistical 
learning method and how it is applied. Section 5.4 analyzes the approach and 
evaluates it. Section 5.5 then surveys and discusses related work in the area before 
Section 5.6 concludes the chapter. 
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5.2 System High-Level Design 

When conducting the experiments, I used a topology where there is overlapping 
coverage of GPRS, 3G, and Wi-Fi and in some cases even Ethernet availability 
(sockets) for testing a wired-wireless scenario. Having one user experiencing stable 
conditions (corresponding user) whereas the other user being mobile within a Wi-Fi 
network that has overlapping coverage with 3G and GPRS allowed me to test in real-
time and in real indoor settings the behavior of a video (multimedia) application. 
Figure 38 reflects the scenario settings where I conducted my experiments. I used 3G, 
GPRS, and Wi-Fi for the mobile user and Ethernet for the corresponding user to have 
varying conditions on only one side of the connection. Furthermore, I ran the scripts 
locally in order to interface the video conferencing application and extract the basic 
performance metrics as round trip time, jitter, used data rate, frame rate, and packet 
loss rate. 

 

 

Figure 38: Experimental Setup with Wi-Fi, 3G, and GPRS. 
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Figure 39: Mobile Node Control Loop and Metrics. 

 

 

Figure 40: System Architecture. 

As Figure 39 (left part) shows, the mobile nodes capture in real-time properties of 
audio streams, video streams, and the connection as an aggregate. The control loop 
governing the node behavior in fact operates using discrete time intervals with a 
tunable timer. Every interval involves two types of action: measuring basic metrics 
for the current interval and predicting the QoE level for the next interval. The 
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prediction process is based on statistical learning which takes place in a preceding 
round of measurements. 

For instance, when a mobile node passes the first time via a network topology, it 
measures basic metrics (Figure 39) for voice, video, and the aggregate flow and 
performs regression analysis and factorial design. Those methods fall under the 
statistical learning category. Determining the weights and significance impact factor 
of each basic variable on the overall response variable (being video QoE in my case) 
and then using those weights (coefficients) to scale the variables currently measured 
allows predicting the response variable for the next interval. Section 5.3 provides 
details on this point. 

Figure 40 presents the architecture for mobility management [ME4] and AAA 
handling [ME5] which was proposed and evaluated in previous work. The 
architecture is based on the idea of assigning an IP address to connecting users based 
on a user@realm scheme and using a variety of tunneling mechanisms for routing 
traffic from the home network to the visited network and final delivery to the mobile 
node. AAA is handled through a home AAA server allowing for a uniform handling 
regardless of the radio access technology being used. In my proposed scheme, if 
GPRS or 3G is believed to be able to deliver a more stable or graceful QoE profile 
during a particular time interval, one of them is selected as the candidate network. 

5.3 Statistical Learning 

By statistical learning I mean collecting network parameters and performance data 
and then using that information and the conclusions of the statistical analysis done on 
it to take decisions (namely handover and network selection decisions) that improve 
performance and optimize a certain goal. In this particular chapter, learning is based 
on linear regression to derive weights for different parameters and then using those 
weights to predict the upcoming value of the target variable, namely video quality of 
experience (QoE). Such a setup is useful because operators try to optimize their 
resource usage in such a way to maximize SLA (service level agreement) fulfillment 
with the minimum amount of resources possible. Furthermore, operators and service 
providers try to keep as graceful profile as possible for any service in use. Therefore, 
when using video, if there is any chance to switch to a network that would help 
avoiding a sharp fluctuation in the QoE profile, this should be done. Such a problem 
can be well solved using statistical analysis and learning with the help of a control 
loop. 

 
Algorithm 1 presents a step-wise overview of the statistical learning mechanism I 

used for optimal flow management and QoE performance. 
 

Phase 1: learning, acquiring knowledge 
Measure(InputValues, OutputMOS) 
Regression(Inputs, Outputs)� Derive parameter weights 
Obtain_QoE_Model(time_range, location_range) 
Phase 2: applying knowledge(prediction+optimization) 
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While(1) 
For  Timeslot(t): 
PredictQoE(t+1,InputWeights(t)) 
SelectedAccessNetwork = best(PredictedQoE) 
For Timeslot(t+1): 
ComputePredictionError() 
Adjust/tune model to reduce error 
Algorithm 1: Network Selection for Optimal Quality of Experience Using 

Statistical Learning Pseudo code. 

5.3.1 InternQuality of Experience and Peformance Metrics 

In the first round of traversing the topology trajectories, both input data collection 
(with basic metrics) and response (output) variable computation (video QoE) are 
done. This data is then statistically analyzed to produce the regression coefficients. In 
the second traversal, which is the actual service usage scenario, prediction of the 
expected video QoE is made based on the derived weights for the different 
parameters. Those two actions are coordinated within the autonomic control loop 
mentioned in Section 5.2 of this chapter. 

Table 20 shows some metrics I measured in real-time in the system using an 
interface script written in Python. It connects via the logging scripts to interface the 
video conferencing application I used. Obviously some metrics are of interest and 
have a significant impact on the target (response) variable being video application 
QoE, whereas others have a small or no impact at all. To systematically study this, I 
used statistical methods in my experimental design setup. The capturing of the metrics 
takes place solely on the mobile device. 

I compute the quality of experience (QoE) values using Equation Set 1 
corresponding to the universal mean opinion score (MOS) proposed by Ries et al. 
[MR1] and used for video applications with mixed channels (audio and video 
channels). I take the coefficients proposed for average-to-low complexity video 
content (as news, video conferencing) as opposed to highly complex and dynamic 
video content such as sports, etc, where the perceived quality is very sensitive and 
prone to large fluctuations. 

 
Audio Channel Video Channel Aggregate 

Jitter Frame rate Data volume in 
RTT Frame resolution Data volume out 
Audio Codec Video Codec 

 PLR Data Rate 
QoE Level QoE Level 

Table 20: Performance Metrics Measurable in the Used Scenarios. 
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Where A = 4.0317, B = -44.9873, and C = -0.5752. 
Equation Set 1: Mean Opinion Score QoE Output Model for Video 

Conferencing under Slow Vehicular and Pedestrian Speed 
 
Since Wi-Fi is the access technology with most vastly varying QoE profile, it 

sometimes falls below the 3G or even the GPRS level and sometimes soars above. 
Therefore, prediction based on regression is a good way to determine what network to 
select so that it delivers the best QoE. For instance, if currently the QoE level 
delivered by Wi-Fi is 3.3, it is a good choice to stay there; then if the predicted QoE 
level for the next interval is e.g. 2.98, which is lower than what 3G can deliver, the 
mobile node will switch to 3G. This way, the highest aggregate QoE level of a service 
can be achieved and it is easier to maintain service level agreements (SLAs) for an 
operator or service provider with its subscribers because the delivered user-perceived 
quality can be optimized and kept within a bounded range as promised in the 
customer contract. 

5.3.2 Regression, Prediction, and Learning 

Regression is the process of determining the relationships between different 
variables. In my case, the input variables are: packet loss rate, frame rate, round trip 
time, bandwidth, and jitter. The output (response) variable is the perceived quality of 
service (QoE) represented by the universal mean opinion score (MOS) as explained in 
the preceding subsection. 

 
In order to perform regression in the different scenarios I have, several 

mathematical operations are necessary. Apart from the modeling and parameter 
feeding part, the computational procedures can be partially executed using specialized 
software such as Minitab [MT] as I did, although I still show in detail the matrix 
algebra used to couple the linear regression process to my system model. 

 
In the first run of measurements, data collection for all five input metrics as well as 

the response variable is done. Then statistical regression analysis is done to determine 
the weights (impacts) of different parameters on the response variable. 

 
The regression equations obtained via Minitab software [MT] for the three 

different scenarios I tested under same conditions are as shown below in tabular form 
(Table 21, Table 22, and Table 23). The “coefficient” column stands for the weight of 
a particular parameter for the QoE model in each scenario, “Std Err Coef” is the 
coefficient standard error, and “P-Value” is the standard well known test statistic used 
to determine whether a statement about a parameter’s weight is accurate or not. 
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Predictor/ 

Metric 

Coefficient Std Err 

 Coef      

P-

Value 

Constant 2.3169 0.9522 0.018 
Frame 

rate 

0.00475 0.04184 0.910 

RTT 0.01590 0.02277 0.488 
Bandwidth 0.002308 0.001220 0.064 
Jitter -0.0005831 0.0002818 0.043 

Table 21: Vehicular Wi-Fi Regression Results. 

Predictor/ 

Metric 

Coefficient Std Err 

Coef       

P-

Value 

Constant 3.0837 0.2158 0.000 
Frame 

rate 

-0.004803 0.008119 0.555 

RTT -0.0002945 0.00008729 0.001 
Bandwidth 0.0022206 0.0003460 0.000 
Jitter -0.0003585 0.0001061 0.001 

Table 22: Pedestrian Wi-Fi Regression Results. 

Predictor/ 

Metric 

Coefficient Std Err 

 Coef       

P-

Value 

Constant 3.69947 0.00451 0.000 
Frame 

rate 

0.0029732 0.0001428 0.000 

PLR -0.012898 0.008609 0.135 
RTT 0.00000566 0.00000171 0.001 
Bandwidth 0.00031756 0.00000706 0.000 
Jitter -0.0000695 0.00000720 0.000 

Table 23: 3G Regression Results. 

In the first cycle round (control loop in Figure 39 and Algorithm 1), target variable 
QoE values and input network performance parameters such as frame rate (FR), 
packet loss rate (PLR), round trip time (RTT), bandwidth (BW), and jitter are 
measured and fed into the regression mechanism on the mobile device. It is important 
to point out that jitter here refers to the one after the play out buffer which means that 
it reduces delay effects for video sessions. Based on the results obtained in Table 21 
and Table 22 and  for the scenarios low-speed vehicular Wi-Fi, pedestrian Wi-Fi, and 
3G respectively, I determine the coefficients (weights) as seen in Equation Set 2.   

 
Vehicular Wi-Fi:  
 
QoE = 2.32+0.00231 bw – 0.000583 jitter 
Pedestrian Wi-Fi: QoE = 3.08 – 0.000295 rtt + 0.00222 bw – 0.000359 jitter 
UMTS: QoE = 3.70 + 0.00297 fr – 0.000006 rtt + 0.000318 bw – 0.000069 jitter 
Equation Set 2: Regression Results for QoE Levels for Different Scenarios. 



 

 93

 
Predictor/Metric BW Jitter RTT FR PLR 

Vehicular Wi-Fi Yes Yes No No No 
Pedestrian Wi-Fi Yes Yes Yes No No 
3G Yes Yes Yes Yes No 

Table 24: Prediction Model Summary. 

Variables with P-values (Table 21, Table 22, Table 23) much larger than 0.05 
indicate that the null hypothesis cannot be rejected, meaning that there is little that can 
be said about the accuracy of the coefficient due to standard error being too large. On 
the other hand, variables with P-values lower than 0.05 allow me to reject the null 
hypothesis and produce a low standard error for the coefficient, meaning higher 
accuracy. 

This obtained result with coefficient weights in Equation Set 2 is applied to predict 
QoE for any subsequent interval based on the metrics available in the current one. 
Equation Set 2 and Table 24 summarize a key result of the measurements and control 
loop applied for statistical learning and prediction. The key message is to model QoE 
based on the settings (moving speed and available access technology) yielding the 
following: 

- For vehicular Wi-Fi: QoE for video conferencing is best modeled as a function of 

bandwidth and jitter; 

- For pedestrian Wi-Fi: QoE for video conferencing is best represented as a linear 

combination of a constant plus a weighted sum of bandwidth, jitter, and RTT; 

- For 3G: QoE is represented as a linear combination of bandwidth, RTT, jitter, 

and video frame rate.   
 
Optimizing and fine-tuning the coefficients with a learning loop is part of future 

work. For the current version the following stepwise approach was used for linking 
the system model to the matrix algebra of linear regression: 

- Create a sufficiently large data set of derived metrics; in my research real 
measurements (based on the setup in Figure 40). The basic input metrics and response 
variable are captured. This data I assign to the m by n matrix X. m rows correspond to 
the number of available samples and n columns correspond to the number of metrics 
incremented by one; 

- Measure in the environment the output values for voice and video QoE. Using 
customized sent RTP audio and video traffic (video conferencing application and 
scripts that log data from it in discrete time intervals), I measure perceived QoE on a 
scale of 1-5. The QoE output vector is denoted by Y; its matrix dimensions are m by 
1; 

- Perform linear regression using: Y = X.λ + ε; Y is my output QoE matrix in the 
test runs. X is the set of captured metrics (RTT, jitter, PLR, FR, and bandwidth). The 
variable ε corresponds to the correction factor in the formula; it has zero-mean and a 
normal distribution. The column vector corresponds to the coefficients (or weights); 

- To find the vector of coefficients λ, having Y and X (measured and evaluated 
entries in the matrices), I do the following: 

E[Y] = E[X.λ+ε] => Ẏ=Ẋ.λ; since ε is zero-mean 
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=> ẊT
Ẏ = ẊT

Ẋ.λ  
=> (ẊT

Ẋ)-1.ẊT
Ẏ = (ẊT

Ẋ)-1(
Ẋ

T
Ẋ).λ 

=> λ = (ẊT
Ẋ)-1.ẊT

Ẏ; 
- Having all values (Ẋ and Ẏ), I compute the column vector matrix λ entry values. 

For the two test runs I made, with a mobile laptop inside a slow-moving car and also 
carried by a pedestrian with 3G and Wi-Fi coverage. The approach I follow is an 
extension and elaboration of the passive measurements-based elastic traffic 
performance prediction approach defined in [WC1]. I however have a more complex 
behavior pattern and more metrics which are captured in real-time rather than passive 
measurements. 

If I see the system as a Discrete Time Markov Chain (DTMC), then the prediction 
process within the control loop is analogous to a linear stochastic predictor as shown 
in Equation Set 3, with the Q variables being the states (Video QoE values) and µ 
being the predictor error. 

 

Qt+1 = wm.Qt + wm-1.Qt-1 + … + w1.Qt-m+1 + µ 
Equation Set 3: Linear Stochastic Predictor Model. 

 
The benefit of such a method is its simplicity, and the learning process is coupled 

with geographic and time awareness. In other words, traversing a particular location 
and measuring input and output variables allows determining the coefficients 
(weights) and impacts of each parameter on the target performance variable (video 
QoE). Any subsequent presence in the same geographical area or time interval within 
some vicinity would enable the mobile node to use the computed regression 
coefficients to predict the upcoming QoE and thus decide whether or not to switch to 
another access technology from Wi-Fi. The goal is optimizing the QoE yield as 
service providers try to achieve for subscribers. 

In the next section, I look at some performance and evaluation aspects for the 
derived statistical models and linear predictors. 

5.4 Performance Evaluation 

As  Figure 41 shows, I plot the predicted QoE values my scheme produces versus 
the actual values measured in the subsequent discrete time interval (i.e. in interval In, 
predict QoEn+1 and measure QoEn, then move on to In+1 and so forth). Within the good 
performance range of Wi-Fi, corresponding to a QoE index between 3.0 and 4.0, 
prediction works well, and delivers a predicted value slightly lower than the actual 
value.  
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Figure 41: Measured versus Predicted Video QoE for an Indoor Scenario. 

 

 

Figure 42: Low-speed Vehicular Wi-Fi QoS (Bandwidth) and QoE 

(Perceptual Video Conferencing) Quality Indicators. 
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Figure 43: Low-speed Vehicular Wi-Fi QoS Bandwidth) and QoE (Perceptual 

Video Conferencing) Quality. 

Figure 42 shows the change of bandwidth versus the predicted QoE level for Wi-Fi 
using my proposed scheme. One of the strengths of my approach is its stability facing 
fluctuations in resources. For instance, at index 15 (Figure 42), when the bandwidth 
drops and then spikes up again for a short instant, the predicted QoE should not be 
affected, neither should the actual QoE because the bandwidth resource change is for 
a very short instant and with the help of buffering, quick non-large bandwidth spikes 
do not affect perceived video quality. On the other hand, sharp bandwidth drops such 
as at the interval with index 135 do get reflected in the predicted QoE model. 

Figure 43 shows that on the mean opinion score (MOS) scale, the perceived video 
quality achievable with 3G reaches an asymptotic value between 3.5 and 4.0 even 
when bandwidth increases linearly. This is because of the other performance metrics 
within 3G pose a limitation on how high the achieved QoE can be. The important 
point here is not to invest more network resources than needed if that does not 
improve QoE further, as seen from an operator or service provider perspective. 

The QoE predicted value profiles are analyzed for normality of distribution in 
Figure 44, Figure 45, and Figure 46 for vehicular Wi-Fi, pedestrian Wi-Fi, and 3G 
respectively. When the points are spread well around the least squares fit line, this 
indicates that the regression and data values used are in the healthy range and the 
error is uniformly distributed and with constant variance. On the other hand if a strong 
S-curve (S-shaped curve) is obtained, this indicates a strong variation of error 
(statistical noise) level which makes the results misleading. Neither of the normal 
probability plots for QoE profiles indicates sharp curvature (S-Shape) thus making the 
coefficients and regression models I derived and used in QoE prediction relatively 
accurate and well fit to the scenario settings.  

 



 

 97

 

Figure 44: Vehicular Wi-Fi QoE Profile Normal Probability Plot. 

 

 

Figure 45: Pedestrian Wi-Fi QoE Profile Normal Probability Plot. 
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Figure 46: 3G QoE Profile Normal Probability Plot. 

Another important observation based on Figure 44, Figure 45, and Figure 46 as 
well as Table 24 and Equation Set 2 is that Wi-Fi patterns for pedestrian and slow 
vehicular speeds are consistent and distributed with similar patterns and using a 
largely overlapping metric set with weights (coefficients) within a similar range. 3G 
on the other hand has a larger set of metrics contributing to QoE and also produces a 
different shape for the normal probability plot (Figure 46) as opposed to Wi-Fi 
(Figure 45 and Figure 46).  

5.5 Related Work 

A significant amount of work has been done in the areas of QoS-QoE analysis, 
prediction, stochastic analysis combined with prediction and optimization of resource 
control in wireless networks. I outline some of this work in this section and point out 
its relevance or delta from my own approach. 

Gelenbe et al. [EG1], [EG2], [EG3], and [EG4] work on user-oriented networks 
and claim that those ill not usually have precise information about the infrastructure at 
any given instant of time, so their knowledge should be acquired from online 
observations. Thus, they suggest that user-oriented networks should exploit self-
adaptiveness to try to obtain the best possible QoS for all their connections. They 
illustrate how self-awareness, through online self-monitoring and measurement, 
coupled with intelligent adaptive behavior in response to observations, can be used to 
offer user-oriented QoS. The work is based on ongoing experiments conducted in the 
“cognitive packet network” test-bed. 

Kitawaki in [NK1] designs a scheme for computing perceived quality of service 
(what I call QoE in my work) for multimedia (VoIP). Opinion models are used to 
process objective measurement input values and obtain a QoE value. Furthermore, 
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prediction is an important aspect to foresee the degree of QoE to be expected. The 
G.107 E-model which has an additive property is used to build the prediction 
function. Extensive comparisons between generated voice traffic predicted quality 
and the measured one are performed. The purpose of this study is to determine the 
accuracy and delta between the two sets (predicted and measured). In my work, I 
predict QoE using statistical learning on the already existing data sets acquired as the 
mobile node roams within the Wi-Fi-3G network. 

Ito et al. [YI1], [YI2] study the relationship between network level, node level, 
application-level, and end-to-end-level QoS and the user-level QoS that the authors 
consider perceptual. This connection is quite complex and has a wide room for 
optimization, which is also a goal of my research. In other words, finding out the 
relationship between the calibrations done on other QoS levels and the received 
improvement or change in QoE is a problem that can be optimized and is in the 
interest of operators. Through extensive studies, the authors provide a correlation 
matrix whose coefficients reflect the impact of each QoS variable in the QoE making 
it quantifiable and transparent for designers to see and use the relationship between 
QoS and QoE. I focus more in this chapter on learning and applying regression to the 
data set in order to perform prediction in the next interval based on the learned 
information 

Himura et al. [YH1] conduct pattern analysis using variable sizes of collected data 
for learning, whereas I require small data set for operation with fixed size ranges and I 
have low dependency on and low sensitivity to the measured data quality.  

Winkler et al. [SW1] discuss the complexity of QoS-QoE modeling and prediction 
in a formal way revealing that it requires too many factors; I on the other hand choose 
a simplified objective way, adapted to Wi-Fi and 3G.  

Bradeanu et al. [OB1] present an end-user QoE modeling method based on video 
content, and with a linear output result; I however choose a peer model more adapted 
to frequent handover scenarios and classified video content based on the content type.  

Lee et al. [SL1] optimize and tune their model based on the metrics: battery life 
and optimal resource allocation (as goals). In my research, I optimize the consistency 
of multimedia service profiles and correctness of decision for effective QoE.  

Menkovski et al. [VM1] optimize the learning process for QoE prediction; I work 
on the same goal with the difference that they maximize QoE prediction accuracy 
based on the video content whereas I do that based on the current multimedia service 
profile.  

Agboma et al. [FA1] use statistical modeling to compute QoE in a static manner 
whereas my scheme uses statistical learning as a feed to QoE prediction process 
dynamically.  

In [YW1], Wang et al. present a prediction-based technique for network selection. 
In the given scheme, backward projection is used whereby the prediction of whether a 
transmission would be successful or not is made based on path projection from the 
destination to the source. This requires full path information. On the other hand, my 
approach does not require full path information since it runs on the mobile device and 
sends probes to estimate some parameters and gets feedback from the corresponding 
party. 

In [OO1], Ormond et al. propose several utility function alternatives for network 
selection. My work proposes as a utility function, the obtained multimedia QoE 
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stabilizing and maximizing factor for a session. Although the systematic analysis on 
the formulation of utility and its impact on accuracy and performance is part of future 
work, my choice for the used performance target variable being multimedia QoE paid 
off because the variables aligned well in the linear regression model derived and the 
different scenarios produced different regression models making the whole work 
worth it. 

 
Approach Utility Basic 

Variable(s) 

Improvement 

Factor 

Unit/Block 

Wang et 

al. 

Delivery 
ratio 

Thput bits/Hz 1.0/0.9 = 1.11 Ad hoc single 
cluster 

Ormond 

 et a.l 

3 choices Transfer time 0.12/0.11 = 1.09 File Transfer  
500 Kbytes 

Elkotob 

 et a.l 

Video QoE SNR, PLR, 
Jitter, 
Bandwidth 

3.98/3.36 = 1.18 One 3G cell and 
3 Wi-Fi cells 

Table 25: Performance Gains for Key Approaches. 

As Table 25 shows, when comparing the prediction based approaches in their 
respective scenarios and units of assessment, I observe that the range of quantitative 
improvement is between 1.09 and 1.18. For my approach, the qualitative aspect is also 
important, which is partially reflected in the MOS gain factor of 1.18 when using my 
scheme. In one worst base case, the user would always use 3G, to have the most 
stable profile, but the least average mean opinion score (MOS/QoE) value. If using 
pure Wi-Fi, another worst case would be generated leading to constant fluctuations. 
However, when using the combined predictive scheme I proposed based on statistical 
learning, a MOS value of 3.98 is achievable as measurements show, which when 
divided by the base value of 3.36 yields a gain factor of 1.18.  

5.6 Chapter Summary 

In this chapter, I presented a scheme for prediction and measurement combined 
with statistical analysis and learning in order to allow a mobile node to be proactively 
aware of the best access network for the next interval. The practical use of such a 
scheme would be interesting for operators and service providers who need to maintain 
graceful QoE profiles and optimize their resource usage. There are several challenges 
in the current existing state of the art, and as a response to them, a new approach was 
needed. The key challenges faced today with QoE management using QoS metrics 
and statistical learning are: high complexity, low accuracy (wrong decisions), and 
oscillations. Advantages of the scheme proposed for QoE management using 
prediction and statistical learning include: high accuracy, parallel threading within the 
control loop, simplicity, and low computational load, in addition to operation purely 
on the end device. Furthermore, QoE predictive profile modeling using basic network 
performance metrics depending on the scenario (access technology and mobility 
speed) enables optimizing flow management for multimedia applications. 
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Chapter 6: Architectural, Service, and Performance 

Modeling for an IMS-MBMS-Based Application3 

 

                                                           
3 This chapter is based on the publication 
 
M. Elkotob, Architectural, Service, and Performance Modeling for an IMS-MBMS-based 
Application, (nominated for best paper award) in proceedings of IEEE International 
Communications Conference (ICC 2010), Cape Town, South Africa, 23-27 May  2010. 
 
Minor changes have been made to the publication to improve the presentation. 
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Architectural, Service, and Performance Modeling for 

an IMS-MBMS-Based Application 
 This chapter describes iRide (intelligent ride), an IP Multimedia Subsystem (IMS), 

Multimedia Broadcast Multicast Service (MBMS), and wireless sensor network 
(WSN) joint application. The core contributions of iRide are: IMS and WSN 
architectural integration on joint data processing and signaling levels, application 
logic for increased road safety, and network dimensioning for scalability and 
performance analysis. The iRide architecture is built and prototyped using IMS 
standard SIP (Session Initiation Protocol) and DIAMETER signaling together with 
3GPP MBMS for more efficient service handling. OPNET simulations are used to 
conduct network dimensioning and performance analysis. Resource management in 
systems such as the one presented experiences several challenges in the form of 
bottlenecks and multicast dynamic group sizing is used as a key technique to make 
resources on the downlink data plane more efficiently managed. The efficiency of the 
proposed model for the downlink takes on a Skellam distribution shape which is used 
for performance modeling. 

6.1 Introduction 

In this chapter, I briefly present the application iRide (intelligent ride) that uses a 
joint IMS-MBMS signaling mechanism in cooperation with a road infrastructure 
equipped with a wireless sensor network (WSN). IMS or IP Multimedia Subsystem is 
a 3GPP standard framework [3GPP] for multimedia session call control and 
management of QoS for IP-based networks. Furthermore, IMS promotes a universal 
IP network with arbitrary end devices and network technologies, seamlessly 
integrating wired with wireless networks and 3G with IP-based broadband 
technologies such as Wi-Fi. The Multimedia Broadcast Multicast Service (MBMS) is 
a broadcasting service offered in cellular networks (GPRS, UMTS) 

    For acceptable network performance levels which include user-perceived 
quality, reliability, and response time, a network has to provide QoS, support for 
multicast and end-user traffic separation. With standardization bodies such as 
TISPAN [TISPAN] and ETSI [ETSI1] providing standard architecture, it is an 
opportunity for researchers to design architectural and signaling enhancements to 
achieve the desired application performance.  

    The iRide application [ME7] in its first version is simply based on IMS and a 
WSN that jointly generate real-time road information which is processed on the 
backend to warn drivers in hazardous conditions and disseminate road information. 
As Figure 47 shows, the multi-hop WSN consisting of road-embedded sensor units 
[ME7] generates in real-time information about the road related mainly to factors 
such as humidity, slipperiness, bad visibility due to fog, number of cars on a road 
block and their proximity to each other (detected via vibration sensors).  
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Figure 47: Multi-hop Wireless Sensor Network and 3G Client Base Connected 

to IMS Core. 

 
This information is forwarded to a gateway that acts as a WSN aggregator and a 

3G modem connected eventually via RAN-GGSN (Radio Access Network-Gateway 
GPRS Support Node) to an IMS system. The other set of information is that on the 
IMS clients (called midlets) that communicate directly over 3G with the servlet and 
whole application plane of the IMS system. A midlet is provided as an API on the 
client side with basic functionality and it can be additionally enhanced with custom 
functions and protocol message processors for a particular application or scenario. In 
this way, two information sets (one from road units and one from car driver mobile 
devices) are collectively processed and evaluated in the IMS application server (AS) 
and then messages either as data or streaming traffic are sent over the downlink to 
users’ terminals (IMS clients). Due to this system being safety-critical and highly 
volatile when it comes to data context and dynamics (location, speed, expiry of 
information value), performance modeling and optimization is needed to more 
efficiently utilize the available network resources. In particular, replacing unicast with 
multicast on the downlink, namely between the joint IMS-MBMS backend where 
content is generated, and dynamically adjusting multicast group size proves to be a 
flexible resource management and saving scheme as this chapter shows. 

    In the current enhanced version of iRide, IMS signaling is extended with MBMS 
(Multimedia Broadcast Multicast Service) in order to enable multicast communication 
for a more efficient information dissemination on the downlink (AS to IMS clients).  

Architectural challenges addressed in the chapter include:  
- Joint signaling (combining MBMS and IMS) and the required architectural 

support; 
- Service architectural integration including components and scheduling of service 

functions; 
- IMS performance modeling including traffic dimensioning (signaling and data). 
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Figure 48 shows the IP Multimedia Subsystem (IMS) and the Multimedia 

Broadcast Multicast Service (MBMS) side by side in order pave the way to their 
architectural and signaling-level integration in the subsequent sections. 

   

 
Figure 48: IMS and MBMS in iRide. 

 
This chapter is structured as follows. After this introductory section, I briefly 

present the two 3GPP standards that need architectural integration in order to enable 
the proposed scheme in Section 6.2. Then I present the integrated iRide architecture 
which involves IMS, MBMS, and WSN in Section 6.3 with focus on signaling, 
component level integration, and three main functions for service operation in IMS-
multicast enabled mode, namely: subscribe, join, and session. Section 6.4 is for 
performance analysis. Finally, Section 6.5 concludes this chapter and outlines 
ongoing and future work in the area. 
 

6.2 3GPP Standardized Architectures: Functional 
Overview 

When designing a mobility management scheme for highly mobile users and the  
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For this chapter, two 3GPP standards are relevant and important namely: MBMS 
and IMS. Each has in turn pros and cons, and the goal of this chapter is to bring 
together some of their pros and eliminate some of the cons during archtiectural 
integration to improve network resource management on the data plane. 

6.2.1 MBMS: Multimedia Broadcast Multicast Service 

Multimedia Broadcast Multicast Service (MBMS) enables two-way interaction 
between the service and the user, which is needed in iRide. It uses multicast 
distribution in the network instead of point-to-point links for each end-user. MBMS 
enables information broadcast simultaneously to several mobile subscribers e.g. for 
group alerts, making it an important enhancement to the iRide IMS-based 
architecture. Its two major services are MB (Multimedia Broadcasting) and MS 
(Multicast Services that operate bi-directionally).   

 
Table 26: MBMS Service Center (SC) Functionality. 

Entity Function 

Membership Authorization, user charging, and managing subscription data 
Session and 

transmission 

Scheduling content delivery sessions, managing and reserving 
resources, maintaining QoS, starting and terminating sessions 
with MBMS resources 

Proxy and 

transport 

Gateway between access technologies, management of the 
control plane, proxying for multicast content delivery 
enabling 

Service 

announcement 

Using a System Information Block (SIB) to fix multicast 
addresses and UDP port numbers, providing session 
information prior to establishment 

     
A detailed analysis on service architectures and design composition using 

components such as OMA (Open Mobile Alliance) Enablers is presented in [ME16]. 
This paves the way for seeing the architectural connection between the e.g. enablers 
for session and content scheduling and management.   

6.2.2 IMS: IP Multimedia Subsystem and MJCF: Mobile Java Communication 

Framework 

MJCF [MJCF] is an open IMS [IMS] development suite from Ericsson that was 
used for the development of parts of iRide. Despite providing several high-level 
components as part of the API, a lot of signaling and integration work was necessary 
in order to achieve a full-blown MBMS-IMS enabled application. What MJCF 
provides from a service perspective are some classes including: publish, unPublish, 
setNote, and geoPriv. They are responsible for service announcement, joining, 
termination, presence, and information management. Service composition in the IMS 
domain including different architectural paradigms have been analyzed and compared 
in [ME16]. Contributions in terms of signaling both at a high-level component 
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perspective using MJCF primitives as well as on a detailed level involving IMS (SIP 
and DIAMETER) and MBMS are provided in the next section of this chapter as a 
major architectural research contribution. The main goal here is to model system 
performance and improve downlink utilization when applying different multicast 
group sizes to replace unicast on the 3G downlink for the data plane. 

Having the basic communication channels established between road-embedded 
sensors, car driver terminals, and the system IMS core, it is possible to upgrade the 
existing services to multicast mode. This is done via architectural integration of 
MBMS and IMS in the core and upgrading the signaling part of different functions to 
cover both worlds (IMS and MBMS) as the following sections show.  

6.2.3 IMS-MBMS Functional Alignment 

The central entity in MBMS is the Broadcast Multicast Service Center (BM-SC) 
whose functionality is listed in Table 26 and aligned with IMS entities in Figure 49 
which highlights the five core functional areas of the BM-SC namely:  
- Membership; 
- Proxy and transport; 
- Session and transmission; 
- Service announcement; 
- Security. 
 

 
Figure 49: MBMS Broadcast Multicast Service Center (BM-SC) Functionality 

and Associated IMS Entities. 

 
In order to integrate IMS and MBMS and obtain properly operating multicast 

services within IMS, it is important to identify the core components in the IMS 
architecture which match those of the MBMS BM-SC (Broadcast Multicast Service 
Center). 

As Figure 49 shows, the MBMS membership function is related to the IMS entities 
HSS (Home Subscription Server) and XDMS (XML Document Management Server) 
entities. User membership, subscriptions and profiling are managed by those entities. 
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The BM-SC proxy and transport function is analogous to the IMS proxy set I, P and 
S-CSCF (Incoming, Proxying, and Serving Call Session Control Function Units) and 
PCRF (Policy Charging Rules Function) units. The session and transmission function 
within the BM-SC is comparable to the IMS AS (Application Server) and MS (Media 
Server) session content handing. The service announcement function is also 
analogously handled within IMS by the Application Server. The security function in 
the BM-SC is comparable to the security offered by two IMS entities, namely content 
security handled by the Media Server (MS) and the user security (and privacy) 
handled by the Application Server (AS).  

6.2.4 iRide Integrated Architecture 

    This section presents several important aspects for iRide design and 
implementation. One is the service logic where the major states and the transitions 
leading to them are outlined. Another aspect is data representation and information 
flow. Service and protocol scheduling and control via advanced signaling involving 
the integrated operation of IMS and MBMS messaging are presented.  

 

MBMS-IMS Integration 

     
The 3rd Generation Partnership Project (3GPP) which manages both the MBMS 

and IMS standards does provide some room for integration because of a compatible 
and partly overlapping set of functionality. In its last four releases (6-9), 3GPP 
[3GPP] has supported two mutually exclusive approaches that allow the integration of 
MBMS with IMS. One calls for extending the Broadcast Multicast Service Center 
(BM-SC) functionality by adding IMS-SIP signaling. The other approach distributes 
BM-SC functionality among IMS service blocks. Selected BM-SC functional entities 
can be associated with their counterparts in the IMS service architecture including the 
application and control planes. The BM-SC entity, a core unit, supports five basic 
service functionalities outlined in Table 26.  

    Looking at the IMS core, its functions can be classified into: management and 
session control for multimedia sessions, bearer control for QoS and AAA 
(Authentication, Authorization, and Accounting) handling, and service provisioning 
on the IMS application server. 

    The joint inspection of IMS and MBMS functionality leads me to the conclusion 
that the two frameworks have a common set and can be further integrated in terms of 
signaling and architecture. This is what I do in this chapter. In particular, for iRide 
scenarios involving many cars on the road, and a single IMS backend, multicast and 
broadcast modes to the drivers’ 3G terminals are crucial for overall system efficiency 
and performance.  

    Combining the multimedia content management and session processing 
strengths of IMS which operates in unicast mode and the broad-and-multicast 
signaling capabilities of MBMS yields the right signaling framework and architecture 
required for iRide. MBMS and IMS have comparable functionality when it comes to 
membership, subscription, QoS reservation, and media configuration. Table 27 
summarizes this functionality grouped pair wise by relevance. 
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Table 27: MBMS and IMS Comparable Functionality. 

IMS Entity MBMS Entity 

Policy Decision Function (PDF) and 
GGSN membership 

Session and transmission block in the 
MB-Service Center with membership 
functionality 

Media Resource Function (MRF) with 
media processing capabilities 

Proxy and transport modules in the MB-
SC are responsible for media processing 

Home Subscriber Server (HSS) and 
Serving Call Session Control Function (S-
CSCF) membership feature 

MB-SC membership functionality  

 

IMS-WSN Integration 

 
    In this section, the signaling flow within the iRide system is discussed as 

portrayed in Figure 50. The iRide application logic and user interfacing are presented 
in details in [ME7] but they are not crucial for the research contributions of this 
chapter. In short, the logical flow in iRide is as follows: 
- The IMS client, a Java midlet on the driver’s handset enters the system with SIP-

INVITE message; 
- The iRide servlet on the responsible application server (AS) engages in a session 

with the client. Two PDP context sessions are established: one with the ZigBee-
3G modem that transmits on-road sensor information (e.g. temperature, humidity, 
vibrations) towards the IMS backend and the other one associates driver handset 
clients to the IMS backend as well; 

- Periodic information exchange takes place between the midlets and the servlet at a 
more frequent pace than between the road sensors and the servlet. For uplink 
(UL) traffic from individual cars and road sensors to the IMS backend, unicast is 
used. For downlink (DL) traffic MBMS-IMS joint signaling is used which 
enables multicast service mode and increases system efficiency. 
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Figure 50: Message Sequence Chart and Signaling Flow. 

 
    The raw data from each on-road sensor is transmitted via low power radio 

technology (IEEE 802.15.4) and then via a 3G modem  connected to a radio access 
network (RAN). Through the Gateway GPRS Support Node (GGSN) and the call 
session control function (CSCF) proxy elements, signaling traffic reaches the iRide 
server in the application plane of IMS (Figure 48). In the application server data is 
entered into the database indexed by the coordinates of the road units which are 
always on and transfer information about road conditions to the backend in real-time. 
IMS client data for car drivers travels via the RAN and GGSN to the AS. WSN and 
IMS client information data is jointly processed at the backend before sending 
warnings in unicast and multicast mode to end-users over the 3G downlink. 

I define three functional signaling protocols for MBMS-IMS integration in order to 
enable multicast mode for IMS services, namely: subscribe, join, and session. 

    Figure 51 shows the signaling details of the process of joint IMS-MBMS service 
addition (subscription). With iRide having several services such as critical warnings, 
information updates, and announcements, it is essential to schedule them 
appropriately for proper operation of the system. To add one of the iRide services 
(shown in Table 27), IMS and MBMS operate jointly as follows. First, a service 
profile is pushed by the content server (CS) onto the application server content 
management enabler (CME). Next, the application server service scheduling enabler 
(SSE) and the AS-CME exchange triggers, whereby the former supplies the latter 
with a calculated service start time. The content server (CS), which holds the data to 
be transferred to the user equipment (i.e. the downlink in iRide), instructs session 
announcement enabler (SAE) on the computed time slot after it is reserved. Finally, 
the service management enabler (SME) runs cyclic service announcements according 
to a scheduled cycle, then a join process is executed, and services are delivered from 
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the content server to user terminals. In this way, user equipment entities (car driver 
IMS clients) join and utilize iRide services (critical warnings, announcements, info 
updates) with multicast enabled via joint IMS-MBMS signaling. 

 

 
Figure 51: Adding iRide Services. 

 
        The service joining phase which is the pre-final stage in Figure 51 is outlined 

in detail in Figure 52. It requires some integration work in terms of joint signaling. 
The integrated signaling scheme that enables iRide services to operate in multicast-
join mode uses SIP, DIAMATER, and MBMS messages. In Figure 52, after the 
subscription and service announcement processes operating end-to-end between the 
user equipment (UE) and the content server (CS), PDP (Packet Data Protocol) context 
activation is executed between the UE and GGSN (for iRide 3G terminals). Then 
SIP/SDP session establishment is coupled with a MBMS context request activation 
message. SIP and SDP stand for the two standardized protocols Session Initiation 
Protocol and Session Description Protocol respectively. This way, the two sets (IMS 
and MBMS) are activated together. Upon receiving the MBMS context request, the 
GGSN runs a DIAMETER authentication and authorization round with the IMS 
Media Delivery Function (MDF).  

    Simultaneously, service charging starts when the SIP/SDP session is established. 
Following a successful DIAMETER response, MBMS registration takes place 
between the GGSN and SGSN before joint MBMS-RAN context can be provisioned 
to plan resource usage for the session to be joined. After a successful completion, the 
IMS client (UE) sends an MBMS context activation accept message to the SGSN and 
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a SIP/SDP acknowledgement for the service towards the CSCF proxy elements. The 
Serving Call Session Control Function (S-CSCF) then forwards the acknowledgment 
to the session management enabler (SME) in the IMS application server (AS). The 
aforementioned signaling enables a coordinated IMS-MBMS group join multicast-
enabled service.  

 

 
Figure 52: IMS-MBMS Join Phase. 

 
    Three services are used in iRide with IDs S1, S2, and S3. As Table 27 shows, 

MBMS together with IMS allows the creation of different sub-services within iRide. 
The code MS stands for multicast-streaming; the code BS stands for broadcast-

streaming; the code MD (not used in the table) stands for multicast-download; and the 
code BD stands for broadcast-download. To comply with MBMS requirements in 
iRide, the multicast IP address and UDP port numbers for the sub-services are 
announced to cars entering the road and broadcast over a System Information Block 
(SIB).  

 
Table 28: IMS-MBMS Service Parameters. 

ID Channel Name Mcast addr Port 

S1 iRide-Critical Warning-MS “ff1e::1” 6201 
S2 iRide-Road Info Update-BS “ff1e::2” 6202 
S3 iRide-Announcement-BD “ff1e::3” 6203 
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Figure 53: IMS-MBMS Session Launch. 

 
    Figure 53 shows the multimedia multicast session launch process that takes 

place after successful signaling for the “join” operation (Figure 52). The session 
launch procedure is called for every data transfer in iRide. On the other hand, a join 
operation to a multicast group (cars on the road) is executed only once for each 
service connecting a car to the IMS backend. The session management enabler (SME) 
is the key entity in the signaling for session launch. It establishes a signaling exchange 
in parallel with the media delivery function (MDF) and that issues the MBMS session 
start and the content server (CS). 

  After setting MBMS PDP context states to active, data is ready to be sent and the 
resources on the radio interface (RAN) and the mobile device are reserved. The 
SIPOK message is sent by the SME to the CS and the MDF indicating a successful 
MBMS session launch. Based on the scheduled time computed for the service (Figure 
51), the CS sends the data on the downlink at the required time. The MBMS session 
start signaling messages are a prerequisite before data can be sent on the network 
(Figure 53) 

6.3 Performance Modeling and Evaluation 

The iRide application that uses information from the wireless sensor network 
together with an IMS-MBMS infrastructure for increasing road safety is a new use 
case scenario. In this section I analyze the related performance gains and traffic 
patterns when using multicast on the downlink (DL). The downlink corresponds to the 
warning and info messages sent by the application server to the drivers on the road 
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who have IMS iRide clients. The uplink (UL) corresponds to information flowing 
from the road sensors and car drivers towards the IMS-MBMS backend (Table 29). 

     
Table 29: Traffic Patterns in the iRide System. 

 Pattern 

(mean) 

Difference 

Pattern 

E[Gain] 

Uplink Poisson(30) - - 
DL Unicast Poisson(30) Benchmark Benchmark 
DL Mcast 2-b Poisson(15) Skellam(15,30) 15 
DL Mcast 3-b Poisson(10) Skellam(10,30) 20 
DL Mcast 6-b Poisson(5) Skellam(5,30) 25 

     
 

 
Figure 54: Resource Savings Distribution on Downlink. 

 
With pure IMS operating in unicast mode, every car on the road will receive an 

individual warning message from the application server (AS) that processes traffic 
data in real-time. When operating in MBMS-IMS joint signaling mode, multicast 
enables reducing downlink traffic as Figure 54 shows. With an average message 
arrival frequency of 30 messages per discrete time unit (one iRide cycle of 4 seconds), 
grouping 2, 3, and 6 cars into one multicast join operation, would reduce the number 
of messages on the downlink. Equations 1-3 derive the performance gain pattern 
when using multicast. With the DL message generation pattern being Poisson (P1: 
unicast; P2: multicast) random variables, the performance gain being their difference 
is a Skellam distribution with mean equal to the difference of mean arrival rates of the 
two Poisson distributions (Table 29). µ is the average arrival rate for all distributions 
in the analysis. The subscripts “u” and “m” correspond to unicast and multicast 
respectively. Table 29 shows the different arrival patterns and the gain when using 
multicast with different join-group sizes (2, 3, and 6) as compared to the benchmark 
unicast case. 
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    In Table 29, the first column labels the path with UL=uplink and DL=downlink. 

The second column describes the distribution of message arrivals and the 
corresponding average rates. The third column shows the Skellam distributions that 
describe the difference in pattern. In other words, the Skellam(Distribution1(mean 
m1), Distribution2(mean m2)) = Skellam(m2-m1). With 30 messages on the DL per 
cycle in the benchmark (unicast) case Poisson distributed, and with multicast batches 
of 2, 3, and 6 clients per group (column 1), the difference in pattern is Skellam with 
mean 15, 20, and 25 respectively.  

 
 

 
Figure 55: Service Bundles in iRide. 
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Figure 56: OPNET iRide Topology. 

 
    I model the hexagonal 3G cells used in iRide as concentric circles each having 

its own supported data rate (R1, R2, and R3) as Figure 55 shows. This transformation 
is based on the model of Vukadinovic et al. [VV1] where a vector of achievable rates 
is used to decompose a cell’s coverage area into distinct concentric regions.  The rate 
vector R contains in the iRide case three elements [R1, R2, R3] with R1 > R2 > R3. 
Each region supports a different set of multicast services. With the rate R1 being the 
highest due to being the closet to the base station and thus having the highest signal 
strength, cars passing in this region will have services S1, S2, and S3 (Table 28). The 
middle region supports only S1 and S2, and the outermost region supports only S1 
(Figure 55) which is the critical warning service in iRide. Figure 56 shows a 
simplified OPNET simulator setup for downlink traffic with the left side having three 
types of IMS clients. On the right side, the MBMS Service Center, MBMS Content 
Server, and IMS Application Server are located. Figure 57 depicts the performance 
(response times) of iRide services S1, S2, and S3. Higher priority service S1 precedes 
S2 and S3, and then S2 precedes S3; this is why some interruptions are seen in the 
flow for S3 (broadcast) when data traffic for S1 and S2 is needed. 

 
Table 30: Average Service Response Times on Downlink for Different 

Regions. 

Service/ 

Region 

S1 

msecs 

S2 

msecs 

S3 

msecs 

R1 190.7 292.7 568.9 
R2 183.6 280.9 - 
R3 203.2 - - 

As Table 30 and Figure 55 show, region R1 has the whole service palette including 
S1, S2, and S3, and is the most central one. The region R2 has only services S1 and 
S2, and region R3 has only service S1. The performance of each service is measured 
as the downlink response time with S1 having a higher priority than S2 which in turn 
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has a higher priority than S3. S1 traffic is FTP-like because warnings are encoded on 
the backend and then fired on the mobile device after the right warning parameters are 
received. S2 is for road info updates and takes on an HTTP-like pattern on the 
downlink with an average of 25 objects per chunk (one announcement cycle). S3 is 
for announcements of the advertising type and it takes on a bursty pattern. The 
different services (S1, S2, and S3) are also described in Table 28. With the settings 
described in the chapter (e.g. 25 objects per S2 cycle) and the different priorities, the 
response times take on values in the following ranges as Table 30 shows: approx. 
183-203 milliseconds for S1, 281-293 milliseconds for S2, and 569 milliseconds for 
S3. This is also portrayed in Figure 57 which reflects the performance over an interval 
of 24 hrs iRide simulation in OPNET using the aforementioned settings. 

 

 
Figure 57: iRide S1, S2, and S3 Response Times. 

6.4 Chapter Summary 

It can be concluded that designing signaling mechanisms that combine MBMS and 
IMS enable more efficient downlink utilization and improve system behavior in the 
iRide scenario. Furthermore, next generation networking requires joint traffic 
engineering, signaling design, and architectural enhancements to cope with the 
upcoming application demands and new emerging scenarios. Network resource 
management is a key technique for optimizing performance using appropriate 
modeling, especially when systems have bottlenecks and require complex signaling 
schemes. After providing a solid model for resource management on the data plane 
for the proposed multicast-extended IMS architecture, future work is focusing on 
optimizing the signaling plane utilization of the airtime and message volume. 
Deriving steady-state probabilities for the dynamics of the iRide system are also a part 
of future work. 
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Chapter 7: iRide: A Cooperative Sensor and IP 

Multimedia Subsystem-Based Architecture and 

Application for ITS Road Safety4 

                                                           
4 This chapter is based on the publication 
 
M. Elkotob and E. Osipov, iRide: a Cooperative Sensor and IP Multimedia Subsystem based 
Architecture and Application for ITS Road Safety, in proceedings (Springer) of ICST 
Europecomm International Conference, London, UK, August 2009 
 
Minor changes have been made to the publication to improve the presentation. 
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iRide: A Cooperative Sensor and IP Multimedia 

Subsystem-Based Architecture and Application for ITS 

Road Safety 
In this chapter, I present iRide (intelligent ride), an IP Multimedia Subsystem 

(IMS) application for warning drivers about hazardous situations on the road. iRide 
takes real-time information about road conditions and traffic situations from a 
wireless sensor network installed directly in the road surface. Upon logging to the 
iRide system, users start to receive periodic updates about the situation on the road 
along their route ahead. iRide is able to predict hazardous situations like slippery 
surface or dangerous distance to the nearest car and help drivers avoid accidents. I 
describe the service and the supporting network architecture of iRide. I discuss the 
major challenges associated with designing an IMS application for ITS, an intelligent 
transport system. Having a prototype implementation working on a small scale, I take 
it to the next step to perform system dimensioning and then verify the feasibility of 
having such a system using OPNET simulations. 

7.1 Introduction 

In this chapter, I describe a new solution associated with the design of one part of a 
communication framework for a cooperative road infrastructure system (CRIS). CRIS 
aims at making the road surface intelligent and is being developed in the scope of the 
iRoad project comprising a constellation of Swedish governmental, industrial and 
academic partners [IR1]. iRide is based on road marking units (RMU) containing a set 
of sensors measuring instantaneous properties of the road. They are connected to a 
microcontroller with a low-power radio transceiver. RMUs are joined to form a 
wireless sensor network. 

When it comes to warning a driver about a hazardous situation beyond the 
visibility of on-board safety systems and the line of sight of the driver, I chose the IP 
Multimedia Subsystem (IMS). In this article, I present iRide, an IMS application and 
the supporting communication architecture for preventive hazard warning in the 
iRoad CRIS. Information about road conditions is collected in the network of on-road 
sensors and transmitted via a 3G backhaul link to the IMS servers for real time 
processing and hazard analysis. iRide updates users about the situation ahead their 
route. To the best of my knowledge, iRide is among the first attempts to apply the 
IMS framework in the context of ITS.  
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Figure 58: iRide Actors and Information Flow. 

This chapter is structured as follows. In Section 7.2 I overview the major design 
challenges when developing the iRide application. In Section 7.3 I present the iRide 
service logic and network architecture with some insights on performance 
requirements and evaluation. Section 7.4 provides an extensive overview of related 
work. Section 7.5 is a discussion of future and an outlook on subsequent research and 
development for iRide. I conclude the chapter with Section 7.6. 

7.2 Design Space and Solution Outline 

In Figure 58, the high level logic behind the iRide application is illustrated 
including a screenshot of the client-side midlet on a smartphone. The wireless sensor 
network  (WSN) formed by intelligent road marking units (RMU) installed directly in 
the road surface is able to continuously monitor road properties. Information observed 
by the sensors is transmitted wirelessly over multiple hops to a gateway to a 3G 
network. Inside the WSN, data is transmitted using low power radio technology.  

Currently, the iRoad RMUs are equipped with IEEE 802.15.4-based radio 
transceivers. The 3G modem is installed on a road side unit (smart sign, fence, camera 
pole). In [AH1] the feasibility of such transmission in real-time was demonstrated. A 
WSN-3G gateway forwards raw data over the IMS infrastructure to the iRide 
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application server (AS) for further processing. iRide users entering the intelligent road 
area login to the system from their mobiles. 

The functional logic behind the iRide warning application is shown in Figure 59. 
The system jointly processes the information about road conditions and car motion. 
The results of this processing are prognoses of hazardous situations. The system can 
determine when the speed of an iRide user is too high for a currently slippery road or 
that the distance to the ahead going car is decreasing too fast and there is a risk of 
collision. When such an event is detected, iRide sends a warning to the respective 
users. For implementation, I used the Mobile Java Communication Framework 
(MJCF)[MJCF]. 

 

 

Figure 59: iRide Service Logic. 

7.3 iRide Design and Implementation 

This section presents several important aspects for iRide design and 
implementation. One is the service logic where the major states and the transitions 
leading to them are outlined. Another aspect is the data representation and 
information flow. Then the signaling flow within the iRide system is discussed. 

7.3.1 iRide IMS Architecture and Service Logic 
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The iRide service logic and architecture are illustrated in Figures 59 and 60 

respectively. An essential part of the iRide application is the multi-hop wireless 
sensor network integrated with a wireless infrastructure connecting IMS clients to the 
main system (Figure 60). The raw data from each road marking unit is transmitted and 
then via a GPRS or 3G modem to a radio access network (RAN). In the application 
server data is entered into the database indexed by the coordinates of the RMUs. Data 
from the user terminal travels a similar RAN-GGSN-AS path. 

WSN and IMS client information paths meet at the IMS control plane. Table 31 
shows the data involved in the prediction of hazardous situations in iRide. The data in 
Table 31 is transmitted to the application server using SIP protocol messages. The 
IMS client displays the right audio-visual primitive to the iRide user based on the 
command received from the application server. The iRide process on the application 
server predicts hazardous situations by doing joint processing of data received from 
the client’s midlet and the WSN. Upon arrival, all messages are time-stamped at the 
server. I achieve virtual synchronization between the WSN and mobile terminal 
clocks. The set of events and the corresponding warning signals generated by the 
servlet are shown in Table 32. The distance parameter D is calculated by the servlet 
for every pair of back-to-back cars based on the position information supplied 
periodically by the midlets. The servlet maintains two lists of X and Y coordinates 
one for each direction of the intelligent road. When a new car enters the appropriate 
segment, its coordinates are appended to the tail of the list. In this way, the order of 
records in the list indicates the relative position of the cars on the road. The servlet 
process goes periodically through each list in a round robin manner, calculates the 
Euclidean distance between each pair of cars, and checks sensor measurements. A 
snapshot of the current iRide IMS client implementation is shown in Figure 58. The 
color scheme of the graphical warning profile and the intensity of the appropriate 
audio warnings depend on how critical the situation is. I also animate the relative 
position of the iRide user to the closest car in front or behind (whichever is more 
critical) and show the actual distance numerically. 

 



 

 122

 

Figure 60: IMS Architectural Model of iRide. 

 

Table 31: iRide Data Table. 

The warning profile includes graphical primitives for road signs associated with 
particular iRide signals, such as ”slippery road”, ”bumpy road”, etc. Some 
information can be supplied into the system by road authorities such as ”road work”. 

7.3.2 iRide Implementation Details in MJCF 

In MJCF, midlets use a complex data structure called a record store which is 
responsible for Authentication Authorization and Accounting (AAA) as well as IMS 
presence information for iRide users. A servlet on the backend handles the record 
store data in a watcher-list. For midlet-servlet communication, I create a class called 
MessageProtocol whose simple attributes contain the data shown in Table 31. iRide 
communication is implemented using the MJCF built-in IMS methods publish, 
unPublish, setNote and the IMS class geoPriv. The setNote method is used to convey 
the current presence status. The geoPriv class on the servlet is used to update the 
location coordinates of the midlet. Once the midlet updates its state information, it 
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calls the publish method. Upon exiting the application, the unPublish method is 
called. The message sequence chart in Figure 61 summarizes the signaling used in 
iRide. 

 

 

Table 32: iRide Events and Actions in the Prototype Implementation. 

 

Figure 61: Message Sequence Chart and Signaling Flow. 

7.3.3 iRide System Requirements 

Here I dimension the bottleneck performance regions of the IMS architecture for 
worst case iRide scenarios. The road is split into segments each of which is assigned 
an iRide server process responsible for tracking and warning all vehicles. The major 
iRide IMS bottleneck is the Call Session Control Function (CSCF) proxy, the place 
where requests from individual users meet. If the frequency of user requests exceeds 
the CSCF capacity, iRide will be unable to provide continuous service to all users. 
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The performance of the CSCF proxy can be significantly improved by adding extra 
processing units (blades) [PG1], [NR1]. Assume an iRide covered road segment of 
100 km. Taking an average of 10 cars per 50 m (totally crammed road), I have 20000 
cars in the segment. The smallest iRide cycle for information update for each user is 5 
seconds. I used an average SIP message size of 800 bytes and 3 messages per 
transaction causing the arrival rate of iRide requests at the CSCF proxy to be about 
4000 requests per sec (rqps). 

Downlink traffic for warnings gives an additional 2000 rqps. The total load on the 
proxy sums up to 6000 rqps. The fastest CSCF proxy known to me has eight blades 
and preemptive FCFS request scheduling; it is able to process up to 2500 rqps [PG1]. 
Therefore one needs three such proxies to ensure continuous service. 

7.3.4 iRide Estimated Performance 

Figure 62 shows the topology I constructed using the OPNET [ON1] simulator. It 
includes several data gateway machines that aggregate ZigBee traffic and 3G traffic 
from road units and drivers in the vicinity of a particular subnet (labeled mobile 
subnet). All road and user traffic is aggregated into a main iRide data gateway and 
then sent via the core network towards a load balancer that dispatches requests to 3 
CSCF units. 

 

 

Figure 62: OPNET Middle Tier and Backend Topology Network for iRide. 

 
iRide relies mainly on SIP-based instant messaging and small file transfer that 

contains images or audio warnings. Dainotti et al. [AD1] have classified traffic and its 
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behavior when it comes to identifying invariance in the behavior of TCPbased 
applications such as SMTP and HTTP. According to the statistical traffic analysis 
studies conducted, above 80% of all traffic has a lognormal distribution for inter-
packet arrival times. This means that with comparable packet sizes for iRide system 
messages going through the access network, IP core, and into the IMS system, data 
traffic will have a single-tailed lognormal distribution. With  

 

 

Figure 63: Performance of CSCF Server Units and TCP-SIP Sessions in iRide. 
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1% packet loss rate in the IP backbone, I obtain a connection abortion count in the 
range [1-7]. With the load balancer acting as a dispatcher and sending requests to the 
CSCF module with the least load, the load exerted on a single CSCF module was 
increasing over the 10 hr simulation period but still having the bulk of load values in 
the range of 0-200 tasks per second (Figure 63). The overall delay cycle of a message 
in iRide is 200 msecs in each direction plus 100 msecs processing delay adding up to 
half a second. A car moving at 80 kmh covers 11 meters in that time; at 100 km/h it 
covers 14 meters. This is the sensitivity range of iRide. A warning has to be issued 
when the critical distance approaches the calculated values if moving at the respective 
speeds. Having presented the iRide IMS architecture, service logic, signaling flow, 
and an overview of system requirements and dimensioning, I move on to the next 
section where I discuss related work in the areas of IMS and ITS. 

7.4 Related Work 

iRide, which uses information from a wireless sensor network together with an 
IMS infrastructure for improving road safety, is a new use-case scenario for IMS. In 
this section, I analyze some related work in the area. One line of work concerns 
integrating new access technologies with IMS such as cable in [MM3]. In the scope of 
iRide, the challenge is to integrate a WSN with IMS. I conjecture that native support 
for WSN/3G gateways in the IMS architecture is essential for future IMS-ITS related 
applications. Blum et al. [NB1] focus on service creation and delivery for SMEs 
within IMS-based environments and following a Software Oriented Architecture 
(SOA) paradigm. Bachmann et al. [AB3] point out IMS client development 
challenges. While designing and implementing the iRide service architecture, I used 
some experiences from [ME16]. In contrast to the results of the existing ITS related 
projects [CIP1], [SS1], [CVIS], I do not require any hardware or sophisticated 
mechanisms in the car. iRide only requires that its users have smartphones able to run 
the iRide Java midlet. 

Steuer et al. [FS1] present a connectivity management solution for vehicular 
telemedicine applications in heterogeneous networks. The solution is relevant to iRide 
because it involves communication between vehicles (ambulances) and the closest 
medical center in order to remotely handle a stroke by the time paramedics arrive on 
the spot. Williams et al. [BW1] survey the state of the art in ITS indicating that it has 
become a key feature to have reliable bi-directional links between a vehicle and an 
infrastructure. GLIDE (Green Light Determining System), ERP (Electronic Road 
Pricing System), and EMAS (Expressway Monitoring and Advisory System) are 
discussed. Singapore is used as a showcase in the chapter. Furthermore, some 
standardization efforts in the ITS area are outlined, including the ISO TC204 WG1 on 
System Architecture initiative and WG4 on Automatic Vehicle Identification. In the 
V2I (vehicle to infrastructure) area, the chapter outlines key projects including: CVIS 
[CVIS], SAFESPOT [SS1], and COOPERS [CIP1] (Europe) and SMARTWAY 
[SW1] (USA). 

The Idris automatic vehicle detection and classification patented technology and 
software [IDRIS] uses in-ground loop technology recording inductance as a vehicle 
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passes over, whereas I use vibration sensors as a way to detect passing vehicles. Idris 
includes a Single Stopped Vehicle (SSV) algorithm to automatically detect when a 
vehicle abruptly stops and disrupts the normal flow of traffic. iRide has at its core, a 
car warning system which is based on a near-distance detection algorithm I used in 
my implementation. 

7.5 Chapter Summary 

The IP Multimedia Subsystem can be applied to many different domains such as 
conversational, content-delivery, and real-time multimedia interactive services for 
entertainment and health-care. In the area of intelligent vehicular transportation 
systems, IMS has not yet been widely applied to the best of my knowledge. I 
presented an original design and proof-of-concept implementation of iRide, an IMS 
application for early warning of drivers about hazardous situations on the road. When 
using IMS in connection with ITS, several architectural and technical challenges 
appear. A particular challenge addressed in iRide is the merging of two sets of 
information, one from the wireless sensor network and one from the cars themselves. 
While developing iRide, I identified a spectrum of issues that need to be resolved 
before using the application on real roads. I however conclude that all these 
technological issues are possible to solve and the overall usage of IMS in the context 
of intelligent transport systems is feasible. 
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Chapter 8: Analysis and Measurement of Session 

Setup Delay and Jitter in VoWLAN Using 

Composite Metrics5 

 

                                                           
5 This chapter is based on the publication 
 
M. Elkotob and K. Andersson, Analysis and Measurement of Session Setup Delay and Jitter in 
VoWLAN Using Composite Metrics, In ACM International Conference Proceeding Series, 
Proceedings of the 7th International Conference on Mobile and Ubiquitous Multimedia 
(MUM2008), Umeå, Sweden, December 2008 
 
Minor changes have been made to the publication to improve the presentation. 
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Analysis and Measurement of Session Setup Delay and 

Jitter in VoWLAN Using Composite Metrics 

In this chapter I look at the signaling for session mobility using the Session 
Initiation Protocol (SIP) and the Session Description Protocol (SDP). Bearing in mind 
that perceived voice quality is sensitive mostly to delay variation (also called jitter), I 
work on bounding that value for providing a better voice Quality of Service over 
Wireless LAN (WLAN). For mobility I use a hybrid SIP-MIP stack. The basic idea is 
to combine the strengths of MIP for doing fast handovers and the strengths of SIP for 
powerful session adaptation capabilities. Numerical calculation figures as well as real 
implementation results are provided. It can be observed that the session update cycle 
during mobility can be modified in such a way that session delay variation bounds 
achieved are quite low and there are almost no spikes. I use composite performance 
metrics that I defined in previous work to analyze the correlation between the data 
patterns for session signaling delay in the classical case and my proposed case to 
better highlight the achieved performance delta.   

8.1 Introduction 

Voice is sensitive to jitter more than to any other network Quality of Service (QoS) 
parameter. Especially in wireless networks that are multi-hop that involve small or 
medium-sized cells (e.g. IEEE 802.11 networks), where the link is more error prone 
and transmission is more difficult to manage and coordinate, voice traffic faces a 
major challenge. Voice over Wireless LAN (VoWLAN) and how to improve or 
provision its quality has recently become an important research issue.  

For simply nomadic users, the quality of VoWLAN depends on the service level 
delivered by the visited access point. The performance of that particular access point 
then depends on the operator or service provider to whom it belongs and also on the 
load it experiences. For mobility scenarios however, where the user roams in 802.11 
open access networks [JF1], there is a frequent handover taking place using Mobile IP 
(MIP) and session adaptation at OSI/ISO Layer 5 using the SIP protocol. I provide 
some insights on using hybrid SIP-MIP mobility in Section 8.3 of this chapter. 

Now for a mobile pedestrian user, having an average speed of 4-5 km/h or 1.3 
m/sec, he would traverse a distance of 50 meters in 38 seconds and a distance of 100 
m in 76 seconds.  

There is plenty of time for a mobile terminal to perform a handoff from one access 
point to another. However, for a vehicular speed of 50 km/h or 13.9 m/s, an access 
point coverage range of 50 meters would be traversed in about 3.6 seconds and one of 
about 100 m in approximately 7.2 seconds. So the point is that the higher the mobility 
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speed, the harder it is to perform a handoff and the less time it is desirable that a 
session setup or update consumes on the radio link. Real-time applications in 
particular have strict requirements on network QoS parameters.  

To solve the challenges posed by the problem in question, it is necessary to design 
an architecture that enables different signaling paths for improved session 
management. Furthermore, it has to be ensured that all parameters needed to build or 
update a multimedia session (in this case voice) are available in real-time. This is 
shown in Section 8.4 of the chapter.  

Session setup time in multimedia using e.g. SIP is affected by the quality of the 
used link, and SIP uses a retransmission timer that doubles in size upon the 
occurrence of errors [HF1]. Therefore, it makes sense to model session signaling in 
such a way that the overall setup or update time is smaller, reducing the probability of 
an error occurring.  

This chapter is organized as follows. After this introductory section, Section 8.2 
analyzes related work in the area. Then Section 8.3 discusses multimedia session 
setup identifying where there is room for improving performance. Section 8.4 shows a 
high-level architecture of Open Access Networks (OAN) based on WLAN, and then 
explains the improved signaling scheme that is used to bound jitter for voice traffic. 
Section 8.5 then analyzes the results of the newly proposed scheme quantitatively and 
finally Section 8.6 concludes the chapter. 

8.2 Related Work 

A wide range of papers has been analyzed in parallel to conducting my work. In 
fact, I observed that as SIP is adopted in various access technologies, it faces a 
challenge in each access technology it is deployed in. VoIP over 3G is thoroughly 
discussed by Prasad et al. in [HF1]. The authors analyze the different phases in setting 
up a SIP-based voice session and explore the different cases via numerical analysis in 
order to obtain an estimate on what it would cost in terms of time and resources to 
establish an appropriate VoWLAN or video-over-WLAN session in 3G networks.  
The authors in [HJ1] explore statistical multiplexing and try to suppress the large 
overhead in VoWLAN. They perform voice multiplexing using a polling mechanism 
in the contention-free period and a deterministic priority access for voice traffic in the 
contention period. They also work on reducing the overhead for voice traffic.  
In [PM1] McGovern et al. address the problem of link adaptation using media codecs 
in WLAN. Different codecs are believed to result in different levels of congestion, 
and thus the system the authors propose switches back and forth between codecs to 
reduce the measured or perceived congestion level.  
Bacciu et al. [DB1] presents a fuzzy approach to determine a soft admission control 
mechanism for Voice-over-IP services over Wireless LANs. A framework is defined 
where the provider may express the network status and the client their preferences by 
the means of an approach based on Fuzzy Set Theory. 
Brännström el al. [RB2] proposes a mobility support system integrating the benefits 
of application-layer SIP mobility with network-layer MIP mobility where a cross-
layer information system exchanges context for mobility adaptation. 
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The different approaches in this section either take a step in introducing combined 
metrics in mobility scenarios or try to solve the congestion and bad coupling of voice 
traffic and IEEE 802.11. I move on in the next sections to show how hybrid SIP-MIP 
mobility is used on a single stack with access point controllers brokering for airtime 
resources after every handover, and then measure the system performance. Assessing 
system performance in the case of SIP classical session negotiation over MIP, and 
then with parameter injection [ME13] using specialized limited signaling and more 
intensive computations, allows me to show a delta in performance. The key that 
enabled my quantitatively improved result is the architecture with proper placement 
of components, and specialized signaling that lead to lower session update delays and 
thus lower errors and shorter occupation of the airtime needed for VoWLAN session 
initiation or resumption. 

8.3 Hybrid SIP-MIP Mobility Mechanisms 

The concept of hybrid Session Initiation Protocol and Mobile IP joint mobility 
scheme has been addressed in different contexts. A pioneering work in this area is by 
Tafazolli et al. [CP1]. A MIP stack on top of which SIP resides can exploit the 
architecture as if using two superimposed worlds: the MIP world and the SIP world in 
a synchronized and aligned fashion.  
I used a hybrid Mobile-IP and Session Initiation Protocol stack as a mobility solution 
for multimedia. MIP is used to perform fast handover and association to a new access 
point and to acquire a new IP address. Then I used with the Birdstep MIP client [BS1] 
a specially modified API that sends updates and event notifications upwards. In this 
way, the SIP mobility module which operates on logical layer 5 in the ISO/OSI model 
can then adapt a multimedia session (either voice or video) to the new network 
conditions and after MIP has handled the basic mobility part.  
This hybrid stack has been used in different contexts [CP1] but not in the way I use it 
in my work. The basic idea is to combine the strengths of MIP for doing fast 
handovers and the strengths of SIP for powerful session adaptation capabilities. The 
reason for this is the fact that multimedia is often handled with SIP or peer protocols 
and WLAN environments have relatively small cells, so when traversing them and 
holding a VoIP call, the session update delay upon incurring handovers is a 
significant parameter. I analyze this value and show how real measurements of an 
existing prototype depict the improvement in performance. 

8.4 Multimedia Session Setup Analysis 

Nomadic mobility where a user moves from a location to another and then uses the 
Internet in a stationary manner is a common scenario. This is handled nowadays with 
the 3G or CDMA modems available from operators and service providers. On the 
other hand, Wi-Fi grew beyond the hotspot scenario to become the main technology 
for open access networks (OAN) [ME15], [FP1], [FP2], and [JF1]. OANs enable 
mobility within a so called distribution system where access points are connected e.g. 
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via a virtual operator to provide continuous network coverage that enables the user to 
seamlessly roam from one AP to another.  

Now bearing in mind that 802.11b and g Wi-Fi cells are larger than those of 
802.11a, but still relatively small, high speed mobility is hard to support. For this 
reason, I analyzed the cases with pedestrian speed mobility and low to moderate 
speed vehicular mobility, up to 50 km/h.  

Pedestrian speed is for a user roaming with his terminal and traversing many Wi-Fi 
access points in the process. Low and moderate speed vehicular motion is for some 
types of transportation which have speed limitations due to technical or regulatory 
reasons. 
- The first column presents mobility speed in km/hr; 
- The second column presents mobility speed in m/s; 
- The third column shows t1, the time in seconds it takes a terminal to traverse an 

access point with coverage diameter 100 meters; 
- The fourth column shows t2, the time in seconds it takes a terminal to traverse an 

access point with coverage diameter 50 meters. 
 

Case km/h m/s t1 (sec) t2 (sec) 

Walking 5 1.38 76.92 38.46 

Riding 15 4.17 23.98 11.99 

Slow 

Vehicular 
 

20 5.55 17.99 8.99 

25 6.94 
 

14.41 7.20 

30 8.33 12.00 6.00 

35 10.29 10.29 5.14 

Moderate 

Vehicular 
40 11.11 9.00 4.50 

45 12.50 8.00 4.00 

50 13.89 7.20 3.60 

Table 33: Motion Speeds and Average Durations of Stay within a Wi-Fi 

Access Point. 

As Table 1 shows, there is enough time-room for a station to perform a handover, 
but the session update or setup delay can sometimes become comparable with the 
station’s duration of stay within an access point if the error rate on the wireless part is 
too high [HF1]. 

Theoretical calculations in [HF1] show that the session setup delay for SIP in 3G 
networks used with UDP is about 4.61 seconds when using the Radio Link Protocol 
(RLP) and a transmission rate of 9.6 Kbps, and 2.9 seconds when using a transmission 
rate of 19.2 Kbps. The setup delay time for a SIP-based session is a few seconds over 
a narrow-band rate. For WLAN (broadband), this setup time can vary but would still 
be in the range of a 100-200 milliseconds as measurements show in [ME13].  

To establish a session, the sequence: INVITE, 183 SDP, PRACK (final SDP), 200 
OK, 180 RINGING, 200 OK, and ACK is used. SDP stands for session description 
protocol [RFC3264].  

The same parameter sequence is necessary when updating a session due to mobility 
or upon the need to change session parameters (e.g. CODEC, resources). The only 
difference between a session update and a session initiation is that the former uses a 
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SIP RE-INVITE whereas the latter uses SIP INVITE. Therefore, I make the 
observation that even a session update in WLAN which involves pure signaling can 
substantially disrupt or degrade a voice call when traversing many cells. VoWLAN 
(Voice over WLAN) this has to consider different signaling alternatives that reduce 
signaling delay and provide more bounded jitter with fewer spikes and a lower jitter 
on the average, yielding a much more acceptable perceived audio quality in IEEE 
802.11. 

 
Messages Payload 

(bytes) 
Message  
(bytes) 

#frames, 
9.6 kbps 

# frames, 
19.2 kbps 

SIP INVITE  700 728 37 19 

SIP 183 835 863 44 23 
SIP PRACK 538 586 30 16 
SIP 200 OK 545 573 29 15 
SIP 180 349 377 19 10 
SIP ACK 300 328 17 9 

Table 34: Message Sizes and Frame Count per Message. 

The total payload size in bytes for a SIP session setup or update is: 
700+835+538+545+349+300 = 3267 bytes. This is a lot for a “lightweight” signaling 
protocol. Calculating the size of the total data required, which includes payload and 
overhead yields: 728+863+586+573+377+328 = 3455 bytes.  

Then it is obvious that a modified signaling scheme that spares some of the 
messages listed in Table 34 would significantly reduce session setup time and also the 
probability of errors occurring during updating the session when roaming between 
APs.  

The higher the used rate, the fewer frames are needed to transmit the required 
information. As the rate in Table 34 is slightly more than doubled from case1 to case 
2 being first 9.6 and then 19.2 Kbps respectively, the number of frames needed 
shrinks to about a half. Therefore as the rate is increased, the number of frames 
decreases proportionally. WLAN links are error prone. Thus for a particular Frame 
Error Rate e.g. 0.01%, the probability of getting an error gets smaller as the number of 
transmitted frames decreases. This makes session signaling delay cycles for sessions 
with higher rates lower. 

8.5 Suggested Architecture and Improvements 

8.5.1 QoS in Open Access Networks 

[FP1], [FP2], and [FP3] describe a self-contained resource allocation mechanism 
that was deployed on AP controllers in the architecture to perform rate control. 
Regulating the QoS budget of a station is done at an IP level. A tuple of parameters 
indicating the average packet size and the average packet rate is assigned to a station 
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and updated dynamically by the QoS broker residing on each AP. So as the load on an 
access point increases, the broker redistributes capacity between stations. 

 

Figure 64: Basic Architecture. 

Now using Table 34 and Figure 64 I obtain Equation 4.  
 

Equation 4. Total Signaling Delay. 

 
 
Figure 64 labels the various delays with symbols, so I get a one cycle delay of:  

With  being the processing delay on the client,  being the 

propagation delay towards the AP,  is the processing delay on the WLAN 

AC controller, and being the propagation delay on the backend, respectively. 

The value stands for one cycle of E2E delay between two clients using 
SIP for a VoWLAN session. The processing delay for various messages depends on 
the type of the message received or sent but take pretty close values.  

For the classical case of negotiating session parameters either when setting up an 
initial session or upon updating the session settings due to mobility or resource 
reallocation, 6 cycles are needed, one for each of the rows in Table 34. Hence, the 

entire signaling cost is approximately 6 times the  variable. 
In order to measure this value for a session setup, I used Java timers within my 

SIP-stack based on the JAIN-NIST [JN1] base version. The timers, which are based 
on threads, are started when a frame processing starts and stopped when the other 
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party (correspondent client) finishes its processing. This way, the E2E delay in a real-
implementation of the system depicted in Figure 64 is measured. Section 8.5 of this 
chapter outlines some figures from the measurements made on the system. 

8.5.2 Experimental Setup and Signaling Scheme 

The MIP used for the experiments used Eager Cell Switching (ECS) as an Agent 
Discovery and Motion Detection (ADMD) method. ECS is designed to trigger 
immediate handover to the new foreign agent (FA) as soon as the mobile node (MN) 
receives an Agent Advertisement (ADV) message from that FA. Mobile IP is used on 
both cases of the experimental MIP-SIP stack, so the delta achieved in delay 
reduction and jitter bounding is due to improved signalling in the SIP part using the 
parameter injection algorithm presented in [ME13].  

As seen in the previous subsection, there is a relatively high number of messages 
going back and forth until a session is established in SIP. This propagation is prone to 
errors in WLAN causing substantial delays as calculated in [HF1].  

Looking more closely at the RFCs in this area, such as [RFC3725], [RFC3264], 
[RFC3551], [RFC3312], and [RFC3261], the following branch-case can be observed 
as mentioned in RFC 3264 [RFC3264]: “An Offer/Answer Model Session Description 

Protocol”: “If multiple formats are listed, it means that the offerer is capable of 

making use of any of those formats during the session. In other words, the answerer 

MAY change formats in the middle of the session, making use of any of the formats 

listed, without sending a new offer”. 

In other words, after establishing an initial session between two peers A and B 
engaged in a multimedia (video or voice or both) session, then when one node moves, 
it is allowed by RFC 3264 to modify the data stream and piggyback the new session 
settings with the new stream. This signaling procedure is depicted in Figure 66, the 
“session update” part. 
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Figure 65: Experimental Setup. 

I used four access points placed 50 meters apart as depicted in Figure 65. Human 
testers were used for walking and traversing the different 802.11b APs. Windows XP 
equipped laptops were used as test clients with a hybrid MIP-SIP mobility client 
developed jointly with Birsdstep [BS1]. When the signal strength of the next AP was 
stronger than that of the one the client was associated with, a handover was triggered 
(pure MIP handover). After performing the hard handover in Mobile IP and the 
handoff is complete, the Mobile IP API sends a trigger to activate the ”REINVITE” 
message on the SIP part of the stack. The QoS controller on the access point assigns a 
new resource pair to the client upon joining that AP. Average Packet Size (APS) and 
Average Packet Rate (APR). Details concerning architecture, mathematical 
computations and implementation for airtime resources as well as new session 
parameters are in [ME13]. 

After a client switches APs, MIP performs an update and then the new network 
parameters are fed into the SIP module via the AP QoS controller as well as upwards 
by the MIP API.  ”The RE-INVITE” is launched with the newly computed 
parameters. For a multimedia session SIP proxy on each controller is updated with the 
new location (IP address) of the callee. As the user continues to move, at every 
handover, there is a MIP-handover followed by a SIP-SDP re-invite. The MIP 
handover delay is represented logically by the following time span: let the time-stamp 
of the last received packet (can be traced via ICMP) on the first interface be t1, and 
the time-stamp of the first received packet on the new interface be t2, then the 
handover cycle delay is t2-t1. SIP session signaling delay is measured via thread 
based timers. After the trigger from the MIP API reaches the SIP-part, a SIP-SDP 
session update cycle is launched. In this cycle, there is a computation part and session 
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re-launch part with new parameters. Once the session is re-launched with a data 
stream obtained on the stack with updated session parameters, the timer is stopped. 

 

Figure 66: Modified Signaling Procedure. 

The AP controller module that acts also as a QoS broker for roaming clients re-
assigns a new rate for the client as it joins this access point [ME13]. 

  

 

Figure 67: Delay Components in the Architecture Used. 
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As Figure 67 shows, there is a delay component due to Mobile IP handovers and 
then on the upper part of the hybrid stack, there is the SIP delay. On each client, MIP 
and SIP interact with each other via an API. MIP implementation and API has been 
provided by Birdstep [BS1] and I developed the SIP stack on top for session 
management. After the session settings are re-computed and a new Real-time Protocol 
(RTP) stream is re-launched on the stack, the cycle is closed and this is the session 
signaling delay in SIP. 

The next section will numerically compare the results for the jitter and delay 
variables.  

8.6 Quantitative Analysis 

In this section, I test the two signaling cases for a SIP-session update for a voice 
call between two parties A and B. A is mobile, roaming from one access point to 
another whereas B is stationary.  

In both cases the mobile nodes A and B both use a hybrid MIP-SIP stack as 
depicted in Figure 67. The core difference between case1 and case2 is that in the 
former, the classical SIP negotiation path is used to update the session parameters of 
the VoWLAN call. In the latter case, the signaling path shown in Figure 66 is 
followed. Basically, what is done in case2 is that: after joining a new AP during 
mobility, the QoS controller module attached to the AP allocates a new rate to the 
client. The client then re-computes the new session parameters for all multimedia 
sessions including the VoWLAN session [ME13, ME15]. After this computation is 
done, the data stream based on RTP (real-time protocol) is launched from A to B and 
the updated session parameters are piggybacked. Avoiding unnecessary negotiation 
after every time a new AP is joined reduces delay as shown in Figure 68. 
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Figure 68: Session Update Delay Times Comparison for Two Different 

Signaling Methods. 

The fact that a lower session update time is obtained in the second case that 
modifies the data stream avoiding negotiation automatically means that the user will 
experience a milder perturbation in the VoWLAN session. Perceived audio quality is 
furthermore more sensitive to session jitter, or delay variation. Using the delay values 
in Figure 68, I compute the jitter values and plot them in Figure 69. 

 

 

Figure 69:  Jitter Values for the Classical and the Modified Signaling Cases 

for VoWLAN. 
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Network QoS parameter values have been grouped into intervals based on the 
perceived quality by end-users. According to [PC1], jitter values between 0-20 
milliseconds show a good performance and yield a “good” perceived audio quality. 
Values between 20-50 milliseconds yield an “acceptable” audio quality and values 
above 50 milliseconds indicate a poor performance and poor perceived voice quality.  

Figure 69 depicts the jitter mean value for the different session update 
mechanisms. The mean value is around 23 milliseconds in the classical case and 11.5 
in the modified case. As a result, using the classification of jitter into intervals based 
on the perceived audio quality, the classical signaling case falls into the “acceptable” 
range whereas the modified scheme which bypasses negotiation and updates the data 
stream for VoWLAN on each handover directly falls within the “good” range.  

Using the metric: ; with k = 5, I obtain Figure 70 shown below. 
The two signaling schemes (negotiation and injection as in Figure 3) used with the 
hybrid SIP-MIP stack show a lot of similarity as Figure 5 and Figure 6 show. This 
similarity is then well reflected by the parallel curves using Metric 1 in Figure 70. 

 

 

Figure 70: Metric 1 is Linear in Terms of Delay and Jitter. 

Analyzing session setup and update delay cycle times in the two different cases of 
negotiation and injection (Figure 68), I observe from the available measured data set 
that: 

Equation 5. Negotiation-injection linear metric relationship. 

 

 
Where ki is a linear constant and where all k values are close to each other. ∈ is a 

small correction variable that indicates the delta spread or variance of the data 
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between the first and second schemes as shown in Figure 7 and Figure 8. The two 
above equations are also valid for the mean values of the session delays and jitters.  

 

Equation 6: Coefficient Calculation for Used Metrics from Measured Data. 

 

 
 

Using the metric  (Figure 71) shows a diversion between 
the curves, and does not say much about two schemes except that the injection 
mechanism outperforms the negotiation mechanism with hybrid mobility. The 
behavioral relationship is nevertheless better shown (to be a behavioral pattern and 
distribution similarity) is better seen using metric m1. 

 

Figure 71: Metric 2 Adds Linear Delay and Quadratic Jitter.
 

I hence see that for each particular pattern or scenario use-case, a specific 
composite metric is suitable. In my case m1 turns out to be more suitable then m2 due 
to the resemblance and correlation between the two data patterns for session setup 
delay. 

8.7 Chapter Summary 

I have shown that it is possible to use a different signaling mechanism in open 
access WLAN-based networks for a better performance. When replacing classical 
P2P negotiation via SIP messages with resource control at the access point, all the 
mobile stations needs to do is to re-compute their session resources after a handover 
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and then launch an updated stream. This technique yields lower delay values and 
more strongly bounded jitter. The key issue here is fewer bytes and messages for 
session setup or update in the parameter injection scheme compared to negotiation. 
Jitter reduction from around 23 milliseconds on the average down to around 11.5 
milliseconds yields a much better perceived audio quality for VoWLAN. Optimizing 
session setup delay cycle times and the variation of those cycle times (what I call 
session jitter) contributes to stabilizing voice-over-WLAN and makes it an attractive 
application and service for virtual operators and service providers. Furthermore, the 
metrics used in my research work allow graphically conveying the system behavior 
and pattern in session delay distribution and bounds. The demonstration was 
performed for a pedestrian speed experiment, but the work can be extended to low 
and intermediate speed vehicular scenarios. 

Future work includes activities such as using more metrics e.g. by Brannstrom et 
al. [RB2] that variously combine jitter and delay in order to formally represent each 
signaling scheme and evaluate it. In addition, scalability tests for VoWLAN can be 
done to see how different signaling schemes perform with increasing load.  
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Chapter 9: A Parameter Injection Algorithm for 

Real-time Traffic in 802.11 Open Access 

Networks6 

                                                           
6 This chapter is based on the publication 
 
M. Elkotob and S. Albayrak: A Parameter Injection Algorithm for Real-time Traffic in 802.11 
Open Access Networks, In Proceedings of 50th IEEE Global Communications Conference 
(GLOBECOM 2007), Washington D.C., USA 26-30 November 2007. 
 
Minor changes have been made to the publication to improve the presentation. 
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A Parameter Injection Algorithm for Real-time Traffic in 

802.11 Open Access Networks 

An Open Access Network (OAN) is characterized by the fact that private WLANs 
and broadband access lines are made available for public use, enabling bypassing 
mobile users to profit from continuous coverage. My insight is that in wireless OANs, 
the overhead required for the launching or reconfiguration of a real-time session can 
be drastically reduced. I propose an algorithm which performs parameter injection 
into a multimedia data stream instead of following the classical negotiation path 
typically used. A solution to change the session characteristics of an application that 
adapts to varying network conditions was developed, including a QoS solution with 
SIP and MIP to optimize the session characteristics by taking into account the 
changed conditions in the network. With my approach, I achieve a reduction of a 
factor of 2.5 for session signaling delay, and excellent jitter values in the range of 10-
15 milliseconds as my implementation results show. 

9.1 Introduction and Motivation 

This chapter focuses on the design, implementation, and evaluation of a new 
algorithm for managing signaling for automatically updating real-time session settings 
in a multi-cell open access network. In such a network a station traverses open 
WLAN access points which are adjacent and provide continuous coverage.  

 
The current trend in telecommunications is constantly witnessing an increase in the 

demand for resources by mobile applications and services. Various mechanisms have 
been proposed to cope with this scarcity of resources in the wireless world [BG1], 
[HS1], [TT1], [RR1], [SF1]. Real-time applications are not only resource consuming, 
but also have very rigid restrictions on network quality parameters such as jitter and 
delay [PC1]. This makes it especially difficult to handle this class in OANs. Due to its 
abundance and ease of deployment for operators, as well as its portability, IEEE 
802.11 [802.11] is an ideal choice to build an interconnected mesh-like network 
which shall provide coverage and connectivity to mobile users.  

 
During mobility, the capacity distribution algorithm (CDA), may decide to 

redistribute the capacity over all associated WLAN stations. Various reasons may 
trigger this redistribution, including the situation that certain stations jeopardize the 
profile conditions committed to others. A redistribution of capacity affects the 
network capacity that can be used by a mobile station and this in turn may affect the 
quality experienced by the end-user. Actions may be needed to minimize the effects, 
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realized by changing the settings of real-time applications. The algorithm that 
optimizes QoS settings of real time sessions dynamically copes with capacity 
redistribution effects.  

 
The algorithm takes into account the SDP/RTP [RFC2327] configuration algorithm 

for handovers and uses mapping tables to compute whether changed committed 
profiles require updates for running applications. It then performs these updates if 
needed. The updates may be realized by selecting a different codec and may require 
communication with the server to inform it about the changes. 

 
The chapter is structured as follows. After this introductory section, Section 9.2 

summarizes related work. Section 9.3 explains my approach for QoS brokerage and 
capacity management in WLAN-based Open Access Networks. Section 9.4 then 
moves on to introduce the parameter injection algorithm in itself in addition to 
wrapping up the resource brokerage process for real-time traffic. Section 9.5 evaluates 
the results achieved in this chapter quantitatively, whereby the designed algorithm is 
implemented and tested for performance. Section 9.6 then concludes the chapter. 

9.2 Related Work 

Zhang et al. propose a path-oriented, quota-based QoS brokerage method which 
aims at increasing the overall call processing capability of the bandwidth broker box 
[ZZ1]. They rely on path-level admission control and link level bandwidth allocation. 
They differ from my approach in the sense that their architecture is very centralized, 
having one box with a single bandwidth broker in the deep backend; whereas my 
approach uses many last-mile QoS brokers which are light-weight and optimize 
capacity based on air-time quota [FP2]. 

Duan et al. propose for the QoS bandwidth brokerage issue to decouple the QoS 
control plane from the packet forwarding plane [ZD1]. They store QoS reservation 
states and manage all those states inside the bandwidth broker in addition to 
performing aggregate and per-flow management. Again their approach lacks the light-
weight property and is too centralized. 

Krishnamurthy et al. focus in their QoS broker on dynamic path conditions which 
influence the route between the source and destination involved in a bandwidth 
brokering scenario [AK1]. In other words, they manage admission control requests 
dynamically to reflect the changes occurring in a dynamic topology consisting of 
moving nodes. The brokering process is then responsible for path tracking for all hops 
that change in an end-to-end path. Such an approach is not scalable and ceases to 
perform well as the number of hops between the source and destination increases. 

Nahrstedt et al. integrate the resource reservation functionality with their resource 
broker module [KK1]. I on the other hand rather use policing and discarding traffic 
which violates the agreement between the served station and the broker on the last 
mile. Nevertheless, the approach used in [KK1] has several similarities to my 
resource management scheme. For instance, they use a client scheduler and client 
information table, a module on the terminal which communicates with entities in the 
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network for optimizing admission control and resource utilization. I use a local 
resource management module on the client functionally similar to an operating system 
and responsible for resource partitioning among traffic types; that is to say, creating 
flows out of one flow. This is outlined in Section 9.4 of this chapter. Nahrstedt et al. 
also use event-based triggering to perform updates on the allocated resources by a 
broker to a terminal giving a dynamic touch to the brokering mechanism. 

9.3 QoS Brokerage and Capacity Management 

9.3.1 QoS Budget 

As a result of the un-proportional fraction between overhead and data when the 
transmission speed of a WLAN station decreases with rate adaptations, the commonly 
used parameter "bit rate" does not provide accurate insight in load conditions and/or 
traffic demands in WLANs. The IEEE working group addresses the inefficiency by 
introducing block acknowledgements, in the draft IEEE802.11e standard. This will 
reduce, but not eliminate the situation. To deal with this, the solution proposed in 
[FP1], [FP3] is followed and a multi-service traffic profile is used as a throughput 
parameter. Each traffic profile consists of a tuple {Average Packet Size(APS), 
Average Packet Rate (APR)} and defines the QoS budget for each terminal. The QoS 
budget can further be distinguished into two levels, namely the committed and the 
peak budget. WLAN stations can determine autonomously whether their network 
consumption is kept within limits and/or whether a newly started network greedy 
application still fits within the QoS budget given. 

 
As defined in the IEEE802.11e standard, terminals may distinguish between 

various traffic classes based on the time sensitivity of each application and may store 
packets of each class in a separate queue that is served with different priorities to 
ensure the end-to-end priority to time sensitive connections. The QoS budget forms a 
SLA for the WLAN and dictates the size and the frequency of packets offered to the 
WLAN layer and it is up to the station to prioritize certain packets or not. 

9.3.2 QoS Solution 

The shared nature of the wireless medium (in an unlicensed spectrum) poses 
several challenges and side conditions on QoS, including:  

• Available resources may vary due to interference or unfavorable channel 
conditions of individual users and should be shared among all stations in an 
efficient manner, possibly taking into account the user’s subscription. 

• Resource consumption in the (wireless) access network should be predictable. 
This requires proper assignment and control of resources to each station. 

• The admittance of stations should be limited so that an acceptable and 
configurable level can be realized. 
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• The solution should fit within the current QoS solutions offered by the IEEE 
802.11e standard. 

One aspect of QoS guarantees is to distinguish various priority classes. If the traffic 
ingress volume of a network exceeds the amount that can be processed, these 
mechanisms are not sufficient and QoS degradation is inevitable. This is why besides 
priority, QoS solutions must include indications about volumes, specified in the QoS 
budget. A component named QoS broker is associated with one or several WLAN 
access points to determine whether new users can be added without jeopardizing the 
QoS budget assigned to other users. 

Additional requirements to the resource planning in WLAN networks arise as 
stations may perform rate adaptation and may thereby affect the medium capacity and 
thus the available resources of all users associated. To counteract these and other 
unforeseen events (e.g. violations of the QoS budget), the QoS broker monitors the 
channel conditions and the user traffic to take measures when QoS guarantees may be 
jeopardized. 

Before users gain network access, their subscription must be obtained, defined in 
terms of QoS profiles. These profiles could either be stored locally, or in the network. 
In the latter case, vendor specific attributes of the authentication protocol are 
intercepted to obtain the subscription. From this set of QoS profiles, the QoS broker 
selects the one profile to be guaranteed and derives the minimum WLAN data rate 
needed for using this profile. The QoS profiles selected are subsequently 
communicated with the QoS element on the station. Consequently, the station is held 
accountable for not exceeding the selected QoS profile and is policed upon this limit. 
Traffic shaping prevents deletion of packets from each station. In turn, the QoS broker 
aims at meeting the QoS profile committed to each station by monitoring their traffic 
consumption as well as the channel conditions. A station moving away from the AP 
likely adapts its rate, consequently increasing the WLAN airtime consumption 
substantially. If a medium overload occurs, the QoS broker redistributes the network 
resources offered to all stations and updates the affected stations on their newly 
assigned QoS budget, see [FP3] for details. 

9.4 Real-time Traffic Resource Management in WLANs: 
The Parameter Injection Algorithm 

9.4.1 Autonomic Payload Type Configuration 

My algorithm which computes and allocates resources to real-time streams on the 
terminal requires information from several different input sources as seen in Figure 
72: 

• The average packet size and average packet rate from the QoS broker 
(described in Section 9.2 of this chapter, on the residential gateway). The 
APS and APR together form the airtime allocated to a station and their 
product corresponds to the network resources a terminal is granted. 
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• The device profile signifying which media formats are supported by a terminal 
(CODECs in software and hardware)  

• Information on the terminal from a local resource manager which determines 
what fraction of the overall network resources goes to each traffic class. The 
aim is to indicate how much of the overall bandwidth or airtime a station 
owns is allocated to real-time traffic. 

• Estimated duration of stay of a mobile station within the vicinity of an access 
point without being subject to major reduction in assigned airtime. This is 
predicted using parameters such as motion speed of the terminal, coverage 
size (range) of the cell to be visited, and any other supplementary 
information supplied to the terminal via the Candidate Access Router 
Discovery (CARD) protocol [RFC4066] or other sources depending on the 
architecture used. 

 
Figure 72: Collecting Input and Computing Result for Session Update for 

Injection into Stream. 

 

According to RFC 3551 [RFC3551], one can see that the first column s labeled as 
“PT” corresponds to the payload type which is designated by a unique numeric code. 
This standardized notation is exactly the same one used within media object 
descriptors in SDP (Session Description Protocol), RFC 2327 [RFC2327]. My aim is 
to automatically determine a suitable SDP configuration for various media channels 
and their corresponding parameters based on the dynamic situation within the 
network.  
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Figure 74 is an extension of the regular SDP payload type table with one added 
column on the right which depicts typical and statistically averaged data rates for 
various payload types. Swapping the table columns leads to what is seen in Figure 75. 

 

 
Figure 73: Table after Swapping PT and Data Rate Columns. 

 

 
Figure 74: Data Rates Used by Some Formats and PT Codes. 

 

 
Figure 75: Reversing the PT Table after Extending it with the Data Rate 

Column. 

 

This scheme performs a sequence of simple operations such as table column 
extensions, rotations, sorting, and row-merging. It interacts with a broker on the last 
mile in the residential domain. The broker allocates resources in the form of airtime 
budget periodically to the clients. Then an algorithm is needed to run on the client 
side and interact with the last mile broker in order to read the new budget and then 
manage it locally. My solution performs autonomic resource management for 
different media channels belonging to real-time applications. 
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Figure 76: BW mapping to Audio PT Codes. 

 
The tables in Figure 76 show the mapping for audio; based on RFC 3551 

[RFC3551], PT (Payload Type) values for various bandwidth ranges is obtained from 
by aggregating several rows into ranges. Entries in the second column of the table are 
filtered based on the device profile which should contain a list of software and 
hardware-based supported formats and CODEC groups. For instance, some client gets 
assigned for the audio channel on the uplink 6 Kbps; therefore I end up in the 1st row 
of the table (Figure 76); within the 2nd column with the formats: LPC which 
corresponds to PT code 7, G723 PT which maps to code 4 and QCELP corresponding 
to PT code 12. Assuming the device profile supports only the LPC and QCELP 
CODECs, only SDP PT parameter values “7” and “12” will be assigned to the audio 
part of the media channel for the uplink for the particular node in question. My 
algorithm then follows the same procedure for video media channels to configure the 
PT (payload type) codes for the SDP offer to be sent out. 

 

 
Figure 77: Video PT Computation Table. 
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Remark: my ongoing research also attempts at refining the bandwidth or data rate 
range bounds for finer granularity and better performance, especially concerning 
video encodings and formats. 

9.4.2 Parameter Injection Process 

The session update part consists of a computation phase and an injection phase 
outlined in Figure 78. The injection phase itself corresponds to calling a class with the 
newly computed parameters for reassigning the session parameters to obtain a new 
RTP stream with the updated configuration. This dynamic feature is supported 
already in many SIP stacks and media frameworks, but still may be subject to buggy 
stack performance in some cases. Moreover, the availability of protocols such as 
CARD [RFC4066], which provide information in a proactive fashion and the 
availability of information on coverage, encourage me to profit from this type of 
knowledge to reduce session signaling delay. I also try to configure the session and 
perform an update on it automatically and then inject the new calculated parameters 
into the RTP stream using the stack on the client which is an end point of the stream. 
In other words, terminals which use SIP-based real-time applications shall exchange 
their complete list of RTP supported payload types, once at the beginning. This 
delivered information is enough to determine the next session configuration when one 
endpoint is subject to changing channel conditions or a handover or a resource update. 

 

 
Figure 78: Parameter Injection Procedure. 
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The preconditions for performing a direct injection of parameters for RTP into a 
running stream are listed below: 

• Availability of enough information to compute realistic session parameters for 
the update; this is available thanks to certain entities within the architecture, 
located on the client (Figure 72) and on the last mile (QoS Broker mentioned 
in Section 9.3). 

• Standard conformity; this has been investigated and it is indeed the case. As 
stated in RFC 3264 [RFC3264] by Rosenberg and Schulzrinne: “An 
Offer/Answer Model Session Description Protocol”, section 5.1 on Unicast 
Streams. The related statement within the RFC is depicted below. 

• Feasibility; current RTP protocol implementations, SIP stacks, and signaling 
frameworks can cope with this. This is also the case, as I was able to 
successfully conduct parameter injection into running RTP streams 
bypassing renegotiation with minor difficulties. 

Quoting RFC 3264: An Offer/Answer Model Session Description Protocol Section 
5.1 “Uni-cast Streams”: The list of media formats for each media stream conveys two 
pieces of information, namely the set of formats (codecs and any parameters 
associated with the codec, in the case of RTP) that the offerer is capable of sending 
and/or receiving (depending on the direction attributes), and the RTP payload type 
numbers used to identify those formats. If multiple formats are listed, it means that 

the offerer is capable of making use of any of those formats during the session. In 

other words, the answerer MAY change formats in the middle of the session, 

making use of any of the formats listed, without sending a new offer. 

 
Figure 78 shows that negotiation has to take place at the beginning. It is extremely 

important that not only parameters for a particular session start are exchanged, but 
rather that all capabilities of both end-points are shared within the first SDP frame as 
shown in the picture. Then during mobility, having the full list of each others’ 
capabilities, terminals would not need to negotiate for a new session update because 
the resource information is available from the QoS broker and the full Payload Type 
(PT) and CODEC list is obtained in the first cycle. Furthermore, other information is 
obtained by local modules on the terminal (Figure 72). The process of updating a 
session upon resource reallocation or a handover is thus composed of 2 main phases: 
a computation and information gathering phase followed by the phase where the 
computed parameters are then injected into the running RTP stream (Figure 78). 

 
Concerning the computation of the data rate for an individual SIP-based (real-time 

or RTP based session), the formula in Figure 8 is used. Simply multiplying the 
average packet size by the average packet rate yields the effective airtime data rate. 
Then this has to be multiplied by 8 to convert bytes to bits. The result has then to be 
multiplied by the fraction of overall bandwidth which is allocated to real-time traffic; 
this corresponds to the fraction (percent) variable divided by 100. Finally, the 
intermediate result which is the data rate allocated to realtime traffic has to be divided 
by the number of multimedia applications. The division by a factor of 1000 is to 
obtain a result in Kbps not bps. Then I assign one fourth of the bandwidth to the audio 
channel and the rest to the video channel within a single multimedia application. 
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Datarate=(apr*aps*8* fraction) / 

(100*appCount*1000); 

audioDR = datarate/4; 

videoDR = 3*datarate/4 

Figure 79: Computation Process. 

 

The next section will evaluate the performance of the implemented algorithm and 
provide some insight on limitations and gains achieved. 

9.5 Performance Results and Evaluation 

9.5.1 Gain on Session Delay Reduction 

Figure 80 depicts the pure case of comparing the 2 approaches with the same 
scenario (same input file with network parameters, same network conditions, same 
duration for each session before update), and then the times required to set up the 
sessions are marked (based on the signaling procedure in Figure 78 versus classical 
negotiation). The negotiation algorithm interacts more with remote entities, whereas 
the injection scheme requires a slightly longer local computation but fewer remote 
interactions. 

 

 
Figure 80: Delay Profile of Negotiation vs Injection Algorithm. 
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Figure 81: Parameter Injection Performance. 

 
Based on figures 80, 81, and 82, I make the following observations: 
 
- Convergence towards a statistical pattern as verified with many runs is observed 

in Figure 10 whereby the session signaling delay average stabilizes at around 38 
milliseconds when using the parameter injection algorithm. Session signaling 
reduction by as much as a factor of 2.5 is achieved for small runs with 300 handovers 
or parameter update cycles and a factor of 94 milliseconds/38 milliseconds = 2.47 
times is achieved for large runs which is still a significant reduction on session 
signaling delay. 

 
- Figure 82 shows that the jitter profile, which does not vary from large to small 

runs, has a low jitter value on the average of around 10 to 15 milliseconds. This is 
very good for real-time traffic especially for the jitter-sensitive voice traffic category. 
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Figure 82: Jitter Profile for the Injection Algorithm. 

9.5.2 General Benchmarking 

 

 
Figure 83: Quality Levels and Parameters from [PC1]. 

 
According to [PC1], values for delay, jitter and packet loss rate (basically network 

QoS atomic parameters) can be grouped into 3 main ranges for quality good, 
acceptable and poor. The negotiation algorithm falls on the border between good and 
acceptable in terms of delays under good network conditions and in terms of jitter, it 
falls within the acceptable range, being subject to distortions and perturbations for 
VoIP users in sensitive wireless environments. On the other hand, the injection 
approach proposed provides very low jitter values and also drastically shorter session 
update times which never even get out of the first half of the good interval. 
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9.6 Chapter Summary 

As seen throughout the chapter, the implementation of the algorithm (injection 
algorithm) which is a ramification case of the parameter negotiation RFC saves 
greatly on performance, reduces delays and provides better (lower) jitter values as 
well as session update delay values. Concrete verification of feasibility, 
implementation technical details and concrete performance results in real scenarios 
have been presented as well. I achieve an improved value of 10 to 15 milliseconds for 
jitter and a factor of 2.47 in terms of session signaling delay. Future work would be to 
further refine the different ranges where PTs are mapped to data rate intervals and 
also to optimize work on the terminal, especially in terms of partitioning bandwidth 
among traffic types and among several applications within a single traffic class. Also 
issues such as dependency on the topology and on traffic flow patterns would be 
beneficial for the algorithm. 
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Chapter 10: Smart Middleware for Mutual Service-

Network Awareness in Evolving 3GPP Networks7 

                                                           
7 This chapter is based on the publication 
 
S. Albayrak, M. Elkotob, and A. C. Toker, Smart Middleware for Mutual Service-Network 
Awareness in Evolving 3GPP Networks, In Proceedings of IEEE COMSWARE, Bangalore 
India, January 6-10, 2008 
 
Minor changes have been made to the publication to improve the presentation. 
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Smart Middleware for Mutual Service-Network 

Awareness 
An important feature of the upcoming fourth generation wireless networks is using  

I have designed a smart middleware and have been working on implementing and 
deploying it as a landmark architectural piece run by nodes of the Future Internet. The 
middleware I propose aims as a main goal at making applications and services fully 
network-aware in the sense that they utilize network resources and tune their own 
demands based on what the underlying networks can offer. On the other hand, the 
smart middleware makes networks service aware in the sense that networks also adapt 
their configuration to service demands. Challenges of the Future Internet such as 
scalability, increased interoperability, and smart collaboration between engines are 
addressed by the proposed middleware. Focusing on 3GPP networks including IP 
Multimedia Subsystem (IMS) networks, this chapter presents the architectural design 
of the middleware and shows in two showcases how and why it is capable of 
addressing future challenges. Scenarios such as service and network-aware 
coordinated load balancing and “always-best-connected” as a service verify the merits 
of smart middleware design. 

10.1 Introduction 

As networks evolve today, new types of applications and services emerge. 
Moreover, the demand for higher dynamic support that copes with changing 
application and service requirements is gaining importance. Several approaches to 
tackle this challenge have been adopted in research for quite a while. One alternative 
is overlays. Other approaches for matching application and service requirements with 
available network capabilities in the telecommunication domain are abundant as well. 
Examples are OSA-Parlay [OP1], the Open Mobile Alliance (OMA) [OMA] 
approach, Parlay-X [PX1], and different middleware alternatives. 
 
I firmly believe that a new middleware architecture with innovative aspects in terms 
of: full support along the whole path rather than at the front and backend nodes, 
highly service-aware networks, network aware services, and intelligent coordination 
and cooperation capabilities is the right answer to the upcoming challenges in next 
generation networks.  
 
In [RG1], Ginis et al. talk about “Autonomic Middleware”. They claim their 
middleware to possess a series of autonomic capabilities such as self-optimization, 
self-deployment, and automated fault tolerance. The system they propose mainly 
bases itself on “smart monitoring” which can also be offered to external entities as a 
separate functionality. The authors at IBM Research use the middleware in question 
for optimizing environments which heavily perform media streaming and act as 
Content Delivery Networks (CDN). They define two main services whose behaviour 
possesses a certain degree of autonomy: the Placement Optimization Service and the 
Deployment and Monitoring Service. The Placement Optimization Service performs 
estimates related to traffic (packets, flows) and message rates based on a particular 
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network topology, available brokerage nodes, client locations and numbers, and so on. 
Then distribution of computational load is done according to the collected and 
deduced information (topology, expected traffic flow, etc.). The other service is the 
Deployment and Monitoring Service. It executes the placement decisions determined 
by the placement optimizer. Upon changes in load (requests, subscriptions, packet and 
message traffic, etc), the module redistributes the intelligence and computational tasks 
as well as the control logic (decision-making) by displacing modules based on which 
current configuration the system is in.  

In [YC1], Cho presents middleware as a solution for the interoperability problem 
between several electronic devices. Electronic devices possess different computation 
and communication capabilities. In the proposed architecture, a unit called a 
middleware manager controls several other units in a centralized fashion. Global 
information is collected about the ambient (home) environment and then decisions are 
made centrally with distribution tasks for processing and messaging assigned by the 
middleware manager to different entities in the home network. 
Universal Plug and Play (UPnP) [PNP] is a set of computer network protocols 
promulgated by the UPnP Forum. The goals of UPnP are to allow devices to connect 
seamlessly and to simplify the implementation of networks in the home (data sharing, 
communications, and entertainment) and corporate environments. UPnP achieves this 
by defining and publishing UPnP device control protocols built upon open, Internet-
based communication standards. The reference to this initiative and to its forum can 
be located at [PNP].  

Jini network technology [JINI], which includes JavaSpaces Technology and Jini 
extensible remote invocation (Jini ERI), is an open architecture that enables 
developers to create network-centric services. They are either implemented in 
hardware or software and are highly adaptive to change. Jini technology can be used 
to build adaptive networks that are scalable, evolvable and flexible as typically 
required in dynamic computing environments. 

The Common Object Request Broker Architecture (CORBA) [CRB] from the 
Object Management Group (OMG) [OMG] is the most classical middleware 
architecture which has evolved over the years to cope with the growing demand on 
interoperability between systems. CORBA is a standard defined by the Object 
Management Group (OMG) that enables software components written in multiple 
computer languages and running on multiple computers to work together. This 
principle has been kept in this fashion without adding any network-aware or service-
aware aspects, but rather attributing this privilege to software components written in 
various languages. 

10.2 Motivation 

Taking a look at the state of the art, I observe a multitude of approaches for 
middleware solutions. What I observe is a lack of network awareness from the side of 
services and the lack of service awareness from the side of networks. Middleware has 
so far provided abstraction for interoperation of different entities but not considered 
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different viewpoints at the same time; e.g. service provider, user, and network 
operator.  

Another point is that middleware solutions have functioned in an end-point fashion 
so far. One end point is the client and the other is the middleware container entity, 
usually a backend box. I tackle this issue by making all nodes in the environment 
service engines running the proposed middleware and thus able to communicate, co-
operate, and provide the necessary middleware support along the whole data and 
service path. 

I address those challenges with the middleware by collecting different application 
and service requirements and translating them into consequences and configurations 
for the underlying networks. At the same time, the middleware I propose closely 
monitors network resources and capabilities and makes the applications and services 
on top aware of the occurring changes in network conditions.  

This Chapter is organized as follows. After this introductory section I move on to 
describe the architecture both at system level and at node level. Then I go through the 
different features of the middleware and propose a deployment scenario consisting of 
an evolved 3GPP data network with IMS as the service delivery platform. Afterwards, 
I present two case studies with technical argumentation justifying how the 
middleware architectural approach suits real-life situations in networking and 
addresses future challenges. Finally I wrap up with an outlook and conclude this 
chapter. 

10.3 Architecture 

10.3.1 System Architecture and Features 

A high-level overview of the architecture is provided in Figure 84. Each node in 
my future internet vision which runs the smart middleware will be able to cooperate 
with other peer nodes, which can either be terminals, servers, access routers on a 
middleware level. This cooperation, coupled with the intelligence that the proposed 
middleware adds to the node, without changing the actual node implementation, 
allows applications and services to be network aware. If the node developers are 
willing to extend their implementations in a way that utilizes services provided by the 
middleware, the network nodes can be made service aware. Thus the smart 
middleware is capable of making 

• the applications network aware 
• the networks service aware 

I now discuss these properties in more detail, and try to isolate the capabilities of 
the middleware that realize the aforementioned properties.  
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Figure 84: Abstract Architecture. 

10.3.2 Network-Aware Services 

The middleware monitors the state of the communication on different layers. For 
this it has to communicate with the kernel on the user and kernel level. Monitoring 
involves the collecting information from underlying networks about their status in 
terms of available resources and low-level network parameters. The collected network 
related information is provisioned to the related applications in a standard and 
structured format. According to changes in these collected network information the 
adaptation of the application as an answer to changes in the network layer is the duty 
of the application. Yet the middleware can be loaded with policies, which makes 
adaptation possible for network agnostic applications. 

Information provided towards the applications can be given after explicit queries, 
subscriptions or interrupts. Interrupts that the middleware forward to the matching 
application paves the wave for self-aware applications where the application is aware 
of the node status on which it is running. Information provided towards the 
applications includes the feedbacks of requests on the network layer earlier, which 
have been delegated by the middleware. 

Applications and services delegate downwards to the middleware their 
requirements in terms of network usage, required quality, level of security, and 
specific personalized settings related to the service in question. The applications, in 
addition to accessing the network information through a standardized format, are also 
able to request the network node to perform certain allowed actions which would 
change the resource allocation in the network node through middleware. This 
delegation is also provided in a standardized way. One can say that the proposed 
middleware provides a virtual network node to the applications, whose functionalities 
and internal properties are accessible through a structured and standard format.  
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The components of virtualization include: 
• Standard API 
• Meta description of application capabilities, requirements and properties 

The standard API is in fact an interface towards applications and services to be 
able to read their demands and provide them with feedback coming from the 
middleware.  

10.3.3 Service-Aware Networks 

Middleware also provides information towards the network protocols, if they are 
interested. These information pieces include, but are not limited to service classes, 
service requirements. By making use of service data, and also using network context 
data organized in a structured way and made easily accessible, the network node can 
be self aware and realize various self-* aspects. These include: 

• Self-monitoring: A system is self-monitoring when it is capable of measuring the 
different parameters which determine its state in terms of available resources, 
functioning modules, and general status. For self-monitoring, information collection 
as well as sensing and detection are essential.  

• Self-healing: This feature corresponds to the ability of a system to recover from 
faults, drops, crashes (mainly software), and deadlocks. This is crucial for nodes on 
which many other nodes depend. For instance a core router serving many access 
routers has to possess recovery and self-healing capabilities otherwise all attached 
access routers will suffer for a long time if no fast recovery after a system fault or 
crash takes place.  

• Self-organizing: This term from autonomic communication can be applied to 
several contexts. A self-organizing network is a set of nodes which is able to form a 
network by organizing and arranging itself accordingly. A self-organizing system is 
one which is able to organize its components and modules in such a way that they 
form consistent services and applications that match the system and user requirements 
and condition terms.  

• Self-awareness: Self-awareness is very closely related to self-monitoring. It also 
involves a lot of self-monitoring and then includes a step further. The further step is 
about determining the concrete state and status of the node either from a state space 
by direct mapping and matching or by doing fuzzy logic and approximations. The 
important fact about this feature is that it adds a lot of autonomy and intelligence to 
the behavior of a node. A self-aware node or network is able to act intelligently. 
Particularly for my research work, self-aware networks and self-aware services are a 
key to making awareness mutual, namely: making networks service aware and 
making services network aware. 

10.3.4 Node Architecture 

In this section I introduce the proposed node architecture, which gives the nodes 
running the middleware the properties I described earlier such as simultaneous 
network and service awareness, virtualization and scalability. I start exploring the 
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components of the architecture from the perspective of users of the middleware, 
namely the applications and the operating system. 

 

 

Figure 85: Component Architecture. 

As shown in Figure 85, the applications interact with the Application Interface 
module. The applications provide their functional and non-functional properties, 
which are a part of the node context, as well as their service requirements 

The Application Interface Module is responsible for forwarding these context 
forming information elements to the Context-Awareness Module, which is to be 
described later. The Context-Awareness Module can explicitly ask for certain 
information elements from the applications through the Application Interface Module. 
Applications are allowed to gather functional and non-functional information from the 
Context Awareness Module through the Application Interface Module. The 
applications can also request certain actions to be executed locally on the node or 
remotely, such as reserving of resources in an integrated services type of QoS 
environment or the changing of service classes in a differentiated services 
environment. Such requests are to be dispatched to the Smart Central Module.  
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Figure 86: Deployment Architecture. 

 

Matching sub-component is responsible for controlling the flow of information 
towards and from the applications, and act like a “dispatcher” for requests, replies and 
asynchronous messages exchanged between the applications and the middleware. The 
Abstraction sub-module presents the context information in a standard and organized 
format, as well as providing standard methods for accessing and modifying node 
internal and remote resources. The Kernel Interface Module has a similar function, 
albeit it regulates the interaction with the operating system, which in turn has 
implementations of the networking protocols and device drivers of the installed 
networking hardware.  

The Context-Awareness Module uses the Kernel Interface Module access 
information offered by the operating system and device drivers, so as to be context 
aware on all the protocol layers that exist on the node. The Monitoring sub-module is 
responsible for informing the Smart Central Module for sudden changes in certain 
parameters or operating system interrupts, which allows the Smart Control module to 
demonstrate the so called self-star capabilities such as self healing. On the other 
direction of the information flow, the operating system may access the local and 
remote service and networking context information through the Kernel Interface 
Module. The Smart Central Module can change the values of certain operating system 
variables or initiate allowed kernel procedures as response to application requests, or 
to react to changes in local environment in a self aware manner. This is the job of the 
execution module. 
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The Context-Awareness Module is the central module which gathers local and a 
selected number of remote context forming information pieces, and stores in the 
internal Context Database. The information elements coming from the applications 
through Application Interface Module, cross layer through the Kernel Application 
Module and remote information coming from the Communications Module are pre-
processed to filter irrelevant or damaged data. The processing of certain data can be 
influenced by the operating system or applications. For example the application can 
suggest averaging out the end to end delay which is originates from the operating 
system, or the operating system may require the maximum bandwidth request coming 
from the applications. Once the pre-processing is complete the plain context 
information is stored in the context database. Reasoning sub-module is responsible for 
drawing conclusions and more refined information from the plain context such as 
service usage statistics or predictions on local context information, so as to be pro-
active. The Context-Awareness Module is also responsible for coordinating the modes 
of access to the information. Classical subscription based, request-reply type of access 
are supported. The Reasoning sub-module and Monitoring sub-module also generate 
asynchronous interrupts. These interrupts are sent to the Matching sub-module, to be 
forwarded to relevant applications and Smart Central Module for self-awareness.  

The Smart Central Module is the core component of the architecture. It consists of 
functional sub-modules. These sub-modules are responsible for gathering application 
requests and local and remote networking context, comparing them and taking 
decisions on actions to be taken based on the policies stored in the Policy Database 
and taking appropriate actions. These actions include setting the values of certain 
operating system variables, calling operating system or device driver functions to 
change software or hardware behavior, requesting similar actions on a remote node 
through the Communications Module or asking the applications to change their 
requests. It should be noted that policy based decisions allow adaptations to the 
applications to be done by the applications themselves in the case of intelligent 
applications, or by the middleware itself in the case of context agnostic applications. 
In addition to standard functional sub-modules such as QoS, Mobility, Security and 
Routing, it is also possible to run optional functional modules, which are able to use a 
certain set of operating system functions and understand a set of application 
requirements and networking context. 

Communications Module is composed of three sub-modules. The central sub-
module is responsible for coordinating the communication to other nodes running the 
middleware. Message scheduling, message advertising, soliciting for services and 
answering these solicitation messages are tasks of the Communications Broker. It 
uses the help of other two sub-modules, namely the Service and Peer Discovery sub-
module, which locates services on different peers running the middleware, and the 
P2P sub-module, which handles the addressing of found peers and services. 

By gathering application requirements and properties, and making it available to 
the operating system the middleware makes the network node on which it is running 
service-aware. Similarly one can say by gathering local and remote networking 
context, and providing this to interested applications, the middleware makes them 
network-aware. The reasoning and monitoring properties of the proposed middleware 
combined with the policy based decision making mechanism makes the nodes running 
the middleware self-aware and self-healing. The abstraction of the operating system 
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functionalities and the context information provides the much needed virtualization of 
the networking nodes.  

10.4 Deployment Scenario 

In this section I propose how the middleware can be deployed in an evolved 
operator network. The deployment scenario is of a future operator network an 
integrated all-IP core connected to heterogeneous access networks for providing 
ubiquitous connectivity, and using IMS to present user with data intensive interactive 
multimedia services, based on the proposal given in [3GPP1], and depicted in Figure 
86. 

I propose the middleware to run on the user equipment, as it is the only place to 
obtain real-time information about the networking and computing context, in which 
one end of the applications used is running. Furthermore I foresee the middleware 
running on the PDN Gateway. As described in [3GPP1] and [3GPP2], PDN gateway 
acts as a mobility anchor point. In addition deep packet inspection, in which packets 
destined to users are inspected for their contents, takes place at this node. So in order 
to obtain detailed service, mobility and resource allocation information, and use 
network controlled mobility functionalities middleware should be running on PDN 
Gateway. PCRF, which is described in [3GPP3] is the core network node where the 
resource allocation decisions are taken. In addition it is the node that has access to 
service providing entities. In a similar reasoning, in order to obtain service and 
resource allocation information and make the resource allocating functionalities 
available to the applications the middleware should run on this node. Finally HSS 
where user and service relations are kept is also a suitable place for the middleware to 
run.  

Similarly, in the IMS domain, I propose the middleware running on Application 
Server (AS)-where the applications are formed and launched-from the service 
provider-, as it is the only place to obtain real-time information about the networking 
and computing context, in which the other end of the applications is running. The 
Incoming Call Session Control Function (I-CSCF) intercepts and processes incoming 
calls and requests in the signaling domain. Using the proposed smart middleware, the 
I-CSCF will be able to handle incoming request from peer IMS domains as well as 
from evolving 3GPP domains in a context aware fashion. This is because the smart 
middleware provides two types of awareness: service aware networks and network 
aware services. The Serving Call Session Control Function (S-CSCF) in IMS contains 
most of the proxying and call routing logic in the IMS plane. When the smart 
middleware is used on S-CSCF, then call routing and proxying which better match 
application requirements to network capabilities can be done. This increases overall 
system efficiency and offers better performance of the single IMS domain where the 
middleware over S-CSCF is deployed. 
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10.5 Usage Scenarios 

10.5.1 Application-Aware Load Balancing from Experiments 

In next generation heterogeneous network environments, it is often the case that a 
mobile terminal has a choice among several networks (and network types) to get 
connectivity. Application demand for resources changes depending on the service 
usage pattern of a user, the type of subscription, the content of the data used, etc. For 
instance, when playing several music or video news clips from different providers, 
then a multi-peak curve is obtained.  

In a scenario where a user requests several content pieces such as video clips for 
music or news, then the pattern will be a sudden increase to a certain value, then held 
constant for some time, then again going down while emptying the buffer. Then when 
the 2nd content piece is requested, then the demand then increases again in the 
mentioned form, and so on. 

 

 

Figure 87: Applications, Middleware and Network Interactions for Load 

Balancing. 

Classical adaptation mechanisms would have a hard time coping with such a 
pattern although it is quite common. The smart middleware however, makes the 
application whose demands vary according to some part (e.g. such as the one depicted 
above) network aware and makes networks application aware. I come to this issue on 
an entity-messaging level as shown in Figure 88. Applications forward their change 
requests to the smart middleware which then in turn talks to the network. Moreover, 
different middleware entities after performing mutual discovery and establishing a 
link can negotiate different parameters or exchange demands and other pieces of 
information.  

I strongly pursue the point that underlying networks are able to coordinate among 
themselves to improve load distribution.  

The knowledge on how to distribute load, how to redistribute resources, how to 
grant what to whom is a feature of the middleware. As seen below, after receiving a 
change request, the middleware talks to the underlying network which then returns a 
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response in terms of what can be offered and how close to the change-request the 
network can adapt itself.  

After seeing that the network is unable to satisfy the change request desired by the 
application to grant it the necessary resources, the middleware issues a discovery 
process, finds a peer node running an instance of the smart middleware. Upon 
establishing a link with the peer node, the latter requests its own underlying network 
to share some resources and allocate them to the former requesting node on which the 
application is running. Once this is done, the load is cooperatively redistributed and 
the application demands are properly met.  

10.5.2 Always Best Connected as a Network Service 

 “Always Best Connected” (ABC) is a term coined down by Gustafsson and 
Jonsson [EG5]. In a network providing always best connected service the mobile user 
is not only able to connect to his services all the time, but also using the most 
appropriate access technology chosen among the available heterogeneous access 
technologies, where the “best” for a user is related to his service profile and 
preferences. The proposed architecture in [EG5] requires an ABC operator 
undertaking different tasks required for providing the ABC service. In a joint project 
with Nokia Siemens Networks [AT1] I have explored the possibility of providing 
always best connected services with the help of coordinated policy based mobility 
decision engines running in the core network and the user equipment. In this section I 
try to demonstrate the services provided by the ABC operator may be considered as a 
distributed application made possible by middleware running nodes.  
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Figure 88: Load Balancing Message Sequence Chart. 

In the scenario summarized by the flow diagram in Figure 88 middleware runs on 
the end device, on the access routers of different access technology subnets, on the 
node that stores the subscription data and the application server to which the user is 
connected to for accessing multimedia services. In the figure the decisions and the 
related message exchanges that are not middleware initiated are a denoted with dotted 
lines. The scenario starts with the user requesting a new multimedia application from 
the application server. The normal procedure without the middleware would be 
application server contacting the subscriber service to authorize the request, and 
sending the data on successful authorization. In the case of the middleware enabled 
network the kernel interface monitor on the subscriber database would detect this 
authorization request and forward it to the ABC application running on the node. The 
ABC application notifies the resource manager middleware about the change in 
bandwidth need. The resource manager has an ABC application running on it which 
uses node internal functionalities through the middleware to reserve resources. It also 
can notify the access router of the access network the user is connected to reserve 
radio resources. The ABC application there would again be using the node internal 
capabilities through the middleware. The applications would be dealing with 
virtualized network nodes thanks to the middleware. The application running on the 
application server would only start streaming data after receiving from the 
middleware a message, which notifies the successful reservation of the resources. 
This is an example how the middleware makes the networks service aware without 
modifying the node internal procedures. Now I go through another scenario which 
demonstrates how middleware makes the services network aware without modifying 
the services.  
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Figure 89: ABC Message Sequence Chart. 

In the second scenario let us assume the user device decided to use another access 
technology, as it is the best for his needs. After completing a Layer 2 handover it will 
first try to obtain a Layer 3 address from the access Router 2. The ABC application 
running on access Router 2 senses this through the middleware and notifies the 
mobility entity of the middleware on the resource manager. The ABC application may 
use the node internal functionalities to reserve resources before notifying the 
application about the available resources again through the middleware running on 
both of these nodes. The resource manager middleware again can contact the access 
router to reserve radio resources through the middleware. When the access router 
finally gives the layer 3 address, the middleware notifies the application server about 
the finalization of the handover and the application sends the data in a modified 
format which matches best to the access technologies capabilities. Note that this 
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adaptation can also be executed by the middleware on the application service, in case 
of dummy applications.  

10.6 Chapter Summary 

I presented a middleware architecture that makes networks service aware and 
services network aware. The verification of the fact that this architecture of the smart 
middleware is solid and beneficial took place using two case studies one for load 
balancing and the other for “always-best-connected” for a terminal. I presented a 
system level as well as a node level architecture and discussed how such a 
middleware can be deployed and used on different types of nodes in the 3GPP and 
IMS domains. Bearing in mind that most of the control logic and functionality of the 
presented middleware is already implemented in the lab; the major next step would be 
to bring everything together in a systematic fashion. This would ensure the 
availability a consistent and running middleware that can be simply deployed and 
used in future networks. 
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Chapter 11: Conclusions and Future Work 

 This chapter summarizes and concludes the thesis, and also shortly highlights 
future work. It also outlines the work presented in this thesis in terms of technical 
results and research outcomes. 

11.1 Summary 

As already mentioned in the introduction, the presented work in this thesis 
addresses one main research question: 

• How to boost multimedia application performance by making network 
resource management more efficient and more systematic? 

In terms of results, this thesis proposes mechanisms in the form of algorithms and 
protocols for improved network resource management for multimedia traffic in 
wireless networks. The three most important of those are: 

• A signaling protocol for multicast enabled IMS communication and 

improved performance due to removing the 3G downlink bottleneck in V2I 

(Vehicle to Infrastructure) communication scenarios. The contribution 
includes a proposal for a network architecture, a signaling protocol built 
on IMS and multicast for improved resource management, and a scientific 
methodology for steady state performance modeling; 

• An algorithm based on statistical learning techniques for increasing and 

stabilizing the obtainable multimedia quality of experience (QoE) with the 

available network resources;    
• A parameter injection algorithm for proactive adaptation to network 

resource level changes in open access networks. The contribution besides 
this algorithm includes architectural work and also intelligently 
combining information from several protocols (namely MIP, SIP, and 
CARD) for improved resource management. 

The presented work embodies the following contributions: 

1. Systematic steady-state performance modeling for multicast-enabled IMS 
signaling in a V2I scenario with various traffic patterns; mathematical 
modeling, factorial design, statistical analysis, and OPNET simulations are 
used for proof-of-concept for this contribution; 

2. Implementing a control-loop-based resource management mechanism for 
keeping the highest possible level of QoE in heterogeneous access networks 
(HAN) during mobility; 



Chapter 11: Conclusions and Future Work 

 173

3. Designing a resource management signaling scheme for multicast extended 
with IMS supported by a service model, performance modeling and OPNET 
simulations; 

4. Developing an IMS-based V2I model in the OPNET simulator to identify 
network resource bottlenecks and work on mitigating them; 

5. Developing mathematical methods for performance characterization and 
behavioral modeling of existing as well as proposed resource management 
signaling mechanisms in open access networks;  

6. Design and implementation of a mechanism for proactive resource adaptation 
for better overall multimedia application performance combining the strengths 
of several protocols (SIP, MIP, CARD); 

7. Developing the basic service-aware network and network-aware service 
resource management mechanisms in evolving 3GPP networks (NGN, IMS). 

Regarding the first item, this doctoral thesis addresses the scientific problem of 
systematically modeling resource consumption and behavior on the signaling plane of 
Next Generation Networks (NGN) where IP Multimedia Subsystem (IMS) and 
Multimedia Broadcast-Multicast Service (MBMS) are used. The solution presented 
includes: a mathematical model of the signaling cost using the proposed protocols, 
steady-state behavior derivation and modeling for the system under study, and 
interaction factor analysis on the performance. Systematic modeling and factorial 
design of the signaling plane utilization (based on OPNET simulations) are shown 
and design guidelines are derived from the collective performance results for different 
use cases.  

 
With respect to the second item, the thesis presents a scheme for flow management 

with heterogeneous access technologies available indoors and in a campus network 
such as 3G and Wi-Fi implemented on the client side using Python and tested in a real 
environment. Statistical learning is used as a key for optimizing a target variable 
namely video quality of experience (QoE). QoE performance models for slow 
vehicular and pedestrian speeds for Wi-Fi and 3G are derived and compared as well.  

 
The third item presents an architecture built and prototyped using IMS standard 

SIP (Session Initiation Protocol) and DIAMETER signaling together with 3GPP 
MBMS for more efficient service handling. OPNET simulations are used to conduct 
network dimensioning and performance analysis. Resource management in systems 
such as the one presented experiences several challenges in the form of bottlenecks. 
Multicast dynamic group sizing is used as a key technique to make resources on the 
downlink data plane more efficiently managed. The efficiency of the proposed model 
for the downlink takes on a Skellam distribution shape which is used for performance 
modeling. 

 
Regarding the fourth item, it corresponds to the development of iRide (intelligent 

ride), an IP Multimedia Subsystem (IMS) application for warning drivers about 
hazardous situations on the road.  It describes the service and the supporting network 
architecture prototype implementation working on a small scale. Then it is taken to 
the next level to perform system dimensioning and verify the feasibility of having 
such a system using OPNET simulations. 
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The fifth contribution corresponds to developing a signaling resource management 

mechanism for bounding jitter for Voice over WLAN (VoWLAN) in open access 
networks (OAN) to obtain an improved quality of service. The contribution combines 
the strengths of MIP for doing fast handovers and SIP for powerful session adaptation 
capabilities. Numerical calculation figures as well as real implementation results are 
provided. It can be observed that the session update cycle during mobility can be 
modified in such a way that session delay variation bounds achieved are quite low and 
there are almost no spikes. 

 
The sixth contribution develops on the mobile device and partly on the last mile 

(access point controller) a resource management algorithm which performs parameter 
injection into a multimedia data stream instead of following the classical negotiation 
path typically used. A solution to change the session characteristics of an application 
that adapts to varying network conditions was developed, including a QoS solution 
with SIP and MIP to optimize the session characteristics by taking into account the 
changing resource levels and conditions in the network.  

 
In relation to the seventh item, architectural design and process design are 

proposed for autonomic network resource management, namely network-aware 
services and service-aware networks.  

 
The results of the thesis work are reflected in sixteen peer-reviewed papers that 

were presented at international conferences and two peer-reviewed journal 
publications. The paper “Architectural, Service, and Performance Modeling for an 
IMS-MBMS-based Application” was nominated for the best paper award at The 
International Communications Conference (IEEE ICC) 2010. 

 
The publications present theoretical work, simulations, and real-world 

implementations.  
 
There are currently more than 30 citations (which are not self-citations) by fellow 

researchers citing the work done in the papers authored by myself and contributing to 
this doctoral thesis. Some examples are [TS1], [FS1], [RK1], [RK2], [PV1], [NK2], 
[MB1], [AZ1], [UK1], [AA1], [AA2], [RD1], [RD2], [MJ1], [CT1], [GU1], [AN1], 
[EP2], [EP3], and [YT1]. 

11.2 Conclusions, Future Work, and Research Frontier 

The algorithms and protocols for resource management together with the 
underlying architectural work are solutions presented in this doctoral thesis and 
evaluated both through simulations in OPNET Modeler and through proof-of-concept 
prototype development. Theoretical tools and concepts are also used and applied as 
well as developed further to give a solid scientific and engineering value to the 
network resource management contributions. Network Resource Management is a 
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complex topic which has been linked to several trends in the last three decades. 
Middleware architectures, quality of service (QoS), quality of experience (QoE), 
stream trans-coding, and buffering for multimedia traffic in content distribution 
networks are examples of such trends. Efficient and systematic network resource 
management, as in line with the title of this doctoral thesis, is a response to the 
growing complexity of protocols and access technologies with simultaneously 
growing demands for bandwidth and other network resources in the presence of 
limited budgets of available means due to physical, financial, or legal constraints.  

 
From the large number of architectural paradigms where network resource 

management is an issue, three have been selected, namely open access networks 
(OAN) based on Wi-Fi, heterogeneous access networks (HAN), and Next Generation 
Networks (NGN) that cover the IP Multimedia Subsystem (IMS) and Multimedia 
Broadcast Multicast Service (MBMS). The network access technologies and more 
high-level protocols used in this thesis are thus well connected with the three 
aforementioned paradigms. For instance, for mobility, a hybrid SIP-MIP stack is used 
and customized in connection with the parameter injection algorithm. For NGN, IMS 
standard protocols such as SIP and DIAMETER are considered. Wi-Fi, 3G, and 3.5G 
(HSPDA) are the main network access technologies considered. Standardization 
efforts for enhancing performance and in connection to network resource 
management have also been considered in detail. An example is IEEE 802.11r (Wi-Fi 
enhanced for roaming with real-time traffic).  

 
In order to make contributions in the area of efficient and systematic network 

resource management solid, quantifiable, and portable, I chose to present the core 
contributions in the form of well defined mechanisms, namely algorithms and 
protocols as follows. One contribution is the parameter injection algorithm for real-
time traffic in open access networks that reduces signaling delay and bounds jitter, 
thus improving overall quality for e.g. VoWLAN. Another contribution is an 
algorithm based on a control loop and statistical learning techniques for maximizing 
QoE of multimedia streams in heterogeneous access networks. A significant 
contribution is also a protocol for multicast-enabled IMS for removing resource 
bottlenecks in V2I networks accompanied with steady-state performance modeling.  

 
In order to look at resource management in a structured way, I have classified the 

different contributions (core and minor) into different dimensions on a 3D scale as 
follows: contributions in network resource management that profit from the group and 
data dimension for achieving higher efficiency and more systematic operation, 
contributions that are aligned under the time and intelligence dimension e.g. using 
prediction or smarter allocation techniques, and contributions that are best aligned 
with the process dimension with focus on the self-configuration autonomic aspect.  

 
Future work will focus on taking the proposed architectural work as well as the 

network resource management algorithms and protocols to a more generalized level 
and a step closer to standardization. For instance, the QoE-maximizing algorithm that 
uses statistical learning and a control loop which was implemented for Wi-Fi and 3G 
could be extended to other access technologies and other architectural paradigms. The 
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result would be then a standardized cross-technology and possibly cross paradigm 
mechanism as part of a standard. Moreover, the multicast-enabled IMS signaling 
protocol for removing bottlenecks on the main bottleneck link namely the 3G 
downlink in a V2I (Vehicle to Infrastructure) scenario could be extended further to be 
applied for load-balancing in content distribution networks. The research work 
discussed in this thesis, whether engineering or scientific, has significant potential to 
be extended and used further by peer researchers. The significant number of citations 
and the work they propose is a step in that direction as well. Last but not least, the 
methodologies for theoretical and analytical work as well as for forming and 
evaluating the results such as the Ergodic Markov Decision Process, steady-state 
performance modeling, factorial design and classified analysis, and adaptive control 
loops can be used in the same combination as in this thesis in a wider range of 
scenarios in an innovative way. 

 
The research frontier down the time-line in connection with my thesis work 

promises, from my point of view, several developments. One example case is more 
semantic-rich and context-aware resource management mechanisms. The intelligence 
embodied in resource management mechanisms is already becoming less and less 
centralized and more and more distributed. Therefore, distributed, coordinated and 
cooperative operation is necessary between different nodes and entities in the network 
are necessary for complexity and performance considerations. In the presented work 
for IMS-MBMS multicast-enabled IMS operation and multicast tree construction for 
V2I scenarios, there was a central backend entity owning most of the intelligence. 
This is because the backend collected centrally information from moving cars as well 
as road-embedded sensors. In the future, similar mechanisms will be possible on a 
distributed basis. Furthermore, when statistical learning proved to be a beneficial 
enhancement to network resource management when roaming in heterogeneous 
networks, other learning techniques such as re-enforced learning combined with 
learning-based context-awareness could further boost the performance of multimedia 
applications and further enhance network resource management mechanisms. 
Dynamic composition and processing of demands related to resources and 
dynamically adapting resource management algorithms and protocols, even “on-the-
fly” for certain scenarios is part of future work. I see myself as an active player in part 
of this future work and research frontier whereas the rest I foresee as carried out by 
fellow and peer researchers in the field. 
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