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ABSTRACT 

With the increasing demands for a wireless communication network consisting of multiple air 

interfaces coexisting in the same operating area; with the increasing demands of multimedia 

user services and the emerging reconfigurable multi-mode terminal enabled by reconfigurable 

technologies, advanced Radio Resource Management (RRM) is needed to utilize the available 

system resource with performance improvement. In this thesis, the Joint Radio Resource 

Management (JRRM) schemes applicable for multi-standard radio access technologies or a 

network with multiple frequency layers in a service area are studied. 

This thesis contributes to the current discussions on 3G evolution w.r.t. increasing bandwidth 

demand, e.g. 10MHz for single users [26].  

With the introduction of requirements on future radio technologies, Software Defined Radio

(SDR) as one important pool of technologies being expected is briefly introduced. The state of 

the art of the research activities and the functional architecture of SDR system with detailed 

functioning models are unveiled. The JRRM modules for heterogeneous networks and multi-

ple cell layers are explained. Two basic levels of JRRM approaches, namely Joint Session 

Admission Control (JOSAC) and Joint Session Scheduling Algorithm (JOSCH) based on one 

Radio Multi-Homing (RMH) approach (adaptive simultaneous radio links to a terminal) are 

introduced with necessary performance comparisons based on theoretical models and system 

level simulations. This thesis includes the following key contributions: 

Establishment of a general concept of JRRM and a functional architecture model for JRRM: 

In order to show the goodness of JRRM for interworking subnetworks, capacity gains con-

tributed by JRRM including JOSAC and JOSCH compared to Non JRRM case are analysed 

based on the newly developed theoretical models. Analyses are carried out based on the traffic 

management policy (agnostic traffic splitting or policy based traffic splitting) and the switch-

ing method (circuit switched or packet switched) for various traffic types as HTTP, video, 

data and voice users. 
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RRM in individual subnetworks: The RRM mechanisms are investigated in the Hiperlan/2 

subnetwork and the UMTS/FDD subnetwork respectively. Blocking problems are studied 

considering two kinds of phenomena, the hard blocking and the soft blocking. The former one 

is restricted by the available resources of a system, e.g. time slots, spreading codes, spectrum, 

etc. The latter one is restricted by the actual system load, e.g. interference, total transmission 

power etc. The principle of optimal resource allocation scheme in an interference limited sub-

network based on UMTS FDD air interface is derived. The resource allocation schemes for 

typical elastic traffic (HTTP) are also carried out and compared. In addition, approaches to 

optimally select Modulation and Coding Schemes (MCS) are also studied.   

Investigations of system capacity gain given by JRRM approaches: It is identified that the per-

formance gains of JRRM are much determined by the traffic management policy. The agnos-

tic traffic splitting controlled by the Radio Resource Controller (RRCR), e.g. an RNC is stud-

ied in a two frequency-layer UMTS network. For circuit switched services, a soft admission 

control algorithm is proposed. For the packet switched services, a novel scheduling algorithm 

over two frequency layers for HSDPA is proposed. The performances given by JRRM 

schemes with co-located and separated base stations are also compared.      

Policy based JRRM deployed in a typical coexisting environment with a UMTS FDD sub-

network and a Hiperlan/2 subnetwork is investigated, whereas, the impact of heterogeneity in 

terms of deployment patterns for UMTS and H/2 cells on the JRRM functions are elaborated. 

For the policy based JRRM, involvement of the service proxy/server knowing the service 

scalability and QoS demand in each scalable level is found out to be beneficial. Furthermore, 

synchronisation issues including resource reservation, bearer service mapping and a synchro-

nisation concept are discussed.  

In general, the JRRM approach for multi-link terminals in the heterogeneous networks is of 

importance to enhance the spectrum efficiency. The trunking gain due to shared radio re-

sources, multiplexing gain due to agnostic traffic split, user perception gain due to service 

scalability, diversity gain due to redundant radio links and multi-user diversity gain due to 

scheduling over multiple users are pointed out by the work, whereas the first three items are 

investigated in detail. As a conclusion, the JRRM algorithms should not only span over sub-

networks, but also over management layers and service types.  

Although most of the investigations covered by the thesis are performed for the downlink in 

the discussed networks, the same principle and methodologies can also be applied for the up-

link with necessary signalling supports.  
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I. INTRODUCTION 

Along with the rapid growth of wireless communication from the last few decades, mobile 

communication systems have been widely accepted as a vehicle to convey information be-

tween people. However, future mobile radio networks meet challenges of high quality of ser-

vice requirements by supporting high mobility and throughput for multimedia services with 

the encountered scarcity of spectrum resources. The frequency spectrum physically limits the 

capacity of a radio network. This motivates suitable solutions to increase the spectrum effi-

ciency.    

Network, Terminal, User and Service are four primary participants in a mobile communica-

tion system. The solutions setting the communication configurations between the Terminal 

and Network are manageable in order to meet the requirements from the Services demanded 

by the Users. In other words, proper communication mechanisms need to be found out be-

tween the communication apparatuses based on the characteristics of the users and the ser-

vices. In the following, general overviews on the evolutions of these four involved pillars are 

respectively given. 

Digital communication replaces the old analogue one (First Generation) due to the improved 

spectrum efficiency through digitalisation, implemented source coding, channel coding and 

modulation schemes and other higher layer protocols. Networks nowadays show heterogene-

ous characteristics with different Radio Access Technologies (RATs). Besides the RATs in 

the Second Generation, e.g. GSM (Global System for Mobile Communications), IS-95 (In-

terim Standard 95), the Third Generation (3G) like UMTS (Universal Mobile Telecommuni-

cations System) and various WLAN (Wireless Local Area Network) systems have been stan-

dardized and already operated in some regions. During the period of this work, new wireless 

standards like WiMAX (Worldwide Interoperability for Microwave Access) are emerging in 

order to provide mobility to Wireless DSL (Digital Subscriber Line) users. Consequently, we 

have to face the situations in which heterogeneous networks are coexisting together. There-
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fore further questions on how to manage the traffic in the heterogeneous networks in an effi-

cient way are raised.  

On the other hand, mobile terminals are characterised by a wide range of capabilities realised 

by kinds of RATs processing capability, e.g. multi-mode, processing power, display sizes, etc. 

The fast developing SDR (Software Defined Radio) technology enables mobile terminals to 

adapt to the RATs which they access through Software Download (SD). As an extension to 

the SDR technology, reconfigurability allows reconfigurations of communication parameters 

between the terminal and network aiming at the optimal communication mechanism with pro-

tocols defined crossing all over the OSI (Open System Interconnection) layers. As a basic as-

sumption for most of the mechanisms investigated in this thesis, the reconfigurability tech-

nology will be discussed with more details in Section I.2.4.   

From the user perspective, mobile users expect services, which will not only depend on a tra-

ditional single traffic types, but multiple traffic types from one or more radio networks. Mul-

timedia applications are becoming popular and are already beginning to demand wireless 

transport. They cover information types from voice and control data to audio and video or any 

combination thereof. Being able to support multimedia traffic with data rates even up to the 

level of several Mbps (Megabits per second) is an important feature of future radio communi-

cation systems. Mobile users might use the mobile terminal to access regular voice services in 

high mobility environments; however, they might use laptop access to data services in local 

range environments with higher data rates. For instance, the data rate offered by the UMTS 

FDD system can be obtained as high as 384 kbps (kilobits per second) for wide-area coverage 

and more than 2 Mbps for local-area coverage with a single frequency band. With a multi-

mode terminal, users are not restricted by a single RAT. They are able to access cell layers of 

a single RAT or a set of RATs alternatively or simultaneously, where the radio network is re-

sponsible to select the most appropriate RAT or a combination of them, which the MT (Mo-

bile Terminal) is able to access, with taking into account the user service information and the 

network information.  

In this thesis, a number of mechanisms controlling the communication schemes between mo-

bile terminals and radio networks are studied. These networks are considered as subnetworks 

coexisting together and cooperating with each other. Such mechanisms are defined as the 

Joint Radio Resource Management (JRRM) for the heterogeneous networks. The capabilities 

of the multi-mode terminals are assumed to be supported by reconfigurability, i.e. adaptive 

baseband and RF (Radio Frequency). The achievements of this work can be implemented not 

only in the networks studied in this thesis, but can also be generalised for any cooperating ra-
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dio networks or cell layers of a single RAT.  In the rest of this chapter, after giving the defini-

tion of JRRM, the study of the state of the art and a fundamental structure showing different 

levels of JRRM are introduced. In addition, a model of a network coupling architecture which 

is related to the deployment of JRRM is discussed in Section I.4. After that, the system con-

straints by considering two selected RATs are studied.  

Definition of Joint Radio Resource Management (JRRM) 

In designing wireless systems, typical problems are encountered, such as the signal attenua-

tion, terminal noise, fast fading due to the multipath phenomenon, shadowing, Multiple Ac-

cess Interference (MAI) and other typical system related features, e.g. the mutual relation be-

tween interference strength and duration period given by link adaptation (More detailed de-

scriptions for the most typical problems are included in Appendix E). These typical problems 

challenge the communication systems from using radio resources efficiently. The radio re-

source is not only, by definition, the radio spectrum, but also realised in the real radio network 

as, access rights for individual mobile users, time period a mobile user being active, channeli-

sation codes, transmission power, connection mode, etc., that require the management func-

tions being designed in different time scales. Furthermore, radio resources from different ra-

dio networks can be managed jointly in order to solve the encountered problems more effec-

tively.  The term Joint Resource Management (JRRM) is therefore generalised as: 

Definition I-1: JRRM are the controlling mechanisms that support intelligent admission of 

calls and sessions for a set of networks or cell layers. They control the distribution of traffic, 

power and the variances of them, thereby aiming at an optimised usage of radio resources 

and maximized system capacity. JRRM mechanisms work over multiple radio networks or cell 

layers with the necessary support of reconfigurable/multi-mode terminals. 

JRRM is operated in a network which consists of several subnetworks or cell layers of a sin-

gle radio network. The term subnetwork is defined in Definition I-2. The High Performance 

Radio Local Area Network Type 2 (H/2) as a typical WLAN RAT specified by ETSI (Euro-

pean Telecommunications Standards Institute) BRAN (Broadband Radio Access Networks) 

and UMTS/FDD specified by the 3rd Generation Partnership Project (3GPP) are two subnet-

works studied in this thesis.  

Definition I-2: A subnetwork is a part of a network. In the view of JRRM, different radio net-

works or cell layers of a network can be considered as subnetworks; radio resources of them 

can be controlled by JRRM.   
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I.1 Contributions of this Thesis 

The contribution of this work are (1) to identify the differences between the non cooperating 

subnetworks and cooperating subnetworks as well as their interworking levels with the im-

pacts on the JRRM mechanisms considering given terminal capabilities, (2) to propose a 

number of JRRM solutions based on a comprehensive functional architecture and compare 

their contributions to the system performance such as throughput and system capacity gains 

using newly developed theoretical models and simulation modules, (3) to analyse the affect-

ing factors for JRRM such as implemented protocol layer, switching technologies, etc. 

Among the possible solutions, the one that allows traffic splitting between subnetworks is 

proven by the investigations to be a promising method by providing service scalability match-

ing the end user QoS and multi-dimensional gains. Further, the performance under different 

solutions is investigated both in the circuit switched domain and the packet switched domain 

considering the service scalability provided by the entities such as the RRCR or the remote 

server, (4) to propose the relevant protocols specified for the studied subnetworks supporting 

the JRRM solutions.  

Referring to the classic OSI model depicted in Figure I-1, JRRM corresponds to layer 3. 

However, it is radio network specific and can directly access the lower layers through the Ser-

vice Access Point (SAP) in each layer by requesting measurements and sending control mes-

sages.  

Inter-layer interworking is one of the main issues investigated in this thesis. For instance, the 

service scalability is an important message provided by higher layers, such as the application 

layer and the presentation layer, to layer 3. The data link information such as the queue size 

and the optimal link mode selection from the physical layer are necessary for JRRM to make 

optimal resource allocation decisions.      
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Figure I-1: OSI Reference Model  

I.2 State of the Art Technologies  

Facing the challenges encountered by the wireless radio system, the research activities are di-

rected towards solutions for more efficient communication schemes. As a matter of fact, 

JRRM is not only a concept by itself, but a framework supported by network configurations in 

terms of interworking, spectrum assignments and terminal capabilities. Therefore, in the fol-

lowing subsections, the state of the art of network architecture, terminal capabilities, spectrum 

allocation and JRRM algorithms are analysed.  

I.2.1 State of the Art and Visions in Network Interworking  

From the network infrastructure viewpoint, the networks’ integration and the intercommuni-

cation between them are emerging. As Figure I-2 shows, the convergence towards an IP 

(Internet Protocol) based core network and ubiquitous, seamless access to radio access tech-

nologies in different generations, augmented by self-organizing network schemes and short-

range connectivity between intelligent communicating apparatuses enforces common terminal 

and network entity platforms.  

The future evolution of the 3rd generation mobile wireless networks is widely accepted and 

guided by the vision of a concept called Mobile Wireless Internet (MWI). In this vision, 

Internet access is granted by a ubiquitous mobile network anytime and anyplace; access by 

mobile terminals will be the principle means of Internet access [130]. The MWI aims at an 

overall network with convergence towards an IP based network and ubiquitous, seamless ac-

cess among 2G, 3G, local broadband, short range and broadcast wireless access schemes 

[65][110][129][130][131]. The interworking between some radio interfaces can be firstly ob-
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tained by using the existing interfaces as an intermediate step before ‘All IP based’ 3G or be-

yond 3G system are realised. This section provides a high level summary of the architecture 

vision in terms of interworking of radio access networks. The detailed network coupling and 

levels of interworking are discussed in Sections I.4.  

Figure I-2: Network Architecture, Illustration of Multimedia Services 

Types of interworking between different RATs are proposed by the standardisation bodies. 

Followed by the recommended requirement and interworking architecture specified for H/2 

and UMTS [51], 3GPP in [2] studies the feasibility and environment of interworking between 

3GPP systems and WLANs with different levels1. In that document six different scenarios of 

3GPP-WLAN interworking ranging from common billing to the provisioning of seamless 

services between the WLAN and the 3GPP system are given. From the viewpoint of JRRM, 

broadly, the levels of subnetwork coupling are classified into two categories, i.e. Core Net-

work Coupling (CNC) and Radio Access Network Coupling (RANC). The former level as-

sumes the coupling between subnetworks is through the Switching Centre, e.g. the Mobile-

services Switching Centre (MSC) or the Serving GPRS Support Node (SGSN), whereas, the 

latter one is based on an integrated architecture between subnetworks, where the coupling 

                                               

1 There have been heated discussions concerning the feasibility of very tight interworking between WLAN and 

UMTS during the period of the thesis. Although the cheap WLAN product integrated to UMTS is not foreseen 

by industry, the developed principles and algorithms in the thesis can be fruitfully used for suitable air interfaces, 

e.g. WiMAX integrated with UMTS. The following inter-subnetwork coupling architectures take WLAN as an 

example.   
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point is a Radio Resource Controller (RRCR), which controls radio resources from all inte-

grated subnetworks.  

The Common Public Radio Interface (CPRI) industry [41] initiative is a typical example for 

this intermediate step. Although currently designed for UMTS FDD, it can be extended to 

serve also for future or evolving standards. CPRI decomposes the radio Base Station (BS) into 

two building blocks, the Radio Equipment Control (REC) and the Radio Equipment (RE) it-

self. The REC provides access to RE via the Iub2 interface, whereas RE serves as the RF 

heads. The advantage of such proposal not only eases the RATs’ integration, but also provides 

deployment flexibility. As an extension to it, due to the bottleneck of processing power of a 

single base station required by the increasing complexity and capability of future networks, 

“RF on fibre” technology is considered to reduce the latency and cost [69]. Moreover, from 

the system management point of view, a system restricted by inflexible physical layer proc-

essing chain cannot match the variant multiple radio access technologies. Hence, programma-

ble systems, featuring flexible and scalable network elements are desired.  

Possible future radio network architectures are equipped with radio controlling mechanisms 

for multiple air interfaces, which allow tight interworking subnetworks [122]. Various wire-

less standards and air interfaces are processed in a single central office (RNC or Hotel BS), 

which targets at utilising reconfigurable processing elements for great flexibility with low 

cost. In Figure I-3, multiple cells defined by different air interfaces and the same optical link 

utilising the Wavelength Division Multiplexing (WDM) techniques are shown [81]. Given the 

broad bandwidth of the optical link, the BS can be implemented as multi-band/multi-mode, 

covering many RATs. The hotel BS/RNC shown in Figure I-3, as an example, gathers base-

band signal processing and controlling tasks [78]. The locations of RNC and central hotel BS 

are rather flexible in terms of co-located or separated. Over the optical fibre, the computa-

tional power is shared. For instance, an MT associated to RNC A, its related calls can also be 

processed by RNC B if a temporal failure or low computational power of RNC A occurs.  

                                               

2 Iub: Interface between the RNC and the Node B [18].  
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Figure I-3: An Example of Multi-Standard Network Architecture 

I.2.2 State of the Art in JRRM  

Besides the physical layer solutions towards higher spectrum efficiency, higher layer proto-

cols enhancing radio network connectivity are a topic being studied for years. A term Com-

mon Radio Resource Management (CRRM) named by Nokia [108] describes solutions to a 

challenge of an increasing resource pool by allowing resource sharing among different RATs. 

Within 3GPP RAN working group 3, the CRRM mechanism is subject of a study item called 

Improvements of Radio Resource Management (RRM) across Radio Network Subsystems

(RNS) between 3G Radio Network Subsystems and 2G Base Station Subsystems (RNS/BSS) 

[5]. 3GPP network architecture of Release 5 has already included the resource sharing con-

cepts between subnetworks using different RATs defined by RNC [18] and by BSC [25].  The 

Mobile Wireless Internet Forum (MWIF) includes a functional entity, which is also called 

Common Radio Resource Management in the functional model of its Open Radio Access 

Network (OpenRAN) [107]. Schopp and Winter suggested a Rule-Based CRRM approach 

[120]. The works under the topic CRRM were based on call switching and radio access level. 

The studied subnetworks are still limited by 3G and 2G systems. Moreover, issues like re-

source allocation for multi-mode terminals, service calibration in terms of QoS (Quality of 

Service) provisioning according to the end user requirements in a heterogeneous network, the 

coverage and capacity problems respecting the RATs’ capabilities and aspects both from the 

soft blocking and hard blocking phenomena have not been studied.    

In combination with the network interworking topic, currently there are a number of proposals 

dealing with RRM topics for cooperative networks. ETSI BRAN and 3GPP opened the dis-

cussion on the interworking between H/2 and UMTS [2][51]. The Internet Engineering Task 
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Force (IETF) proposed IP Multi Homing concept [27][33] and this concept is contributed by 

research projects such like IST MIND (Mobile IP Based Network Development) [103][104]. 

This framework manages IP traffic being routed through different radio access networks to 

the same mobile terminal. At the IP layer, the multi-homing algorithm allows to route the traf-

fic for each individual stream through a specific interface according to the type of the traffic. 

As such, there is maximum one IP address per traffic stream. The common RAN control con-

cept also proposes a common controlling entity in a shared environment supporting multi-

standard network elements [78][100]. However, those research works are only based on IP 

level and the radio bearer service for a service is completely set up over a single radio inter-

face at a time. The approach allowing the RRCR at the RRC layer to manage traffic even con-

trol traffic split over cooperating subnetworks has not been investigated. Compared to the IP 

multi homing concept, such approach is named as Radio Multi Homing (RMH). Its detailed 

definition and use cases are elaborated in Chapter II. The freedom of utilizing radio resources 

from the cooperating networks raises important questions to be investigated in this work: 

• How the traffic is jointly managed over heterogeneous networks with different levels of 

cooperation? 

• What is the capacity gain contributed by the JRRM algorithms implemented in cooperat-

ing subnetworks and the constraints? 

• If traffic is splittable, how to optimally split the traffic over RATs and how to finally syn-

chronize the data from the complete heterogeneous networks for acceptable user QoS? 

Furthermore, the handover delays caused by switching radio access to different RATs need to 

be taken into account.  

3GPP [9] specifies the Round Trip delay Time (RTT) measurements in the mobile station and 

base station sides. These parameters consist of the sum of time spent in the Downlink (DL) 

and the Uplink (UL). It is not possible to use these parameters to identify the delay time of a 

single link. On the other hand, the RTT measurement for the H/2 system specified by ETSI 

BRAN [52]~[57] is different to the UMTS FDD system. Due to the importance of synchroni-

sation for traffic splitting, suitable synchronisation approaches have to be proposed. Such ap-

proaches must be integrated in the same layer as RMH, e.g. data link control layer, to assist 

the mechanism of traffic splitting. 
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I.2.3 State of the Art in UMTS Extension Band  

ITU-R WRC-2000 identified frequency band 2.5GHz to 2.69GHz as an additional Extension 

Band (EB) for current UMTS system. There were totally seven scenarios proposed by ITU-R, 

which is depicted in Figure I-4 [74]. These scenarios include operation of paired FDD UL/DL 

with TDD (Time Division Duplex)/FDD in the centre gap (scenario 1, 2 and 3), FDD DL and 

TDD with flexible boundary in between (scenario 4 and 5), and TDD or FDD DL only (sce-

nario 6 and 7). If there exists FDD DL without internal carriers (inside the EB) paired to it, it 

is marked as external, assuming there is a FDD UL carrier in the Core Band (CB) paired to it, 

where the CB is located in 2GHz. 3GPP RAN4 has conducted a feasibility study on the appli-

cability under a number of scenarios in the EB, i.e. FDD DL only, paired FDD UL and FDD 

DL, and FDD DL or TDD only [6].  

The ITU-R WP8F Berlin meeting took place in June, 2004 reduces the candidate scenarios to 

scenario 1 and 2. To respond to a mandate issued by European Commission in developing de-

tailed spectrum arrangement for UMTS, a recent meeting by the Electronic Communication 

Committee (ECC) under Conférence Europeéne des Administrations des Postes et des Télé-

communications (CEPT) took place in Cambridge selected 2×70MHz for both FDD UL inter-

nal and DL internal and 50MHz for centre gap used for FDD DL external or TDD in those 

two emphasized scenarios [47].  

Figure I-4: Agreed Generic Scenarios for the Band 2 500- 2 690 MHz from 
 ITU-R Recommendation M.1036 [74] 

To use the EB efficiently, not only the requirement of duplex distance in the transceiver needs 

to be analysed, but also the new features required by a system in coordinating DL external 
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band using out-of-band UL signalling as well as the potential JRRM mechanisms for added 

cell layers. It can be envisaged to have JRRM implemented for coexisting frequency bands.  

In addition, huge investments on high license fees and network deployment have raised inter-

ests in the topic of network sharing and spectrum sharing. Various possibilities exist to share 

networks starting from site or antenna sharing to a complete access network sharing [3][4]. 

One extreme case can also be different operators sharing the emerging new band using the 

same infrastructure, where the proposed JRRM mechanism can be employed.  

I.2.4 State of the Art in Terminal Capabilities   

Heterogeneous RATs locating in different regions require multi-standard terminals able to be 

served through different standards (see Figure I-2). Trends for user terminals are mainly to-

wards high levels of integration in terms of multi-mode and multi-band, where the multi-mode 

capability enables the terminal access to different RATs, the multi-band capability enables the 

terminal access to different carrier frequencies simultaneously. As the 3GPP documentation 

[1] describes, four types of possible multi-mode 3G terminals are defined according to their 

capabilities in terms of concurrent reception and monitoring more than one mode. The rele-

vant terminal type in this thesis is at least equivalent to the third type of a 3GPP terminal, i.e. 

one Tx and several Rx chains per terminal, where one of the Rx chains is used for faster scan-

ning. Along with the common interest of EB discussions, terminals being able to receive mul-

tiple downlink signals are foreseen by 3GPP [6]. 

In addition, the SDR technology also enables the terminal to be reconfigured to support new 

standard [72]. The multi-standard terminals are realised by integrating a number of recon-

figurable elements including the ones in the analog domain and the digital domain. In the ana-

log domain, elements like Micro Electro Mechanical Systems (MEMS), Variable Gain Ampli-

fiers (VGA), Gain Trim Amplifiers (GTA) and variable filters can be introduced to keep the 

RF frontend flexible without switching between parallel implemented dedicated standard 

blocks. The MEMS is used for band selection and change of standards. It replaces diode 

switches and has separated control path and data path, so that linearity is guaranteed [31]. The 

VGA and GTA are used to amplify signal according to newly reconfigured standard for the 

terminal. The goodness of the variable filter is its tunability, in terms of the motor-tuned du-

plexers, variable MEMS-capacitors and variable MEMS-coils [31][126]. In the digital do-

main, more flexibility can be introduced. The programmable Logic elements such like the 

Field Programmable Gate Array (FPGA)), Erasable Programmable Device (EPLD) and 

Complex Programmable Logic Device (CPLD) can be used for the same functionality and ap-
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plications as the dedicated processors [34]. Based on the programmable devices, the classical 

Application Specific Integrated Circuits (ASIC) are replaced by Digital Signal Processing 

(DSP) devices for baseband processing, which can support the multi-mode/multi-band re-

quirements, e.g. the multi-mode DSP chip developed by Sand bridge Technique [125]. 

At the wavefront of the reconfigurable terminal, the border between the digital and the ana-

logue domain can be faded out using the wideband, high-speed A/D converters.  The AD 

Converter (ADC) in the terminal can deal directly with the RF signal from the antenna.  The 

hardware resource managers check if the new baseband processing can be realized on the 

given hardware resources [35][121]. A solution of a multi-standard receiver which can cope 

with cellular systems (2.5 G and 3G) and coexist with a WLAN air interface is depicted in 

Figure I-5. The received broadband signals are filtered through the band filter and the Low 

Noise Amplifier (LNA). After that, a Local Oscillator (LO) and Low Pass Filters (LPF), i.e. 

the channel filters using high linear device, e.g. the Surface Acoustic Wave (SAW) filter, are 

used to down convert the desired signal to the baseband [35].  

For high-end terminals with the multi-mode/multi-band property, it is feasible to apply traffic 

splitting over subnetworks for it; however, for multi-mode/single band terminal, only one 

RAT or one cell layer can be accessed [46][122]. In addition, research also shows that the 

network is required to support and manage terminal reconfiguration and SD [62][105] to en-

able multi-standard terminals. It can be expected that as time goes on, more and more ad-

vanced reconfigurable technology will penetrate into the deployed radio systems. The conver-

gence of multiple standards in future radio networks enhances the feasibility and relevance of 

JRRM mechanisms as a consequence. 

Figure I-5: An Example of Block Diagram of a Multi-standard Receiver [35] 
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I.3 Functional Overview on JRRM 

The JRRM algorithms for managing the subnetworks address the Radio Resource Control

(RRC), Data Link Control (DLC), Medium Access Control (MAC) layers and considering the 

QoS requirements. The presented management architecture and strategy are based on the as-

sumption of coexisting subnetworks with different characteristics, e.g. Figure I-6. The esti-

mated traffic types and their volume are useful in dynamic usage of a fixed radio resource for 

a subnetwork. The load information and traffic information are shared by the cooperating 

subnetworks. The interworking of subnetworks is discussed in Section I.3.1. Each subnetwork 

needs an efficient interworking between traffic volume, measurement (prediction) function, 

traffic scheduler, load control unit, and admission control function. In general, the Traffic Es-

timation module (TREST) in each system informs the administrative entity Session/Call Ad-

mission Control (SAC) about the predicted traffic and planned traffic information to update 

the service class information for each connection and the admission decision within the sub-

network. In radio resource provisioning aspects, the service classes are characterised by their 

QoS requirements and priority compared to the others. In a resource sharing system, the term 

Priority Weight (PW) can be used to differentiate service classes. In the MAC layer, the vec-

tor composing PWs for all the services being admitted generates the inputs for the scheduling 

algorithm. For instance, the Weighted Fair Queuing (WFQ) approach can schedule the in-

volving traffic sessions based on the pre-assigned weights, which is a realisation of the Gen-

eralised Processor Sharing (GPS) discipline [113][114]. Similar principle can be applied for 

JRRM over multiple subnetworks.     

I.3.1 Interworking between Subnetworks 

The interworking between different subnetworks requires new protocol definitions for con-

vergence reasons. In case the subnetworks interwork through IP layer, it is expected that the 

subnetwork offers IP packet based convergence sublayers. In case of subnetwork-integration, 

the RRCR must be able to understand radio protocols running on all the access points being 

controlled by it. Due to the heterogeneity of the coexisting different subnetworks, many dif-

ferent policies are conceivable for JRRM, in particular when considering legacy and new 

network types. For future terminals having simultaneous connections to different RATs is one 

possible operation mode. In general, the level of network interworking must be considered in 

order to manage such multiple connections efficiently (see Section I.4); For instance, if the in-

ter-system handover (vertical handover) between UMTS subnetwork and a WLAN subnet-

work is envisaged, one must consider the signalling delay between them and the restrictions 
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in each subnetwork, e.g. the transport block size and minimum transmission time interval for 

each are differently defined according to the specifications.  

To give an example that the JRRM requires the interworking between subnetworks, a two-

stage admission control approach is shown in the following sections. It is introduced to define 

the handling of traffic management related with the static and dynamic characteristics of the 

network, service, terminal and user profiles. The first stage handles the static characteristics, 

e.g. the service type including the possible scalability level of service, estimation of intensity 

of traffic load, network coverage and capacity, etc; whilst the second stage handles the dy-

namic features, e.g. currently experienced QoS of each user. JRRM working with different 

time scales will enhance the utilization of resources: The spectrum can be shared by a dy-

namic allocation scheme with a relative slower update rate; the load in subnetworks can be 

balanced through proper call admission and traffic splitting; if the ratio between substreams is 

dynamically adjusted for different Transmission Time Intervals (TTI), Resource Scheduling

(RS) algorithms can jointly contribute to the spectrum efficiency.  

The conventional admission control is designed for each access system working independ-

ently among coexisting access systems and RATs. In the cooperating heterogeneous environ-

ment, a joint Session/call Admission Control must be defined. As shown in Figure I-6 and 

Figure I-7, the Joint Session Admission Control (JOSAC) takes neighbour RAT system load 

into account. The traffic stream can be routed alternatively through the cooperating subnet-

works according to the constraints and the advantage of each. The wide coverage can be ob-

tained by the universal cellular system, e.g. GSM, UMTS. In contrast, high transmission rates 

can be obtained by the WLAN systems. With the information of estimated load in subnet-

works, the Joint Load Control entity (JOLDC) located together with JOSAC will distribute 

the traffic based on the characteristic of the coexisting RATs, the QoS requirements for the 

service and the number of applicants for the software download service to determine the soft-

ware download strategy, i.e. which RAT and channels with committed capacity should be se-

lected. The Joint Session Scheduling (JOSCH) mechanism is important for terminals having 

simultaneous connections to interworking subnetworks. JOSCH is responsible to schedule 

traffic streams being split over more than one subnetwork. It helps to optimise the utilization 

of radio resources in the whole system.   

In case the single traffic of a service is split into two substreams and the RRCR controlling 

the two subnetworks is aware of the substreams’ characteristics such as the throughput, prior-

ity weight, etc., the admissions can be granted to the connections in both subnetworks, the 

joint scheduling can therefore be applied and necessary synchronisation between substreams 
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is needed. One example for the substreams is the Base Layer (BL) and Enhancement Layer

(EL) substreams of the scalable video traffic. In this case, the service scalability as a policy

for JRRM is required. Queues for each subnetwork will be filled up by the amount of data 

coming from the corresponding substream. The RRCR controlling the cooperating subnet-

works can also split the traffic agnostically. In this case, a common traffic queue for both 

subnetworks is needed. Both policy based traffic splitting and agnostic traffic splitting will be 

studied in later Chapters.  

The detailed description of subnetworks’ coupling structures and the levels of interworking 

from a radio resource management viewpoint will be introduced in Section I.4. 

RRM Related Information Flow
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LODCL Load Control 
TREST Traffic Estimation 
TRSCH Traffic Scheduler 
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Figure I-6: Joint Radio Resource Management Architecture 



16 

I.3.2 Interworking between Different Radio Resource Management Layers 

Because of the requirement on heterogeneous services, the queuing of data streams and the 

priority arrangement is executed by the Traffic Scheduler (TRSCH). Some important input in-

formation required by admission control is also offered by the TRSCH. The trade-off between 

maximising the utilisation of the system and reducing rate of dropping or negatively affecting 

the QoS demand of users is to be considered to design an admission control algorithm. The 

interworking between SAC and TRSCH are shown in Figure I-7. The incoming traffic is di-

vided into different traffic types after the first stage, for various QoS requirements, i.e. delay, 

throughput, etc. SAC selects the transmission physical mode of the bearer service or drop the 

call in case the network cannot provide the requested service. Based on the chosen static ser-

vice and network characteristics in the first stage (JOSAC), a certain range of the Priority 

Weight (PW) defined for the service is offered to the second stage in the SAC. 

In case the incoming calls ask for service beyond the capacity that all the subnetworks can of-

fer, the JOSAC rejects them immediately. After being admitted, the traffic streams over sub-

networks are scheduled by JOSCH which works between JOSAC and SAC. The SAC maps 

the split traffic onto the subnetwork specific radio channels with an additional concrete PW to 

be used by the scheduler. 

As introduced in Figure I-7, based on the specified PW on the QoS class dimension (Y), the 

traffic scheduler allocates resources for different traffic classes. In this case, the PW parame-

ters will be taken into account by the Y-dimension scheduling algorithm. The principle of 

GPS discipline [113] can be applied to guarantee the resource for the sessions with different 

priorities; i.e. a minimum service rate (guaranteed) can be obtained as the ratio between the 

committed weights to the sum of them all.  In addition, the PW can also be applied for the 

calculation of the allocated resources for the committed service type according to the weights 

assigned for this type. The weighting vector can be set by the Mobile Network Operator

(MNO) to offer dedicated radio resource to particular users. The scheduler assigns radio re-

sources for individual connections, e.g. the transport channels are mapped for the correspond-

ing services. The transport channels investigated in this thesis include shared channels and 

dedicated channels. Different multiple access schemes in terms Coded Division Multiple Ac-

cess (CDMA) and Time Division Multiple Access (TDMA) represented by the transport chan-

nels are also shown in Figure I-7. 
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Figure I-7: Two-Stage Admission Control and Resource Scheduling (RS) 

I.4 RATs’ Interworking Structure and Introduction to Subnetworks 

I.4.1 State of the Art in Subnetworks’ Coupling Architecture 

As a completion to Section I.2.1, this section gives a more detailed description on network 

coupling architecture. Figure I-8 shows a reference model in the Packet Switched (PS) domain 

briefly explaining the different coupling scenarios which will support various scenarios dis-

cussed in 3GPP. A similar hierarchy model for the Circuit Switched (CS) domain consisting 

of G-MSC (Gateway Mobile Switching Centre) and MSC can be extrapolated.  

The selection of the coupling point between subnetworks and the signalling between the sub-

networks through the coupling point determine the level of interworking [73], which also set 

limitations for JRRM implementation.  
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Figure I-8: Subnetwork Coupling Architecture Effecting Handover Design 

In Figure I-8, four basic different subnetwork coupling approaches are shown, namely:  

• Very tight coupling (Coupling point is RNC shown by point , which requires high-end 
RNC or fast interworking between WLAN Access Point (AP) and RNC [44].) 

• Tight coupling (Coupling point is SGSN shown by point , which generates relatively 
slower interaction between subnetworks, e.g. handover, load balancing, etc.) 

• Loose Coupling (Coupling point beyond the Gateway GPRS Support Node (GGSN) 
shown by point , Mobile Gateway (MG) or Virtual Access Point (VAP) shown by point 

. No Iu3 interface is involved [111] but common Authentication, Authorization and Ac-
counting (AAA) exists.)   

• Open Coupling (No interworking between subnetworks, but only billing system is shared 
between them [42][83].) 

As the key topic of this thesis is to investigate JRRM mechanism, only brief comparisons be-

tween the relevant coupling levels for the subnetworks’ interworking, i.e. the Core Network 

Coupling (CNC) and the Radio Access Network Coupling (RANC) are therefore discussed 

and defined.  

According to the introduced JRRM mechanisms in terms of JOSAC and JOSCH (see Section 

I.3), proper implementation of them can be selected based on the knowledge of network cou-

                                               

3 Iu: Interface between an RNC and an MSC or SGSN [18][19][20].  
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pling architecture. For JOSAC approach, if the maximum delay constraint by the bearer ser-

vice is MCτ , and the minimum delay caused by the handover between subnetworks is MHτ , 

JOSAC can not be applied if the following condition is not fulfilled:  

JMHMC T+≥ττ       (I-1) 

with JT the jitter taking place caused by the propagation delay and processing delays by net-

work elements during the handover process. As the basic difference between the JOSAC and 

the JOSCH approaches is whether the radio system is able to support simultaneous radio con-

nections in subnetworks, JOSCH by definition requires less signalling delay between subnet-

works. The functionality of the coupling point (see Figure I-8) supporting levels of subnet-

works’ interworking plays an important role. It is self-evident that, more tightly interworking 

subnetworks grant less signalling delay and therefore the minimum delay MHτ  is reduced, 

which allows more freedom for JRRM implementation. Two basic definitions based on the 

structure with respect to the signalling flow through the coupling point are therefore given in 

order to clarify the constraints of different JRRM schemes.  

Definition I-3: Radio Access Network Coupling and Core Network Coupling 

Radio Access Network Coupling (RANC) is based on the assumption that the subnetworks are 

directly integrated as a common radio access network. When more frequency layers of the 

same RAT are considered as subnetworks, they are always tightly coupled by a common 

RNC. In the case of interworking between WLAN and UMTS subnetwork, the necessary pro-

tocols need to be commonly agreed, e.g. Dedicated Channel Frame Protocol (DCH FP) [23], 

Common Channel Frame Protocol (CCH FP) [24], and transport network control plane proto-

col (Q.2630.1) [21][22]. The existing RNC has to be extended to support WLAN access. On 

the contrary, in the Core Network Coupling (CNC), the WLAN is integrated into the cellular 

network by means of a Service Selection Gateway (SSG) (e.g. upgraded SGSN in UMTS) 

provided by the mobile network operator. The SSG performs the call initialisation, packet 

control protocol and AAA by using the subscriber related data of the MNO. 

The system with RANC can support all the radio resource management related functions in 

the case. The differences between these two basic interworking scenarios are listed in Table 

I-1. It can be derived from the above description that RANC can support JOSCH. 
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Table I-1: Comparison between CNC and RANC 

Items Core Network Coupling (CNC) 
Radio Access Network Coupling
(RANC) 

Architecture Figure I-9 Figure I-10 

Supported Termi-
nal  

Multi-mode Terminals (Capable of sup-
porting single and multi-links) 

Multi-mode/multi-band Terminals 
(Capable of supporting multi-links si-
multaneously) 

Required Inter-
face Between 
Subnetworks 

No Iur4 like interface (IurWLAN/utr) de-
fined, but manual call re-allocation driven 
by the terminal or users are allowed 

Iur like interface (IurWLAN/utr) de-
fined between subnetworks, which al-
lows fast vertical handover, call re-
allocation and call splitting 

Cost & Reasons 
Cheaper 
New features for RNC/BSC are not re-
quired 

Expensive 
New features in RNC/BSC are neces-
sary 

Mobility (Hand-
over) 

Network/User Driven More Network Driven 

Admission Con-
trol/Load Control 

In most cases, traffic streams are admitted 
independently. JRRM is implemented 
with constraints, e.g. policy based JOSCH 
for non real time services.  

JOSAC and JOSCH can be applied.   

Traffic Schedul-
ing Algorithm 

Independent scheduling of user traffic 
over the subnetworks 

Simultaneous links are supported; It is 
also supported that Calls/Sessions are 
alternatively admitted by subnetworks.

From the JRRM viewpoint, the key difference for the aforementioned network structure is 

that CNC gives longer signalling delay, which does not allow traffic splitting (JOSCH); 

whereas, the RANC offers the integration of RATs, so that JOSCH can be applied.  

IWU/APC RNC IWU/APC 

GGSN

SGSN/ 
SSG

SGSNSGSN

Dual mode 
UE/MT 

AP NODE B 

Iu IuWLAN 

IurWLAN 

Iub IubWLAN 

Uu UuWLAN 

Coupling Region 

IubWLAN 

NODE B 

Uu: Radio interface between UTRAN and the UE 
UuWLAN:  Interface between MT and AP, very similar like the Uu Interface  
IubWLAN: Interface between AP and IWU located in APC, very similar like the Iub 

interface 
IurWLAN:  Interface between IWU/APCs, like the Iur interface 
IuWLAN: Interface between IWU/APC and the Core Network, like the Iu interface 

No Simultaneous 
Radio links for 
the same traffic  

AP AP AP

Figure I-9: Illustration of the Core Network Coupling (CNC) [51] 

                                               

4 Iur: Logical interface between two RNCs [18].  
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IWU RNC IWU 

GGSN

SGSNSGSN

Dual 
mode/Dual 
band  
UE/MT

AP NODE B 

Iu IuWLAN 

IurWLAN/utrIurWLAN 

Iub IubWLAN 

Uu UuWLAN

Coupling Region 

IubWLAN 

NODE B 

IurWLAN/utr:  Direction inter-subnetwork Interface between IWU/APC and the 
RNC, like the Iur interfacenterface 

AP AP AP 

Simultaneous 
Radio links for 
the same traffic  

SGSN/
SSG

Figure I-10: Illustration of the Radio Access Network Coupling (RANC) [51]  

JRRM is specially studied under a typical case of RANC which contains overlapping subnet-

works named as Vertically Integrated Subnetworks (VIS).   

I.4.2 Introductions of Subnetworks  

The UMTS FDD and H/2 systems are two radio systems investigated in this thesis. The 

JRRM mechanisms for a system consisting of subnetworks as H/2 and UMTS and a single 

system consisting of subnetworks as two frequency layers of UMTS are dealt in detail in later 

chapters.  

I.4.2.1 Overview on HIPERLAN/2 Subnetwork 

H/2 provides a flexible platform for a variety of business and home multimedia applications 

that can support a set of bit rates up to 54 Mbps. In a typical business application scenario, a 

mobile terminal gets services over a fixed corporate/public network infrastructure. In the 

home scenario, a low-cost and flexible networking is supported to interconnect wireless digi-

tal consumer devices. H/2 can be used in office, industry, home and public areas. Based on 

the deployment of H/2, services like multimedia conferences, telephone/audio, web browsing, 

remote control, monitoring, etc., can be supported [52].    

I.4.2.1.1 Association and Connection 

For each connection, during its lifetime, a unique DLCC (DLC Connection) ID is assigned. 

The DLCC ID is unique for one radio cell (Cell covered by a unique AP); therefore only 62 
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connections can be served at the same time. This is the constraint from the radio link control 

specification. (DLCC ID covers 6 bits, however 0 and 63 are occupied by connection request 

and control information.) Based on the number of the concurrent processes during the active 

connection period, a dynamic Long Transport Channel (LCH) Protocol Data Units (PDUs) 

allocation inside the MAC (Medium Access Control) frame is realised. For an admitted user 

(MT), the LCH PDUs according to simultaneous services are concatenated together with as-

sociated Short Transport Channel (SCH) PDUs. Such a concatenated PDU allocation in a 

MAC frame is called “PDU Train”. It is supported that, one user (MT) can have traffic over 

multiple DLC connections with different priorities [53][54]. The H/2 specification limits the 

freedom to implement RRM algorithms. For instance, PDU trains carrying user traffic must 

be exactly described by the Frame Channel (FCH) in the downlink controlling message field. 

In a hard resource limited scenario, for a traffic type a with very high data rate, link adaptation 

towards higher modes can be applied to carry heavy traffic in a short period. 

To allow a dynamic association, a number of Random Channels (RCH) containing the Re-

source Request (RR) message and a number of SCH channels containing the Resource Grant

(RG) message are required.  

I.4.2.1.2 Reserved Radio Resources for Control Channels 

The amount of control information for the transport channels is scheduled in one MAC frame, 

i.e. the Broadcast Channel (BCH), FCH, Access feedback Channel (ACH), SCH and RCHs 

are scheduled along with the LCH channels. For a dynamic MAC scheduling approach, the

RR message might be sent by the MT fairly often. It can be carried by the RCH channel, 

which must appear at least once in a MAC frame. However, SCH channels can also carry the 

RR message if the AP or the Central Controller (CC) offers that.  

I.4.2.1.3 Hard Blocking Problem Resulting from the MAC Limitation  

The preambles and guard time intervals between the control period, the uplink period and the 

downlink period within a MAC frame, lead to a degradation of spectrum efficiency. This sec-

tion describes the assumptions for the overhead in an H/2 cell, in order to calculate the upper 

bound of the system capacity.  

Assuming that in DLC PDU trains, only LCH channels are assigned for users, e.g. 54bytes 

PDU packets are generated for each unit of user traffic transmission. In a single AP coverage, 

the preamble of control channels is 4 OFDM duration time; preamble for DL phases are 2 

OFDM symbols per user whereas in the uplink 3 OFDM symbols are used; preambles for 
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RCHs are 3 OFDM symbols; the number of SCH are assumed to be equal to the number of 

users in both directions. One OFDM symbol duration time is sμ4 . The duration time for 

RCH is variable and determined by the number of RCH slots. In the upper bound calculation, 

it is assumed that in every MAC frame, that only one RCH channel exists. In addition, neces-

sary guard times need to be considered: the radio turn-around time is set as sμ6  [57]; the 

guard times between UL/DL bursts are set to be sμ2 ; whereas, guard times between 

BCH/FCH, FCH-ACH/DL, UL/RCH are set to be 800ns. The timing diagram for one MAC 

frame is shown in Figure I-11.  

BCH, FCH, ACH         User 1        ...          User n              User 1         ...        User m      RCH

Downlink PhaseControl Channels

Guard Times

Random Access

Preamble LCHsSCHs

8us
(Ref. #users)

3×4=12us
(Ref. #users)

SCHs LCHs ... SCHs LCHs

DLCC-ID k, MT 1DLCC-ID j, MT 1

...

...

Preamble ACHFCHBCH

16us (5+9+3)×4=68us

Preamble LCHs SCHs

12us
(Ref. #users)

3×4=12us
(Ref. #users)

SCHsLCHs ... SCHsLCHs

DLCC-ID k, MT mDLCC-ID m, MT m

...

...

Preamble RCH

12us 3×4=12us

Figure I-11: Structure of an H/2 MAC Frame 

As depicted in Figure I-11, the payload of the user is mapped to the LCH transport channel, 

which is combined with the control channels (SCH, FCH, BCH, ACH and RCH) to be sched-

uled in the 2ms frame. Inside one MAC frame, the capacity carrying user traffic can be calcu-

lated by the following formula:  
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where n denotes the number of users in the downlink, m denotes the number of users in the 

uplink, dMC is the effective capacity of one MAC frame depending on the physical (PHY) 

mode M without considering the signalling overhead; MC  is the maximum gross rate of the 

physical mode M; PBCT is the time for BCH preamble ( sμ16 ); BCCT  is equal to sμ68  repre-

senting the required time for the control channels as the BCH, FCH and ACH; FCHT is the 

minimum duration time of FCH, which consists of three Information Elements (IE) with the 
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duration time of 9 OFDM symbols, i.e. sμ36 ; PDLT is the time for the downlink PDU preamble 

( sμ8 ); SCHT presents time for SCH channel with the value sμ12 in basic mode; PULT is equal to 

sμ12 and stands for the time for uplink PDU preamble; PRCT  denotes RCH preamble 

( sμ12 ); RCHT  denotes the time for RCH ( sμ12 ); GBFT is equal to ns800 denoting the guard time 

between BCH and FCH-ACH channels; GCDT  has the value ns800 representing the guard time 

between BCH/FCH/ACH and the downlink period; GULT  is the guard time for the uplink PDU 

trains ( sμ2 ); GTRT is the transceiver turning around time with the value sμ6 ; GDLT  denotes the 

guard time between the downlink and is equal to sμ2 ; GURT  is the guard time between the up-

link period and RCH; MACT  is the time for a MAC frame, i.e. ms2 . The aforementioned 

analysis is similar to Equation (14.9) in reference [131], where the guard times are not consid-

ered.  

Considering the minimum control message period and guard period that do not carry user traf-

fic, the maximum available time left for the user traffic in a MAC frame is sμ6.1887 , denoted 

by MT . The duration time of the LCH channel is LCHT , which is a random variable according 

to the link mode having been chosen. For instance, at the basic mode (BPSK with ½ convolu-

tional code), the LCH channel covers usRDT BASLCHLCH 72106/8*54/ 6 =×== , whereas in the 

highest PHY mode (64 QAM with Coding Rate: ¾), the time in LCH can be calculated as 

usRDT HIGLCHLCH 8/ == , where LCHD  denotes the amount of bits carried by one LCH chan-

nel, BASR  is the basic mode transmission rate, HIGR  is the data rate corresponding to the high-

est mode. Note that the FCH channel contains the description for the contents of the slots for 

the downlink and the uplink phase with carrying the Resource Grant (RG) transmitted in 27 

byte blocks containing 3RGs and a CRC-24 checksum with the data rate BASR .  

Denote the average time slice iQ  allocated to a user as quantum. The number of users ( LNKN , 

supposing each user has one radio link with constant PHY mode during a MAC frame) can be 

carried by a MAC frame is variable depending on the following parameters: the length of the 

MAC frame, the duration of the control channel, the guard periods, the link adaptation scheme 

applied in the LCH channel and the quantum size. The following relationship holds:  
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In order to support different network layer protocols, H/2 specifies Convergence layer (CL) 

protocols [58][59], where the Segmentation and Reassembly (SAR) takes place. It adds trailer 
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bits to the convergence layer payload and adds 1.5 bytes CL flags to each segment with the 

size 48 bytes carrying pure user data. Therefore, if the user payload coming from higher layer 

is considerably bigger than 48 bytes in the PDU, the trailer bits can be neglected. The effec-

tive maximum throughput for the system is therefore:  
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where EMC  is the effective maximum capacity with considering the overhead in LCH channel 

and overhead from CL; ix  is the payload length of user i; POR  is the ratio of pure user data 

compared to the length of a LCH channel, i.e. 52/48 . Due to the nature that ix  is considera-

bly greater than the LCH payload in most cases, i.e. 48bytes, the overhead from CL can be 

negligible. Assuming that BASR  is used for all communication links, Equation (I-5) can be 

therefore simplified to the following equation:  
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The radio resource management functions must control the incoming traffic based on the 

available capacity. The maximum system capacities with respect to different physical modes 

are shown in Table I-2, which are generated based on Equation (I-5) without considering the 

SAR overhead. For a typical voice application, the uplink and the downlink traffic are sym-

metric, i.e. )()( nEmE = , where )(⋅E  computes the expectation values. 

Table I-2: Effective Throughput for Different Physical Modes 

Highest Mode 
(Mode 7) 

Mode 6 Mode 5 Mode 4 Mode 3 Mode 2 
Basic Mode 
(Mode 1) 

54 Mbps (without 
overhead) 

36 Mbps 27 Mbps 18 Mbps 12 Mbps 9 Mbps 6 Mbps 

46.33 Mbps (with 
overhead) 

30.89 
Mbps 

23.17 
Mbps 

15.44 
Mbps 

10.30 
Mbps 

7.72 
Mbps 

5.15 Mbps 

Figure I-12 and Figure I-13 show the upper bounds of the number of users and the system 

throughput with respect to the size of the quantum respectively. In order to compare with the 

basic mode bounds, the size of quantum is given in number of LCH PDUs allocated per user. 
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Figure I-12: Number of Users Carried by One MAC Frame 

Figure I-13: System Throughput versus Number of Users Served in a MAC Frame 

I.4.2.2 Overview and Constraints in UMTS/FDD 

Functional network elements of the UMTS/FDD (Universal Mobile Telecommunication ser-

vices/Frequency Division Duplex) are grouped into the Radio Access Network (RAN), the 

Core Network (CN) and the User Equipment (UE) [70][132]. The UMTS Terrestrial RAN

(UTRAN) handles all radio related functionality. The CN of it is responsible for switching 

and routing calls and data connections to external networks. UTRAN consists of two distinct 

elements: the Node B and the Radio Network Controller (RNC). The Node B converts the 

data flow between UE and RNC and the RNC owns and controls the Node B’s in its domain. 

The essential air interface is based on WCDMA (Wideband Code Division Multiple Access) to 

support multimedia services with high QoS provision, e.g. high quality images and video, and 

access to information and services with enhanced data rates and new flexible communications 

capabilities. The chip rate is 3.84Mcps (Megachips per second) with different spreading fac-

tors, where, a higher spreading factor results in lower user data rate and higher processing 
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gain (contributed by the spreading gain) [68][94][116]. Based on the assigned spreading 

codes, users are separated in the code domain, where each user is assigned a code out of a 

family of codes supposed to be completely orthogonal with variable length (OVSF, i.e. Or-

thogonal Variable Spreading Factor), enabling therefore exact elimination of interfering sig-

nals of other users with proper processing at the receiver side [115]. Due to the capacity drop 

resulting from non-orthogonality, it is assumed in this thesis that only one OVSF tree is avail-

able in forward link and reverse link respectively [36][79][102]. The limitation on the maxi-

mum number of users is not only derived from the available codes taken out from the OVSF 

tree (hard blocking). It has been proven that the required transmission power in both the up-

link and the downlink generates interference to other users due to transmission at the same 

time owing to non-perfect interference cancellation as well as multipath propagation.  This 

causes also a cell breathing effect; e.g. in a higher loaded CDMA system, remote users cannot 

get access [43][128]. Therefore, the limit from system soft capacity (soft blocking condition), 

or the number of users that could be accommodated simultaneously gives an important con-

straint for a WCDMA system. This problem will be further explained in chapter III and IV, 

where the gain given by coexisting subnetworks with the same and different overlapping cell 

pattern are discussed.  

This section explains the data flow from higher layers through physical channels and intro-

duces some relevant channel structures. The UTRAN provides circuit switched services and 

packet switched services and interworks with CN, where Circuit Switched Domain and Packet 

Switched Domain are divided for those two types of services. The UTRAN selects proper 

bearer services mapped onto the radio interfaces. The procedure of data flow to be introduced 

in the following section is one important feature for that.       

I.4.2.2.1 Channel Structures 

In this section, the logical channels, the transport channels and the physical channels covering 

Radio Link Control (RLC), MAC and PHY as well as the relationship between them are 

briefly explained according to the 3GPP specifications [7]~[17]. Different types of services 

are defined by the logical channels which are mapped through the transport channels to the 

physical channels. For this mapping, rate matching, segmentation or concatenation, interleav-

ing and multiplexing of different transport channels are carried out in the DLC, where the 

RLC sublayer, Broadcast and Multicast Control (BMC) sublayer, MAC sublayer and Packet 

Data Convergence Protocol (PDCP) sublayer are included. The Transport Channels (TrCh) 

are the services required by the MAC from the physical channel representing how data will be 
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transmitted on the air interface and being finally mapped onto Physical Channels (PhCh). 

PhChs will have direct impact with respect to the user QoS requirements and the overall sys-

tem performance. 

The logical channels are the MAC layer services provided for the RLC layer. There are two 

main groups of logical Channels: One is the group of Control channels, which handles control 

plane information; while the second group is the Traffic channel, which handles user plane in-

formation, i.e. payload for the user and related control signalling. An overview of the in-

volved logical channels is shown in Figure I-14.   

The transport channels are services provided by the physical layer to the MAC layer. There 

are basically dedicated channels and common channels being classified. There is one dedi-

cated transport channel being defined, namely, Dedicated Channel (DCH), which carries data 

from the logical channel Dedicated Traffic Channel (DTCH) for one UE and is suitable to 

transmit circuit switched or streaming data with continuous transmission.  

The following TrCh channel types are defined for Common Channels (CCH) suitable for car-

rying either control information of the network or connection requests: Forward Access 

Channel (FACH), Random Access Channel (RACH), Common Packet Channel (CPCH) and 

Uplink Shared Channel (USCH); The Downlink Shared Channel (DSCH) can be used in both 

circuit switched mode and packet switched mode; the High Speed Downlink Packet Access

(HSDPA) concept within 3GPP specifications in recent releases introduces the new transport 

channel as the High Speed Downlink Shared Channel (HS-DSCH). Furthermore, the Paging 

Control Channel (PCH), the Broadcast Channel (BCH), and the Synchronisation Channel

(SCH) are other common transport channels. The main features of them are low bit rate, high 

power signal and a quick allocation and release of resources. The Downlink Shared Channel 

(DSCH) is mapped from the DCH and DSCH Control Channel (DSCCH). Basically, DSCH 

has the capability to time multiplex several radio links with different QoS requirements. 

The mapping from logical channels through transport channels and physical channels for the 

uplink and the downlink are shown respectively in Figure I-14, where the channel structure of 

HSDPA is also shown. The HS-DSCH channel introduced as an extension to DSCH is 

mapped onto a pool of physical channels identified by channelisation codes and denominated 

as High Speed Physical Downlink Shared Channel (HS-PDSCH). The spreading factor of the 

HS-PDSCH is fixed to 16. Compared to other MAC entities defined in RNC, MAC-hs exclu-

sively defined for HSDPA is located in the Node B. It can use one or several codes up to a 

maximum of 15. Moreover, the scheduler may apply code multiplexing by transmitting sepa-
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rate HS-PDSCH to different users. More detailed introductions to HSDPA and the implemen-

tation of JRRM in HSDPA is more detailed in Chapter III.   

CCCH 
DCCH/ 
DTCH 

CTCH BCCH PCCH CCCH 

RACH CPCH DCH PCH BCH FACH DSCH DCH 

DOWN LINKUP LINK

DCCH/ 
DTCH 

LOGICAL 
CHANNELS 

TRANSPORT 
CHANNELS 

MAC LAYER 

PHYSICAL LAYER 

PRACH PCPCH DPDCH/ 
DPCCH 

Secondary
CCPCH 

Primary 
CCPCH 

Secondary
CCPCH 

PDSCH DPDCH/ 
DPCCH 

PHYSICAL 
CHANNELS 

HS-DSCH 

MAC-hs in Node B

HS-PDSCH 

Figure I-14: Channels Structure in the Uplink and the Downlink 

I.4.2.2.2 Interface between Layers 

For the mapping between DLC and physical layer, the TrCh conveys packets called Transport 

Block (TrBk) corresponding to the MAC PDU (basic unit for segmentation and reassem-

bling). A set of TrBks named as Transport Block Set (TBS) is used at the same time interval 

using the same transport channel. The time interval, during which the TBS is exchanged be-

tween the MAC layer and the PhCh is defined as Transmission Time Interval (TTI). The TTI 

equals to the periodicity at which a TBS is transferred by the physical layer on the radio inter-

face. It is always a multiple of the minimum interleaving period (e.g. 10ms, the length of one 

radio frame). The MAC delivers one TBS to the physical layer every TTI. The TBS may have 

different number of blocks. 

On the control plane, in parallel to each TBS, a Transport Format Indicator (TFI) [11][60] is 

applied in order to describe the transport data format, such as data rate, channel coding or rate 

matching parameters. When there is more than one TrCh, the TFIs from parallel TBSs are 

combined to obtain the Transport Format Combination Indicator (TFCI) while the TBSs are 

multiplexed in the multiplexing chain located in the physical layer. The TFCI is transmitted 

on a control channel while the multiplexed TBSs are transmitted on a traffic channel. Once 

data is retrieved in the receiver, the TFCI must firstly be decoded appropriately to interpret 

data successfully and deliver each TBS, with TFI in parallel, to their corresponding TrChs.  

One physical control channel and one or more physical data channels form a single Coded 

Composite Transport Channel (CCTrCh). There can be more than one CCTrCh on a given 
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connection but only one physical layer control channel is transmitted in such a case. Alterna-

tively, several transport channels can be multiplexed to a CCTrCH, e.g. the DTCH and Dedi-

cated Control Channel (DCCH).  After the 2nd interleaving performed over the whole TTI in-

terval, the bursts are ultimately to be modulated and transmitted with spreading and scram-

bling. This alternative multiplexing can be seen as the case that several parallel multiplexing 

chains exist. If the user data traffic is mapped to the Dedicated Physical Channel (DPCH), 

this channel is constructed by the Dedicated Physical Control Channel (DPCCH) carrying 

physical control information and multiplexed with the Dedicated Physical Data Channel

(DPDCH). It is worth pointing out that the modulation scheme used in uplink is BPSK, as is 

different to QPSK in the downlink. And for dedicated channels, the DPCCH has a fixed bit 

rate of 7.5 kbps using a fixed spreading factor with BPSK modulation scheme and is sent in 

parallel with the DPDCH using the I/Q multiplexing scheme.  

I.4.2.2.3 Maximum Number of Available Dedicated Channels 

The dedicated channels in UMTS FDD are considered to calculate the available channels as 

the input parameter for the later capacity and blocking probability analysis. Figure I-15 shows 

the basic structure of the Orthogonal Variable Spreading Factor (OVSF) tree [8], where the 

orthogonal codes defined in each UMTS cell are selected. The codes on the OVSF tree have 

the property that the offspring code is generated from the duplications of the predecessor code 

according to the quadratic generation scheme for the Walsh sequence. As long as two codes 

don’t have the predecessor-offspring relationship, they are orthogonal. In order to evaluate the 

hard blocking capacity given by code selection, the maximum number of channels needs to be 

studied. 

Predecessor Node

Offspring Node 

SF=2 SF=4 SF=8

c2 ,1

c2 ,2

c4 ,1

c4 ,2

c4 ,3

c4 ,4

c8 ,1

c8 ,3

c8 ,5

c8 ,6

c8 ,4

c8 ,7

c8 ,8

c8 ,2

....

c

Figure I-15: OVSF Tree Structure of a WCDMA System 
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The maximum number of channels offered in a cell of WCDMA system is directly related to 

the SF (Spreading Factor) assigned by the UMTS/FDD system. To keep the orthogonality, 

the codes of predecessor node cannot be used together with the offspring nodes (see Figure 

I-15).  

Maximum Number of Channels in the Uplink 

Assuming that users obtain the DPCHs with the same length of the spreading code in the up-

link, i.e. the channel capacities are identical, the maximum number of users for uplink is 

therefore denoted by UM 5: 
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where uSF  is the SF that varies between 4 and 256 assigned by the system to the admitted us-

ers in the uplink; cuC  corresponds to nodes assigned in the tree by the minimum number of 

control channels mandatory in the uplink direction. In this case, just an RACH with SF=256 is 

necessary, which implies 1=cuC . 

Maximum Number of Channels in the Downlink 

It is considered that each user uses a DPCH in downlink connection. Each DPCH is defined 

by a DPDCH and a DPCCH multiplexed in time using an orthogonal code for both with a SF 

chosen between 4 and 512. In that case, the maximum number of users for downlink is calcu-

lated according to the following equation. 
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where dSF  is the SF assigned by UMTS FDD system to the users in the downlink. cdC  de-

notes the number of nodes used to transmit control channels in the downlink, which cannot be 

                                               

5 As described in section I.4.2.2, although from an engineering viewpoint, multiple OVSF trees are al-

lowed in the uplink. In order to avoid drop of capacity [36], a single OVSF tree assignment in the up-

link is assumed in this work.  
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used by regular links (Table I-3). In this study, a minimum number of control channels are as-

sumed in order to obtain maximum number of users, i.e. 8=cdC . 

Table I-3: Codes (nodes) Reserved by Control Channels in Downlink 
Control Channels Spreading Factor Nodes
Primary CCPCH & Primary SCH 256 2 
AICH 256 2 
PICH 256 2 
Secondary SCH 256 2 

I.5 Outline of the Dissertation 

Based on the necessary definitions and introductions given in Chapter I, Chapter II provides 

theoretical analysis of various JRRM approaches, especially the theoretical investigations 

with respect to the typical implementation conditions and some significant conclusions are de-

rived. Considerations for the entity that is responsible to split the traffic are discussed. In this 

chapter, performances of the JRRM approaches for both the packet switched services and cir-

cuit switched service are analysed. A novel model combining queuing theory and information 

theory considering hard blocking and soft blocking phenomena is introduced for circuit 

switched services. Chapter III studies the performance of RRM for a UMTS network with a 

single frequency layer and the performance of JRRM for a network with two frequency lay-

ers. HTTP (Hypertext Transfer Protocol) and other splittable data traffic are considered. Be-

sides the performance comparison between JRRM approaches in co-located base stations in 

subnetworks, impact on JRRM performance due to base station separations are studied as 

well. In Chapter IV, performances of resource allocation for different service types in a typi-

cal UMTS-WLAN integrated network are studied. At the beginning of this chapter, optimal 

link mode selection of the admission control for a single WLAN subnetwork is evaluated. 

Based on the traffic types as well as the user perspective, policy based traffic splitting is pro-

posed with respect to the network interworking architecture. Monte Carlo simulations show 

the impact from overlapping scenarios of the cells. A synchronisation approach is also dis-

cussed in this chapter. Chapter V concludes the thesis. 

The proofs of some selected theorems and lemmas can be found in the Appendix. Besides 

that, key simulation parameters of the network level simulator for evaluating the JRRM per-

formance are also presented.  



II. MODELLING AND GAIN ANALYSIS FOR JRRM  

Based on the general introduction of the JRRM concepts, detailed algorithms and the con-

straints for JRRM are studied in this chapter. The RRM algorithms for individual subnet-

works, namely Non JRRM, the JOSAC approach and the JOSCH approach are studied. Gen-

eral principles of how to select JRRM approaches and upper bounds for their performances 

are derived. The involved theorems and the analytical models are fundamental for later chap-

ters.  

The RRM performances are affected by the subnetworks’ capacities, the selection of the 

switching method, i.e. circuit switched or packet switched, and the selection of RRM algo-

rithms of their own, i.e. Non JRRM, JOSAC or JOSCH. Those influencing factors are classi-

fied into three dimensions for simplifying the analysis of JRRM problems, as depicted in 

Figure II-1. 

As defined in Section I.3, the JOSAC does not offer traffic splitting to subnetworks. If a call 

is admitted by the radio network, during the TTI, only one RAT is active for an MT. The 

JOSCH algorithm offers detailed traffic management by allowing traffic splitting over sub-

networks. In most cases, JOSCH requires a common MAC protocol for terminals and network 

elements (e.g. RNC) that have traffic being split over the subnetworks. A primary function of 

such MAC protocols is to schedule the traffic and the amount of them through the available 

(active) subnetworks. Both JOSCH and JOSAC must be managed by the Radio Resource 

Control (RRC) layer.  

Traffic split is the most important functionality for the JOSCH approach. By inspecting 

Figure I-8 and recalling Section I.3.1, there are two kinds of traffic splitting mechanisms that 

can be classified: Policy based Traffic Split by the remote application server and Agnostic 

traffic split by the Radio Resource Controller (RRCR) located at the coupling point. The for-

mer one is able to split the traffic according to the service characteristics and the demand from 

the RRCR, mark the traffic substreams and forward substreams to the radio resource control-

ler. The calibration can be an important characteristic of a service from the user perspective. 

Under the assumption that the remote server is able to encode and decode the information 
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streams according to the service class, e.g. video service. The agnostic traffic split is based on 

the assumption that the RRCR splits the traffic according to the conditions of the subnet-

works, e.g. load condition, irrespective of the service characteristics. 

From the system capacity viewpoint, two kinds of systems are identified: the hard-blocking 

sensitive system and the soft-blocking sensitive system (see Z axis in Figure II-1). In the hard-

blocking sensitive system, there is no interference or negligible interferences caused by the 

coexisting multiple communication radio links. The capacity is purely determined by the radio 

resources according to the protocols, e.g. the frequency channel in an FDMA (Frequency Di-

vision Multiple Access) system, the number of time slots in a TDMA (Time Division Multiple 

Access) system, etc. On the contrary, in soft blocking sensitive systems, system capacity is 

limited by the volume of interference caused by multiple radio accesses.  

Since the selection of the switching method for a particular service changes analysis methods, 

in the following part, the performances of JRRM are investigated and compared to the Non 

JRRM approach for circuit switched service and packet switched service, respectively (see Y

axis in Figure II-1).    
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Figure II-1: Gain Analysis Based on Different Dimensions 

According to the definitions of JOSAC and JOSCH, the terminal capabilities as well as the 

brief introduction of Radio Multi Homing (RMH) introduced in Chapter I, the use cases of 

JRRM and the definition of RMH with indicating the JRRM functions related with it are 

given (see Figure II-2).  

Definition II-1: Radio Multi Homing (RMH) is an overall management framework extended 

from the IP Multi Homing concept. It provides multiple radio accesses for multi-mode/multi-

band terminals in order to allow a terminal to maintain simultaneous links with multiple ra-

dio subnetworks. It selects the most appropriate JRRM function based on the identified infor-
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mation from the interworking subnetworks, terminals, user and services. In order to support 

the selected JRRM functions, proper traffic classification, calibration, interworking between 

the service application server and RRCR and the configuration of transmission format as well 

as the MAC protocols are managed by RMH. In contrast to the IP multihoming concept 

raised in Chapter I, RMH needs only one IP address.   

JRRM Use cases 

For Single Link Terminal  
(Multi-mode/Single-band with single TRx)

JOSAC 

Description: This kind of terminals
can be reconfigured during the con-
nection time. i.e., the physical signal 
processing chain can be alternatively 
reconfigured. However, it does not 
support simultaneous radio links.

Option 2: JOSCH Option 1: JOSAC 

Description: This kind of terminals can be 
reconfigured during the connection time. 
i.e., the physical signal processing chain 
can be reconfigured for the selected air in-
terfaces. Compared to single link case, it 
supports simultaneous radio links  

For Multi-Link Terminal  
(Multi-mode/Multi-band with multi-TRx) 

Radio Multi Homing (RMH) 

Figure II-2: Illustration of use cases of JRRM and Radio Multi Homing 

From the OSI layer dimension, there are three kinds of RMH approaches that can be classi-

fied: the RRC RMH, the MAC RMH and the Physical Layer (PHY) RMH. The RRC RMH 

defines separate radio bearers for subnetworks before the suitable subnetworks are selected. 

The MAC RMH is different from RRC RMH in that the former one has only one RLC ID for 

the bearer service over subnetworks. The user data are transmitted agnostically through the 

DLC layer over the involved subnetworks. The PHY RMH allows more freedom in transmis-

sion technique selection in terms of bit-by-bit transmission, e.g. channel coding can be ap-

plied over frequency layers. Compared to the MAC RMH, the latter one uses TrBks transmis-

sion, the channel coding is applied inside the transmission block; no coding is done crossing 

subnetworks. In other words, PHY RMH is coding and splitting, MAC ARMH is splitting and 

coding, which is less agnostic than PHY RMH. In this thesis, the MAC RMH and RRC RMH 

are the main focuses. Referring to the open questions raised by [6], some of them related with 

RRC states and transmission schemes using the CB and EB will be partially answered. 

To differentiate call sub units, headers are needed. There are two solutions. First, additional 

bits concatenated to the payload header can be introduced. When traffic is split γ times, the 
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needed additional header size will be ( )γ2log  in the protocol layer where traffic splitting is 

performed. For instance, if MAC RMH is applied, under the condition 2=γ , one additional 

bit must be included directly after the payload Sequence Number (SN). Normally, this addi-

tional bit is much less than the sum of the payload and the control header. It is also true in the 

higher layers, since the payload there is even greater than the one at the radio protocol layer. 

Alternatively, just to use different SN for the call sub units are also possible. However, this 

method is particularly suitable for agnostic traffic splitting, since without additional control 

header, no policy information can be carried. In fact, only from the SN, one cannot differenti-

ate the importance of the sub-call units. Nevertheless, from the overhead viewpoint, this 

method does not need additional radio resource compared to the classical system.   

Therefore, it is not considered for theoretical analysis in this chapter. In Chapter III and Chap-

ter IV, two examples on the overhead requirements are respectively discussed for the cases of 

agnostic traffic splitting and policy traffic splitting, where suitable solutions were deployed 

according to the JRRM policy used.   

II.1 Analysis for the Circuit Switched Services 

II.1.1 Circuit Switched Services in Hard-blocking Sensitive Networks 

Before the comparisons between different RRM approaches are carried out, a number of defi-

nitions are given.  

Definition II-2: System Capacity in Circuit Switched Network 

System Capacity is the maximum system load the system can afford according to the target 

Grade of Service (GoS) value. Normally, the GoS is defined as the probability of a call being 

blocked or delayed more than a specified interval [29]. In this chapter, the GoS is evaluated 

by the call blocking probability ( )m
v

,, ρApB  , where A is  the JRRM approach; ρ  is the nor-

malised system load and m
v

 is a vector representing the maximum number of servers in all 

subnetworks. For instance, if JRRM is operated over two subnetworks with maximum number 

of servers m1 and m2 respectively, denote ( )21, mm=m
v

. 

Let set A  represents the complete set of available RRM approaches. It consists of three reali-

zations, i.e. { }SCN AAA ,,=A , where the Non JRRM approach, JOSAC approach and the 

JOSCH approach are presented by NA , CA   and SA  respectively.  
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In order to meet the GoS target BTp , there is only one Tρ  for given RRM approach A and 

m
v

values, which can be proven by the continuity property and the monotony property of the 

Erlang B formula. That is to say, for any Tρρ > , the system cannot afford the load ρ , since 

( ) ( )mm
vv

,,,, TBBTBTB ApppAp ρρ => , where value Tρ  is the target maximum offered load, 

which statistically evaluates the system capacity.   

Definition II-3: System Capacity Gains 

The system capacity gain includes the absolute gain and the relative gain. The absolute gain is 

the difference between the capacity given by the JRRM approach compared to the one with 

Non JRRM approach. The relative capacity gain is the absolute gain divided by the capacity 

given by Non JRRM.  

Take the gains for JOSAC case as an instance. Denote CAG  and CRG  corresponding to the ab-

solute gain and relative gain respectively. The following equations are fulfilled:  
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II.1.1.1 Basic Queuing Model  

For two independently operated networks, if the incoming traffic is assumed to be Poisson 

distributed with arrival rate λ  [s-1] and one basic channel6 with the capability to process the 

incoming call with rate μ  [s-1], the offered load is μλρ = . According to Erlang B formula 

based on the M/M/m/m7 queuing model, the call blocking probability is calculated as:  
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where 2,1=i  is the index of subnetwork. The blocking probability of two available subnet-

works together is calculated as the statistical average of 
iBp . When both subnetworks have the 

                                               

6 The term Basic Channel is used to model the dedicated resource being assigned to a call. In the Markov chain, 

if one server is blocked by a call, this call gets a basic channel from the network. 

7 According to Kendall’s notation [85], M/M/m/m means a queuing model with exponentially distributed call in-

ter arrival time, exponentially distributed call processing time, m servers and maximum m customers in the sys-

tem (no queuing).   
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same im , the average probability can be derived as ( ) 2
21 BBB ppp += . The case with inde-

pendent subnetworks implies that the Non JRRM approach is applied.  

If subnetworks are vertically integrated, the incoming calls can be admitted to either subnet-

work with the JOSAC rule applied. Then the two integrated subnetworks can be considered to 

behave as if they were one common network only. The cooperating subnetworks can then be 

represented by a Finite State Transition diagram as shown in Figure II-3, where the number of 

states is 121 ++ mm  instead of 1+im  in subnetwork i and a state k means that k channels are 

occupied. Name the total number of servers contributed by the subnetworks ∑=
i

imn , the 

call blocking probability is then calculated as: 
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System capacity can be evaluated as the maximum system load permitted once the call block-

ing probability (GoS) is given. Since the Erlang B formula has the monotony property, the 

higher the number of servers is, the less is the blocking probability under given system load 

ρ . The gain of JOSAC through cooperation of subnetworks compared to the Non JRRM case 

(in non cooperating subnetworks) can be evaluated by comparing the system capacity under 

the target GoS (see Definition II-2). A system with more servers can carry higher traffic loads 

under the same blocking probability, called trunking gain [132]. It is evident that JOSAC 

benefit from the trunking gain.  

λ

0 1 2 m1-2 m1-1 m1 

λ λ λ

μ
μ2

m1+m2 m1+m2-1 m1+m2-2 m1+3 m1+2 m1+1 

λ λ λ λ

μ)1( 1 −m μ1m
λμ)1( 1 +m

μ)2( 1 +mμ)3( 1 +mμ)1( 21 −+mmμ)( 21 mm +

Subnetwork 1

Subnetwork 2

Figure II-3: State Diagram for Two Cooperating Subnetworks under JOSAC 

II.1.1.2 JOSCH Approach with Policy Based Traffic Splitting (Traffic Split by Remote Server) 

Compared to JOSAC, JOSCH supports call (session) splitting instead of load dependent call 

allocation over subnetworks. In this section, it is assumed that under the policy based traffic 

splitting mechanism the call is split by the remote server into independent call sub units, 



   

39 

which are routed through the core network. Suppose an incoming call can be split by the re-

mote server to all the cooperating γ  subnetworks (policy based traffic splitting). Denote γ  as 

the splitting factor. In the following analysis, a typical case with 2=γ  is studied.  

Due to the independent arrivals of the call sub units caused by the policy based traffic split-

ting, the arrival rate of the call sub units under JOSCH at the RRCR doubles the call arrival 

rate under JOSAC.  

Suppose a given RAN has a maximum number of channels m for serving calls at the JOSAC 

level. Under JOSCH, the same RAN will have twice the maximum number of channels, i.e. 

2m, to serve the call sub units. As depicted in Figure II-4, referring to the JOSAC system with 

traffic arrival rate λ , the arrival rate of call sub units is λλ 2=′ . Suppose the channel capac-

ity to serve a call under JOSAC is C , the one under JOSCH is scaled down to be 2CC =′ ; at 

the mean time, the data amount (content) D′  of a call sub unit also halves the one under 

JOSAC. Therefore, the processing rate of a call sub unit is identical to the one under JOSAC, 

i.e. μμ ==′′=′ DCDC .      

For instance, in a TDMA based channel allocation, where submultiplexing is used to split 

channels that would be able to serve calls, if the number of channels is doubled, and the 

amount of data contained in a call sub unit is halved, then the service duration remains un-

changed (processing rate μ ). 

Another example is that two UMTS cell layers are overlaid to each other, each with one 

OVSF tree.  Suppose Constant Bit Rate (CBR) traffic need to be admitted by the networks. In 

the JOSAC case, assume an incoming session requires Spreading Factor (SF) 4 and therefore 

each subnetwork has totally 4 code-channels available; in the JOSCH case, after equally split-

ting traffic into two overlaid cells, the traffic in both cells are assigned with spreading factor 8 

and therefore each network has 8 code-channels available. Since the channel capacity per 

code for each traffic stream in the JOSCH case is reduced by 50% and the same for data in the 

call sub unit level, therefore, the call processing rate μ′  is the same as before the traffic is 

split ( μμ =′ ), as depicted in Figure II-4. 
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Figure II-4: Comparison between JOSAC and JOSCH Birth-Death Models  

Based on the definition of policy based traffic split, where the calls are split at the remote 

server into call sub units, the inter-sub-unit call arrival time is assumed as exponentially dis-

tributed. In order to have a fair comparison between the JOSCH and JOSAC approaches, to 

obtain the mapping between the targeting call blocking probabilities is the first step. If a call 

sub unit is blocked, there must be one call unit is blocked in the JOSAC case. In the case with 

two subnetworks, if two call sub units are blocked, it can be two call units or only one call 

unit blocked, as depicted in Figure II-5. The relationship between the targeting call blocking 

rates for JOSAC and JOSCH is calculated as: 

( )23
2

1
bbB ppp −=       (II-4)  

where Bp  is the call blocking rate in the JOSAC level, Pb is the call blocking rate in the 

JOSCH level. The detailed derivation of the mapping procedure and the performance are 

shown in Appendix B.   

JOSAC level call blocking 
rate BP

JOSCH level Call sub unit 
blocking rate bP

Traffic Split 

Case 2: Blocking of two call sub 
units that belong to different calls at 
the JOSAC level 

Case 1: Blocking of two call sub 
units that belong to the same call 
at the JOSAC level 

  
Figure II-5: Inter-relationship between Call and Call Sub Unit 
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Compared to Figure II-3, the maximum number of basic channels doubles in each system un-

der JOSCH, for a conventional call unit is split by γ times, the maximum number of basic 

servers will increase by γ  times8, as depicted in Figure II-6 with 2=γ .  

2m1-3 2 2m1-2

μ2

2m1-1 2m1

μ12m
μ)22( 1 −m

1 0 

μ

λ2

μ)12( 1 +m

λ2

Supposing Traffic is split 
into two streams through 
two subnetworks 

μ)12( 1 −m
μ)32( 1 −m

2m1+2 2m1+1 

μ)22( 1 +m

λ2 λ2 λ2 λ2 λ2
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λ2λ2
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μ)32( 1 +m
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Figure II-6: Model of JOSCH for Two Cooperating Subnetworks 

It can be derived that the call sub unit blocking rate for JOSCH case is: 
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where the complete number of basic channels is modelled as γχ )( 21 mm += , and the call 

blocking probability is modelled as bp . The parameters for the analytical performance com-

parisons are listed as follows: 

Table II-1: Parameters for the Gain Analysis 

Parameter Value and Detailed Description 
Splitting Factor 
of traffic γ = 2 

Basic Channels Varying in the range of [1, 30] for each subnetwork 

Traffic Parame-
ters 

Poisson distributed call arrivals and exponential distributed call service 
time (The maximum arrival rate is obtained according to the targeted call 
blocking probability, maximum number of servers and the selected ap-
proach, see Equation II-1.)  

Targeted GoS 
(Blocking prob-
ability) 

Bp  varies and bp is derived according to Equation (II-4). 

Both, the absolute system capacity gain and the relative gain in Equation (II-1) are shown in 

Figure II-7 and Figure II-8, where the system load are normalised by the total available serv-

ers in the latter. The capacity gains between JOSCH and JOSAC are fairly compared with 

modified targeting call sub unit blocking probability based on Equation (II-4).  

                                               

8 The model is different to the one depicted in Figure II-3 with totally ( ) 2121 =++ γγ mm states. 
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The absolute capacity gain increases as the number of channels increases as shown in the left 

figures in Figure II-7 and Figure II-8 respectively. On the contrary, the relative gain compared 

to the Non JRRM case decreases along with the increment of the number of servers, as shown 

in the right figures in Figure II-7 and Figure II-8. 

Figure II-7: Gain Comparison with Target GoS=0.02 (Based on Equation (II-1)) 

Figure II-8: Gain Comparison with Target GoS=0.1 (Based on Equation (II-1)) 

For JOSAC and JOSCH, when the number of channels approaches infinity, no significant 

relative gain can be reached. It shows that, given a target call blocking rate at the JOSAC 

level, the target call blocking rate for JOSCH level must be set higher. In other words, the tar-

get maximum offered load CT ,ρ  in the JOSAC case might be greater than ST ,ρ in the JOSCH 

case when the difference between BP  and bP  is big enough. As shown in Figure II-8, a rela-

tively high number of available servers under the high target call blocking rate condition pro-

vides the fact that STCT ,, ρρ > . It is interesting to derive the following conclusion that for 
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higher capacity systems or for services that only require a low QoS (high call blocking rate), 

the policy based RMH does not need to implement JOSCH for circuit switched services.  

II.1.1.3 JOSCH Approach with Agnostic Traffic Splitting (Traffic Split by RRCR) 

Different to the policy based traffic splitting scenario, this section investigates the scenario 

when the traffic is split in RRCR controlling the subnetworks, the amount of radio resources 

required by the incoming traffic with respect to the JRRM solutions are the same and the call 

sub units belonging to a call arrive at the RRCR at the same time. By inspection, such phe-

nomenon can be proven by the nature of the radio resource management procedure: to admit 

the incoming traffic class i with throughput requirement ri(t) at time t, and throughput ri re-

quires iδ ( 1≥iδ ) basic radio resource units, both JOSAC and JOSCH mechanisms require to 

assign iδ  basic resource units to such traffic class. In case each subnetwork has multiples of 

iδ  basic radio units, the system performances evaluated by call blocking rate given by 

JOSAC and JOSCH for the single traffic class i turn out to be the same.  

However, the performances of JRRM for multiple traffic classes are different, which is simply 

due to the subnetwork resource scalability. For instance, suppose two cooperating subnet-

works have maximum number of servers ),( 21 mm=m
v

. It happens that the first subnetwork is 

left with δi-1 servers unoccupied and 1 unit in the second one, a new call in class i cannot be 

processed using JOSAC, therefore it will be blocked. However, in the JOSCH case, such a 

call will be admitted through splitting. In the following part, the multiple traffic class call 

blocking phenomenon for cooperating subnetworks under different JRRM mechanisms are 

studied.  

II.1.1.3.1 General Assumptions and Definitions  

Assume k traffic classes of calls can be supported by the network. A snapshot of the user dis-

tribution in the network with respect to the traffic classes are denoted as  
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k

nn

nn
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where nij presents the number of users in traffic class i in subnetwork j, with ],1[ ki∈  and 

{ }2,1=j ; k presents the total number of traffic classes. Each radio resource unit is seen as a 

server inside the complete set m
v

. A user with traffic class i requires δi servers in parallel. Af-

ter the user is being served, all δi servers will also be simultaneously released. Due to the na-
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ture of cooperating subnetworks, both subnetworks can be considered as a single network. 

And also to simplify the analysis, the user amount with the same traffic classes in both sub-

networks are integrated as follows:  

( )knn L
v

,1=n                 (II-7) 

The difference between n and n
v

 is simply that the former is a two dimensional matrix, the lat-

ter is a vector being formed by aggregating row wise from matrix n. As in previous sections, 

the birth-death process with a single traffic class can be modelled as a Markov chain. The 

same methodology is applied for the multi-traffic classes case. Consider each combination of 

user distribution (each value of n
v

) as a state. All the possible states construct the Operational 

Space (OSP) ΩΩΩΩ, which is determined by the subnetwork’s capacity vector m
v

, the required 

servers for all traffic classes },1 ,{ kii L
v

== δΔ  and, very importantly, the policy of the JRRM 

schemes, i.e. Non-JRRM, JOSAC and JOSCH.  In order to study the performance of JRRM 

algorithms, the OSP ΩΩΩΩ as well as the allowable state distribution over such a space must be 

deduced at first. In the following, several definitions are given to formulate the problem.  

Definition II-4: A neighbour state is a state which is only one user more or less compared to 

the current state. In other words, neighbour states are those that can transit to each other. 

The neighbour states are denoted as follows:  
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n . The same rule can be applied 

for the 1≠j  case9. The state indicated with a ‘-’is called a lower-neighbour-state. Logically, 

++
in

v
 means two call units are added to the traffic class i, i.e. ( )kii nnn ,,2,1 LL

v
+=++n . 

Definition II-5: A Transition Probability (TP) is a non-negative value that is selected from the 

interval [ ]1,0  controlling the transition between the neighbour states. Due to the full scalabil-

ity property given by JOSCH, the TPs are described as follows.  
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where the  footnote As  presents the JOSCH mechanism.  

                                               

9 If the denotation does not specify the value of j, it simply means the number of calls of class i is added by one.  
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The TP for JOSAC case will be described in the following Section II.1.1.3.2 where the prop-

erties of OSP are studied.  

As the coordinate convex space defined in [82], the OSP for both JOSAC and JOSCH fulfil 

the coordinate convex property, i.e. for any state n
v

 belonging to an OSP, any ni can be de-

duced to be greater or equal to zero. And if ni is greater than zero, −
in

v
 must also belong to the 

space. This convex property is very important in order to derive the state-probability distribu-

tion. In fact, the previously used M/M/m/m (Erlang B) model is based on this property.   

II.1.1.3.2 Comparison of the Operational Space for JOSAC and JOSCH 

The JRRM scheme determines the space by defining the constraints. Take two cooperating 

subnetworks for instance. JOSCH defines the space 
sAΩ through constraint  
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with ⋅  denoting the inner product, meaning ∑
=

=⋅=⋅
k

i
iin

1

δTΔnΔn
vvvv

. Since in JOSAC case, 

a call traffic unit cannot be split over two subnetworks, the JOSAC approach defines therefore 

the space 
cAΩ by 

( ){ }2,1  ,0: =≤⋅≤= jmjjAC
ΔnnΩ
vvv

                     (II-10) 

where ( )jn
v

 is the user distribution in the jth subnetwork, i.e. the jth row of the elements in the 

state matrix n shown in Equation (II-6).  

In the following, only two traffic classes are assumed to show the difference of the OSP for 

JOSAC and JOSCH. Suppose each call of the first traffic class requires only 1 server, i.e. 

11 =δ , and a call in the second traffic class requires more than one server, i.e. 2δ  is an integer 

greater than 1.  

Lemma II-1: Given the number of users in the first traffic class 1n , the maximum number of 

users in the second traffic class 2n  for JOSAC is bounded by the one in the JOSCH case, and 

the difference must not be more than 110. 

                                               

10 For a network with k traffic classes, if the number of calls for k-1 traffic classes is given, this lemma is still 

valid.  
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Based on the constraint (II-10), the maximum number of users of the second traffic class in 

JOSAC can be obtained as: ∑∑
== ⎭
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, with 2δα <j . Also, 

based on the constraint (II-9), the maximum number of users of the second traffic class in 

JOSCH is: 
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, relationship 02 ,2,2 ≥−>
CS AA nn

holds. Since the number of users must be an integer, the following relationship is valid, 

Lemma II-1 is therefore proven.  

1,0,,2,2 ==− kknn
CS AA        (II-11) 

Since the mapping from Equation (II-6) to (II-7) is the aggregation of the users in the same 

traffic classes in the two subnetworks, and according to constraint (II-10), it happens that the 

transition from 2n
v

 to +
2n

v
 might be forbidden simply because the combination of user distribu-

tion in Equation (II-6) does not exist in the OSP 
cAΩ

11, therefore,  
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v
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where )(n
v

CAp is the conditional transition probability from state 2n
v

to +
2n

v
depending on the 

distribution of 1n over two subnetworks, which is already calculated in Section II.1.1.3.3. If a 

state n
v

 is mapped from a combination of user distributions, which exist in the space 
cAΩ , it 

can be immediately derived that −
in

v
 also belongs to 

cAΩ for such state combinations. The 

property of ( )n
v

cAi
−ι  is therefore identical to the case of JOSCH.  

Therefore, comparing JOSAC and JOSCH, the resulting OSPs hold the relationship as 

SC AA ΩΩ ⊆ with different TP distributions. This phenomenon is due to the mapping from ma-

trix n to vector n
v

 where in the JOSCH case, all the combinations in n are allowed, however, 

in the JOSAC case, some combinations in n are illegal. However, although n
v

 does not in-

clude all the states in n, it is still in line with the ergodic hypothesis, i.e. the system perform-

ance can be evaluated by Monte-Carlo simulations [32], which will be compared with the 

theoretical analysis in Section II.1.1.3.4.  

                                               

11 It implies that for the first traffic class, the TP of JOSAC is identical to the JOSCH case.  
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Let’s suppose Poisson distributed call arrival for both traffic classes with average rate 1λ and 

2λ  respectively, the call processing time follows the negative exponential distribution with 

average rate 1μ and 2μ  respectively; Let ∑
=

=
2

1j
jmm  be the total number of servers; a finite 

state transition diagram in the JOSCH case is illustrated in Figure II-9. The collection of all 

the states forms the OSP of the JOSCH scheme. As stated in Equation (II-10) and (II-12), the 

OSP is restricted by the first traffic class’ user distribution over the two subnetworks, the 

properties of the overall network and the number of servers required by the second traffic 

class. Let’s consider a network with )20,20(=m
v

 as an example, assume 42 =δ , 11 =δ , calls 

from the first traffic class are equally distributed over the two subnetworks, the OSPs for 

JOSAC and JOSCH are shown in Figure II-10. The shaded blocks represent the statistically 

additionally available servers for the second traffic class provided by JOSCH compared to 

JOSAC.  
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Figure II-9: State Diagram for Two Traffic Classes under JOSCH   
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Figure II-10: Dimensions of OSP for JOSAC and JOSCH   

By comparing to the JOSAC case, it is true that JOSCH statistically offers more servers for 

the second traffic class. Therefore, the following theorem can be formulated: 

Theorem II-1: The JOSCH scheme places an upper bound on the performance of JOSAC for 

traffic with high bandwidth requirements (i.e. where more than one servers are required).  

This theorem is going to be proven both by mathematical analysis and simulation.  

II.1.1.3.3 Call Blocking Probability Comparison between JOSAC and JOSCH  

The most interesting performance parameters are the call blocking rates for different traffic 

classes. Similar to the calculation procedure for a single traffic class, the call blocking prob-

ability for traffic class i is the sum of the probabilities of all the states whose neighbour states 

are not inside the OSP, where the neighbour state is obtained by adding one call unit at class i, 

i.e.  
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The notation used in Equation (II-13) uses the matrix n in order to avoid losing generality and 

therefore is suitable for both JOSAC and JOSCH. The OSP Ω  can represent both JOSAC and 

JOSCH schemes.  

By inspecting any state within the closed boundary in Figure II-9, the following Markovian 

equilibrium balance equation holds:  

( ) ( ) ( ) ( ) ( ) ( ) ( )∑∑∑∑
=

++−

=

−−+

=

−

=

+ ++=⎥
⎦

⎤
⎢
⎣

⎡
+

2

1

2

1

2

1

2

1

1)(
i

iiiii
i

iiii
i

iii
i

ii pnppn nnnnnnn
vvvvvvv

ιμιλιμιλ       (II-14) 



   

49 

for all Ωn∈
v

. For states connecting lower-neighbour-states with identical birth-death TP, i.e.  

( ) ( )−+− = iii nn
vv

ιι        (II-15) 

the local balance equation fulfils (II-14), which is written as the follows:  

( )  2,1 ,)( ==− ipnp iiii nn
vv

μλ             (II-16) 

Such local balance nature can significantly reduce the calculation effort in obtaining steady 

state probability distributions. For all the states in JOSCH and some states in JOSAC agreeing 

the local balance property shown in (II-15) and (II-16), taking the convex property of the OSP 

into account and assuming ( ) 10,0 =p , the probability for those states can be immediately 

formulated as  
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for all ( ) ( ){ }Ωnnnnn ∈=∈ −+− vvvvv
,: iii ιι  with ( )ΩC  the sum of all intermediate probabilities for all 

the states, i.e. ( )Ω1−C  is used to normalise the whole probability distribution in order to meet 

the conservation relation: ( ) 1=∑
∈Ωn

n
v

v
p .  

Since all the states in JOSCH have local balance property,  
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can be immediately obtained. However, since there are TPs with the property shown in Equa-

tion (II-12), probability distributions for JOSAC have to be studied in particular.  

From Lemma II-1, if a state is at the boarder of the OSP of JOSCH with 22 ≥n , all combina-

tions of user distributions in state −
2n

v
must be in the space of JOSAC. It means for a given 

11 ≥n , there will be at most one TP being neither ‘1’ nor ‘0’, as defined in Equation (II-12). 

To obtain the value of such TP, all the possible combinations of the distributions of 1n  over 

two subnetworks are enumerated and it is found out that the ratio of allowed combinations is 

determined by the following equation12:  

                                               

12 The enumeration is a general analysis of the call allocations for two subnetworks. The performance of JOSAC 

however depends on the call admission policies. In Section II.1.1.3.4, a comparison with the analytical model 

based on this assumption will be shown.  
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Therefore, for states with the same 2n  and with non-integer TP towards lower-neighbour-

state, their state probabilities are determined by solving (II-14):  
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with ),( 222

2

1
nnm

j
j δ−∑=′

=

n
v

. The transition matrix ( )nQ
v

 is by definition 

( )

( )

( )

( )

⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥

⎦

⎤

⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢

⎣

⎡

−

+−

++−

−++−

−+

=

∑

∑

∑

∑

=

=

=

=

2

1

1

11

2

1
111

1

2

1
111

1

2

1
1

000

3

20

1

00

i
ii

i
ii

i
ii

i
ii

n

n

nn

nn

n

μ

λ

μ

μλμ

λμλμ

λμλ

MMM

ML
v
nQ  (II-21) 

The states have therefore distribution:  

( ) ( ) ( ) ( )( ) ( )nΨQnnnn
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By summing over all the unnormalised state probabilities ( )n
v

p~  with 
cAΩn∈

v
, ( )

CAC Ω  can be 

calculated, so that the state probability distribution for JOSAC is finally obtained. The call 

blocking probability for the second class is therefore updated using Equation (II-13), 
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The calculation of the first traffic class blocking rate is identical to the JOSCH case as given 

in (II-13).  

II.1.1.3.4 Validation  

As mentioned in the mathematical analysis in the previous section, the state distribution and 

call blocking probability highly depend on the policy of JRRM. If the priorities to the traffic 

classes are applied, but only the First Come First Serve (FCFS) policy is employed, JOSCH 

performance is independent w.r.t. call allocation/resource rearrangement over two subnet-

works. However, policies for JOSAC change the performance, which is primarily due to the 

reason that the TP distribution is policy dependent. In fact, the natural combinational (enu-

meration) assumption affecting TP is only one realisation of the set of JOSAC policies.  

In the following, three basic JOSAC policies are given as instances and prove the argument 

by Monte-Carlo simulations.  

Policy II-1: Filling up First Subnetwork First (FFSF): Calls are admitted in the first subnet-

work first, if the first subnetwork cannot admit the incoming traffic class, the second subnet-

work is used. If the overall resource is fully used, new calls are blocked.  

Policy II-2: Balancing Both Subnetworks (BBS): Newly arrived calls are only admitted by the 

JRRM controller in the less loaded subnetwork, i.e. subnetwork with more free servers. 

Policy II-3: Greedy Reshuffling Algorithm (GRA)13: Calls with high bandwidth requirements 

are not immediately blocked even if any subnetwork cannot admit it, but reshuffle the occu-

pied resource between two subnetworks by moving some calls with  low bandwidth from one 

system to another. If there are still no sufficient free resources after resource reshuffling, the 

newly incoming call is blocked.   

Assuming a single cell UMTS network with 20 available channelisation codes with SF=128, 

voice calls and video calls are considered as the only two traffic classes, where video requires 

SF=32; Both of them are assumed with normalised processing rate, i.e. 1=iμ , i=1,2, and the 

arrival rate of voice calls is set to 4.01 =λ . In order to effectively show the hard-blocking ef-

                                               

13 Reshuffling means the de-fragmentation and rearrangement of the allocated radio resources.   
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fect, ideal power control without any transmission power limit is assumed. Using the Monte-

Carlo methodology (refer to the simulator description in Appendix F) and allowing the simu-

lations run long enough ( 610 sec), the following simulation results are obtained and listed in 

Figure II-11.    

It can be seen that the simulation results have good alignment with the mathematical analysis 

and the statement in Theorem II-1 is proven by inspecting Figure II-11. Moreover, by com-

paring FFSF, BBS and GRA as well as the performance of JOSCH algorithms, one can see 

the significant impact of policies on JOSAC for the call blocking probabilities. From Figure 

II-11, it is observed that GRA/JOSAC is the optimal performance for the second traffic class 

compared to the other two JOSAC policies and it is almost identical to the JOSCH algorithm.  

Figure II-11: Call blocking Rate for Traffic Class 2  

An important conclusion from this study is that the multi-link terminal provides significant 

freedom for radio resource management of cooperating radio systems. If a system with only 

low-end reconfigurable terminals is considered which are single-mode/multi-band and only 

allows JOSAC, by using GRA the overall system performance still can be optimised as good 

as the performance of JOSCH. However, it will be based on the cost of added signalling bur-

den, e.g. network triggered handover, terminal acknowledgements, and reshuffling delays, etc. 

Such signalling in real radio systems mostly degrades the performance substantially.  

II.1.2 Performance Analysis for the Soft-blocking Sensitive System 

In typical mobile communication systems, the errors resulting from the fading channel and 

co-channel interference should be considered in order to derive the accurate system capacity 
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[60][127]. In this work queuing models for the capacity analysis are improved taking the 

modelling of the soft-blocking nature of the radio network into account. Due to the nature of 

Multiple Access Interference (MAI), individual radio link capacity is degraded with increas-

ing user density through increased transmit error and related repeated transmissions. In order 

to keep the same signal quality, the radio network uses mechanisms like the Adaptive Modu-

lation and Coding (AMC) or the Link Adaptation (LA) schemes to keep the desired Signal to 

Interference Ratio (SIR) and related Bit Error Rate (BER); it also applies types of Automatic 

Repeat Request (ARQ) to retransmit erroneous data packets which realises time-diversity. All 

those mechanisms will reduce the maximum bit rate for individual links when the number of 

users in the same network increases. In the following part, these aspects are modelled by 

means of a classic queuing model.  

II.1.2.1 Introduction to a Combination of Elementary Theorems 

Lemma II-2: General Method for the Elementary Theory  

A combination of information theory and queuing theory can be realized by decreasing the 

processing rate (death rate) in an elementary state of the queuing chain.  

A recent publication by Anantharam and Verdú gives a pioneer research achievement by ob-

taining the channel capacity in a memoryless, noiseless instantaneous feed back channel (a 

channel with queue): μλ 1−= e  [28][48]. However, in multiple access systems, to view the 

feedback channel as a queue is insufficient. This patch is partially stitched by Teletar and Gal-

lager in contribution [124], where, an Aloha multiple access system is considered, which is 

inline with Lemma II-2.  

In this section, a novel model combining elementary theorems from those two fairly stand-

alone fields is introduced. The impact of admission control is not considered in order to have 

a neutral comparison between different JRRM approaches. A generic model is given first be-

fore real communication scenarios are discussed, which can be easily modelled by the devel-

oped model.  

For a system allowing multiple simultaneous accesses with certain Multiple Access Interfer-

ence (MAI), the individual channel capacity will be degraded when the number of users in-

creases. If there are n active transmitters at a time corresponding to a certain state in the finite 

state transition diagram of a multi-channel loss model (see Figure II-3), the decoder of a sin-

gle user can resolve  
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nats per time unit for each transmitter, with 4427.12lnnat 1 1 == − bit [116]. In Equation 

(II-24), W is the bandwidth used by the communication links; P is a constant power for a sin-

gle transmitter (all transmitters have the same power); 0N  is defined as the additive white 

Gaussian noise density. While n increases, the single user capacity decreases, which results in 

a longer service time. Therefore, the degradation of service rate with increased n  can be used 

to model the effect of party effects caused by interference.  

Further, it will be proven that the session activity does not change the statistics for the system 

load; it only reduces the system load by the same amount.  

Lemma II-3: Poisson Arrival of calls with i.i.d. (independent, identical distributed) activity 

factor ψ  and off probability ψ−1  degrades the system load by factor of  ψ . 

The proof of Lemma II-3 is shown in Appendix C.  

II.1.2.2 Theorem of Channel Capacity Analysis in Soft-blocking Sensitive System 

In any Markov chain mentioned in Section II.1.1, a generic model can be employed which al-

lows the recursive calculation for the system blocking probability. Suppose in state k of the 

Markov Chain (see Figure II-3), where k calls are active, the rate of the death process is as 

shown in the following figure:  

k-1 

λ

k … … k+1 

0)()( μβμ kkk =

λ λ

Figure II-12: K-th State Processing Unit of the M/M/m/m Model 

The processing rate 0μ  is initialized as the processing rate ( )1μ  in state 1, where only one call 

is present in the model and β(k) is the degradation factor of state k compared to state 1, with 

( ) ( ) 0μβμ kkk = . The reason for introducing the factor β(k) is to model the reduced processing 

rate of a channel with the increase of users. The introduction of β(k) also eases the recursive 

calculation as the follows.  

Assume the Signal to Noise Ratio (SNR) in single user case is 
WN

P

0

=ξ , the state based deg-

radation factor can be derived by normalizing the current capacity to the capacity at n=1 in 

Equation (II-24):  
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The degradation factor β(k) for a single network within state k+1 is set according to the proc-

essing rate of the network. Lower processing rate is due to retransmissions in case of packet 

loss/errors or link adaptation. It fulfils the following property:  

0)(lim =
∞→

k
k

β                                           (II-26) 

By setting the SNR value ξ  and varying the number of users k defined in Equation (II-25), 

the characteristics of the service rate degradation factor can be obtained as shown in Figure 

II-13. The interference impact on a conventional call blocking system will be shown based on 

the β(⋅) function. 

Figure II-13: Service Degradation Factor versus Number of Servers for Various SNR Values 

Lemma II-4: A system serving calls with high SNR requirement or a system having poor or-

thogonality14 between radio links is limited by interference (soft-blocking sensitive system).  

As established in the model shown in Equation (II-24), a higher SNR requirement for a single 

user requires higher transmission power for the reference radio link, and will impact other on 

going connections much more than the lower SNR requirement case. From the state based 

degradation factor viewpoint, the degradation factor will decrease dramatically with increas-

ing number of servers n, as Figure II-13 shows. For a system with poor orthogonality, the 

same effect can be found, since the noise increases dramatically with increasing the number of 

radio links, as depicted in Section III.3.2.1. Lemma II-4 is prepared to derive the capacity gain 

due to JRRM in the soft-blocking sensitive systems.

                                               

14 Poor orthogonality means the signal orthogonality between on going calls are destroyed by multipath or asyn-

chronism.  
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II.1.2.3 Call Blocking Probability for Non JRRM 

Considering the state dependent call processing rate degradation modelled in Equation (II-25), 

the blocking probability from Equation (II-2) in Non JRRM case ( NA ) (see Section II.1.1) is 

changed to: 
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The average call blocking probability is therefore calculated as:  
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The previous equation is based on the assumption β(0)=1, although β(0) naturally does not 

exist. Thanks to the introduction of this factor, a recursive calculation of the blocking rate 

when m increases can be employed:  
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Figure II-14: Blocking Probability with respect to ξξξξ and m 
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The blocking probability with 6.0== mρρ over the SNR ξ and the number of servers m is 

shown in Figure II-14. It can be seen in very low SNR case, that the blocking probability is 

identical to that of the hard-blocking sensitive system discussed in Section II.1.1. As the sin-

gle user SNR increases, the call blocking probability will also increase for a given system 

load and a given number of servers. In the case of very high single user SNR requirement, the 

effect from the increment of number of servers will be masked. According to Lemma II-4, ra-

dio networks serving calls with high SNR requirements are defined as soft blocking sensitive 

systems, which can also be explained by this study, i.e. for a given single user SNR, the 

minimum call blocking probability is not only dependent on the maximum number of servers.  

II.1.2.4 Call Blocking Probability for JRRM 

According to Equation (II-24), more users in the same subnetwork will result in higher degra-

dation of the data rate. Therefore, the principle always to admit new calls to the subnetwork 

with fewer users can be followed.  

The JOSAC mechanism is modelled as a set-partitioning Markov model. A set consists of two 

concatenated states, where the processing rate is the same thanks to the load sharing mecha-

nism to be defined in Section III.3.1.2. For instance, as specified in Figure II-15, set k consists 

of two concatenated states both with processing rate 0)( μβ k . 

2k 

λ

0)1()12( μβ ++ kk

2k+1 …2k-1 …

0)(2 μβ kk 0)1()22( μβ ++ kk

λ λ

2K+2 

0)()12( μβ kk −

2k-2 

λ Set k+1 Set k 

  
Figure II-15: JOSAC Model for State Dependent Rate Degradation  

The model depicted in Figure II-3 has been upgraded by assigning sets of two states, i.e. ‘2k’ 

and ‘2k-1’, having the same processing rate. The service rate degradation factor is therefore 

upgraded as the following:  

1

1
1

1log)(
−+

+

+= ξ
ξβ ik , with ⎣ ⎦2/ki =                                    (II-30) 

The same principle can be applied in the JOSCH case, the degree of the service rate degrada-

tion is identical to the number of cooperating subnetworks. The degradation rate, however, 

depends on the traffic splitting schemes. In most typical cases, i.e. traffic split to two subnet-

works, a set equals to two states and the service degradation is slower compared to the 

JOSAC case. The comparison of the blocking probability is shown in Figure II-16.  
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Figure II-16: Call Blocking Probability from Different Viewing Angles 

In the JOSCH approach case, the degradation factor can be written as:  
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The introduced elementary theorems in this section can be used also for the scenario with re-

transmission of erroneous data. In this case, the processing rate of the channels must be up-

graded according to the physical layer behaviour. If transmit errors are not caused by MAI, 

but only by signal pathloss and fading effects, the degradation of the processing rate can be 

modelled as independent of the states, but only related to the QoS of the connection, e.g. 

Packet Error Rate (PER).  

For a soft-blocking sensitive system only using power control, the average maximum number 

of calls can be accepted by the system is less than the maximum channels designed by the 

protocol. Therefore, analytically, the number of available servers is less than the maximum 

number of servers in the hard blocking scenario. By the nature of incoming calls/sessions, the 

processing time is the same as error free communication. The user QoS in terms of perception 

quality cannot be modelled in the M/M/m/m model. 

It can be seen from the previous investigations that the higher the required user SNR is, i.e. 

the more interference limited a radio system is, the more gain can be obtained from both 

JRRM approaches, which can be realised by maximizing the number of available servers 

without decreasing the overcall call blocking rate. In the co-existence of UMTS and H/2 sub-

networks, if the H/2 offers sufficient reception quality, calls should be admitted to the H/2 in 

order to reduce the system load of UMTS. 
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II.2 Analysis for the Packet Switched Services 

Different from the circuit switched service, the resources for a packet switched service are not 

reserved or dedicated to it. Systems like UMTS with shared channels and H/2 for data ser-

vices, use a time sharing method to manage the packet switched services. By inspecting this 

fact, a Base Station (BS) or an Access Point (AP) works like a single server and assign the ra-

dio resource in terms of a small slice of time (TTI) to a mobile terminal when it is to be 

served.  

It is assumed that the total packet arrival rate for such a system is Poisson distributed with ar-

rival rateλ . The service demands for all customers can be assumed to be negative exponen-

tially distributed. But customers’ packets experience capacity degradation due to signal at-

tenuation, fading and interference from co-channel interferers, the capacity for different cus-

tomers will modify their service time distribution to be not exponential any more.  

Therefore, using the Kendall Basharin symbolism [85], such a system under the JOSCH algo-

rithm can be modelled by a single server M/G/1-PS model with processor sharing discipline. 

The JOSAC algorithm implemented through two cooperating subnetworks is modelled by the 

M/G/2-PS model.  

II.2.1 Derivation of the Average Response Time Using M/G/1-PS Model  

From the literature survey, there are a number of terms defining the ‘Time a customer spends 

in the system’, e.g. sojourn time [38][118], transfer time [93], response time [85][86], etc. In 

principle, this Key Performance Indicator (KPI) is the sum of time to transmit a user 

file/Packet cdxTT =)( , with d the packet size in bit, c  the capacity this customer receives 

from the network in bps, and the delay time WT  due to waiting for the transmission of the 

other customers’ data. The response time T ( WT TTT += ) is used to evaluate the system per-

formance [85].  

Using service time density as )(xb , and its corresponding cumulative distribution 

( ) ∫=
x

dzzbxB
0

)( , one can obtain the user density having received service (amount of service 

time in second) related with the response time. From the well-known Little’s results, average 

number of customers )(xN  having received service x is equal to the product of the average 

response time T for those customers and average arrival rate for customers who have not 

completed their services:  
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( )[ ] ( )xTxBxN −= 1)( λ      (II-32) 

After a tiny time xΔ , with the assumption of ( ) ( )xBxxB ≈Δ+ , the same rule can be applied:  

( )[ ] ( )xxTxBxxN Δ+−=Δ+ 1)( λ             (II-33) 

In order to calculate the average density of users with respect to the received service x, by di-

viding the difference between previous equations by xΔ , the following relationship can be 

obtained:  
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Equation (II-34) shows the distribution of customers who have received service related with 

the service time distribution, arrival rate and the response time.  

According to the proof of renewal theory [85], the rate of completing service )(xμ  given an 

attained service age of x sec; that is [ ]xxxxpdxx >Δ+<<= lifetimelifetime)(μ , is written 

as:  

( ) ( ) ( )[ ]xBxbx −= 1μ             (II-35) 

Density ( )xxn Δ+  must be equal to the proportion of the density at x such that only customers 

require more service time than xx Δ+  are left in the system. Therefore, the following equa-

tion holds:  

( ) ( ) ( )[ ]xxxnxxn Δ−=Δ+ μ1     (II-36) 

Let 0→Δx , by solving the differential equation, the following equation can be obtained:  

( ) ( ) ( )[ ]xBnxn −= 10                (II-37) 

By observing relationships in Equation (II-34) and (II-37), one can immediately obtain the 

average response time:  

( ) ( )[ ]xnxT λ0=       (II-38) 

Since for a job with a very long service time ∞→x , it stays in the system forever and allow 

other smaller jobs pass by, so that ( ) ( )ρ−=
∞→

1lim xxT
x

, with ⎟
⎠
⎞

⎜
⎝
⎛

=
d

c
Eλρ . Compared with 

Equation (II-38), the average response time for a customer that requires service time x can be 

derived as 

( )
ρ−

=
1

x
xT       (II-39) 
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It has already been proven both in [86] and [132] that the average response time of processor 

sharing is identical to the one of Round Robin scheduling.   

II.2.2 M/G/r-PS Model  

As the M/G/1-PS model shows the relationship between the response time when processor is 

being shared and service time when there is only one customer in the network, the delay fac-

tor ( )ρ−= 11f  can be used to determine the performance degradation due to resource shar-

ing compared to the single user case, where the term delay factor is firstly used by Lindberger 

[93] in order to derive the analytical model for multi-server processor sharing system.  

Suppose now there are r servers, if the number of customers N is less than the number of 

servers r, and user rate is independent to the server numbers, calls can be processed without 

delay (delay factor is 1). In case rN > , i.e. the busy period when all r servers are used, the 

state probabilities can be shown to have geometrical properties, i.e. r
rN

N pp −= ρ , as valid for 

the M/M/1 system, the average queue length can be derived as ( )ρρ −1/ . Therefore, the mean 

delay factor for the customer during busy period is ( )[ ]ρρ −+ 1/1 r . Since the average system 

load is ρ , the proportion of traffic served during the busy period is [ ] ρ/rNp ≥ . The average 

delay factor results from the proportion of load factor for traffic being served during non-busy 

period when rN ≤  and the proportion of the one during busy period: 
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The probability in busy period is simply the queuing probability resulting from the Erlang C 

formula:  
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The Erlang C formula is generally valid for an FCFS queuing model where the packets are de-

layed when all servers are busy. It gives the probability that the call has to wait. In this model, 

the probability [ ]rNp ≥  is identical to the waiting probability described in Erlang C. In the 

following, Equation (II-41) is denoted as ),(2 ρrrE  to ease the formulation.  
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II.2.3 RMH with Policy Based Traffic Splitting (Traffic Split by the Remote Server) 

Suppose the remote server is able to perform traffic splitting according to the service scalabil-

ity. Assume the traffic arrives at the RRCR can be characterised as the peak rate which is 

bounded by the core network and the average packet size. According to Equation (II-40), the 

expected data response time for packets with size d bit modelled by an M/G/r-PS model is 

given by the following equation:  

r
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where ρ denotes the utilization of the link ( cd /⋅= λρ ), with c the capacity of the radio link; 

d is the average packet size; Pr  is the peak rate of the packets; λ  is the arrival rate of the 

packets;  r is the number of servers under the condition that no delay is encountered that only 

one traffic stream is served by a server, i.e. ⎡ ⎤Prcr = ; prd  is defined as the non-delayed 

proportion of M/G/r-PS response time.  

In both JOSAC and JOSCH cases, the system capacity is modelled with two subnetworks not 

cooperating with each other.  

With traffic splitting and sharing of radio resource, more gain can be obtained. Since the aver-

age packet size is reduced due to traffic splitting, the response time can be reduced according 

to the changed parameters, as the following equations describe.  

γ)()( dEdE =′                                                          (II-43) 

γ)()( PP rErE =′                                                          (II-44) 
Table II-2: Parameters for the Analytical Models 

Parameter Scenario 1 Scenario 2 Scenario 3 Scenario 4
Splitting Factor of traffic γ = 2 γ = 2 γ = 2 γ = 2 
Peak rate Pr
(Original Traffic) 

500 kbps 500 kbps 200 kbps 500 kbps 

Average File Size d 1000 KB 100 KB 100 KB 10 KB 

Network Capacity c 5Mbps 5Mbps 5Mbps 5Mbps 

Utilization Factor cd /⋅= λρ [0, 1] [0, 1] [0, 1] [0, 1] 

The packet switched service types assumed in this analysis is an approximation of the real 

world service discipline that is usually based on service class specific priorities and FCFS 

service per class. The comparison of JRRM strategies is based on relative differences between 

the absolute response times. For that purpose, the service discipline applied is then irrelevant.   
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Both, JOSAC and JOSCH, are able to have a trunking gain compared to the Non JRRM case, 

as discussed earlier. JOSCH in comparison to JOSAC is represented in the model by a γ-fold 

packet arrival rate but with a γ1  fraction of the mean packet size.  

Based on the model of packet switched services defined in Equation (II-42) and the aforemen-

tioned assumptions, performance comparisons according to the modelled parameters specified 

in Table II-2 are shown from Figure II-17 to Figure II-19. Figure II-17 shows the delay for 

large packets. In Figure II-18, performances for traffic with different peak rates are illustrated. 

The delay comparison for a small packet size is shown in Figure II-19. It can be seen, when 

comparing for the same response time bound of the traffic what parameter combination allows 

for the highest arrival rate of the in-coming traffic that can be admitted. This arrival rate de-

fines the capacity for the packet switched service under that QoS constraint. It is obvious from 

the figures that, with the JOSCH approach the best system performance can be obtained. 

Figure II-17: Response Time Comparison (Non JRRM, JOSAC and JOSCH) 
 (Mean: 1000 KB. Scenario 1 in Table II-2) 

a) 500 kbps Peak Rate a) 200 kbps Peak Rate 
Figure II-18: Response Time Comparison (Non JRRM, JOSAC and JOSCH) 

 (Mean: 100 KB. Scenario 2 and 3 in Table II-2) 
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Figure II-19: Response Time Comparison (Non JRRM, JOSAC and JOSCH) 
(Mean: 10KB. Scenario  4 in Table II-2)   

As shown in Figure II-18, by setting the target response time w.r.t. different peak transmission 

rates, capacity gains given by different JRRM mechanisms can be found out. Due to Equation 

(II-42) and different traffic peak rates, i.e. 500kbps in scenario 2 and 200 kbps in scenario 3 

respectively, the target response time in scenario 3 is set as 2.5 times of scenario 2 (refer to 

the non-delay proportion in Equation (II-42)). For instance, when 3 seconds are set as the tar-

get response time in scenario 2, 4.12% capacity gain of JOSAC compared to Non JRRM and 

2.19% gain of JOSCH compared to JOSAC can be obtained. Under 7.5s (2.5×3s) target in 

scenario 3, 1.77% and 0.94% gains are obtained respectively. It implies that if the allowed 

peak rate of incoming traffic is smaller, the gains of JOSAC compared to Non JRRM and 

JOSCH compared to JOSAC become smaller, since more servers are available for the less 

peak rate traffic. It can be seen that the result is identical to the circuit switched case, see Sec-

tion II.1. It can also be found out the utilization of the radio link is very much related with the 

performances of the different approaches.  

Assuming the traffic parameters are set as in scenario 2 in Table II-2, the system perform-

ances for implementing JOSCH and JOSAC with different capacities are shown in Figure 

II-20. If an upper delay bound is set to 3s, it can be immediately found out that the system ca-

pacity gains compared to Non JRRM case in sub-figure a) are 6.18% and 9.1% for JOSAC 

and JOSCH respectively. In sub-figure b), the gains for JOSAC and JOSCH are 2.7% and 

4.13% respectively. It is evident that a higher system capacity gain can be obtained for sub-

networks with lower capacity. The same conclusion was derived in circuit switched case, see 

Section II.1.  
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a) 4Mbps System Capacity b) 8Mbps System Capacity 
Figure II-20: Comparison for Different System Capacity Cases 

The capacity gain depends also heavily on the QoS target. Take sub-figure b) in Figure II-20 

as an example, if QoS target is set to 1.2s, the gains over Non JRRM resulting from JOSAC 

and JOSCH are 3.35% and 5.17% respectively. This validates the previous statement, that 

JRRM is very useful for system with strict QoS requirements. 

II.2.4 RMH with Agnostic Traffic Splitting 

In this section, the focus is placed on the scenario where user traffic arrives at the RRCR 

without peak rate boundary (no policy). In this scenario only the packet size is specified, and 

the RRCR is responsible to split the traffic.  

The theoretical work encapsulated in previous sections implies a very important nature, that 

for a terminal which receives relatively same capacity offered by two cooperating radio sub-

networks, simply by allowing simultaneous radio accesses at each scheduled period, the re-

sponse time for JOSCH will be reduced compared to the one given by JOSAC algorithm.  

This nature can be easily proven by comparing Equation (II-39) and (II-42) considering the 

fact that end user capacity in JOSCH doubles the one in JOSAC case, in mathematical formu-

lations, the following nature holds:  
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Figure II-21: Delay Factor Comparison between JOSAC and JOSCH 

Based on this nature, it can be assumed that for any cooperating networks, there exists a 

threshold TrT , for any multi-mode/multi-band terminals which receive the maximum through-

put from two vertically integrated subnetworks or two frequency layers from the same RAT 

based on the RANC architecture fulfils the following relationship  

Tr
Tr Tc

c
T

1

2

1 ≤≤         (II-46) 

to be allowed apply JOSCH based traffic splitting, so that the overall system performance is 

optimised. This hypothesis is to be proven in Section III.3.4.    

II.3 Conclusions 

In this chapter, several theoretical models are introduced to generally study the JRRM per-

formances. As an overall concept, the performances of RMH using different JRRM mecha-

nisms in terms of JOSAC and JOSCH are studied for CS and PS scenarios and with or with-

out multiple access interference. It has been shown that the JOSCH approach has the load bal-

ancing advantage which will significantly improve the system performance compared to the 

JOSAC approach.  

It has been shown that, higher number of available servers will result in less relative capacity 

improvement when JRRM is used. This implies that in the infinite number of server/channel 

case, there is less need to use JRRM. A step further, traffic splitting for JOSCH can be classi-

fied as policy based and agnostic one. If user traffic is split by the remote server, one could 

envisage additional trunking gain. However, the investigations show loss of the gain due to 
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the correlation of call sub units’ arrivals, in relatively higher call blocking rate comparable to 

JOSAC. In addition, if the services require lower QoS in a relatively high capacity network, 

there is no need to apply traffic splitting. In case traffic splitting is carried out in an agnostic 

manner by the RRCR, JOSCH gives the upper bounds to the JOSAC performance, due to the 

difference of operation spaces.  

The combination of elementary theorems from information theory field and queuing theory 

field gives the justification of deploying JRRM in soft blocking sensitive systems, i.e. more 

gain can be obtained by implementing JRRM function in interference limited systems.  

In order to obtain higher gain given by JOSCH, more functionality is required to be defined in 

the entities near to radio frontend, e.g. Node B.  

JRRM functions are very suitable for the traffic with higher throughput requirement. In fact, 

the nature of high capacity gain resulting from JRRM being implemented for relative low sys-

tem resources is derived both from circuit switched and packet switched services. 

Heterogeneity of unbalanced system will mask the gain of JRRM. For instance, a cell of an 

H/2 subnetwork offers much higher capacity than a single cell UMTS subnetwork. From the 

gain analysis of optimal load balancing and lossy system investigations, there is no need to 

deploy JRRM in this scenario. These statements will be further validated by the system level 

simulations in chapter III and IV. 





III. RMH FOR UMTS WITH TWO FREQUENCY LAYERS 

III.1 General Overview 

In this chapter, the performance of RMH for the UMTS FDD network with two frequency 

layers is investigated. Typical transport channels for UMTS such like the DCH, DSCH and 

HSDPA are investigated. In order to compare the performance of JRRM deployed system and 

to understand the system constraints, a single radio system scenario is studied in Section III.2 

first, where the performances of RRM traffic management in DCH and DSCH are evaluated. 

The internet traffic using Hypertext Transfer Protocol (HTTP) protocol with heavy-tail distri-

bution is investigated. This model will be further used in Chapter IV for the purpose of study-

ing the policy based RMH, where the scheduling algorithms used for UMTS subnetwork are 

identical to the ones used in Section III.2. In Section III.3, RMH approaches in UMTS FDD 

both for the circuit switched and packet switched services with two frequency layers are in-

vestigated, where the agnostic traffic splitting is concentrated. Furthermore, RMH perform-

ances in different network deployment scenarios using 2.5 to 2.69 GHz frequency band (EB) 

are analysed. A typical load balancing effect given by JRRM of using the EB is specially 

studied in Section III.3.3.1. A novel scheduling algorithm (JGSPTTF) specially designed for 

multi-link terminals allowing the implementation of JOSCH approach for a two frequency 

layer UMTS system is proposed and investigated in Section III.3.3. Performances of RMH for 

scenarios with non co-located base stations with the same and different cell radiuses are stud-

ied in Section III.3.4. Both Section III.3.3 and III.3.4 focus on the HSDPA channel. Section 

III.4 concludes this Chapter.  

III.2 Traffic Management for Single Layer UMTS FDD   

The user QoS is normally evaluated by a number of Key Performance Indicators (KPIs), 

namely the delay time, response time, round trip delay, error rates and overall throughput. For 

a service type, some particular KPIs are more crucial than the others. For instance, the round 

trip delay is more important for the real time interactive services (e.g. gaming), than the 

throughput of a user. ITU-T recommendations in G. 173 and G. 174 specify that, “the total 

one way delay of the PLMN (Public Land Mobile Network) for voice services should be kept 



70 

within 40ms”. For HTTP like data services, due to the reason of heavy-tail distribution, the 

performance can be evaluated by the instantaneous throughput compared with the incoming 

traffic itself (a specific QoS parameter for HTTP traffic), which is to be described later in Sec-

tion III.2.1. 3GPP Release99 has specified the delay component where the scheduling delay is 

partly due to the multiplexing and interleaving delay. This delay component can be referred to 

as the Transmission Time Interval (TTI). Due to the multiplexing process and interleaving 

scheme, the data for a committed link cannot be decoded inside of the TTI. For this reason the 

TTI gives the minimum delay time of the scheduling algorithms. The propagation delay and 

the coding delay are out of the scope of this chapter, whereas, the delay shown in the simula-

tion results is only resulting from the physical transmission format and data link protocols se-

lected by the RRM algorithms. 

The traffic management performances for data services are studied for two types of transport 

channels, the Dedicated Channel (DCH) and the Downlink Shared Channel (DSCH). The 

purpose of the investigations is to find out the maximum number of HTTP sessions for a cer-

tain value of the user satisfaction criteria with respect to the physical channel capacity. Sys-

tem overall performance using DCH and DSCH are compared based on the throughput, the 

newly introduced QoS parameter and the efficiency in Section III.2.2.  

III.2.1 User Behaviour and Traffic Model 

To model the World Wide Web (WWW) traffic behaviour, various studies of the data pattern 

based on a wide collection of UNIX hosts and files located on the WWW servers have been 

performed [40], which show that the WWW traffic follows a heavy-tail distribution. A heavy-

tail distribution is defined by the asymptotic shape of the distribution following a power law: 

α−> xxXP ~][  as ∞→x                                       (III-1) 

where α<0 . One well known heavy-tail distribution is the Pareto distribution.  

ETSI suggested in the UMTS 30.03 document [52] a data traffic model based on the Pareto 

distribution. However, this model does not distinguish between the user (application) data 

contained within IP packets and the data which represents protocol overhead from the upper 

layers (e.g. TCP/IP). It also needs one additional hierarchy level – called the level of “ob-

jects”. In fact, the scaling of the user traffic on the object level must be possible to apply the 

JOSCH policy.  

In addition, in the UMTS 30.03 model the IP packet size is Pareto distributed with a cut-off at 

66666 octets (533 kbit) which does not conform to reality [52]. In reality, on the end-to-end-

path between two IP hosts, IP datagrams can be routed through a number of different sub-
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networks, where the Internet “subnetwork layer” (the protocol below IP) sets a limit on the 

Maximum Transmission Unit (MTU), i.e. the maximum size that an IP datagram can have if it 

is to be transmitted over the specific subnetworks. Therefore, the maximum datagram size that 

can be transmitted between two hosts is limited by the MTU values of all subnetworks in-

volved [63]. The HTTP traffic model thus needs to have packets bounded by the minimum 

and maximum size. Minimum sized packets with 60 Bytes are generated by TCP/IP during 

connection setup and termination as well as for the acknowledgements. In practices, for the 

HTTP traffic model, the MTU size is assumed to be 1500 octets.  

A web session [40] consists of a number of HTTP requests. The download of the data is fol-

lowed by a short time span that the browser needs to parse the HTML (Hypertext Markup 

Language) text. Then the phase of viewing the document by the user follows. A typical Web 

page consists of a Hypertext document with links to other objects that make up the whole 

page. An object is an entity stored on the server as a file. There are two kinds of objects, the 

Main Object (MO) and the Inline Object (IO). The file containing an HTML document is re-

ferred to as the main object. And the objects linked from the Hypertext document are referred 

as the in-line objects. Both the main object and the inline objects typically exceed the MTU, 

i.e. 1500 octets; thus, one has packets both from the main objects and the inline objects, with 

some fractions only partially filled. 

A new Web-request is immediately generated by the user after the viewing time needed to 

read the data (Figure III-1). This model simulates an ON/OFF source where the ON state 

represents activity (i.e. the time that the browser is working); whereas the OFF state repre-

sents silent period (i.e. the time that the browser is not working). The duration of the On state 

and OFF state correspond to WWW activity and viewing time, respectively. The viewing time 

includes the time a user spends viewing the page and the period when the browser is inactive. 

In the model, the parallel connections for in-line objects are opened consecutively after the 

entire main object is retrieved. The duration of the connection depends on the size of objects. 

Both the main object and the in-line objects are defined by independent TCP connections. 

The inter packets arrival time TIP is best modelled by a Gamma distribution with  

( ) ( )xUexxf cxb −−= 1υ  and 
( )b

cb

Γ
=υ , with ( ) 11

0
−>=+Γ ∫

∞
− bdyeyb yb  (III-2) 

where ( )xU  presents the step function [85] and c and b are positive numbers. The viewing 

time VT  is best matched by a heavy-tailed Weibull distribution with  
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[ ] xexXP α−=>  and 10 <<α      (III-3) 

Moreover, the parsing time (which is not shown in Figure III-1), defines the time spent by the 

receiver parsing the HTML code in order to determine the layout of a page after fetching the 

main object. This quantity depends on the client machine and is well fitted by a Gamma dis-

tribution. The detailed parameters are shown in Table III-1. The HTTP session for each user is 

modelled using the Choi-Limb model [40]. In the later simulations, traffic streams for differ-

ent users are Independently and Identically Distributed (i.i.d.). 

Main Object Inline Objects MO IO TCP ACK

Packet 1 Packet n Patch n+1 

IPT

IPT VT

MO IO

VT

I

F

Instance

Frame 

TIP  Inter-Packet Arrival Time
TPS  Parsing Time
TV Viewing Time

Figure III-1: Sequential WWW Traffic Model 

The number of in-line objects is best approximated by a Gamma distribution. The size of both 

the main object and each inline object follows approximately a Lognormal distribution [60], 

though with different mean and variance. The values in the following Table III-1 are adopted 

from Choi and Limb [40]. 

Table III-1: Parameter of HTTP Model from Choi and Limb 

Parameter Mean Median Standard deviation Best-fit 

viewing time 39.45 s 11.71 s 92.57 s Weibull 

parsing time 0.123 s 0.056 s 0.187 s Gamma 

main object size 10709.8 byte 6094 byte 25032.1 byte Lognormal

in-line object size 7757.74 byte 1931 byte 126168 byte Lognormal

number of in-line objects 5.55 2 11.35 Gamma 

According to Figure III-1, FR  is the frame data rate:  

⎟
⎠

⎞
⎜
⎝

⎛
+= ∑∑

F
VIP

F
F TTDR                                               (III-4) 

where IPT  is the inter-packets-arrival time which follows an exponential distribution with 

mean value 0.01s, VT  is the viewing time, D is the data amount during a frame and F is total 

number of frames being considered.  
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III.2.2 Scheduling and Resource Allocation 

Generally, UMTS uses two types of resource allocation schemes for the involved radio links, 

the time multiplexing scheme using scheduling algorithms and the continuous transmission of 

link data using code division. In the following, these two schemes are compared w.r.t. the 

throughput. To have a fair comparison, the same transmission power, the same number of us-

ers and the same traffic demands are assumed.  

Continuous Transmission Using Code Division  

Suppose user i demands Signal to Noise Ratio (SNR) iγ  at the baseband symbol level. In or-

der to fulfil the reception quality (Bit Error Rate), the real SIR must be greater or equal to iγ .  

Since user data symbol rate iSR  and user bit rate iR  after coding in bps for user i have a fixed 

relationship as M
iSi RR 2log= , with M the maximum number of possible modulated symbols 

for user data channel. The symbol rate is taken for performance comparison. Considering the 

spreading gain given by the direct spreading [64][116], the following equation can be ob-

tained:  

( ) i
Tiii

Tii
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φ
≥

+−+ 1
     (III-5) 

where, W is the bandwidth over which the modulated signal is spread; iA  denotes the signal 

attenuation from the base station to user i; Ti Pφ  is the portion of power that user i receives, in 

other words, iφ is the portion of radio resource it obtains from the resource shared system; β

is the orthogonality factor modelling the impact of intra-cell interference; iI is interference 

from the neighbour cells; N  presents noise power. The maximum data symbol throughput 

iMDR ,  for user i is obtained when the Equilibrium in Equation (III-5) holds. It can be derived 

as 

( ) NPAI
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Tiii

Tii
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φ

γ 1,        (III-6) 

Scheduled Transmission Using Time Multiplexing 

If users are served alternatively using different time intervals, it can be assumed that for user i 

during the observing time interval ( )ttt Δ+, , tiΔφ  time period is assigned; the other ( ) ti Δ−φ1  

time period is used by other users when user i is waiting. It is assumed that all the involved 
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links have radio access during tΔ . During the period of tiΔφ , only user i receives the power 

TP  assigned by the base station. The maximum user data symbol throughput is therefore:  

i
i

Ti

i
i

i

Ti

i
MS NI
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φ

γ
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⋅

+
=ΔΔ⋅

+
=,           (III-7) 

By comparing Equation (III-6) and (III-7), the benefit of a time sharing system from the 

throughput viewpoint as 
ii MDMS RR ,, ≥ can be easily identified. The higher the impact of the 

intra-cell interference is, the higher is the advantage of the time sharing system, e.g. DSCH. It 

is obvious that, if the system allows higher modulation schemes for both dedicated channels 

and shared channel, the benefit of using time sharing is still valid. For the HSDPA channel, 

the shortest scheduling time is set to 2ms, with this fine time scale, the system can serve the 

user with the best channel coding following the latest Channel State Information (CSI).   

In order to separate radio links using the same medium, certain MAC headers need to be in-

troduced. In the following, the performances of DCH and DSCH purely based on the stan-

dardized UMTS protocol stack are compared. Figure III-2 shows MAC headers depending of 

TrCh utilized, i.e. DCH or DSCH. It is considered that the C/T field (4 bits) is only mandatory 

when multiple logical channels are multiplexed in the same transport channel. For the sce-

nario using DSCH, the UE identity (16 bits) is a field that identifies UE itself in the cell. The 

UE identity type (2 bits) differentiates what kind of UE identity is being used. The channel 

coding scheme is 1/2 convolutional code. The rest of the multiplexing chain, as shown in Sec-

tion I.4.2.2, works ideally.  

MAC Header MAC SDU MAC Header MAC SDU

a) b) 

TFCI
UE-Id  

Type UE-Id C/T MAC SDUC/T MAC SDU

Figure III-2: MAC PDU Format, a) for DCH and b) for DSCH. 

Using DCH, a physical channel with constant spreading factor is assigned during the connec-

tion for a UE. Based on Equation (I-7) and (I-8), the maximum number of users being allowed 

to use dedicated channels can be obtained, as shown in Table III-2 and Table III-3. With ref-

erence to the maximum data throughput, the maximum number of users can be supported by 

the uplink and the downlink is different. It can be easily seen that the downlink permits by far 

a higher number of users at low data rates. In the uplink case, it can be seen from Table III-3 

that the upper bound is given by 2.3Mbps. The downlink offers for a given number of users a 

higher data capacity compared to uplink, since after the multiplexing chain, QPSK modula-
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tion is used there. This aspect is directly related to the channelisation codes used in the 

downlink (DPDCH and DPCCH use the same).  

Table III-2: Maximum Number of Users in the Uplink 

DPDCH Bit Rate (kbps) 7.5 15 30 60 120 240 480 2300
Number of Users 127 85 51 28 15 7 3 1 

Table III-3: Maximum Number of Users in the Downlink 

DPDCH Bit Rate (kbps) 3 12 24 45 105 215 456 936 2300
Number of Users 504 252 126 63 31 15 7 3 1 

III.2.2.1 HTTP Traffic Management Using DCH 

HTTP data through UMTS DLC layer is investigated in the downlink direction, since by de-

fault the uplink carries only HTTP requests and the signalling. The scenarios when users run 

one or more HTTP sessions in parallel are investigated.  

It is assumed that the PDCP layer has the header compression functionality and forwards the 

TCP/IP payloads in terms of PDCP PDUs to the RLC layer. The RLC segments the PDCP 

PDUs into multiple RLC SDUs of fixed size and adds RLC header since the acknowledged 

mode is used. An RLC SDU with an RLC header is constructed as a TrBk (see the left chart 

of Figure III-2).  

The RLC buffer is filled up when data arrives and is offloaded by the TrBks offered by the 

MAC at each TTI. If the buffer is empty before a TrBk is full, zero padding is applied. In the 

later simulation, overhead given by the PDCP is not considered. The RLC header is consid-

ered as 16 bit. The TrBk size is set by the given spreading factor (data channel capacity) and 

the TTI value.  

III.2.2.2 HTTP Traffic Management Using DSCH 

The main benefit of using DSCH is the improvement of resources utilization for high variant 

traffic types. However, this could cause degradation of QoS due to relatively higher protocol 

overhead. Additionally, a critical factor in the DSCH is the utilization of the scheduling algo-

rithm employed in order to apply the fairest share of resources. Among the possible schedul-

ing algorithms, e.g. the First Come First Serve (FCFS), Round Robin (RR) and Weighted Fair 

Queuing (WFQ), etc., an algorithm representing the fairest sharing needs to be selected in or-

der to compare with the DCH case. Since all users have the same radio connection quality and 

the same service requirement are assumed, the RR scheduling algorithm is implemented, 

whereas, FCFS queuing policy is utilized regarding the HTTP session traffic data. Same as 
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with the DCH case, segmentation and multiplexing are applied for each user according to ses-

sion and buffers status, as shown in Figure III-3. 

Data stream of session i
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Data stream of session 2 Data stream of session 1 

Data stream of session 2 

Data stream of session j
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Data stream of session 1 

Data stream of session 2 

Data stream of session k

USER u

Figure III-3: Round Robin Procedure for DSCH 

In Figure III-3, ub  is the total amount of data contained in buffers for user u; uS  is the total 

number of HTTP users having access to the same DSCH. If there is no data for a user to 

transmit, the RR scheduler switches to the next user. After all users have been served, the 

scheduler directs back to the first user.  

III.2.3 Performance Assessment for HTTP Traffic Scheduling 

Suppose SchD  is the scheduled amount of data, dC  and cC  are the data channel capacity and 

control channel capacity that have been assigned during the interval SchT  respectively; dcR

and ccR  are the coding rate for data channel and control channel respectively. dC  also com-

poses the flow of MAC headers.   

The efficiency parameter η is calculated as pure data transmitted divided by the total amount 

of bits transmitted on the channel (after applying multiplexing chain) during the WWW appli-

cation time, i.e. 
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Due to the heavy-tail distribution behaviour of typical HTTP traffic, the following QoS pa-

rameter SQ  is utilised to assess the system performance. This parameter is defined as the ratio 

between the scheduled traffic and the total traffic of an HTTP session:  

TotalSchS DDQ =              (III-9) 

To keep the integrity of the HTTP traffic model and to imitate the user behaviour, if the data 

of a frame is not fully transmitted when the viewing time of this frame is terminated, corre-

sponding data of this frame is discarded from the transmission queue.   
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III.2.3.1 Performance for the DCH 

The data throughput is investigated radio frame wise. If frames from sessions exceed the pre-

defined simulation time, they are not counted for statistics recording. The overhead impact on 

the total throughput is also considered. The TTI value is set as 10ms. In the following, some 

selected results only for 1 DCH channel in the downlink with a specified number of HTTP 

sessions multiplexed are shown. In order to show the impacts of protocol overhead to the traf-

fic throughput, interference from other existing links is not considered by the simulation.  

Two scenarios for 24kbps DCH are shown in the left graph of Figure III-4. Scenario 1 shows 

the case when users launch only one session, while scenario 2 shows the case when users 

launch 2 sessions in parallel.  

Since the scheduled overall data rate reached for bigger number of sessions is less than 50% 

of the overall data rate given by the HTTP traffic model (~14kbps), only maximum two ses-

sions are allowed to be in parallel transmitted using 24kbps channel.  

24 kbps (SF=128) 45 kbps (SF=64) 

Figure III-4: Throughput Simulations for two DCHs 

With 45kbps channel, up to 7 sessions can be multiplexed for a single user allowing the QoS 

(Qs) (see Equation (III-9)) be higher than 0.5 (see the right figure of Figure III-4). It can be 

noticed that the data throughput for a session decreases with increased number of sessions. 

Table III-4 shows the performance of HTTP in downlink DCH. The maximum number of ses-

sions versus the given data channel capacities can be obtained under the maximum efficiency 

assumed as 0.5 (Note the Channel Coding rate is ½ expressed in Equation (III-8)). From 

Table III-4, it can be derived that if a data channel capacity is 45kbps and QoS threshold is 

0.5, the maximum total number of sessions permitted would be about 5. Starting from the 
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QoS value to be met, the maximum allowed number of sessions for a data channel with a 

given SF can be found out. 

Table III-4: Simulations Results for DCH in the Downlink 

Downlink Channel Capacity Sessions Average Bit Rate (kbps)Efficiency QS

1 session 7.261 0.1210 0.582424 kbps 
SF=128 2 sessions 6.734 0.2244 0.4571

1 session 10.436 0.0886 0.7600
5 sessions 7.041 0.2932 0.5358

45 kbps 
SF=64 

7 sessions 5.824 0.3393 0.4680
1 session 11.857 0.0247 0.9517
10 sessions 11.366 0.2361 0.8844
21 sessions 9.326 0.4076 0.8005

215 kbps 
SF=16 

41 sessions 5.149 0.4394 0.3953
1 session 14.555 0.0076 0.9984
111 sessions 8.345 0.4817 0.6384

936 kbps 
SF=4 

166 sessions 5.546 0.4789 0.4238
1 session 10.275 0.0018 1 
221 sessions 10.388 0.3952 0.77682300 kbps,  

SF=4, with 3 parallel codes
331 sessions 0.6902 0.3936 0.5227

III.2.3.2 Performance for the DSCH 

In the DCH scenario, TTI=10ms is selected for DSCH. The simulation results in 24kbps and 

45kbps DSCH channel cases are shown in Figure III-5. 

24kbps with SF=128 45kbps with SF=64 

Figure III-5: Maximum Data Channel Capacity in the Downlink 

Notice that with 1 user and 1 session, the performance is similar to that shown in Figure III-4 

with DCH, where the user can transmit any TTI without restriction. However, due to the dif-

ference in the MAC header, the data transmission rate during TTI drops compared to the DCH 

case. Another important remarkable aspect is that if 1 or 2 users with a session are considered, 

it can be noticed that the maximum achievable data throughput (24kbps) is the same for both. 
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This can be explained due to two users sharing the resource in such a way that the overhead 

embedded within the TTI is the same between both of them. The average data throughput de-

creases for more users and sessions. Table III-5 shows example results for DSCH channels.  

Table III-5: Simulation Results for DSCH 

Data Channel CapacityUsers/sessions Average Bit Rate (kbps)EfficiencyQoS 
1 user, 1 session 7.166 0.1194 0.3638
2 users, 1 sessions 5.989 0.1995 0.4734

24kbps 
SF=128 

2 users, 2 sessions 4.240 0.2823 0.3409
1 user, 1 session 9.626 0.0769 0.6125
2 users, 1 session 9.027 0.1501 0.6555
2 users, 2 sessions 7.229 0.2405 0.5608

45kbps 
SF=64 

2 users, 3 sessions 5.345 0.2607 0.4589
1 user, 1 session 11.622 0.0242 0.9433
2 users, 1 session 11.326 0.0471 0.9398
4 users, 2 sessions 12.651 0.2096 0.8760

215kbps 
SF=16 

5 users, 8 sessions 4.955 0.4112 0.3751
1 user, 1 session 11.468 0.0060 0.9884
12 users, 7 sessions 10.765 0.4684 0.8043

936kbps 
SF=4 

24 users, 7 sessions 5.503 0.4789 0.4119
1 user, 1 session 11.471 0.0020 1 
24 users, 7 sessions 13.391 0.3747 0.8819

2300kbps 
SF=4, with 3 
parallel codes 48 users, 7 sessions 7.269 0.3949 0.4643

III.2.3.3 Comparisons between the Performance in DCH and DSCH

In Figure III-6, the throughput performances on DCH and DSCH are compared. The CDF 

(Cumulative Distribution Function) curve for DSCH is slightly on the left side of the one for 

DCH meaning the DCH performs slightly better. The comparison is for an identical total 

number of sessions running.  

Figure III-6: Comparison between DCH and DSCH with Low Data Channel Capacity 
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Further, according to the comparisons in Section III.2.2, if an increasing number of DCH us-

ers exist in the system simultaneously, the performance of DCH will degrade stepwise com-

pared to DSCH due to higher intra-cell interference making DSCH more attractive. 

III.3 RMH for a UMTS Network with Two Frequency Layers  

III.3.1 RMH Performance for the Circuit-switched Services  

In this section, the radio channels in real cellular network are considered to validate the theo-

retical analysis in Chapter II with a simulation campaign. As previously discussed, in order to 

compare the system performance, the blocking probability in circuit switched networks is of 

similar importance as the response time (Section II.2) in packet switched networks [66][123]. 

A UMTS network with two frequency layers using DCHs is considered for performance 

analysis, where the UMTS Core Band (CB) at 2GHz and the Extension Band (EB) at 2.5GHz 

are taken as the relevant use case.   

III.3.1.1 Trunking Gain for the JRRM Approaches  

The number of available DCH channels is calculated as the maximum number of available 

servers corresponding to the highest spreading factor level, as specified in Section I.4.2.2.3 

and III.2.2.  

Define the ratio between the arrival rate and the processing rate over the number of available 

channels as the normalised system load, as specified in Section II.1.1, results for differently 

loaded systems are calculated by Equations (II-2), (II-3), (II-4) and (II-5) and compared to the 

system level simulations. Figure III-7 shows the call blocking probability in downlink, for a 

system load of 0.9 in the left figure and 0.4 in the right one. The traffic arrival rate corre-

sponds to the number of servers. For instance as the left chart of Figure III-7 shows, if the cur-

rent maximum number servers in a single network layer is m, the system load is therefore 

m×9.0 . Based on the processing rate μ of a server, the arrival rate λ can be calculated as: 

μλ m9.0= . For instance, if the network assigns dedicated channels with SF of 64 to all the 

users, there exist 51 servers derived from Equation (I-7). In case the average processing time 

for one call takes 100s, the call arrival rate in a single layer is modelled as 0.459Hz, i.e. 0.459 

arrival/s.  
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9.0=ρ 4.0=ρ
Figure III-7: Call Blocking Rate in the Downlink with Different System Load 

Using the simulator described in Appendix F with the above given parameters, results for the 

blocking probability in medium and high load scenarios for the downlink have been obtained, 

see Figure III-715. Under higher load (0.9), the blocking probability with a high number of 

servers is much lower than with lower load due to the JRRM approach. The impact of JRRM 

on GoS will be studied next. 

Definition III-1: GoS Improvement 

The GoS improvement BI  is calculated according to the comparison between the blocking 

probability values for the two RRM approaches. Suppose two blocking probability values, 

( )m
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,,ρNB Ap  and ( )m
v
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⎥
⎦

⎤
⎢
⎣

⎡
=

),,(

),,(
log),(

m
m
v

v

ρ

ρ

CB

NB
CNB Ap

Ap
AAI                                            (III-10)

where NA  and CA  are for Non JRRM and JOSAC, respectively. From Figure III-7, it can be 

seen that under the same normalised system load ( ρ ), the higher the number of servers is, the 

higher is the GoS improvement. On the other hand, the GoS improvement also depends on the 

normalised load. For the same system configuration, a higher GoS improvement under JRRM 

can be obtained in a higher loaded system than that in a less loaded one. This is proven as fol-

lows:  

                                               

15 Due to the speed of the simulator, blocking probabilities lower than 10-6 are not obtained. Discrepancies be-

tween theory and simulation is also due to lack of simulation iterations.    
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It can be derived,  
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Therefore, the GoS improvement is: 

)log()log(),( ρ⋅−Δ=Ω= mAAI CNB          (III-13) 

with 10 << ρ  and Δ  a constant value. From the previous investigation, one can immediately 

derive that, the bigger the number of servers m is, the bigger is the GoS improvement. From 

Equation (III-13), a bigger system load results in a smaller absolute value of IB, since ( )ρlog

produces negative values. The GoS improvements of JOSAC compared to Non JRRM shown 

in Figure III-7 are therefore valid. The same method can be applied for the JOSCH scenario 

with additionally using Equation (II-4). 

III.3.1.2 Power Efficiency Gain due to Traffic Split 

DPDCH channels are power controlled. A power value biP   is assigned from the base station 

b for a mobile i; and the power value that this mobile receives is bibi PA , where biA  models the 

signal attenuation. Similarly, the interference received at the mobile i consists of inter-cell in-

terference, intra-cell interference and noise power. The inter-cell interference is modelled as 

∑
b

bib
PA  with b  the interfering base stations, and 

b
P  the transmission power of the base sta-

tion b ; the intra-cell interference is modelled as ∑ ≠ ij bjbiPAβ  with β  the system level or-

thogonality factor. The Carrier to Interference Ratio (CIR) iξ for mobile user i is written as:  

NPAPA

PA

ij bjbi
b

bib

bibi
i

++
=

∑∑ ≠
β

ξ       (III-14)  

Power control for a dedicated channel is applied in each time slot (0.667ms) by increasing or 

decreasing the power value in a fixed step in dB (decibel) in order to satisfy the target Signal 
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to Interference Ratio (SIR). In order to examine the impact of power adjustment on the CIR, 

Equation (III-14) can be rewritten to:  

( ) ( ) ( ) ( )dB
i

dB
bi

dB
bi

dB
i IPA −+=ξ , with NPAPAI

ij bjbi
b

bibi ++= ∑∑ ≠
β       (III-15) 

To estimate the impact of power changes, derivative of ( )dB
iξ  with respect to the power value 

in dB is taken as:  

( )

( ) 1=
∂

∂
dB

bi

dB
i

P

ξ
       (III-16) 

( )

( )

( )

( )
j

ibib
dB
ib

dB
j

dB
ib

dB
j

I

PA

P

I

P
−=

∂

∂
−=

∂

∂ξ
    (III-17) 

( )

( )

( )

( )
j

bibi
dB

bi

dB
j

dB
bi

dB
j

I

PA

P

I

P

βξ
−=

∂

∂
−=

∂

∂
     (III-18) 

The equations above indicate the impact of power changes on the received signal quality of 

the existing links. If ( )dB
biP  is increased by 1dB, ( )dB

iξ  can be improved by 1dB, however, the 

penalty is the decrease of the CIR to other active radio links, both in the own cell and the 

neighbour cells. Since SIR is by theory the product of CIR and the spreading factor and traffic 

substream after splitting in a CDMA system requires a double spreading factor compared to 

the original stream as analysed in Section II.1.1.2, JOSCH will potentially reduce the system 

interference. Based on that, a Soft Admission Control mechanism for Dedicated channels

(SOAD) with the JOSCH principle implemented is proposed. This proposal is depicted in the 

right chart of Figure III-8. In contrast, the left chart shows the JOSAC principle based on load 

balancing without the component of traffic splitting. Based on the event driven simulation 

with the assumptions given in Appendix F.III, the simulation results w.r.t. the CDF of the to-

tal transmission power in Figure III-9 are obtained. It can be seen that with the JOSCH ap-

proach, 10 to 20% of the total transmission power can be saved. This directly translates into 

capacity gain and is another beneficial aspect, namely interference reduction gain, besides the 

trunking gain shown in Section II.1.1.3. It is obviously not to have too much call sub units co-

existing in the network since they produce mutual interference. Therefore, step (♦) show in 

the right chart of Figure III-8 merges call sub units to the original call. In this step, load bal-

ancing between frequency layers is beneficial. The gain of load balancing and the optimal 

traffic allocation scheme is described in Section III.3.1.2. 
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Figure III-8: Soft Admission Control for Circuit Switched Channel  

The performance of SOAD is evaluated in three scenarios with multimedia services, where 

the voice service can not be split, high rate real time CBR service is considered as splittable 

service. Simulation parameters for those three scenarios shown in Table III-6 are used by the 

simulator described in Appendix F.  

Table III-6: Simulation Scenarios for SOAD Algorithm 

Scenarios Voice user High rate real time CBR user 

Scenario 1 30 uniformly distributed SF = 64 for each user; locates at half radius

Scenario 2 40 uniformly distributed SF = 32 for each user; locates at cell border

Scenario 3 60 uniformly distributed SF = 64 for each user; locates at cell border
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Figure III-9: Performance of SOAD 

From Figure III-9, the difference between JOSCH and JOSAC can be identified. The power 

efficiency can be identified from the reduction of total base station transmission powers. It is 

evident that the proposed SOAD algorithm is very efficient for the highly loaded system (by 

comparing scenario 1 with scenario 2 and 3).  

Optimal Traffic Allocation According to the Load of Subnetworks 

JRRM is not only to reduce call blocking in a radio system, but also for load balancing pur-

pose. In this section, two coexisting systems are modelled to evaluate load balancing. For a 

new call arrival, there are two possibilities: the first one is that all the incoming traffic being 

added to a single subnetwork, the second one is to allocate the traffic to two subnetworks.  

Lemma III-1: System Load can be modelled as the exponential distribution with a parameter 

called weight of noise rise modelling the sensitivity of soft blocking.    

The proof of Lemma III-1 can be found in the noise rise modelling part in Appendix D. The 

model of load (noise rise) for a single system is given by the following equation:  

aneL =                                                          (III-19) 

where n is the number of traffic units added to the network; a  is the weight of noise rise. Dif-

ferent subnetworks have different noise rise curves due to the properties given by the air inter-

faces.   

Suppose the load contribution (additional load) can be distributed, i.e. 21 mmm += . For the 

individual subnetwork, the load increase of the system where all the traffic is added to 

is: 1)( −=′ +mna
i

ieL , with i the subnetwork index. In the following description, superior ‘′’ de-

notes that the added traffic is not distributed, i.e. incoming traffic with units m is only added 
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to a single subnetwork; superior ‘′′’ is used to show that the load is balanced over two sub-

networks. For the traffic distribution case, the load values in the subnetworks are calculated 

as:  

1)(
1

11 −=′′ +mnaeL  and  1)(
2

22 −=′′ +mnaeL            (III-20) 

Let 21 nn =  and the traffic is added to a single subnetwork. Without losing the generality, sub-

network 1 is assumed to receive all the added traffic, its load is therefore:   

)1()1(' 11 )(
11 −−−=−=Δ′ + anmna eeLL       (III-21) 

For the case that traffic is added to both subnetworks, the load increase is given by:  
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With the assumed condition 21 nnn == , 21 mmm += and 21 mm = , the ratio between the 

added loads for the load balancing scenario and the single system scenario is: 
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The gain for the load balancing is: 
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Since 0>a , 02/ >m , so that 0>G

In the following, optimal load balancing is compared under different noise rise weight and 

load values already existing is the two subnetworks:  
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From Kuhn-Tucker minimization theory [87], by optimally assigning im , the minimum load 

poured to the overall systems can be obtained. The traffic load can be balanced optimally ac-

cording to the following equation where load for subnetwork 1 is shown.  
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The load for the second subnetwork can be immediately derived following 12 mmm −= . It is 

evidently shown that more traffic is needed to be allocated to the less loaded subnetwork, the 

step (♦) in Figure III-9 is therefore verified. 1α  and 2α  can be changed depending on the load 

split between the two subnetworks.  
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III.3.2 RMH Performance for the Packet Switched Services  

This section investigates the performance of the UMTS HSDPA channel for data services. As 

an extension to it, the principles derived from this investigation can also be used for other ra-

dio resource control systems based on time sharing, e. g., H/2.   

III.3.2.1 Adaptive Modulation and Coding with Fast Scheduling of HSDPA  

In Release 99 and Release 4 of 3GPP specifications, all management of radio resources is per-

formed at the controlling RNC (CRNC). And DSCH is the only shared channel in the 

downlink. However, due to the latencies across the Iub interface between the RNC and node 

B, and RRC connections from the RNC to the terminal, CRNC cannot accurately manage re-

source allocation based on the up-to-date Channel State Information (CSI). In HSDPA, the 

CRNC allocates a block of High Speed DSCH (HS-DSCH) resources (code tree and transmit 

power) to the Node B that the Node B is allowed to autonomously allocate to the terminals on 

a dynamic basis. Since there exists only the Uu interface between Node B and terminal, the 

Node B can collect CSI from the terminals by means of fast signalling from the physical layer 

and then perform fast HS-DSCH allocation to terminals. HSDAP adopts advanced adaptive 

Modulation and Coding Scheme (MCS). Upon each radio access instance of a mobile termi-

nal, the Node B is able to optimise its transmission format according to the instantaneous ra-

dio channel conditions. The terminal sends to the Node B an indication of the radio link qual-

ity using the CQI (Channel Quality Indicator). Based on this, the Node B can adapt the MSC 

in terms of Adaptive Modulation and Coding (AMC), where the modulation schemes are 

changeable between QPSK and 16QAM and coding schemes can be adjusted through the 

amount of puncturing applied to turbo coded data by means of varying the amount of data in-

formation transmitted in a TTI, i.e. 2ms [14].  

During the TTI period, the selected coding rate and modulation format remain constant. In 

addition, the transmission power of the HS-DSCH is kept at a constant level and the coding 

and modulation format is chosen to maximise throughput to the terminal. Increasing the cod-

ing rate or moving from QPSK to 16QAM increases the size of the transport block that can be 

sent during the TTI. 

The link adaptation scheme in HSDPA compared to H/2 is extended by the multiple-code 

transmission option. In good channel condition, Node B can exploit multi-codes for a user in 

order to reach the optimum overall throughput. In order to obtain the optimal link format se-

lection, the nature of the spectrum efficiency based on the Shannon bound is studied.   
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The maximum capacity per code under a received SNR per bit is formulated as [116]:  
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with bc  the capacity per code in bps, bE  the energy per bit, eB  the effective bandwidth calcu-

lated from the ratio between baseband bandwidth B=3.84MHz and Sf   the spreading factor, 

where for HSDPA 16=Sf  is fixed. To map to the modulated symbol level, Equation (III-27) 

is transferred to 
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where the bit rate and symbol rate has the relationship MRcc Csb 2log⋅⋅= , with CR  the cod-

ing rate and M the number of possible modulated symbols. The component  
o

ss

BN

Ec
 can be 

mapped to the carrier to noise ratio cξ  per code at the system level as 

   pc
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ηξ=      (III-29) 

where, ( ]1,0∈pη  is the utilization factor of the power, i.e. pη−1 is the proportion due to  pro-

tocol overhead. Combining Equation (III-28) and (III-29), the following relationship is ob-

tained:  

)1(log2 Spceb fBc ηξ+=     (III-30) 

For a given carrier to interference ratio at the receiver side, the optimal MCS and number of 

codes can be derived aiming at a maximised channel data rate. This nature is shown by the 

following equation16:  
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with C the overall capacity, cn the optimal number of spreading codes, mc  is the peak rate  per 

code chosen from the six MCSs taken from Table III-7. By changing cξ  and assuming 1=pη , 

                                               

16 In this calculation, inter-symbol interference caused by multipath propagation in the fading channel is not con-

sidered according to an advanced detection and equalisation technique. In addition, the Multiple Access Interfer-

ence (MAI) caused by inter-code interference from the same terminal is cancelled because radio signals of two 

orthogonal codes experience the same fading channel [80].  
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overall capacity can be maximised. The optimum MCS and number of codes based on Equa-

tion (III-31) is depicted in Figure III-10.  

Figure III-10: Optimum Number of Codes, MCS to Maximize the System Capacity  

It is interesting to note that as cξ  increases, the optimal number of codes also increases until 

another MCS is then chosen.  

Table III-7: Modulation and Coding Schemes and Peak Rates per Code 

MCS Modulation Coding 
Rate 

Peak Rate per 
Code  

Peak Rate with 15 
Codes 

1 ¼ 120 kbps 1.8 Mbps 
2 ½ 240 kbps 3.6 Mbps 
3 

QPSK 

¾ 360 kbps 5.4 Mbps 
4 ½ 480 kbps 7.2 Mbps 

5 ¾ 720 kbps 10.8 Mbps 

6 

16 QAM 

4
4 960 kbps 14.4 Mbps 

By assuming every customer has the capability to process full 15 spreading codes simultane-

ously, and all customers (mobile stations) access radio resource by a pure time sharing man-

ner 17, an HSDPA base station works like a single server and assigns radio resources in terms 

of a small time slice (TTI) to a mobile. Therefore, such system can be modelled by the 

                                               

17 In fact, it is proven in Section III.2.2 that time division scheduling outperforms the code division scheduling 

algorithm.  
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M/G/1-PS model with processor sharing discipline, which was already discussed in Section 

II.2.1. 

III.3.2.2 Hybrid ARQ Protocol under HSDPA 

In an HS-DSCH TTI, a terminal buffers the resulting softbits that relate to the coded TrBk. At 

each time when a transmission is received, the terminal attempts to decode the transmission 

and sends back an acknowledgement. If the block cannot be decoded, a negative acknowl-

edgement is sent to the Node B and the softbit buffer is retained. Thus, the Node B re-

schedules a transmission of the transport block and the terminal combines the new transmis-

sion with the first at the softbit level to improve the SNR and the successful rate to decode the 

block. The retransmission process may be repeated several times if necessary. In this way, the 

UE is able to decode the correct signal even if all transmitted blocks are disturbed. Since the 

transmission format with a suitable transmission rate (see Section III.3.2.1) is calculated based 

on Shannon-bounds, error free transmission is assumed in the following investigations.  

III.3.3 RMH for Two Cell Layers with Co-located Nodes B 

The classical RRM function defined in the UMTS MAC is the mapping of logical channels to 

transport channels by selecting a suitable transport format. In networks with two frequency 

layers, the RMH is able to schedule a suitable user packet for one or two frequency layers 

from all the queued user packets. The tasks of the scheduler are therefore, upon each TTI to 

select the user packets according to their traffic status in terms of queue length, un-transmitted 

packet size, the terminal capabilities and the CSI which determines the channel capacity. In 

the rest of the section, it is assumed that all the terminals are multi-band terminals (see Sec-

tion I.2.4) capable to receive signals from the two cell layers simultaneously. In Figure III-11, 

the general idea of data scheduling is illustrated. The challenge is to define a scheduling algo-

rithm which optimally distributes user traffic over two frequency layers. Questions like, 

which user packet needs to be selected and in which frequency layer to be transmitted, need to 

be answered. Particularly, if certain criteria are fulfilled, the users’ traffic is allowed to be 

transmitted simultaneously over two frequency layers. What are such criteria to reduce the 

overall response time and easy to be implemented? Before a new scheduling algorithm is pro-

posed, several principles improving the performance of the scheduling algorithms are briefly 

studied.  



   

91 

User Packet
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Minimum TTI For HSDPA: 2ms (3 slots)

Frequency 
Domain

Time Domain
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f1

f2

Simultaneous Transmission Needed?

User Packet

User Packet User Packet

User Packet

Figure III-11: Illustration of Scheduling User Packets over Two Frequency Layers 

III.3.3.1 Algorithms Enhancing Packet Scheduling Performance 

Lemma III-2: In a resource sharing system for packet transmission, the scheduling of a packet 

with the minimum transmission time results in a minimum response time.  

Suppose at a time the network has N packets to be scheduled. To simplify the analysis, it is 

assumed that there are no new arrivals before all the N packets are transmitted. During this pe-

riod, the service rate for an individual packet is constant. For packet i, the transmission time 

and the waiting time are denoted by it  and iw , where it  is determined by the packet length 

and the instantaneous channel capacity; iw  is affected by the interleaving depth, coding delay 

and application parsing time. Without losing the generality, it is assumed that the packets are 

transmitted following the natural sequence, i.e. the ith packet is transmitted after the ( )1−i th 

one. The response time for the ith packet is therefore ∑
=

+=
i

j
iii twT

1

. The average response 

time for all N packets is therefore given by:  
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By inspecting Equation (III-32), it can be identified that the performance is determined by the 

sequence of it  since ∑
=

N

i
iw

1

 is constant. NT  is minimized only when ji tt < , with Nji ≤<≤1 . 

Lemma III-2 is therefore proven. This principle is identical to the shortest-job-first (SJF) dici-

plin which was deeply investigated in [77].  
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Lemma III-3: Simultaneous transmissions over two frequency layers result in a reduced re-

sponse time.  

Suppose two packets have the same size: x  bits. The sum of the channel capacities for both 

frequency layers is c  bps. The transmission time for each packet completely over the two fre-

quency layers is cxD =  seconds. Suppose the second one arrives at time Dα  before the fin-

ishing time of the first packet. Therefore, there are two approaches to schedule the transmis-

sion of the second packet, as depicted in Figure III-12. The first approach shown on the left 

chart presents that user packet 2 is buffered after its arrival and is then scheduled after the 

transmission of user 1. During the buffering period, user packet 1 continues with transmission 

over the two frequency layers. The second approach depicted on the right chart represents that 

user 1 must immediately stop transmission in one frequency layer when user 2 has data to 

transmit. Therefore, user 1 needs more time to finish its packet through frequency layer 1.  

Approach 1: Only Traffic Splitting and Queuing Approach 2: Allow Immediate Access of Packet Two 

Figure III-12: Approaches for Traffic Split 

In the first approach of Figure III-12, the response times for these packets are: DD =1 , 

DD )1(2 α+=  respectively. The average response time is therefore:  

DDA )
2

1(1

α
+=            (III-33) 

In the second approach, the response time depends on the capacity assignment for two packets 

during the parallel transmission time, namely, 1c  bits/s for packet one, 2c  bits/s for packet 

two. From the arrival time of the second call till the termination of all calls, the time to be 

spent is: DD α+ , which is deterministic. Response time for packet one is D
c

c
DD α

1

2
1 += , 
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with 
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Comparing Equation (III-33) and (III-34), it is evident that the first approach outperforms the 

second one. Lemma III-3 is therefore proven.  

III.3.3.2 The JGSPTTF Scheduling Algorithm 

Based on Lemma III-2 and Lemma III-3, a novel scheduling algorithm, namely Joint Greedy 

Shortest Packet Transmission Time First (JGSPTTF) for two frequency layers is proposed. As 

depicted in Figure III-13, at each scheduling period, this algorithm selects two user packets 

with the minimum transmission time by evaluating the channel capacity from both frequency 

layers. At this step, all packets are assumed to be transmitted through individual frequency 

layer. If none of them can be finished within a TTI, the scheduler will select the packet with 

the minimum transmission time assuming all packets can be split over frequency layers.  

An example is shown in Figure III-14. At scheduling time 1−it , two packets for user 1 and  

user 4 are with minimum transmission time among all the user packets to be scheduled. Since 

at least one of them can be finished within a TTI using single frequency carrier individually, 

both of them are scheduled in the associated frequency carrier. In this time instance, no traffic 

splitting is applied. At scheduling time it , packets for user 2 and user 3 are two packets with 

minimum transmission time over individual frequency layers, however, at this time instance, 

none of them can be finished within a TTI. The scheduler chooses the one with minimum 

transmission time in terms of being split over two frequency layers, e.g. user packet 2 is split 

as shown in Figure III-14.      
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Figure III-13: JGSPTTF Algorithm 
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User 1 User 2 User 3 User 4 User 1

User 4 User 2 User 1 User 3 User 2

Minimum TTI For HSDPA: 2ms (3 slots)

Frequency 
Domain

Time Domain

Code Domain

f1

f2

Simultaneous Transmission over two Frequency Layers

it1−it

Figure III-14: Example of Parallel Transmissions for Selected User Packets 

III.3.3.3 Data Traffic Model and Simulation Assumptions 

For the purpose to investigate the agnostic traffic split, a simplified traffic model compared to 

the HTTP traffic model is used. It is also based on a birth-death process with a Poisson dis-

tributed arrival process and exponentially distributed packet length [30]. The on-off phases 

present the active and silent periods represented by exponentially distributed random variables 

with the mean values corresponding to 73ms and 180ms, respectively. The data packets have 

the mean size of 10 kbit and arrival rate of 14 packet/s. Two adjacent frequency carriers at 

2GHz are assumed in this section as well as in Section III.3.4.1 with the same cell radius in 

each layer. In Section III.3.4.2, two carriers from different bands are assumed, where the CB 

is at 2GHz and the EB is at 2.5GHz.  

The packets belonging to the same user are queued based on FCFS queuing principle. The 

scheduling mechanisms for multi-users are based on the algorithms to be evaluated as shown 

below.  

In principle, the JGSPTTF algorithm works over two frequency layers simultaneously and re-

quires terminals with two receivers (multi-band capability, see Section II.1.1). To compare its 

performance with a scheduling algorithm applied for a terminal type supporting one fre-

quency layer only (multi-mode/single-band capability, see Section II.1.1), the Shortest Packet 

Transmission Time First (SPTTF) scheduling algorithm (i.e. SJF algorithm named in [132]) 

following Lemma III-2 is applied. The SPTTF does not permit the parallel transmission op-

tion (contained in JGSPTTF) for the single link terminal assuming that it is able to be recon-

figured between frequency bands. As an example shown in the left chart of Figure III-15, al-

though there are two frequency bands available, no traffic split is applied.  
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When a user is scheduled with resource assignment from two frequency layers, the MAC 

PDU consists of a big MAC element with two ‘Basic MAC Elements’, which are identical to 

the conventional HSDPA MAC format. Here, traffic from a single class is simulated, there-

fore the Queue ID for both elements are identical. However, the SN of two MAC PDUs are 

concatenated, i.e., |SN1-SN2|=1. Referring to the overhead discussion in Chapter II, the second 

solution is taken, i.e., no additional overhead is needed. As a reference, simulation results for 

SPTTF algorithm applied for single frequency layer (right graph in Figure III-15) are com-

pared with SPTTF for two frequency layers (left graph in Figure III-15) and JGSPTF for two 

frequency layers. The performances are fairly compared by assuming twice the traffic arrival 

intensity for the two frequency layer scenario, as depicted in Figure III-15. As already ana-

lysed in Chapter II, a trunking gain is expected from the two downlinks.  

User 1 User 2User 3 User 4 User 1

User 4 User 2 User 1 User 3 User 2
Frequency 
Domain

Time Domain

Code Domain

f1

f2

No Simultaneous Transmission over two Frequency Layers

it1−it

SPTTF for Two Frequency Layers

Traffic Arrival Rate: λ2

User 2 User 1Frequency 
Domain

Time Domain

Code Domain

f1

SPTTF for One Frequency Layer

User 2 User 1User 2

Traffic Arrival Rate: λ

Figure III-15: Example of SPTTF for Two Frequency Layers and Single Frequency Layer 

The performances are compared in Figure III-16, where legend JOSAC stands for SPTTF al-

gorithm for two frequency layers; Single layer stands for SPTTF algorithm for single fre-

quency layer and JOSCH refers to JGSPTTF scheduling for multi-link terminals in two fre-

quency layers. 

It can be identified for the 90% percentile, JGSPTTF gives around 10% gain in response time 

reduction and 30% gain in throughput increase compared with the JOSAC implementation 

case. Compared with the single frequency layer case, in 90% percentile, the JOSAC gives 

25% gain in response time reduction and 20% gain in throughput increase.  
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Figure III-16: Comparison between JOSAC, JOSCH and Single Layer  

Recalling the analysis in Section II.2.4, the performance difference between JOSAC and sin-

gle layer case can be simply explained by trunking gain provided by more resources shared by 

cell layers compared with the single cell layer case. The gain provided by the JOSCH case 

against the other two approaches is primarily due to traffic splitting with the JGSPTTF algo-

rithm. Theoretically, the traffic splitting component allows M/G/1-PS modelling for shared 

channels which outperforms M/G/r-PS as proven in Chapter II.  

III.3.4 RMH for Two Cell Layers with Non Co-located Nodes B  

For base stations operating at different frequency layers having different locations, the re-

sponse time for packet transfer depends strongly on the separation distance, the traffic de-

mand and the percentage of terminals allowing traffic split, i.e. running 2 links simultane-

ously. The performance difference according to the JRRM algorithms and the combination of 

them is briefly analysed.  

Referring to Equation (II-46) in Section II.2.4, simulations to determine when to use single or 

two links between terminals and base stations are launched to optimise the network perform-

ance. The threshold TrT  is the ratio between the capacity for link 1 ( 1C ) and link 2 ( 2C ) for a 

terminal. It is used to permit or forbid simultaneous receptions from both links. For example, 

if 1=TrT , both links for the terminal must have the same capacity to allow two links running 

in parallel. If 02.0=TrT , terminals fulfilling 50002.0 21 ≤≤ CC  are allowed to have traffic 

splitting. To simplify the study, it is assumed that both layers use HSDPA. All the mobile 

terminals can process 15 spreading codes simultaneously with spreading factor 16, so that the 

maximum throughput supported by HSDPA can be reached for those terminals that are near 

to the base station, according to the optimal MCS selection discussed in Section III.3.2.  
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III.3.4.1 Non Co-located Base Stations with Same Cell Radius 

The performances of RMH when Node Bs from different frequency layers have the same 

transmission power and are non co-located are compared. The signal attenuation is assumed 

to follow the typical pathloss model shown in Equation (III-35), with d the distance from the 

mobile to the Node B. The response time results for different threshold values are obtained, as 

shown in charts a) to c) in Figure III-17. The capacities ( 1C  and 2C ) for both links are ob-

tained from Figure III-10, assuming the same constant transmission power for the center cell 

and six surrounding cells which generate interference.      

( )dnLLOS log100 +=       (III-35) 

Table III-8: Simulation Parameters for Traffic Model and Network Deployment Parameter 

Parameters Values 
L0 in Equation (III-35) 128 
n in Equation (III-35) 3 
Antenna Height 2 [m] 
Antenna Location and Separation Variable 
Antenna Pattern Omni-directional 
Maximum Transmission Power 20 [W] 
Cell Radius in Both Bands 1000 [m] 
Traffic Arrival Distribution  Poisson distribution 
Traffic Arrival Rate in Both Bands 12 [Hz] 
Mean Packet Size 500 [kbyte] (Negative exponential distrib-

uted) 
Thresholds ( TrT ) for traffic split based on Equation 
(II-46) 

Varies from 0.02 to 1 

By studying diagram a), b) and c) in Figure III-17, it can be found out that the JOSAC algo-

rithm is more suitable for subnetworks having large separations between their base stations. In 

scenario a), JOSCH is the more suitable approach since it outperforms JOSAC then. How-

ever, by observing diagram c) in Figure III-17, the response time of JOSCH dramatically in-

creases compared to the JOSAC case. It implies that, in case the Node B for the second fre-

quency layer is far away from the one in the first frequency layer, RMH must schedule fewer 

terminals receiving parallel data streams.  

Furthermore, to minimize the response time, there exists an optimal threshold value to choose 

between double links and single link for the involving terminals concurrently. This threshold 

is defined in the interval of [ ]1,0 , which combines JOSAC and JOSCH under the RMH ap-

proach. If the ratio of the link capacities of a terminal in two frequency layers lies inside the 

range bounded by this threshold and the reciprocal of it (see Equation (II-46)), traffic splitting 

for this terminal is applied.  
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III.3.4.2 Non Co-located Base Stations with Different Cell Radiuses 

The interworking base stations with different frequency layers can be operated in quite sepa-

rated bands, e.g. the CB and EB (see Figure I-4). Operators can plan the location of EB Node 

Bs not only independently to the location of CB Node B, but also the cell radius can be differ-

ent. In this scenario, the EB FDD downlink is used to cater for high intensity of user traffic in 

a special area, which is usually smaller than the coverage of a CB cell. In the following, the 

traffic management performance for this hotspot according to Table III-9 is investigated, 

where only the simulation parameters different to Table III-8 are shown.   

Table III-9: Simulation Parameters in Hotspot Scenario 

Parameters Values 
L0 in Equation (III-35) 134.2 
n in Equation (III-35) 3.2 
Maximum transmission power in EB 8 [W] 
Cell Radius in EB 200 [m]

a) Base Station Separation: 100m; equal radii d) Base Station Separation: 100m; different radii 

b) Base Station Separation: 400m; equal radii e) Base Station Separation: 400m; different radii 
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c) Base Station Separation: 600m; equal radii f) Base Station Separation: 600m; different radii 

Figure III-17: Response Time with Same and Different Cell Radius for Separated Base Stations   

By comparing graphs d) to f) in Figure III-17 on the right side, similar conclusions as with 

equal sized cells can be drawn. By comparing diagram b) against e) and diagram c) against f), 

it is evident that the hotspot scenario allows higher percentage of UEs receiving data simulta-

neously. In other words, Node B separated in hotspot scenario allows more terminals running 

two links simultaneously.  

By studying the figures, differently sized cell radii will have more percentage of UEs having 

simultaneous link with a better performance. It underlines the significance for designing an 

efficient RRC layer protocol for controlling Node Bs to gain the best possible performance.  
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Table III-10: Optimal Percentage of Users Using 2 Carriers at Different BS Locations/Power Classes 

Base station Separation [m] Same Cell Pattern (20 W) Hotspot  (8 W)
0 100% 70% 
100 91% 56% 
200 58% 53% 
600 20% 52% 
800 14% 7.8% 

Based on the optimal threshold value according to each deployment pattern (refer to Figure 

III-17 and Equation (II-46)), namely the Nodes B separation and cell sizes, the optimal per-

centages of users using two links are shown in Table III-10 for both scenarios with equal and 

different radii. Areas of the UEs fulfilling the optimal thresholds are plotted in Figure III-18 

w.r.t. different separation distances. In the shaded area in Figure III-18, two links are main-

tained to the terminals. The table and figure show that, for subnetworks offering different 

coverage overlaps, less UEs must be selected to receive parallel streams. In this case, more 

UEs using single link (JOSAC) are present.  

III.4 Conclusions 

III.4.1 Traffic Management in Single Cell Layer 

As it is investigated for the HTTP traffic, by increasing the number of sessions, the average 

data throughput for each session decreases. The HTTP traffic model is characterized by a long 

tail distribution requiring up to ~1.2Mbps peak data rate. Once the data channel capacity is 

below this value, the CDF curve of the throughput approaches quickly to 1 at the maximum 

data channel capacity. If high channel capacity is assigned to one user using dedicated chan-

nels, very low efficiency is obtained. Therefore, the dedicated channels with high capacity are 

inefficient for HTTP traffic, since the resource is heavily wasted.  

As a principle conclusion for the shared channel (DSCH) case, the total number of admitted 

sessions to one DSCH coincides to that of the DCH case. The advantage of DSCH is that it 

supports different users over the same link while DCH just supports one user. The disadvan-

tage is that DSCH needs relatively more overhead, which reduces the data throughput slightly. 

From the QoS shown in Table III-5, maximum number of users and sessions that can be 

served are visible. DSCH offers service to a similar total number of sessions as DCH using 

the same spreading code.  

As a result from the simulations, it can be seen with DSCH (similar to DCH) that with higher 

number of users and sessions, better efficiency is obtained with a slow degradation of QoS 

only. For a high user density in the UMTS cell, the shared channel should be preferred, since 
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the TDMA operation reduces the multiple access interferences. From the user perspective, if a 

high load is present in a network, shared resources should be allocated to the competing users.  

III.4.2 Traffic Management for Two Cell Layers  

The two frequency layer network is introduced as a use case to deploy the RMH concept. 

Throughout the investigations, the performance improvement given by the introduced algo-

rithms using the JOSCH algorithms is studied. 

Besides the trunking gain, the traffic scalability offered by the JOSCH mechanism highly re-

duces the power perturbation for the circuit switched services using DCHs. The reduced inter-

ference variance increases system capacity from the soft blocking aspect. Based on the intro-

duced SOAD algorithm, significant transmission power reduction for a highly loaded CDMA 

system can be obtained.   

By comparing the traffic management performance using response time and throughput, a 

number of important conclusions can be obtained which are suitable for packet switched ser-

vices. As a conclusion, the scheduling algorithm must consider the packet length for each 

DLC connection. Besides that, for users with different channel capacities affected by fading 

and attenuation, the channel conditions must also be considered, so that the spectrum effi-

ciency can be improved.  

The TDMA based scheduling in most cases outperforms the CDMA based resource allocation 

mechanisms. It confirms the trends of UMTS evolution of using HSDPA for high data rate 

services. In addition, by assigning the same set of orthogonal codes to different users, the 

TDMA and CDMA components can be combined together to further improve the system per-

formance. In the analysis of this chapter, optimal code/MCS selection for particular user un-

der a given CIR value shows such flexibility. A bundling of radio resources can be assigned 

to an end user in order to meet the peak traffic requirement. On the other hand, if users require 

low throughput, they can share the resource at the same time using CDMA.  

In addition, the simulation results verify the theoretical analysis in Chapter II. The trunking 

gain is obtained by using resources of two frequency layers compared to two single cell layers 

which are operated independently. The traffic split approach in the JGSPTTF algorithm 

(JOSCH) for cooperating subnetworks with relative similar capacity significantly reduces the 

response time.  

However, traffic splitting can not be claimed in general to be optimal if the base stations are 

seperated from each other. For largely separated base stations, single link operation should be 

preferred.  
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Currently, there are many discussions on UMTS evolution with the intention of introducing 

higher transmission rate in the given licensed bands. Some discussions deal with revolution-

ary air interfaces approaches characterised by higher chip rates across multiple UMTS carriers 

or modulation schemes as OFDM [26]. The discussions of how to use the UMTS EB in [6] 

show on the other hand the interests on a backwards compatible UMTS evolution.   

The mechanisms of RMH specially studied in this chapter are an important contribution to 

UMTS evolution options. Some open points listed in [6] such as simultaneous use EB with 

CB and new RRC states can be straightforward tackled by the RMH concept. In a scenario 

with two available carriers and by using two HSDPA channels, peak rates up to 28.8Mbps can 

be theoretically obtained. If the terminal capability allows, and the supporting signalling is 

properly designed, the shown advantages by this thesis will be immediately inherited by RMH 

for bundling of carriers (≥2), which are adjacent or non-adjacent. 





IV. RMH FOR A UMTS-H/2 INTEGRATED NETWORK 

This chapter focuses on the policy based RMH concepts for a UMTS FDD and H/2 integrated 

network. The integration of these two RATs is based on an RRCR functionality to control the 

affiliated Access Point Controller (APC) and UMTS base station. Such network architecture 

corresponds to the VIS/RANC model introduced in Section I.4. The policy based traffic split-

ting scenario for RMH is studied, where user QoS requirements for scalable services are the 

main focus. 

In the policy based traffic split scenario, traffic streams can be routed through the interwork-

ing subnetworks according to their characteristics, e.g. the wide coverage of UMTS and high 

throughput of WLAN. From the service point of view, the policy takes the services with dif-

ferent calibration levels into account to satisfy the users. For instance, the video traffic can be 

split into a Base Layer (BL) and several Enhancement Layers (EL) [37][45][89][91], where 

the BL consists of the most important but low frequency information.  

The advantage of providing traffic splitting considering the coverage of the systems and the 

user QoS requirements of the traffic substreams will be shown in different scenarios repre-

sented by the deployment pattern and the size of overlapping areas of the subnetworks’ cells. 

In a given deployment pattern of the overlapping subnetworks, there exists a JRRM approach 

that reaches the optimal performance.  

To keep similar QoS results for substreams of the split traffic, the RRCR is responsible for re-

source allocation and synchronisation. The single user case is studied at first for optimal traf-

fic splitting. The HTTP and scalable video traffic models are adopted to evaluate the RMH 

performances based on different JRRM mechanisms. Synchronisation approaches for aligning 

traffic streams are discussed. The principles discussed in this chapter are not limited to the 

subnetworks considered since this concept can be generalised and applied to any radio access 

technologies. 

This chapter is organized as follows: Section IV.1 investigates typical RRM challenges in an 

H/2 subnetwork; Section IV.3 studies RMH performance for policy based traffic splitting, 

where scalable video traffic as another suitable traffic model in addition to HTTP is intro-
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duced in Section IV.3.1. Performances of different JRRM algorithms are compared in the re-

maining part of Section IV.3, where performance of JRRM for scalable video and HTTP traf-

fic as well as an end to end synchronisation method is discussed. Section IV.4 concludes this 

chapter. 

IV.1 Admission Control Function of an H/2 Subnetwork  

As the admission control is important for this work, the admission control function in H/2 

subnetwork is introduced while studying a specific physical mode selection problem.   

In general, admission control in wireless networks is designed to ensure a guaranteed QoS for 

multimedia traffic, which could be scalable while maintaining high resource utilisation, seam-

less handover, and acceptable call blocking and dropping rate. The interference resulting from 

serving an increased number of calls decreases the Signal to Interference Ratio (SIR) of links 

and therefore results in a degradation of the system performance.  

The Session Admission Control (SAC) function needs to take several input parameters into 

account before an admission decision is made. Those parameters are the current system load, 

which is primarily derived from the ongoing sessions, the co-channel interference, the new 

users’ QoS requirement, the needed transmission power, and the MAC constraints (see Sec-

tion I.4.2.1), etc.   

As introduced in Chapter I, directly after the QoS negotiation between APC and the MT, the 

SAC sends out the reject/accept/delay command or the service class modification message to 

the user by confirming the allocated resource, e.g. number of DLC PDU the user is guaran-

teed in the next MAC frames and the selected MCS (Physical Mode). Based on the QoS in-

formation, the service priority is set according to all the admitted traffic streams, which is then 

mapped to the weight vector (see Section I.3.2) and sent to the TRSCH for MAC scheduling. 

During the active period of an MT, the number of transport PDUs of one connection are also 

defined within one MAC frame [57][71].   

Initialisation of Mode Selection in H/2 

For a system with different physical modes, selecting a correct physical mode depends not 

only on the traffic type, but also on the interference generated by the candidate user to the rest 

of the network. The compromise between the high power and the longer interfering time bal-

anced by an optimal link mode selection is investigated at first.  

The system chooses the optimal link mode to fulfil the connection in order to meet the re-

quired QoS and minimise its negative impact to the rest of the network. The term candidate 
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user is used to represent the user applying to access the network and the term interfered users

for the ones already existing in the system who will receive interference from the newly ar-

rived candidate users. The projected physical mode selection of the call is changed after each 

handoff and after a new call application rather than after certain time intervals.  

As depicted in Section I.4.2.1, there are totally seven different modes that can be selected by 

the admission control function and link adaptation function for the active links. The effective 

link throughput is determined by the number of users in the AP coverage area and the over-

head of the signalling carried by the SCH, FCH, ACH and BCH channels. The upper limits of 

the effective throughput together with the theoretical upper bound for the throughput of a 

physical mode are shown for one user in Table I-2. 

Following the same principle as for the HSDPA system presented in Section III.3.2, the ideal 

physical mode selection (ideal link adaptation with optimal MCS) for the interfered cell links 

is assumed to follow the current SIR [92].  

In the following analysis, a candidate user cU  attempts to access the H/2 network, the im-

pacted user (interfered user) iU  suffers from the interference due to this newly admitted user. 

The candidate user has the location cL
v

, traffic amount cD  and power cP ; whereas, the inter-

fered user is located in iL
v

, and has an amount iD  to transmit/receive with power iP . It is as-

sumed that only interference is present from co-channel cells and it is modelled by added 

white noise over the whole 20MHz bandwidth.  

Based on these assumptions, the interfered user selects the optimal physical mode resulting in 

the maximum throughput with respect to the reception quality expressed by its SIR. The link 

adaptation algorithm is applied for all active links in the interfered cells. For the candidate 

user, a necessary power value is assigned for the selected physical mode when it is applicable. 

Physical modes that require a higher power than the maximum permitted AP transmission 

power are not considered. The SIR ξ  is calculated as follows: 

ci

r

IIN

P

++
=ξ                                                  (IV-1) 

where rP  is the reception power, iI  is the interference before admitting the candidate user, cI

is the interference due to candidate user; the noise N is modelled as the normalized noise den-

sity. Suppose there is no inter-sub-carrier interference in the baseband signal, the noise is 

normalized according to the actual usage of the bandwidth [97]. The noise power can be cal-

culated as:  
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UBNN η⋅⋅= 0                      (IV-2) 

The parameter Uη  represents the bandwidth utilization factor, i.e. 
64

52 , which is the ratio of 

the total 52 used-sub-carriers over all 64 covered sub-carriers of the H/2 baseband signal, and 

B is the bandwidth for all 64 carriers. In addition, the assumed signal attenuation and the cell 

deployment patterns are detailed in Appendix F.IV.    

Based on the SIRξ , the PDU error rate Ep  is determined according to the link performance, 

which is mapped by a regression function generated by the link level simulation results (see 

A.Fig. 4 in Appendix F).  For a data amount D , the transmission time is defined by the fol-

lowing equation under a selective reject ARQ protocol [131]: 

)1( EpR

D
T

−
=                                              (IV-3)

where R is the effective throughput from Table I-2 with respect to the selected physical mode. 

Admission control gives active links preference over candidate users. Therefore, to maximize 

the average throughput for the interfered users is the objective for the physical mode selec-

tions. The overall system performance is also based on the throughput of the interfered users. 

The throughput is calculated based on the assumption that all users in the interfered cells are 

scheduled according to the round robin method (see Section III.2.2) with the same priority 

weight, so that each user has the same probability transmit during the life time of the candi-

date users’ session. The interfered users are randomly distributed over the surrounding cells 

and are maximising their transmission rate by selecting the optimal physical mode.  

Similar to the interfered users, there is an optimal physical mode for the experienced SIR of 

the candidate user. However, the candidate user is allowed to choose a lower physical mode 

so that the throughput of the interfered users w.r.t. the physical mode selection of candidate 

user can be compared. If the selected physical mode is lower than the highest possible one, 

corresponding transmission power is reduced.  

The average throughput ER  for the interfered users is defined as: 
i

i
E T

D
R = , where iD  is the 

data amount and iT  is the transmission time: 

[ ] [ ]

⎩
⎨
⎧

−

−≥−−−+
=

else ,)1(/

)1( if ,)1(/)1(

icici

ciciciioiocicicic
i pRD

TpRDpRTpRDT
T        (IV-4) 

where icp  is the PER for the interfered user, icR  is the maximum data rate for the selected 

physical mode during the active time cT of the candidate user [39]; iop is the PER and ioR  is 



   

109 

the maximum data rate respectively for the selected physical mode after CT  has ended. It can 

be seen that the throughput of the interfered user depends on the ratio of the file sizes of two 

different users, the background noise level, and the location of the candidate user which has 

impacts on the icp . Simulations are carried out to investigate the impact of these key parame-

ters.  

IV.1.1 Throughput w.r.t. Different Traffic Profiles 

Suppose that the candidate user has a file with size 610=cD  bytes to transmit, the rest of the 

users in the network having different file sizes, given as )log(Exp iD=  in Figure IV-1. The 

average throughput over the selected physical modes is simulated as assuming that the candi-

date user cU  locates at the half radius of the cell served by the AP where all the physical 

modes can be operated (see Appendix F).  

Figure IV-1: Throughput w.r.t. Different File Size 

The interfered users in the neighbouring cells are assumed uniformly distributed. Both highest 

mode and lowest mode for the candidate user with the same file size as that of the interfered 

users (Exp=6) show good performance. Further, for higher ratio of the file sizes of the inter-

fered user compared to the candidate user, the tendency to select highest mode is noticeable. 

However, if the file sizes of the interfered users are substantially smaller than that of the can-

didate user, it should select the lower physical mode.   

IV.1.2 Throughput w.r.t. Different System Load  

In order to check the impact of a newly admitted user on the others, different system loads are 

modelled by adding AWGN with 20MHz bandwidth. The noise power is the noise density ac-

cumulated over the whole baseband. In the simulation, the average throughputs for the inter-

fered users under given noise power values are shown in Table IV-1, where the noise power is 
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presented by the variable N consisting of the background noise and the original interference, 

i.e. io INN += . The data sizes for both, candidate user and interfered users are assumed to be 

610  bytes. The candidate user locates at half radius to the AP and the interfered users are ran-

domly distributed.  

Table IV-1: Average Throughput of Interfered Users with Different Modes w.r.t. Noise Power [Mbps]18

Normalised Noise Power [dBm] Mode 1 Mode 2 Mode 3 Mode 4 Mode 5 Mode 6 Mode 7

N = -100  18.56 16.53 16.15 15.87 16.78 17.23 19.02 

N= -95  15.02 13.94 13.82 13.52 13.86 13.88 14.56 

N= -90  10.94 10.43 10.22 10.03 10.09 9.88 - 

N= -85  7.22 7.05 6.97 6.89 6.85 -  - 

N= -80  4.87 4.84 4.73 4.68 - - - 

N= -75  3.02 2.99 2.93 - - - - 

N= -70  1.87 1.86 - - - - - 

Table IV-1 shows the impact of system load on the system performance w.r.t. the physical 

mode selection. In lower noise power cases (typical scenarios), e.g. for N in between -100 

dBm and -95 dBm, the performances for basic mode and highest available mode are optimal. 

In the high noise power case, e.g. N>-80 dBm equivalent to a highly loaded system, the basic 

mode should be preferred. However, in this case, the performance degradation from choosing 

highest available mode is less than 10%. Therefore, if the candidate user has a similar traffic 

type as the interfered users, the highest possible physical mode can be applied for the candi-

date user without much capacity loss.  

The extended investigations in [98] consider the distance between candidate and interfered 

users. The closer the interfered user to the candidate user is, the higher is the impact of the 

mode selection on the performance. Besides these considerations for initial mode settings, the 

requirements of all users w.r.t. real time or delay constraints to meet the QoS restrictions must 

also be taken into account.  

IV.2 Procedure of Policy Based RMH and Deployment Scenarios 

Here, RMH includes policy based traffic splitting. Besides the capacity gain from the network 

operation point of view, the advantage of having concurrent parallel streams is manifold: If 

one bearer service has a high availability in the network (low data rate bearer services result 

in high coverage, e.g. a 16 kbps service is available in 99% of the cases), this link would be 

                                               

18 In this table, ‘-‘ means the mode does not exist for the given parameter configurations.  
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used for transferring important information to the terminal. On the other hand, a low data rate 

service cannot fulfil the requirements for multimedia traffic resulting in high data rate de-

mands. If traffic is properly split into rudimentary and optional information streams, a higher 

QoS for the user is provided. Whenever possible the user combines both streams for yielding 

a higher QoS and due to the higher availability of a lower data rate service in UMTS a mini-

mal QoS can be fulfilled to the user, as also shown in Figure I-6. This phenomenon is termed 

as the user perception gain. 

In the coupling point (e.g. RNC, see Section I.4), load and capacity of the subnetworks are 

analysed. If the H/2 network offers sufficient capacity, it is also possible to send the complete 

stream over it. However, in order to compare the performance between JOSCH and JOSAC 

under the target of high spectrum efficiency, the classical traffic split approach is investigated, 

i.e. the basic information stream, e.g. of a video stream is carried by UMTS in case the traffic 

is split.  

Figure IV-2 shows the procedure of applying the policy based traffic splitting. Suppose an 

MT is demanding a scalable video service from the remote server through interworking sub-

networks based on the VIS/RANC architecture (see Section I.4). In order to establish 

simulteneous substreams belonging to the same video context, the following procedure is de-

fined: 

Step 1, Signalling and initialization step: RNC receives a request from a mobile terminal with 

multiple radio accesses/addresses. After estimating the available radio resource in the con-

trolled subnetworks; RNC will send request to the remote server/proxy by indicating the aver-

age rate in each sub-link. The remote server/proxy will then split the traffic.  

Step 2, Traffic splitting step: Traffic is split by the remote server according to RNC’s applica-

tion (Step 1) and sent to RNC. Substreams are labelled differently.  

Step 3, Substreams reception step: RNC receives split traffic with labelled packets to further 

map to subnetworks (Here, additional header is employed to differentiate the call sub units, 

referring to the first solution of Chapter II. For instance, traffic with label ‘Vi’ to H/2, label 

‘Ai’ to UMTS, ‘i’ is index to inform RNC for timing relationship between substreams and 

packets from substreams being labelled with the same number ‘i’ are required to have arrival 

time differences smaller than the maximum delay needed by the application. For those pack-

ets with a small allowed delay difference, the synchronisation algorithm shown in Section 

IV.3.7 is then applied). Possible services that apply are: 
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• Video and audio substreams  

• HTTP with separation of main objects and in line objects 

• Scalable video traffic (BL and EL) 

• Real time traffic and its control signalling 

• Other services, e.g. Email (title with abstract and attachments) 

Step 4, Synchronisation step: Synchronisation mechanisms in RNC and in terminals cope 

with delays caused by the subnetworks due to:  

• Different TTI values for bearer services 

• ARQ delays due to different connection qualities 

• Different processing power of different Node Bs and APs 

Step 3: Channel Mapping
RNC Receives Split Traffic with Labeled packets 
to further map to tightly coupled sub-networks (e.g. 
traffic with label ‘Vi’ to H/2, label ‘Ai’ to UMTS, 
‘i’ is index to inform RNC for timing relationship 
between sub-streams)*

Possible Services:
• Video + Audio 
• HTTP
• Scalable Video Traffic 
• Real time traffic and its control signalling
• Other services, e.g. Email

Terminals with Multiple Transceivers

Gateway

RNC
Sub-stream 1

Sub-stream 2

V1 V2 Vn

A1 An

RANC architecture: Sub-
networks are controlled by 
single RNC (e.g. UMTS and 
H/2)

Step 1: (Signalling)

Step 2: Traffic 
Splitting in 
remote server

Step 4: 
Synchronization

A2

* From engineering convenience, traffic labelled by ‘Ai’ can 
also be transmitted in conjunction with  ‘Vi’ traffic to H/2. The 
Synchronization between two sub-streams is not needed. 
However, this alternative solution is not pursued in this thesis.

Remote Server (AS delivering 
services: video, HTTP, multimedia 
traffic)

Figure IV-2: Procedure of Policy Based Traffic Splitting over Subnetworks with VIS/RANC Architecture  

According to the analysis developed in Section III.3.1.2, JOSAC and JOLDC will in most 

cases locate traffic in H/2 whenever H/2 coverage exists with sufficient capacity.  

The performance for RMH is evaluated at the system level with a number of cells and mo-

biles. The mapping between the physical reception signal quality (CIR) to the throughput is 

embedded into the simulation. The physical layer performance obtained in the link level and 

the interface to systems level are detailed in Appendix F.  
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Types of network architecture patterns in terms of Overlapping Pattern and Overlapping Fac-

tor (ϕ) are considered as important parameters to model a deployment of coexisting networks. 

Considering one UMTS cell covered by different numbers of H/2 cells, it is possible to 

change the number by varying the overlapping factor. It has been assumed that users ran-

domly move inside the deployed simulation environment with variable speed less than 

30km/h. The user density in the UMTS cell and in the H/2 cell is specified before simulation 

is started. 

Three overlapping patterns are considered: Random Overlapping, Remote Overlapping and 

Central Overlapping (see A.Fig. 6 in Appendix F). Remote overlapping means that the APs 

of H/2 are located at the borders of a UMTS cell; central overlapping describes the case where 

the APs of H/2 are located co-centrically to the UMTS cell; under random overlapping the 

H/2 cells are randomly placed in the UMTS cell. For all the patterns, the interworking be-

tween H/2 and UMTS is assumed to be based on VIS/RANC according to Figure I-3 and 

Table I-1.  

In the Non JRRM scenario, the users are considered to have the right to access one system; 

with probability 0.5, i.e. either UMTS or H/2. The Non JRRM case is considered as a refer-

ence to determine the gain of JOSAC and JOSCH. 

IV.3 Performance of Policy Based RMH  

As an extension to the policy based traffic splitting scheme modelled in Chapter II, it needs to 

be pointed out that the policy based traffic splitting (JOSCH) is user centric, i.e. the user traf-

fic is split according to his/her application requirement. For instance, if the user downloads 

HTTP traffic through a number of subnetworks, UMTS, DVB (Digital Video Broadcasting) 

and wireless LAN, the application is divided into different traffic substreams. The most im-

portant stream is routed through a more stable or better-covered system, e.g. a subnetwork 

with full coverage, the less important data is routed through other subnetworks, as already ex-

plained in the previous section. Assume there exist γ  cooperating subnetworks, if an arriving 

call can be divided into γ  call sub units, all the units will enter the system i with the same 

probability.   

γγ 1,2,...i with ,1 ==ip       (IV-5) 

Since all the packets are assumed to be of the same importance, if one is blocked, the whole 

call unit is blocked under JOSAC. Therefore, the blocking probability is identical to Bp  (see 
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Equation (II-3)) under the same given input parameters as in JOSAC case. The incoming call 

modelled as in the main states in Figure II-6 is only blocked when the main sub all unit is 

blocked. Suppose the main unit is the j-th. The target blocking probability is calculated to 

Bjii pp ⋅
=

, which is γ⋅Bp , and different to equation (II-4), the targeting parameter Bp  is iden-

tical to bp  denoted in Equation (II-5). To admit new calls, system can enforce dropping un-

important call sub units to free radio resources to the newly arrived most important call units. 

Compared to Figure II-3, it is straightforward that the maximum number of basic channels 

will reach γ times19 compared to JOSAC. Appendix A gives a method to analyse the interrela-

tionship between the target GoS and the system capacity. The impact of the service scalability 

provided by the policy based JOSCH to the system capacity improvement is also shown. 

IV.3.1 Traffic Model for Scalable Video 

Besides the HTTP traffic model introduced in Section III.2.1, scalable video traffic is relevant 

for the performance evaluation. Video traffic presents two key characteristics. One is the 

Variable Bit Rate (VBR) due to a time dependent source rate, the other characteristic is the 

real time service requirement [74]. The video packets may pass through more than one scaling 

function, as required to cater for variable channel capacities. The video is captured, encoded 

in a scalable bit stream, packetised, most appropriately using RTP/UDP and then put into IP 

packets. The IP packets can contain information in the differentiated service field correspond-

ing to the priority of the packet [37][45][89][91][119].  

Since the available channel capacity can be increased or decreased, a scalable video applica-

tion is suitable to match the data rate to the current channel capacity. Under a high channel 

capacity, the user can take advantage of the high bit rate to view higher quality video. Accord-

ing to the standard, a scalable bit stream can be decoded at different rates, in accordance to the 

bit rate available to the decoder. This enables a user with access to a high bandwidth channel 

to decode high quality video, while a lower bandwidth user is still able to view the same 

video, however at a lower quality. There are two standards for mobile video applications that 

offer scalability: H.263+ and MPEG4. Although they are different in synchronisation between 

the encoder and decoder, frame structure, data format and the compression technique, in gen-

                                               

19 The maximum number of servers is ( )21 mm +γ  as shown in Figure II-6. The difference to the classical policy 

based traffic splitting scenario in Section II.1.1.2 is that here one extreme case is considered, which artificially 

reduces the traffic load.  
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eral the scalability procedures of both are very similar. The MPEG4 video traffic model is 

used for further analysis.  

The bit stream is organized in a hierarchical structure, divided into a number of levels, the 

Base Layer (BL) and one or more Enhancement Layers (EL). The base layer, encoded at a 

lower bit rate, defines the minimum rate needed to decode the video sequence. The ELs, 

which requires additional bandwidth for encoding, improves the quality of the reconstructed 

BL sequence. Thus, an EL can only be decoded if the layer immediately below it, known as 

the reference layer, has already been decoded.  

There are two main types of scalability, temporal and spatial. Temporal scalability increases 

the frame rate of the decoded sequence by inserting additional frames into the sequence. Spa-

tial scalability uses the additional bandwidth provided in the ELs to increase the spatial reso-

lution of each BL picture, or improving the SNR of the layered picture by including additional 

error information. Generally, a strategy using the introduction of rate control and leaky bucket 

admission policy is used to provide the scalability [89]. Such a strategy is therefore useful un-

der a limited radio bandwidth available from the radio subnetworks. An example is illustrated 

in Figure IV-3 and it is suitable for interworking subnetworks. The main idea is that another 

subnetworks carries the load that exceeds the capacity of one subnetwork. In such a case, the 

data that cannot be sent in an instance through one subnetwork is redirected and sent through 

another one whenever it is available. 

Leaky Bucket 
Admission Via Queue 
with Finite Length 

Go to UMTS
(CBR) 

Go to WLAN
(VBR)

Video 
Codec 

User traffic 
application

Base 
layer data

Enhancement 
layer data 

Rate 
control 

Channel Feedback

Figure IV-3: Video Traffic Model for Splitting Traffic 

The resulting video traffic consists of mainly two parts, the EL part with variable data rate REL

and the BL part with constant bit rate traffic RBL. In order to have the same rate of information 

throughput, the incoming video call is considered to have rate R0. It is assumed that R0 has a 

bell-like distribution [91]. The BL and EL have a tight relationship, namely:  

0RRR ELBL ≈+          (IV-6) 

The EL has the variable rate REL, which is modelled as the difference between the original rate 

0R  and the constant BL rate BR . 
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A typical video sequence based on MPEG-4 has an average rate of 390 kbps. To model the 

substream with variable data rate, a Gaussian noise process with unit variance and the mean 

value E(ω) is put into an IIR (Infinite Impulse Response) filter. It explicitly defines the next 

random variable in the sequence from previous ones within a specified time window and a 

moving mean value of white noise. The AR (Auto Regression) model adopted for this thesis is 

shown in the following figure, where )(nκ  defines the number of bits used to represent one 

pixel (see also Equation (IV-7)). 

T

a

b

)(nλ

)(nw
  

Figure IV-4: The AR Video Traffic Model Figure IV-5: Snapshot of Data Rates in Coded Layers

The bits per pixel are generated by defining the parameters a and b in the AR process:  

)()1()( nbwnan +−= κκ                                  (IV-7) 

with a=0.8781, b=0.1108 to be used in later investigations of this thesis. The mean value of 

the input Gaussian distributed random noise variable is 0.572. It is assumed that there are 

4105.2 ×  pixels per frame, and 30 frames are transmitted per second [106]. Since 1<a , the 

process achieves steady state with a large n.  

In later simulations for JOSCH, BL traffic through UMTS uses a dedicated channel with 

SF=32, which results in a maximum data channel capacity of 105 kbps (see Table III-3). With 

this assumption, the traffic model is applied, where Equation (IV-6) is used to derive the EL 

traffic stream. A snapshot of the data rates for the total video traffic, the BL and EL is shown 

in Figure IV-5. 

IV.3.2 Capacity Gain Analysis in a UMTS-H/2 Integrated Scenario 

In a UMTS subnetwork, interference is the most crucial factor restricting the system capacity. 

In our analysis and simulation, interference from the neighbouring cells is based on frequency 

reuse factor 1, which is detailed in Appendix F. 
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In the downlink, the total system load can be measured by the transmitted power from one or 

several Nodes Bs. There exist maximum output power limitations on a channel basis as well 

as on a Node B basis. The received signal quality for the downlink in a single cell WCDMA 

network is given by the CIR, which is defined as:  

( ) NApP

AP

iiT

iBi
i

+⋅−⋅

⋅
=
β

ξ                                            (IV-8) 

Similar to Equation (III-14), BiP  is denoted as the output power from the Node B to user i; iA

is the gain between the BS and user i, which is dominated by the pathloss attenuation; β  is 

the orthogonality factor; TP  is the total transmission power, which includes the sum of all the 

transmission power values of individual users, but also the power ( BCP ) utilized by the com-

mon control channels, e.g. BCH, FCH, etc. The background noise is model as N.  By using 

the expression defined in Equation (IV-8), the individual required power can be derived: 

⎟
⎠
⎞⎜

⎝
⎛ +⋅⋅

⋅+
=

i
T

i

i
Bi A

NPP β
ξβ

ξ

1
      (IV-9) 

Suppose there are m users using the dedicated channels. The left side then has to be accumu-

lated over the complete user set, the total downlink transmission power excluding the power 

utilized in the broadcasting channels can be expressed as:  

( )∑∑
== ⋅+

⋅+
⋅+

⋅⋅=−
m

i ii

i
m

i i

i
TBCT A

NPPP
11 11 ξβ

ξ

ξβ

ξ
β         (IV-10) 

Therefore, the total downlink power in a cell is: 
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   (IV-11) 

 Name 
i

i
i

ξβ

ξ
η

⋅+
=

1
 to ease the calculation and suppose all users in the reference cells apply 

for video traffic, different JRRM approaches, namely NA , CA  and SA  can be modelled. Use 

( )xS  to define the number of total elements in set x and vU  for the set of admitted video users 

in a UMTS cell with subscript v denoting the video traffic. For the JOSCH ( SA ) case, for an 

existing ( )Sv AU , Equation (IV-11) is changed to:   
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                                 (IV-12)  

The data rate for users under the control of a JRRM algorithm highly depends on the bearer 

service established. Suppose the video traffic requires a target SIR )( Sv Aγ  after the despread-

ing, the following two equations are fulfilled for the data rate calculation:  

⎪
⎪
⎩

⎪⎪
⎨

⎧

=

=

)(

)(
)(

)(
)(
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Sv
Sv

SS
Sv

Af

A
A

Af

C
Ar

γ
ξ

                        (IV-13) 

where C is a constant value by assuming a maximum user data rate )( Sv Ar  multiplied with a 

constant Spreading Factor (SF) ( )SS Af . The effective user data rate is calculated based on the 

channel quality. In this chapter, the effective user data rate )( Sv AR is assumed to result from 

the first successful transmission, i.e. ))(1()()( SPSvSv APArAR −⋅= , where, the packet error 

rate ( )ωPP  is also a function of the chosen JRRM mechanism ω. The effective video BL in-

formation rate and EL information rate are denoted as ( )SvB AR  and )( SvE AR , respectively. 

The overlapping factor ϕ is defined as the area of UMTS subnetwork compared to the cover-

age of H/2 subnetworks, and ϕ varies in the interval [0, 1]. For simulation implementation, the 

radius of an H/2 is kept constant. Different ϕ values by changing the number of H/2 cells can 

be obtained.  

Define the reference region20 of UMTS is with size UΑ , the user density in the reference re-

gion is DR and the users are uniformly distributed, therefore, the number of users that could 

get service in the UMTS cell is RU D⋅A , H/2 offers coverage to RU D⋅⋅Aϕ users, which  can 

be denoted as the active users in H/2 cells )( SVH AU . A UMTS cell is assumed to have much 

bigger coverage than the one for H/2. And the users are uniformly distributed in the UMTS 

cell with a slightly higher density than the capacity offered by UMTS. Therefore, by compar-

ing the traffic demand and H/2 capacity, H/2 system is considered to supply sufficient radio 

resource no matter whether the traffic is split or not, i.e. the complete satisfied user set 

)( SVS AU  covers )( SVH AU , where the satisfied users include the users receive the complete 

                                               

20 A ‘reference region’ is an area where simulation statistics are collected. See Appendix F.IV.  
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traffic stream via H/2 and the users that receive only the BL stream via H/2. Name the set of 

users that only have a single link in the H/2 subnetwork as )(
~

SVH AU , its complementary set is 

denoted as )(
~

SVH AU  w.r.t. )( SVH AU . The following relationships hold:  

⎩
⎨
⎧

==

=

)()(
~

)(
~

;)(
~

)(
~

)()(
~

)(

SVHSVHSVHSVHSVH

SVSSVHSV

AUAUAUAUAU

AUAUAU

UI

U

φ
  (IV-14)21

As introduced, the policy states that if JOSCH is applied, only BL information is transmitted 

through UMTS in case the MT has only a UMTS connection; if the MT has a connection 

from H/2, if it still has BL information offered by UMTS, the EL information is transmitted 

through H/2, otherwise, the complete traffic is transmitted through H/2. In contrast, if an MT 

is admitted either in JOSAC or Non JRRM scenario, complete traffic is transmitted through 

one chosen subnetwork either UMTS or H/2.  

The throughput in JOSCH scenario is therefore calculated according to the following equa-

tion:  

( )RU
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Sv
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SvE
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SvBS DARARARAR
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⎤
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)()()()(       (IV-15) 

In JOSAC case, the relationships of Equation (IV-14) is still valid, however the user traffic 

throughput is calculated from the following equation. It does not show the scalability of the 

traffic.  

( )RU
AU

Cv
AU

CvC DARARAR
CVHCV

⋅
⎥
⎥
⎦

⎤

⎢
⎢
⎣

⎡
+= ∑∑ A

)(
~

)(

)()()(                      (IV-16) 

By applying power limited admission control policy to all the simulated UMTS cells based on 

Equation (IV-12), and assuming random overlapping scenario with 2.0=ϕ  (detailed simula-

tion environment is included in Appendix F.IV), the BL data rate is configured according to 

the channel capacity given by SF=32 for UMTS, the performance difference between JOSAC 

and JOSCH is shown in the following figures.  

The satisfied user group ( )[ ]ωVSUS , namely the number of video user that gain a satisfied ser-

vice as defined in A.Table. 3, is shown in Figure IV-6. The result for each numerical result 

                                               

21 Symbol φ  is for an empty set.  
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shown in the figure is obtained by averaging over the results from independent snapshots 

given by the same input simulation parameters.  

Figure IV-6: Comparison of Satisfied Users ( )[ ]ωVSUS  w.r.t. Different Cases 

The reason to separate BL and EL scheduling is to increase the user QoS based on the impor-

tance of different video coding layers. Introducing an importance ratio between the BL and 

the EL information, (namely vο ), the weighted throughput is defined as22:  

( ) ( )[ ] ( )1)( ++⋅= vvEvvBW RRR οωοωω    (IV-17) 

Weighted throughput performances of these three algorithms are compared by selecting ω

from set { }SCN AAA ,, . The weighted throughput in the following parts are determined with 

10=vο . For each snapshot in the simulation campaign, both average throughput and average 

weighted throughput are obtained following the same methodology adopted for Figure IV-16 

and shown in Figure IV-17.  

                                               

22 As an extension to Section IV.2, the relative user satisfaction is quantitatively measured by comparing the sce-

narios when the user receives the basic information, complete information and no information. The relative user 

satisfaction is quantised by the Mean Opinion Score (MOS) in the lab by querying around 100 people. The 

evaluated applications are Web Emails and scalable video. On average, people feel 10 times more satisfied when 

abstractive information (Email abstract without huge attachment or base layer of scalable video) is retrieved. 

And only 10% more satisfaction is added when additional enhancement information is obtained. The weighted 

throughput indirectly models the user perception gain.   
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Average Throughput R(ωωωω)  Average Weighted Throughput (RW(ωωωω)) 
   Figure IV-7: Throughput versus User Density D for Various JRRM Algorithms 

It can be shown from the total throughput analysis that the JOSCH algorithm gives relatively 

a similar performance as the JOSAC algorithm. The Non JRRM performs the worst. From the 

user QoS viewpoint, the weighted throughput from JOSCH offers the optimal solution.  

IV.3.3 Performance Comparison for Video Traffic Management

In this section, the performances of RMH for video traffic in different scenarios (see A.Fig. 6 

in Appendix F.IV) are compared in terms of the effective throughput, weighted throughput 

and the number of satisfied users. In Table IV-2, results for different scenarios and different 

numbers of users UTN  are shown. The gains of JOSCH over JOSAC are defined as follows: 

1)(
)(

−⎥⎦
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⎢⎣
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E AR
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−⎥⎦
⎤
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SW
W AR

ARG                           (IV-18)  

where EG  is the gain for effective throughput, )( SAR  is the average effective throughput in 

JOSCH scenario and )( CAR  is the average effective throughput for JOSAC scenario; the 

same syntax is applied for the weighted throughput, using subscript ‘W’ denoting weighted. 

Among the total simulated users with ( ) DN UUT ⋅⋅+= Aϕ1 , all the active users in the UMTS 

cells use dedicated channels (due to CBR traffic in the BL) individually and have the trans-

mission power fulfilling Equation (IV-12). 

Table IV-2: Throughput Gain for JOSCH Comparing to JOSAC 

Overlapping Pattern  ϕ NUT GE GW

Remote Overlapping 

10 %
10 %
20 %
50 %
99 %

7 
33 
189
240
315

-0.4534 
-0.1751 
0.0779 
0.0139 
0.0005 

0.2136 
0.7803 
0.6923 
0.1450 
0.0002 
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Central Overlapping 

10 %
20 %
20 %
50 %

7 
51 
189
240

- 0.2852
0.1790 
-0.0380 
0.0052 

0.0885 
0.2823 
-0.0403
0.0036 

Random Overlapping 20 % 189 0.0188 0.2359 

To obtain the throughput distribution, it is assumed that %20=ϕ , 189=UTN  and all users are 

video users. Figure IV-8 a), b) and c) show the effective throughput for the remote, random 

and central overlapping cases, respectively. Figure IV-9 a), b) and c) show the results for the 

weighted throughput.  

a) Remote Overlapping a) Remote Overlapping 

b) Random Overlapping b) Random Overlapping 

c) Central Overlapping c) Central Overlapping 
Figure IV-8: Effective Throughput for Video Figure IV-9: Weighted Throughput for Video 
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It is clearly visible that the average effective throughput and weighted throughput in the cen-

tral overlapping scenario are higher than in the remote overlapping scenario whilst the 

throughput for random overlapping is in between. 

The throughput gain of JOSCH compared to JOSAC is greater for the remote overlapping 

than with the central overlapping case. The reason is that users in the centre of a cell could ac-

cess UMTS much easier than the users that are positioned far from the base station and cannot 

get the adequate signal power. Considering the gain of JOSCH over JOSAC, splitting the traf-

fic in JOSCH helps in allocating the resources in a more efficient manner. Users who are 

close to the border of the UMTS cell require exceedingly high power if a low spreading factor 

is used. It is beneficial in the remote overlapping case, to allow users at the border of the 

UMTS cell to have simultaneous links to UMTS and H/2 which results in a better gain com-

pared to the JOSAC case. 

In Table IV-3, in the remote overlapping case with increased overlapping factor ϕ, the density 

of users close to the centre rises. That is why the gain G is reduced when the overlapping fac-

tor increases. With video traffic the required channel capacity is high and the spreading factor 

is low (32), consequently the number of users that can be served by UMTS is very low. For 

the same reason under central overlapping, there is not much gain for JOSCH. According to 

the satisfied users, (definition in Section IV.3.2) that need to receive at least the BL informa-

tion, the average number of satisfied users denoted by NUS is shown in Table IV-3 and Table 

IV-4.   

Table IV-3: Results for Video Traffic with Remote Overlapping  

ϕ GE GW NUS in AN NUS in AC NUS in AS

10 % 0.1489 1.2108 11.2745 15.6471 38.9804 
40 % 0.0374 0.2322 41.0392 78.6863 104.9216
80 % 0.0067 0.0523 126.0392 239.8627 256.2745
100 % 0.0005 0.0002 152.9020 290.8431 290.8627

Table IV-4: Results for Video Traffic with Central Overlapping  

ϕ GE GW NUS in AN NUS in AC NUS in AS

10 % 0.0932 0.1335 24.5098 36.6275 41.0588 
40 % 0.0314 0.0302 74.4118 132.7451 136.0196
80 % 0.0058 0.0066 138.3725 261.9608 262.4902
100 % 0.0031 0.0028 152.9020 290.8431 290.8627

IV.3.4 Performance Comparison for HTTP Traffic Management 

For HTTP traffic defined in Section III.2.1, in addition to the gain for effective throughput 

and weighted throughput, the gain for the QoS of the data service has been defined as well. 
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The QoS of the data service is very similar to the one given in Equation (III-9), but both the 

scheduled data and original total data are weighted by vo  (see Equation (IV-17)), i.e.  

TotalIOTotalMOv

SchIOSchMOv
S DDo

DDo
Q

__

__

+⋅

+⋅
=         (IV-19) 

where the subscripts ‘MO’, ‘IO’, ‘Sch’, ‘Total’ are for main object, inline object, scheduled data 

and original total data respectively. The gain of it ( QoSG ) is given as follows: 

( ) 1−=
CS AAQoS QQG                                                  (IV-20)       

where, 
SAQ  is the mean value for QoS for JOSCH and 

CAQ  is that value for JOSAC.  

As assumed in Section IV.3.3, in the simulation experiment, all users are assumed HTTP us-

ers with %20=ϕ  and 189=UTN . It is further assumed that each user has only one HTTP 

session at a time, and dedicated channels with SF=64 and 256 are used for JOSAC and 

JOSCH respectively23. Figure IV-10 a) and b) respectively show the CDF curves of the effec-

tive throughput for the remote and central overlapping case and Figure IV-11 and Figure 

IV-12 show distributions for the weighted throughput and the QoS as defined in Equation 

(IV-19). 

a) Remote overlapping b) Central overlapping 
Figure IV-10: CDF of Effective Throughput for HTTP 

                                               

23 The selected dedicated channel capacities are greater than the mean bit rate of the HTTP traffic and the main 

object stream respectively.  



   

125 

a) Remote overlapping  b) Central overlapping 
Figure IV-11: CDF of Weighted Throughput for HTTP 

a) Remote overlapping  b) Central overlapping 
Figure IV-12: QoS Distribution for HTTP 

Similar to the results for video traffic case and as it is expected, again JOSCH results in a bet-

ter performance for weighted throughput and also in better QoS rather than JOSAC and Non 

JRRM approaches. Different from the video traffic study, in HTTP the required channel ca-

pacity is less than the channel capacity required for video traffic, the SF is greater than that 

for video traffic and the data rate for the main object stream is variable. This substantially 

lowers the performance for JOSCH w.r.t. the effective throughput. However, since much 

more active links can be supported by the UMTS subnetwork, the performance of the 

weighted throughput and QoS for JOSCH even for the central overlapping case is improved 

compared to that for video traffic. Table IV-5 and Table IV-6 show the simulation results for 

the remote and central overlapping scenarios. 



Table IV-5: Results for HTTP Traffic with Remote Overlapping and DUT=189  

ϕ GE GW GQoS NUS in AN NUS in AC NUS in AS

20 % -0.1716 0.7137 1.3050 49.7255 75.0588 118.6667 
50 % -0.0959 0.2834 0.5251 100.4314 168.4314 209.3333 
100 % -0.0065 0.0329 0.0654 196.9608 290.8627 290.8235 

Table IV-6: Results for HTTP Traffic with Central Overlapping and DUT=189  

ϕ GE GW GQoS NUS in AN NUS in AC NUS in AS

20 % 0.0358 0.4217 0.6949 76.5294 73.4705 104.6471
50 % -0.0109 0.0515 0.1008 132.4706 178.6863 179.3267
100 % -0.0117 0.0321 0.0668 193.9804 290.7647 290.8039

So far the parameters, which are of importance from the user’s point of view, have been con-

sidered. There are other parameters, which are significant from the system’s point of view. 

One of them is the total capacity of the system which can be evaluated by the total through-

put. The total effective throughput TR  and the total weighted throughput WTR  both for video 

traffic and HTTP traffic have been calculated to show the system capability. Figure IV-13 

shows TR  and WTR  for video traffic. Due to the fine scalability property of the video traffic, 

radio resource in the UMTS subnetwork can be efficiently utilized. Therefore, JOSCH results 

higher effective throughput compared to the JOSAC approach. It is self-evident that due to the 

high number of satisfied users, the BL information throughput is significantly higher than for 

the JOSAC case; the weighted throughput for the JOSCH case is therefore higher than for the 

JOSAC case.  

Figure IV-13: TR  and WTR  for Video Traffic for Remote Overlapping  
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Figure IV-14: TR  and WTR   for HTTP Traffic for Remote Overlapping 

Figure IV-14 shows the effective and weighted throughputs for HTTP traffic for the three dif-

ferent RRM approaches. The effective throughput for JOSCH is worse than for JOSAC. This 

is mainly due to the low utilization factor resulting from mapping only the main HTTP ob-

jects to UMTS channels. Assigning dedicated channels with high spreading factors (64 for 

JOSAC and 256 for JOSCH) for the main objects with variable rate does result in a low over-

all system efficiency, although this results in a relatively higher number of satisfied users.  

A comparison of the results in Figure IV-13 and Figure IV-14 demonstrates the importance of 

choosing appropriate JRRM mechanisms. The policy of traffic splitting resulting in different 

traffic statistics of the traffic streams served in two subnetworks has an impact on the 

throughput distribution. The selection of the bearer service in each subnetwork also has an 

impact on the spectrum efficiency: It has already been shown in Section III.2.3.3 that there is 

a benefit from choosing shared channels to serve bursty traffic types. 

IV.3.5  Trunking Gain Analysis for HTTP and Video Users  

Table IV-7 shows the results for the blocking rate ( Bp ) and the admitted video traffic system 

load in the remote overlapping scenario and Table IV-8 shows the results for video traffic 

with central overlapping. The maximum allowed traffic amount for the three scenarios and the 

three RRM approaches are denoted as ρT,N,  ρT,C, ρT,S. The same parameters have been evalu-

ated for HTTP traffic and are shown in Table IV-9 and Table IV-10. As expected, the block-

ing probability is improved: it is smaller for JOSCH compared to JOSAC and Non JRRM 

scenarios. Compared to the target error rate of video (10-3), HTTP has been assumed to re-

quire a smaller error rate (10-6), which results in a higher utilisation of radio resources owing 

to retransmission. In this analysis, an SIR target to the HTTP service resulting in a higher 
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blocking probability than for video is specified. The SIR targets and the service priorities are 

detailed in A.Table. 3 in Appendix F.IV. 

Table IV-7: Results for Video Traffic with Remote Overlapping  

ϕ NBp , CBp , SBp , ρT,N [Erlang] ρT,C [Erlang] ρT,S [Erlang]

10 % 0.1939 0.2186 0.1207 11.2745 15.6471 38.9804 
20 % 0.2128 0.2307 0.1387 16.4118 24.2941 49 
50 % 0.0870 0.0838 0.0779 65.8627 122.3725 141.1765 
100 % 0.0082 0.0002 0.0001 152.9020 290.8431 290.8627 

Table IV-8: Results for Video Traffic with Central Overlapping  

ϕ NBp , CBp , SBp , ρT,N [Erlang] ρT,C [Erlang] ρT,S [Erlang]

10 % 0.1055 0.0925 0.0853 24.5098 36.6275 41.0588 
20 % 0.0793 0.0741 0.0809 42.1961 67.1569 63.0392 
50 % 0.0520 0.0420 0.0419 96.7647 178.1569 176.9020 
100 % 0.0075 0.0003 0.0004 152.9020 290.8235 290.7843 

Table IV-9: Results for HTTP Traffic with Remote Overlapping  

ϕ NBp , CBp , SBp , ρT,N [Erlang] ρT,C [Erlang] ρT,S [Erlang]

10 % 0.0794 0.1058 0.0689 34.1765 45.6667 87.6078 
20 % 0.0995 0.1163 0.0759 39.7647 55.1569 99.0784 
50 % 0.1304 0.1414 0.0991 77.0000 125.2157 170.6471 
100 % 0.1381 0.1310 0.0994 152.4510 235.4902 245.9020 

Table IV-10: Results for HTTP Traffic with Central Overlapping  

ϕ NBp , CBp , SBp , ρT,N [Erlang] ρT,C [Erlang] ρT,S [Erlang]

10 % 0.1048 0.0814 0.0565 43.9804 41.9412 82.3333 
20 % 0.1137 0.0869 0.0561 57.6078 57.6078 90.0392 
50 % 0.1343 0.1252 0.0819 101.5098 140.0196 151.2549 
100 % 0.1397 0.1320 0.0944 151.5490 234.8039 248.0980 

IV.3.6 Multimedia Traffic (Voice, Video and HTTP)  

In this section multimedia traffic, namely, a mixture of voice, video and HTTP traffic classes 

is evaluated and analysed. By changing the ratios of voice and HTTP traffic classes and RRM 

principles for HTTP, the performances of the video traffic as a reference traffic class are af-

fected and evaluated. 

Three different traffic management scenarios are considered for HTTP traffic in order to 

evaluate the impacts on the video traffic performance. They are:  

• Scenario 1: JOSAC for HTTP (A user always demands full HTTP traffic using dedicated 

channel in UMTS when s/he gets radio access)  
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• Scenario 2: Shared channel for HTTP (A user always demands full HTTP traffic using 

shared channel in UMTS when s/he gets radio access)

• Scenario 3: JOSCH approach for HTTP (by policy, the UMTS subnetwork only carries 

the main objects for HTTP traffic) 

Let γVI denote the percentage of video traffic and γHT denote the percentage of HTTP traffic, 

1-γVI-γHT is the percentage of speech users in the system. The voice users have the highest pri-

ority is set. Based on the parameters like the service requirements and SIR targets configured 

in Appendix F.IV, performances of video traffic in different scenarios are individually stud-

ied:   

Scenario 1: JOSAC for HTTP 

In Table IV-11, the calculated gain for effective and weighted throughput and the average 

number of satisfied users (NUS) for different percentage of HTTP traffic are shown. It is seen 

that by increasing the HTTP traffic percentage γHT, under no traffic splitting (AN  and AC), the 

effective and weighted throughput of video users and the number of satisfied video users 

drop. Furthermore, for all cases along the rows shown in Table IV-11, JOSCH (AS) outper-

forms JOSAC (AC), and both JRRM mechanisms are better than Non JRRM algorithm with 

higher number of satisfied users (NUS).  

Table IV-11: Multimedia Case for Video traffic with Remote Overlapping (ϕϕϕϕ=20%) 

γVI γHT GE GW NUS in AN NUS in AC NUS in AS

100 % 0 % 0.0779 0.6923 16.4118 24.2941 49 
20 % 20 % 1.9095 1.98600 7.3564 11.5247 17.0693 
20 % 50 % 6.0807 6.3735 7.2871 10.1287 14.9010 
20% 70 % 5.9043 5.9043 7.8416 9.7822 13.9009 

Scenario 2: Shared channel for HTTP 

Considering the long tail distribution for HTTP traffic and its long “off period” makes it fea-

sible to allocate shared channels to the HTTP users (see Chapter III). It is found out that 5 

HTTP sessions can share one single dedicated channel with 45 kbps. By using a DSCH chan-

nel, less channels need to be employed for the same number of HTTP users, which improves 

the system efficiency. This scenario has been simulated and the impacts to video users are 

shown in Table IV-12. 



Table IV-12: Multimedia Case for Video Traffic and Remote Overlapping 

(ϕϕϕϕ=20%, Shared Channel for the HTTP Traffic) 

γVI γHT GE GW NUS in AC NUS in AS

100 % 0 % 0.0779 0.6923 24.2941 49 
20 % 20 % -0.2036 0.5320 11.5346 19.8317 
20 % 50 % -0.3142 0.2645 10.5346 14.4614 
20% 70 % -0.2217 0.5299 13.1089 22.7525 

When comparing the average effective throughput (GE in Table IV-12), JOSAC provides bet-

ter performance than JOSCH in some cases visible from the negative value of GE. The reason 

for that is the policy based traffic splitting. In order to illustrate this fact, throughputs for 

JOSCH and JOSAC are compared in the following inequality:
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where 
SAUSN ,  is the number of satisfied users in JOSCH case; under JOSAC condition, 

CAUSN ,
ˆ  is the number of users being admitted in the UMTS cell and 

CAUSN ,

~
 is the number of 

users being admitted in H/2 cells; the sum of 
CAUSN ,

~
 and 

CAUSN ,
ˆ  is NUS using JOSAC ap-

proach; ),( ,2 SAUSH NpD
v

 denotes the data throughput resulting from the H/2 connections’ qual-

ity and the number of users being able to get access to an H/2 cell. AcC  and AsC  are data 

channel capacity for JOSAC and JOSCH which are equal to 389 kbps and 105 kbps, respec-

tively, for video service. iHp ,2  is the packet error probability for user i in H/2 and iUMp ,  is the 

packet error probability for UMTS; 2Hp
v

 is a vector representing the packet error probability 

for H/2 users. The number of basic connections (
SAUSN , ) under JOSCH with policy-

constrained throughout in UMTS restricts the total throughput with low user density.  

Comparing the number of satisfied users in JOSAC and JOSCH (Table IV-12) shows that to-

tal throughput for JOSAC (around 389 kbps times NUS=11 for 20% HTTP traffic on average) 

is larger that those for JOSCH, which is approximately 105 kbps times NUS=20. Since the total 

number of video users is the same in both cases, the average throughput will be higher for 

JOSAC. 

Scenario 3: JOSCH approach for HTTP 

To use JOSCH (traffic splitting and main HTTP objects are only carried in the UMTS sub-

network) for HTTP traffic is another way to improve the performance of the video service. 

This is visible by evaluating the number of satisfied users in Table IV-12 and Table IV-13 

compared to Table IV-11. Table IV-13 shows the throughput gain when using JOSCH for 
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HTTP traffic. Figure IV-15 compares video traffic throughput when JOSCH is applied for 

HTTP traffic. However, it is self-evident that for HTTP users the traffic split policy is not as 

promising as in scenario 2 where a shared channel is used, since the efficiency of using dedi-

cated channels compared to shared channels for variable traffic is lower.    

Table IV-13: Multimedia Case for Video Traffic and Remote Overlapping  

(ϕϕϕϕ=20%, JOSCH for the HTTP Traffic) 

γVI γHT GE GW NUS in AC NUS in AS

100 % 0 % 0.0779 0.6923 24.2941 49 
20 % 20 % -0.2528 0.4119 12.0693 19.1782 
20 % 50 % 2.3877 7.5826 11.4158 18.7327 
20% 70 % 2.1419 6.9198 11.7624 18.1287 

Figure IV-15: CDF of R and WR  using JOSCH for HTTP with 20% Video Traffic and  

20% HTTP Traffic (NUT=189, ϕϕϕϕ=20%) 

IV.3.7 Synchronisation between Substreams 

This section proposes and analyses a synchronisation mechanism for traffic with parallel 

streams targeting at identical QoS in both subnetworks. For video service, the delay time is 

the criteria. For HTTP service, QoS parameter based on Equation (III-9) indicating the ratio 

between the scheduled traffic and the original traffic is the criteria. Based on the QoS of the 

substreams in UMTS, a number of LCH channels assigned to the user in H/2 system is chosen 

that gives the same QoS criteria.  

IV.3.7.1 Synchronisation Approach 

With ideal scheduling, data streams are always synchronized. When there are errors and re-

transmissions, synchronisation is of primary importance for the split traffic. An interactive 

synchronisation approach is proposed for traffic splitting over two subnetworks. 
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A training sequence containing a time stamp is transmitted to the terminal periodically in or-

der to allow the terminal to estimate the delay caused by the independent paths with different 

delays of the two subnetworks. With the time stamp, the terminal can autonomously decide to 

wait for the higher layer information to come or not. On the other hand, an uplink channel can 

be established to transmit the time stamp back to the network, in order to inform the scheduler 

to modify the scheduling parameters, e.g. the quantum size used by the round robin algorithm 

in the subnetwork. This approach can be considered as an interactive synchronisation ap-

proach to properly configure both schedulers in DL and UL.  

Time  

Cycle time of Training

UMTS 

H/2

Δ(nT)

Training Sequence

Δ(nT+T) Δ(nT+kT) 

  
Figure IV-16: Time Scale Representation of Interactive Synchronisation Approach 

Figure IV-16 shows the time scale representation of the interactive synchronisation approach. 

The joint scheduler evaluates the delay difference from the training sequence containing the 

time stamps periodically. Define the cycle time of training is T, therefore, at every T seconds, 

there is a training sequence. During the training, the RNC sends time stamps over the UMTS 

and the H/2 air interface with the same transmission format and multiplexed with regular data. 

After the training process, the terminal sets the estimated delay difference of the two air inter-

faces, namely Δ(t), which is denoted as Δ(nT) for discrete time scales. The aim of the training 

process is to calculate the delay difference between scheduled data in UMTS and in H/2. An 

interactive process takes place directly after the training process, as depicted in a message se-

quence chart in Figure IV-17. 

The whole interactive synchronisation process aims at minimizing the difference between 

successive estimates Δ(nT) and the absolute value of Δ(nT), as depicted in the following set of 

equation: 
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The first requirement in Equation (IV-22) helps the buffer management, which brings the best 

quality for the video sequence. The second requirement in Equation (IV-22) results in the op-

timal synchronisation.  

There are two basic advantages of a synchronised system: the first one is that since there are 

various delays like the propagation delay, queuing delay, etc., they can be easily taken into 
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account and sent on both subnetworks as a time stamp in the radio frames. This helps to 

schedule the user data in a more adequate way, e.g. artificially delay one stream or assign 

higher TTI values to a stream for faster delivery. The second advantage is valid for the video 

decoder, wherein the scheduler informs the decoder of the estimated delay. For instance, if the 

estimated delay for the H/2 stream is too high, the decoder does not wait for it and it only de-

codes the BL information. 

As Figure IV-17 shows, initially a training frame is sent and the delay difference correspond-

ing to both subnetworks is measured and reported to the network scheduler. If the terminal re-

quires a fast decision of the joint scheduling algorithm, the returned information must be de-

livered immediately after the training sequence before the next delivery starts.  

IV.3.7.2 Simulation Results 

The synchronisation mechanism proposed has been evaluated by simulations. For HTTP traf-

fic, the QoS distribution for the main objects transmitted through UMTS and the inline ob-

jects transmitted through H/2 can be seen from Figure IV-18. It can be found out that the syn-

chronisation mechanism results in the same QoS distribution for the objects in both levels. 

Table IV-14 shows the average required resources in both subnetworks for a single user case. 

Similar to the analysis presented for the HTTP traffic, for the video traffic, the table shows the 

respective nature of channels required in both subnetworks.  

Tables like this one are also useful to assist RRM for defining the channel number and chan-

nel capacity required for split traffic under various traffic load conditions.  
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Figure IV-18: QoS for Main Objects through UMTS and Inline Objects through H/2 

Table IV-14: Mapping Table Guaranteeing QoS for HTTP and Video Traffic in UMTS and H/2 

DPDCH Data channel capacity 
(kbps) in UMTS 

Average Number of LCH Channels in the H/2 Radio Frame 
 (Left: HTTP Traffic; Right: Video Traffic)  

7.5 1 - 
15 1.8 - 
30 3.4 - 
60 5.8 7.3 
120 9.2 5.9 
240 11.4 3.5 
480 12 0.7 

IV.4 Conclusions 

In this chapter, RMH taking into account a policy based traffic splitting mechanism based on 

interworking subnetworks is studied. Under tight coupled UMTS and H/2, JRRM able to sup-

port traffic splitting and simultaneous connections over multiple radio links is shown to pro-

vide a promising system performance. 

Two traffic types, HTTP and scalable video traffic, and different deployment scenarios and 

traffic management polices are studied based on the system level simulation. The perform-

ances of the JRRM for both the single type traffic and multimedia traffic have been evaluated.  

It has been shown that different network deployments cause different amount of gain. In the 

remote overlapping case, JOSCH considerably improves the system performance; whilst in 

the central overlapping case, it is adequate to use JOSAC.  
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As an example, consider the case of video traffic in a system with 10% UMTS coverage inte-

grated with WLAN cells. Gain for this case in the remote overlapping case equals to 14.89%, 

and 9.32% for the central overlapping case. From the user perspective, the JOSCH brings 

more gain, e.g. if the weight factor is selected as 10, the gain in both cases is increased to 

12.108% and 13.35%, respectively. 

In the multimedia traffic case, by applying the shared channel (DSCH) and JOSCH for HTTP 

traffic, better QoS can be obtained, as detailed in Table IV-12. It is expected that a mechanism 

combining those two, i.e. the policy to use DSCH only for the main HTTP objects in the 

UMTS subnetwork will result in an even better performance. 

Synchronisation of the split traffic streams is needed to be able to exploit the JOSCH based 

performance gain. For low user density case, resource reservation based on Table IV-14 can 

be used to harmonize the QoS of both traffic substreams. 



V. SUMMARY AND CONCLUSIONS 

There are many solutions to effectively use the limited radio resources. The RMH concept is 

able to select and control the proper subnetworks and the JRRM mechanism to allocate radio 

resources to the involved mobile terminals is one promising solution. As derived in the theo-

retical work in Chapter II, the system capacity gain can be evaluated by means of a three-

dimensional model, i.e. switching technique dimension, load elastic (soft blocking) dimension 

and the dimension of implementing JRRM functions. A number of gain factors have been 

identified and introduced in the thesis, namely, the trunking gain given by the interoperability 

(JOSAC), the multiplexing gain given by the agnostic traffic splitting (JOSCH), the interfer-

ence reduction gain, the single diversity gain and multi-user diversity gain given by RMH in 

the physical layer and scheduling over multiple users, user perception gain (QoS) given by the 

service scalability (policy based JOSCH).  In this thesis, the trunking gain, multiplexing gain, 

user QoS gain and interference/load reduction gain are especially studied. Besides research 

towards more efficient radio air interface’s physical layers, considerable system capacity gain 

can be gained by RMH applied in the MAC/DLC layer and in the RRC layer. The key contri-

butions of this thesis are listed as follows:  

� Modelling of the interworking between different radio access technologies. The trunking 

gain of resource sharing is evaluated both for circuit switched and packet switched ser-

vices (Chapter II).  

� The JRRM approach as the kernel of the RMH concept with the application of the JOSCH 

algorithm on the MAC/DLC level. By using traffic engineering methods, including traffic 

splitting with sub-traffic stream prioritization, allocation of radio resources belonging to 

different RATs for sub-traffic streams, and the associated synchronisation scheme, addi-

tional network capacity can be gained. The split has also been classified into policy based 

and agnostic based traffic split cases. The interworking is not only between subnetworks, 

but also between different protocol layers. The bearer service establishment of the RRC 

layer must work jointly with MAC/DLC layers, where the scheduling mechanisms are 

deployed. In addition, a joint scheduler (JGSPTTF in Chapter III) working over the sub-
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networks is proposed. In order to obtain optimal performance, this scheduler needs infor-

mation about the PHY performance as well as the DLC queue lengths.  

� A theoretical model for the system capacity analysis. The method used in the analytical 

part of this thesis, combining queuing theorems and information theorems (Chapter II), is 

a novel approach so far. By introducing the channel capacity bounded by information 

theory rules and embedded in conventional queuing models, the system capacity as well 

as the optimal system parameters in terms of maximum available channels/servers and re-

quirements on the physical layer mechanisms are derived. 

� Investigations on the network’s configuration in terms of various deployment scenarios 

and their impact on the JRRM mechanisms. The typical problem, about which level of 

JRRM needs to be deployed according to the heterogeneous network’s structure, is ana-

lysed in this thesis (Chapter IV). 

V.1 Deploying JRRM Approaches for 3G and H/2 

Based on the general resource sharing concept discussed in chapter II, III and IV, the JRRM 

mechanism can be deployed to obtain considerable gains by allowing the interworking be-

tween coexisting subnetworks. However, from the developed resource allocation principle, 

the subnetwork with much higher capacity will always attract the traffic, resulting in a negli-

gible capacity gain. Due to the high bandwidth of H/2 system, a single AP coverage area can 

offer much higher capacity than a single Node B in a 3G system without considering the 

HSDPA option. Therefore one can say: in the coexisting H/2 and UMTS systems, traffic 

should always stay in the H/2. However, when using policy based JOSCH, after traffic priori-

tisation and splitting, important traffic substreams are always carried by the subnetwork with 

full coverage in order to keep the basic user’s satisfaction.  

H/2 cannot be deployed everywhere as is the case for the UMTS system. The small coverage 

of the H/2 AP, the constraints from cell sites and the higher Capital of Expenditure (CAPEX) 

and Operation Expenditure (OPEX) in case the H/2 APs are deployed everywhere prevent 

any operator from deploying H/2 to have the same coverage as UMTS. Furthermore, it is 

foreseen that the hotspots served by an H/2 AP as a complimentary subnetwork to a cellular 

system is the most likely system infrastructure scenario. A classical example for policy based 

traffic split is stated for HTTP traffic. It consists of main objects and inline objects e.g. pic-

tures. Due to the high availability of low data rate bearer services in UMTS, it is most promis-

ing to schedule the main objects there, while the inline objects are transmitted over H/2. Al-

ternatively, H/2 can also carry the complete information stream. 



   

139 

From investigations in Chapter II and Chapter III, it can be concluded that there are not al-

ways benefits for JRRM in completely unbalanced loaded subnetworks. Depending on de-

ployment patterns between UMTS and H/2 cells, different gains for JOSAC and JOSCH can 

be obtained, as system level simulations have shown in Section IV.3. 

Significant gains for JOSCH are shown compared to JOSAC and Non JRRM for highly 

loaded subnetworks. Details are given below: 

� Resource allocation must work in such a way that less traffic is allocated to a highly 

loaded system; this corresponds to the water filling principle (see Section III.3.1.2). 

� For policy based RMH, it has been shown that different network deployment patterns re-

sult in different performance gains. In remote overlapping, JOSCH considerably improves 

the system’s performance, while in central overlapping it is adequate to use JOSAC (see 

Section IV.3).  

� In the multimedia case, applying a shared channel (DSCH) for elastic traffic with long tail 

distribution (e.g. HTTP), higher QoS will be obtained (see Section IV.3.6 and Section 

III.2.2). 

� For RMH based on agnostic traffic splitting without the knowledge of service scalability 

(see Chapter III), JOSCH outperforms JOSAC when two simultaneous links have similar 

channel capacities. On the other hand, in a UMTS network with separated Node Bs work-

ing over two frequency layers, JOSAC is the better choice.  

Since the reference systems in this thesis are UMTS and H/2, the RRM performances show-

ing each individual subnetwork’s capability are investigated respectively as well.  

V.2 General Principles for JRRM Strategies 

JRRM for multi-link terminals in heterogeneous networks is a complicated topic, which 

stretches over multiple networks and multiple layers of executive functions. However, to de-

sign efficient JRRM approaches, based on the footprint of this thesis, the following principles 

need to be emphasised:   

� Considering hard limitation and soft limitation based on the system’s characteristics 

� Utilizing the maximum available radio resources by resource sharing even between dif-

ferent RATs and spectrum bands (e.g. UMTS CB  and EB) 

� Implementing traffic allocations following the water filling principle to allow a fair load 

distribution 
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� Soft traffic management by introducing scalability to services 

� Allowing cross layer optimization, i.e. individual layer management functions should take 

other layers’ restrictions/limitations into consideration. The proposed JGSPTTF schedul-

ing algorithm reaches the optimal performance when it is aware of information from DLC 

and PHY.  

As far as the service scalability is concerned, the traffic splitting task is not necessary to be 

left to the coupling point. Figure IV-2 shows that the coupling point (e.g. RNC) does not sup-

port traffic scalability. This task is then handed over to a remote server. In that case, a seam-

less fast inter subnetwork interworking as for the agnostic traffic splitting which was analysed 

in Section III.3 cannot be fully deployed. Network evolution will introduce content-aware 

coupling points, which allow advanced RMH concepts. 

V.3 Outlook 

In order to fully exploit the flexibility provided by the multi-mode/multi-band terminals and 

networks capabilities, further research on advanced RRM, combining both classical RRM and 

advanced spectrum management is needed. This aims at providing efficient solutions for 

RRM in a composite radio environment, supporting multiple RATs in different network to-

pologies (hierarchical, decentralized) and moreover being potentially managed by the same or 

different operators. 

The technical principles of JRRM can be extended to the field of spectrum management. The 

spectrum sharing technique is the first candidate. At the WRC-03, a new spectrum block of 

455MHz in the 5-GHz band [76] was globally identified for possible spectrum sharing ap-

proach. The conventional Static Spectrum Allocation (SSA) will be replaced by Dynamic 

Spectrum Allocation (DSA) approaches enabled by proper spectrum sharing techniques.  

It can also be derived from the agnostic traffic splitting approach (Chapter III) that instanta-

neous big trunk allocation with a number of frequency carriers to a multi-mode/multi-band 

terminal results in a higher peak rate as well as an improved overall system performance. This 

approach can be considered as an option for the beyond 3G mobile radio system.   

As investigated in the thesis, in case the subnetworks are coupled with each other through dif-

ferent deployment patterns and coupling structures, it will result in significant improved per-

formance when JRRM is applied. Taking into account the reconfigurability (see Chapter I), 

interworking between network management and JRRM will contribute additional gains. For a 

given traffic demand, how to jointly reconfigure the network elements and JRRM functions to 
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offer the optimal operational parameters of the network elements is still an open question to 

be answered.  





Appendix A Solvability of Capacity Gain by JRRM with Policy Based Traffic Split 

From Section II.1, it can be seen that the gains brought by JRRM approaches compared to the 

Non JRRM case are essentially based on the power series ∑
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Further, since the exponential function ze  is analytic for any z, this power series can be up-

graded as m goes to infinity: 
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As the number of servers increases, the Erlang formula (see Equation (II-2)) will converge to: 
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As m goes to infinity, according to the Stirling Formula [87], the factorial denominator in 

Equation (APP 3) can be rewritten as: 
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Inserting the upper equation into Equation (APP 3):

π

ρ

ρ 2

lim
2

1

⋅⋅

⋅
=

+∞→ m

mm

m
B

me

e
p          (APP 5) 

Suppose mm ⋅= )(θρ , then, 
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Left side of the upper equation has a limitation as m increases towards infinity: 
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Therefore, the right side can be derived as: 
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It shows ( ) mm
m

=
∞→
ρlim . In case the number of servers goes to infinity, the capacity is inde-

pendent of the blocking probability! 

As already discussed in Section II.1.1.2, JOSCH splits a single state into γ  sub-states, i.e. the 

whole system has maximum m2γ  basic servers. Without considering the mapping of target 

GoS, i.e. Bp  remains for further analysis according to the independency, the following equa-

tion is true:  
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Where Sρ  denotes the system capacity under assumption that JOSCH is used for interwork-

ing subnetworks. The system capacity gain converges for an infinite number of servers: 
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Referring to Section II.1.1.2 and Section IV.3, where 2=γ  is assumed in the analytical part, 

100% gain can be reached in two subnetworks case when joint scheduling algorithms are ap-

plied. From the engineering field, this phenomenon can be explained as the gain is from ser-

vice scalability! 

Appendix B Mapping of Target Call Blocking Probabilities for JRRM  

To calculate the relationship between the blocking probability for the complete call unit and 

the sub unit expressed in Equation (II-4), the nature of call-splitting and the relationship of 

call blocking for the call sub units and the original call units need to be studied. Suppose 

original call units are split into small call units for two subnetworks. The call blocking prob-

ability for the whole call results from two steps, the first is the considerations of two concate-

nated sub units, the second one is the calculation of the blocking rate after the first step.  

Step 1: Two concatenated sub units are considered. There exists 50% probability that both of 

them belong to the same call unit on JOSAC level (case 1). Another 50% is that only one sub 

unit belongs to the call unit on JOSAC level (case 2).  

Step 2: Calculation of the call blocking probability. In case 1, probability of the call unit being 

blocked is based on the Binomial distribution [112]:   
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The probability that both call sub units are blocked is calculated as:  
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The probability of one call unit is blocked in case 2: bBC PP =
1

  

Therefore, the call unit blocking probability is: ( ) ( )232
1

2
1

2
1

121 bbBCBSBSB PPPPPP −=++= . 

Appendix C Proof of Lemma II-3  

Suppose a number of users ( An ) in group of n users are active with activity factor ψ ; n users 

are in the system with probability:  
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which is the Poisson arrival model with load ρ used in Chapter II. From Fundamental Theo-

rem for Bernoulli Trials, the probability of nA users being active follows the rule:  
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From Taylor’s formula, Equation (APP 14) can be derived as:  

!

)(
)(

i
einP

i

A

ψρψρ−==      (APP 15) 

It is exactly the Poisson distribution again but now with the load degradation by the factorψ . 

Lemma II-3 is therefore proven.  

Appendix D Noise Rise Calculation  

Suppose the noise power density is 2
Nσ  with the bandwidth W , then the noise power is: 

WP NN ⋅= 2σ             (App 16) 

Name a parameter called Noise Rise as: 

NP

I
=ζ      (App 17) 

I is the interference value and can be expressed as follows: 
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where 1<<α  is one coefficient to calculate the actual interference and j is the index for the 

users in the service area each transmitting with power jP . 

jS  is adopted as the SNR for user j, then it can be calculated that  
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Let system load factor for user j be  
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From the previous definition, combine the upper two equations together, the following equa-

tion can be obtained: 
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Name ∑⋅=
j

jLαη , the interference increment can be obtained as:                                               

η
α

η
α

ηηη
ζ

−
⋅Δ⋅≈Δ⇒

−
⋅Δ⋅≈Δ⇒

−
=⇒

−
==

1)1()1(1

1
22

ONN

N

I
LI

P
LI

P

d

dI

P

I
 (App 22) 

Name the weight of noise rise as 
η

α
β

−
=

1
, so that system load can be modelled as simple 

exponential function. Therefore, in case the number of links increases by 1, Equation (App 

22) is updated to:  

)1()1()( −⋅≈−− nInInI β        (App 23) 

Suppose system load being modelled by interference can be shown as:  

nenI γ=)(                          (App 24) 

with γ the weight of noise rise, n the number of current users/radio connections. From Taylor 

Series, the previous equation is directly:  
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It can be seen that system load can be modelled by exponential increase by introducing a 

weight of noise rise factor depending on the number of users/radio links. This proves Lemma 

III-1. 

Appendix E Problem Statements and Solutions 

This appendix describes basic problems encountered for radio system design as well the prob-

lems to be solved by radio resource management functions. Due to the space limitation of the 

main manuscript, this part gives bigger scope of RRM objectives from chapter I.   

E.I Signal Attenuation 
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Signal attenuation is a key point that should be considered for cell range design in a wireless 

communication system. Loss of energy over a wireless connection, the signal degradation due 

to path loss is very considerable over large distance. The cell coverage can be based on signal 

coverage or on traffic coverage. Signal coverage for a radio network can be predicted by the 

signal attenuation (pathloss) models. Among a number of pathloss models, the point to point 

model is widely used to predict the signal attenuation [90]. The following equation suggests a 

general model of signal attenuation over wireless connection. 

[ ] ( )dhhhfL bmbM log)log(55.69.44)()log(82.13)log(16.2655.69 ⋅−+−−+= α  (App 26) 

where 1.1)54.1(log29.8)( 2 −= mm hhα , f is the carrier frequency, bh  is the height of base sta-

tion, mh  is the height of mobile equipment, d is the distance between the transmitter and re-

ceiver. It can be found out that pathloss depends on the working frequency, height of the base 

station and the mobile equipment. The signal degradation in the transmission path highly af-

fects the reception quality. Therefore, network planning according to the statistical transmis-

sion power, field characteristics and transceiver properties has significant effect to the com-

munication quality. The fact of degraded signal can be solved by proper cellular network de-

sign and antenna technique.  

E.II Thermal Noise 

Due to the ‘Brownian dance’ of electrons in all materials and electronic components, the 

thermal noise cannot be avoided. For instance, in a typical WLAN environment, thermal noise 

can be calculated based on the working frequency and the bandwidth [1].   

Due to the power control scheme, the demands on the Automatic Gain Control (AGC) can be 

relaxed, because the receiver power variance is reduced in its fastness. For a band limited sys-

tem, the system noise is based on the noise power density, the receiver bandwidth and noise 

figure of the receiver. For a typical indoor environment, the temperature is around 

ok290=rT . The system noise power can be calculated as 

F
BTC

n NP rB +⋅= ⋅⋅ )(
10log10                                            (App 27)

where BC  is the Boltzmann constant with J/k1037.1 23−×=BC , B is the whole bandwidth of 

the system, and NF is the noise figure, e.g. 5dB. For instance, for the H/2 subnetwork with 

20MHz bandwidth, the noise figure can be neglected to calculate the overall noise power den-

sity. The double-sided noise power can be calculated to, dB/Hz2012 2
0 −≈= σN .  
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According to Shannon theory, given a noise power, error free transmission or the one with 

tolerable Bit Error Rate (BER) requires a minimum SNR. In a real communication system, 

multiple access interference will be considerably added onto the noise power, which brings 

more difficulty to a reliable communication system. Therefore, it gives more requirements to 

the RRM functions towards higher spectrum efficiency.   

E.III Fading Channels 

From central limited theorem, the envelope of summed signals from multipath without line of 

sight will represent as Raleigh distribution, compared with added noise, the multiplied fading 

signal constructs a very high variance of the received signal. Especially in a system suffered 

from fast fading situation, reception quality cannot be kept only with AGC control module 

and conventional coding algorithms. On the other hand, diversity technique over different di-

mensions will dramatically improve the reception quality, but it brings further hard blocking 

problem. Therefore, a optimal selection of transmission format is important for the usage of 

the radio channels. As described in Chapter II, RMH defined at the physical layer (PHY 

RMH) selects the optimal transmission format including the option in transmitting the same 

information through different subnetworks, so that diversity gain can be obtained.  

The lognormal fading is another fading parameter with slow changing property. With the di-

versity technology, channel coding solution and even joint detection technique, the transceiver 

cannot deliver satisfied quality. In this case, power control algorithm can bring the transceiver 

in a reasonable working range. The power control mechanism can also be designed as multi-

hierarchy level, e.g. the outer loop power control and the inner loop power control.  

E.IV Limited Spectrum 

Spectrum is not entirely a technical problem but rather a political issue. The spectrum hierar-

chy starts at the ITU where the frequency spectrum from 10 kHz to 200 GHz is split down 

into almost 100 bands. These in turn are assigned to different services, e.g. the fixed, mobile, 

broadcasting, radar and other special usages. New wireless system evolves to complement or 

replace old systems. Based on the existing 2G systems, third generation mobile systems have 

slowly started its deployment even operation. At the same time, WLAN technique starts to 

operate in hot sport area, which significantly increases the vitality of third generation mobile 

system. However, due to the exceedingly high price of the spectrum, spectrum efficiency 

problem of operating high data rate service over heterogeneous networks become more cru-

cial.  
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In the future multi-standard environment, cooperation among different Mobile Network Op-

erators (MNO) allowing dynamic spectrum access brings spectrum efficiency gain. Most of 

the principles already discussed in the previous chapters can be applied for the issue of spec-

trum management.  

E.V Multiple Access Interference 

The multiple access techniques allow multiple radio accesses from different users to a com-

mon radio resource. Basically, two classes of different multiple access techniques can be clas-

sified, i.e. the dedicated multiple access switch and the dynamic multiple access, namely the 

circuit switch and packet switch. It is true that the circuit switched method brings a guaran-

teed/reserved capacity of connection, the packet switched method brings a higher utilization 

of spectrum but non-guaranteed link capacity. 

In an interference-limited system, multiple access interference degrades the system capacity.  

The far users require higher transmission power, it will therefore generate higher interference 

to other ongoing users (Near far effect and party effect). The high interference constructs a 

boundary which determines the system capacity (soft blocking). As discussed in Chapter III, 

time domain scheduling outperforms simultaneous transmissions using CDMA. In the hetero-

geneous environment, JOSAC, JOSCH, JOLDC and inter system handover in addition opti-

mise the radio access to enhance the overall system capacity. 

E.VI Interworking between Power Allocation and Link Adaptations 

For some flexible system supporting types of Modulation and Coding Schemes (MCS), two 

interrelated tendencies need to be considered: long time interference to the existing users 

when a lower physical mode is selected, or the high power is suddenly poured into the system 

when the highest mode is selected. Link adaptation in H/2 is one typical example [84][117]. 

As depicted in reference [53]~[57] and Section I.4.2.1, there are totally seven different modes 

which can be selected by the admission control and link adaptation function during the active 

link. The optimal physical mode must be selected by compromising those two tendencies by 

taking the received SNR, traffic characteristics, system load as well the location of users into 

account.  

Appendix F Vertically Integrated Subnetworks’ Simulation Environment  

F.I Simulator Structure and its Scalability   
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The simulation campaign has been launched based on a system level simulator, which con-

sists of necessary radio resource management functions for the WCDMA and H/2 systems. In 

order to perform the test for each scenario studied by the thesis, the simulator has to provide 

sufficient scalability to switch off unnecessary modules. The structure of the simulator is 

shown in A.Fig. 1.  

A.Fig. 1: Simulator Structure 

The Graphical User Interface (GUI) drives the simulation scenarios by allowing input of the 

parameters over network creation. The simulator conducts event driven simulations to obtain 

the desired output. The regular events such as, the closed-loop power control is controlled by 

fixed simulation loops with the time scalability brought down to the slot level of the 

WCDMA subnetwork specified by the parameter settings. Other events such as the user 

packet arrival are controlled directly by the event handling module according to the specifica-

tion of the traffic model. The simulation time is specified by a suitable input parameter which 

is chosen to give a sufficient confidence interval for the simulation results.  

The users are uniformly distributed in the cell and the user density can be controlled through 

the matching input parameters available in the GUI.  The Link Gain Matrix (LGM) Matrix of 

the MSs is established in the ‘creating network’ module after users are created. In the LGM 

matrix, the path losses, the antenna gains and fading values for all MSs in each subnetwork 

are defined. According to the LGM, and the concurrent power values of the interfering pairs, 

SNR can be evaluated. According to the method of mapping the physical layer performance to 

the system level performance, as described in Appendix F.II, packet error rates can be ob-

tained.  

To evaluate the behaviour of the discrete events in the analytical queuing models in Chapter II 

and III, sufficient high SNR values for user packets can be configured to simulate the error 

free communications. In addition, a single subnetwork can be simulated alone. For instance, 
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when only the UMTS FDD subnetwork is needed for simulation, the modules exclusive for 

H/2 are switched off.  

F.II Mapping of Physical Layer Performance to System Level  

As a basic step for system level simulation, the basic link level performance and the interface 

to transfer the link layer performance to the system level are required. Both the UMTS/FDD 

subnetwork and the H/2 subnetwork use the regression functions to map the received Signal 

to Interference Ratio (SIR) ξ  to the Bit Error Rate (BER) or the Packet Error Rate (PER). 

Different to H/2 subnetwork, SIR for UMTS is the Carrier to Interference Ratio (CIR) added 

by the processing gain. Generally, this methodology is shown in A.Fig. 2.  

SIR
Regression 

Function for 
H/2

BER

PERInput for 
Regression 
Function

Outputs of 
Regression 
Function

SIR
Regression 

Function for 
UMTS/FDD

BER

PERInput for 
Regression 
Function

Outputs of 
Regression 
Function

CIR

Adding Processing Gain then 
considering (Maximum 

Ratio Combining/Selective 
Diversity)

CIR

Regression Function for H/2 Subnetwork

Regression Function for UMTS/FDD Subnetwork

A.Fig. 2: General Methodology of Interfacing Link Layer Performance to System Level 

In order to obtain the statistics to generate the regression functions, enough link layer simula-

tions need to be carried out. The link layer simulations are based on the built-up simulation 

chains following the subnetwork specific transceiver structures. The transceiver chains for 

simulation and used results for H/2 and UMTS/FDD will be described as follows.  

H/2 Transceiver Chain and Link Layer Performance 

Physical layer performances for H/2 subnetwork with different PHY modes are investigated. 

Each PHY mode is defined by the MCS, which has been summarised in Section I.4.2.1.  



   

153 

The transmitter functions are explicitly specified in the H/2 standard. The receiver blocks can 

be derived from the transmitter structure. The link layer simulation chain for simulation is de-

picted by block diagrams shown in A.Fig. 3. 

PDU Train

PDU Train from DLC 
(transmit) 

FEC Coding Interleaving 
Mapping/ 

Modulation OFDM PHY Bursts 

Channel 

FEC Decoding Deinterleaving Demodulation Equalisation
FFT-Guard 
Interval  

Channel 
Estimation

A.Fig. 3: Block Diagram of the Reference Link Configuration 

Assuming the PDU (Packet) length is 54 bytes, for Channel type A [97], the simulation re-

sults are shown in A.Fig. 4. The regression function maps the SIR to the PER based on these 

results. The optimal link mode selection investigated in Section IV.1.1 is also based on them.    

A.Fig. 4: Link Layer Simulation Results 

UMTS Transceiver Chain and Link Layer Performance 

Similar to H/2 subnetwork, the following block diagram is used for investigating the link 

layer performance of UMTS/FDD.  
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Framing/Multiplexing

Spreading Modulation TX

Channel

RXDemodulation

Channel 
Estimation

Rake Receiver

Despreading

Channel 
Coding

Channel 
Decoding

Demultiplexing/Deframing

Feedback for 
Power Control

A.Fig. 5: Link Block Diagram for UMTS/FDD (Dedicated Channel) 

Calculation of SIR and System Throughput at the System Level  

In H/2 subnetwork, the SIR is calculated as:  
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ξ         (App 28) 

where, the interference value in the denominator is generated from all the available co-

channel interference sources. Θ  is used to model the complete cells which generate co-

channel interferences;  i is the index to model service class. Since the power control mecha-

nism in different links works to guarantee individual QoS, different traffic class requires the 

transmitters a different power level, e.g. HTTP service requires higher power compared to 

voice service. 

In UMTS FDD subnetwork using circuit switched services, when soft/softer handover takes 

place, SIR is calculated according to maximum ratio combination or the selective diversity 

[94]. 

Based on A.Fig. 4, the methodology of performance evaluation in a system simulator can be 

established. SIR or CIR value can be considered as one target function for RRM functions, 

e.g. power control. By knowing the received ξ , the statistical packet error (PER) is generated 

as bursting errors [101] modelling the correctness of the transmitted packets. Thus, the effec-

tive throughput is obtained as: 
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DPEP CPR ⋅−= )1(      (App 29) 

where PR  is the effective transmission rate, CD is the data channel capacity, PEP  is the PER.  

F.III Simulation Parameters for the UMTS Network with Two Frequency Layers  

Both this section and Section F.IV deploy an open space pathloss model used in Equation 

(III-35). Comparing to Equation (App 26), parameter 0L  results mainly from the heights of 

the transceivers and operating frequencies. d  is the distance between the transmitter and re-

ceiver. The simulation parameters for Section III.3.1.2 are shown in the following table:  

A.Table. 1: Simulation Parameter for UMTS Network with Two Frequency Layers 

 UMTS CB Carrier  UMTS EB Carrier 
Maximum 
Transmission Power

42 [dBm]  42 [dBm] 

Antenna Gain 0 [dBi] 0 [dBi]   

Thermal Noise 
Power 

-103 [dBm] -103 [dBm] 

L0 (Pathloss Model) 36.3 39.28  
n (Pathloss Model) 2.4 2.4 
Shadowing (Log-
normal Fading) 

8 [dB] 8 [dB] 

Decorrelation 
Length 

5 [m] 5 [m]  

Fast Fading 30 [km/h] channel, i.i.d. to EB 30 [km/h] channel, i.i.d. to CB 
Mobility Model 30 [km/h], direction changes in [0°, 120°] random at each update 
Mobility update 100 radio frames  
Handover Hard Handover 
Cell Radius  500 [m] 500 [m] 
Orthogonality Fac-
tor (DL) 

0.4 0.4 

Admission Control  Power level based according to SIR 
target (Equation (IV-12)) and hard 
blocked by available spreading codes 

Power level based according to SIR 
target (Equation (IV-12)) and hard 
blocked by available spreading codes 

Power Control Slot based (0.667 [ms]) Slot base (0.667 [ms]) 
Power Control Step 
Size 

1 [dB] 1 [dB] 

Initial Power Value 
after Admission 

Pathloss based open loop power con-
trol 

Pathloss based open loop power con-
trol 

Arrival Rate of 
Video Users 

0.02 [arrival/s] 

Duration time of 
Video Users 

50 [s]  

F.IV Simulation Parameters for the UMTS-H/2 Integrated Network   
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Simulation parameters for Section IV.3 are detailed in this section. A.Table. 2 shows the 

maximum transmission power, antenna gain, freespace pathloss (suppose in open hall) and 

other parameters needed for the simulation. From the basic propagation model, in case H/2 

and UMTS base stations are coexisting in the same operation area, the differences are caused 

by the frequency and antenna height.  

According to the difference of the carrier frequencies of H/2 and UMTS, a difference of the 

pathloss parameter 0L  can be calculated from the Okumura Hata model: 

)log(16.26)log(16.26),( 2121 ffff ⋅−⋅=Δ   ( 21  , ff  are in MHz) (App 30)  

namely, dBiff 4.10),( 21 =Δ .  

In the H/2 subnetwork, a frequency reuse of one is at first considered, so that the inter-cell in-

terference has big impacts on the system performance. The physical mode selection problem 

stated in Section IV.1 can be effectively evaluated.   

For the policy based RMH investigations in section IV.3, 19 carriers are assigned with a reuse 

factor of 19 at the 5GHz to all the H/2 cells, so that the inter-cell interference is significantly 

reduced [90]. A cluster order of 19 is used there. The implementation of the simulation pa-

rameters has no impacts to the derived physical mode selection introduced in Section IV.1. 

A.Table. 3 details the parameters characterising the services studied, i.e. voice, scalable video 

and HTTP.  

A.Table. 2: Simulation Parameters for H/2 and UMTS 

 H/2 UMTS 
Maximum 
Transmission Power 

30 [dBm] (Per traffic Channel, 
due to TDMA characteristic) 

35 [dBm] 

Omni Directional An-
tenna Gain 

0 [dBi] 2 [dBi]   

Minimum Receive 
Quality (ξ: signal to 
noise ratio) 

5 [dB] (According to A.Fig. 4) 1 [dB] (According to Speech Service) 

Carrier Frequency 5[GHz] (f1) 2[GHz] (f2) 
Cell Radius  27 [m] 179 [m] 
Thermal Noise Power -201[dB/Hz]  * 20 [MHz] = -

98 [dBm] 
-103 [dBm] 

L0 (Pathloss Model) 46.7 36.3 (46.7-10.4) 
n (Pathloss Model) 2.4 2.4 
Shadowing (Log-
normal Fading) 

8 [dB] 8 [dB] 

Decorrelation Length 5 [m] 5 [m]  
Orthogonality Factor 
(DL) 

- 0.4  
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Admission Control  Minimum Receive Quality 
1[dB]  

Power level based according to SIR target 
(Equation (IV-12)) and hard blocked by 
available spreading codes 

Scheduling Algorithm Round Robin  Ideal Power Control for Dedicated; Round 
Robin for DSCH 

TTI 2 [ms] 10 [ms] for DSCH 
Deployment Pattern According to the overlapping factor ϕ (Definition in Section IV.3.2) and over-

lapping patterns (see the deployment patterns part in this appendix). When ϕ  
changes, radius of H/2 is kept constant and only the number of H/2 cells is 
modified.  

Reference Region  Central UMTS Cell Coverage  
User Distribution Uniform distribution over reference region  

A.Table. 3: Parameters for Services  

 Voice Service Video HTTP 
Traffic Model Continuous, using dedicated 

channel (with SF=128 in 
UMTS) 

See Section IV.3.1 See Section III.2.1 

Priority 1 2 3 
BER Target 10-3 10-3 10-6

Delay Bounds [ms] 100  100 -  
SIR Target in UMTS Sub-
network (after despreading)

-0.9369 [dB] -0.8369 [dB] for 
SF=7; -0.7069 
[dB] for SF=32 

0.4969 [dB] both 
for SF=64 and 
SF=256 

F.IV.I Deployment Patterns 

The overlaying subnetworks with the coexisting RATs, i.e. UMTS/FDD cell and H/2 cells are 

modelled to be vertically integrated with each other in the office, the exhibition halls, the air-

ports and the public areas. overlaying multiple cells are considered as possible realizations in 

rural areas, where due to the low user density, the interworking between subnetworks con-

forms the VIS/RANC model specified in Section I.4. 

In chapter IV, the performance of JOSCH, JOSAC and Non JRRM algorithms are compared 

based on three types of subnetwork constellations, the center overlapping, the random over-

lapping and the remote overlapping (see definition in Section IV.2 and A.Fig. 6).  
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A.Fig. 6: Single Cell Deployment (Reference Region) with Overlapping of H/2 Cells  
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The multiple cell statistics of UMTS can be emulated by a single radio cell. The inter-cell 

handover phenomenon is simulated by a number of cells wrapped around as sphere in order to 

increase the simulation efficiency. The wrap-around technique results in a multi-cell model as 

depicted in A.Fig. 7, where the centre cell is the reference region (defined in Section III.3.2). 

Since the inter-cell handover rate is caused by the mobility model and the cell size specifying 

the mobility [95], the conditional inter-cell handover rate is constant in case the mobility 

processes are i.i.d. distribution among mobile stations, i.e.  

CANi,jconstijp ∈=  ,)(     (App 31) 

The inter-cell interference value to user k is calculated as:  

∑
∈

⋅=
CANj

jkjTkR API ,,,      (App 32) 

with CAN  the set of interfering cells considered in the system level simulator, jTP ,  the total 

transmission power in the jth interfering cell, jkA ,  the signal attenuation from the base station 

in the jth cell to the user k. In the simulator as described in the main part of the thesis, CAN

consists of all the surrounding cells of the centre reference cell (reference region). The calcu-

lation of power allocation for the multi-cell case is depicted in the next section. 
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-400

-300
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100
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300

400

A.Fig. 7: Multi-cell Simulation Scenario  

F.IV.II Multi-cell Modelling Using Wrap-around 

Based on the studied VIS model, a static system analytical model for the UMTS subnetwork 

can be established. The most crucial factor restricting the system capacity in a CDMA based 

system is given by system interference. Interference from neighbouring cells is modelled as 

Added White Gaussian Noise (AWGN).  

Single Cell Model 
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The total power, interference value calculation and ideal individual power allocation can be 

obtained as described in Section IV.3.2. The overlapping snapshot between single cell UMTS 

subnetwork and H/2 subnetwork is depicted in A.Fig. 7. 

Multi-cell Model 

In order to increase the simulation speed, only a single UMTS cell is selected as the reference 

region, the active communication links in this cell receive inter-cell interference from the 

neighbouring cells NCA. Any user k in the reference cell 0 requires a target value of CIR as 

given in the following equation [94]:  

NAPApP

Ap

CANj
jkjTkkT

kk
k

+⋅+⋅−⋅

⋅
=

∑
∈

,,0,0,

0,

)(β
ξ      (App 33) 

where kp  is the dedicated transmission power for user k; jTP ,  is the total transmission power 

of base station j; jkA ,  is the signal attenuation from the base station j to the user k; N is the 

noise power. Based on the assumption that all cells in the network apply the same power 

value and have the same locations of mobile stations, the total transmission power value for 

all considered base stations are identical, i.e. TTjT PPP == 0,, , the previous equation is simpli-

fied to be: 

( ) k
k

Nj
jkT

kTk p
A

NAP

pP CA =
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⎡ +⋅

+−⋅⋅
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0,

,

βξ        (App 34) 

By summing up the required power for all individual links ( kp ) and setting all base stations 

are using the same transmission power according to the assumption, i.e. 0,, TjTT PPP == , the 

complete transmission power from the base station can be derived in case totally M users are 

admitted in each cell:  
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      (App 35) 

The total transmission power values in individual cells resulting from ideal power control are 

therefore determined.  
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Appendix G Mathematical Symbols 

A JRRM approach 

CA  JOSAC approach 

biA
Signal attenuation from base station b to 

user i (multi-base station) 

iA
Signal attenuation for user i (single Base 

station) 

NA  Non JRRM approach 

SA  JOSCH approach 

UA
Size of the reference region of the UMTS 

subnetwork  

( )xB
Cumulative distribution of the service 

time distribution ( )xb

eB  Effective bandwidth 

b Interfering base stations 

C Channel capacity  

AcC  Data channel capacity for JOSAC  

AsC  Data channel capacity for JOSCH 

BC Boltzmann constant  

C′ Channel capacity with resource splitting 

( )Ω1−C
Normalisation factor for the operational 

space 

cC  Capacity assigned for the control channel 

CDC
Number of codes reserved for the 

downlink control channels in the UMTS 

subnetwork 

CUC
Number of codes reserved for the uplink 

control channels in the UMTS subnet-

work 

dC  Capacity assigned for the data channel 

dMC
Effective capacity of one MAC frame in 

the H/2 subnetwork 

EMC Effective maximum capacity  

MC Maximum gross rate for link mode M 

bc
Maximum capacity per code in bps for 

HSDPA  

sc
Maximum capacity per code in symbol 

per second for HSDPA  

D Data amount for call unit 

cD Data amount of the candidate user 

iD Data amount of the interfered user 

D′
Data amount for sub call unit after traffic 

splitting 

LCHD
Amount of bits carried by one LCH chan-

nel 

SchIOD _ Scheduled inline object data 

TotalIOD _ Total inline object data 

SchMOD _ Scheduled main object data  

TotalMOD _ Total main object data  

RD Density of users in the reference region  

SCHD Amount of scheduled data  

( )( )dB
⋅ dB value of the variable 

bE Energy per bit 

sE Energy per symbol 

EG Gain of the effective throughput  

WG  Gain of the weighted throughput  

cI  Interference due to candidate user  

iI
Interference before admitting the candi-

date user 

L Load being modelled by the nose rise 

m Number of servers in a subnetwork 

DM
Maximum number of downlink users in a 

UMTS cell 

UM
Maximum number of uplink users in a 

UMTS cell 

N Noise power 

oN Noise density  

( )xN
Number of users having received service 

x (Chapter 2) 

LNKN Number of links simultaneously in an H/2 
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MAC frame 

UTN  Total simulated users  

USN  Number of satisfied users  

USN̂
Number of users admitted in UMTS sub-

network  

USN
~ Number of users admitted in H/2 subnet-

work 

n
Snapshot of user distribution in subnet-

works w.r.t. traffic classes 

n
v Snapshot of user distribution w.r.t. their 

traffic classes 

+n
v

Higher neighbor state of n
v

−n
v

Lower neighbor state of n
v

n
Exponential component to the distance in 

a signal attenuation formula  

cn
Optimal number of spreading code per 

user in HSDPA 

ijn
Number of users in traffic class i in sub-

network j

kn Number of users for service class k

vo
Importance ratio between the base layer 

and enhancement layer traffic  

BiP  Output power from the Node B to user i

biP
Power assigned from the base station b

for user i

cP Power of the candidate user 

iP Power of the interfered user 

rP Reception power  

BCP  Power assigned for broadcasting channel  

TP
Total transmission power of the base sta-

tion 

( )n
v

CAp
Conditional transition probability given 

by n
v

Bp Call blocking probability  

bp Call sub unit blocking probability  

BTp Target call blocking probability 

Ep PDU error rate 

2Hp
v

PER vector for H/2 users  

iHp ,2 PER of user i in the H/2 subnetwork 

ip
Probability for call sub unit to enter the 

ith subnetwork  

icp  PER for the interfered user 

iop
PER for the interfered user after the 

transmission of the candidate user  

iUMp , PER of user i in the UMTS subnetwork  

( )nQ
v Transition matrix for multi-class user dis-

tribution 

iQ
Time slice (quantum) to user i in an H/2 

MAC frame 

SQ
Quality of service parameter for HTTP 

traffic 

ACQ  Quality of service under JOSAC 

ASQ  Quality of service under JOSCH 

R Effective throughput 

0R  Rate of the original scalable video traffic 

BASR H/2 basic mode transmission rate 

BLR Rate of the base layer video traffic 

ccR
Channel coding rate for the control chan-

nel 

dcR  Channel coding rate for the data channel 

MDR ,

Maximum data symbol rate for a dedi-

cated channel 

ER Average throughput  

ELR
Rate of the enhancement layer video traf-

fic 

FR HTTP fame rate 

HIGR  H/2 highest mode transmission rate  

POR
Ratio per user data compared to LCH 

channel length 

SiR  Symbol rate for user i

MSR ,

Maximum data symbol rate for a data link 

in the shared channel 

TR Total effective throughput  

vR  Effective video information rate  

vBR  Effective video BL information rate  
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vER  Effective video EL information rate 

WR  Weighted throughput 

WTR  Total weighted throughput 

( )tri

Throughput requirement for traffic class i

in time t  

Pr
Peak rate of the packets from the core 

network  

( )nS
v Set of permitted first class traffic alloca-

tion in the first system  

( )nS
v

Set of not permitted first class traffic allo-

cation in the first system (illegal constel-

lation) 

( )xS The number of total elements in set x

dSF  Spreading factor in the UMTS downlink 

uSF  Spreading factor in the UMTS uplink 

( )dT Response time for packets with size d bits 

BCCT
Time for control channels in an H/2 MAC 

frame, including BCH, FCH and ACH 

cT Active time of the candidate user 

FCHT FCH time in an H/2 MAC frame 

GBFT
Guard time between BCH and FCH-ACH 

channels in an H/2 MAC frame 

GCDT
Guard time between BCH/FCH/ACH and 

the downlink period in an H/2 MAC 

frame 

GDLT
Guard time between the downlink in an 

H/2 MAC frame   

GULT
Guard time for the uplink PDU trains in 

an H/2 MAC frame 

GURT
Guard time between the uplink  period 

and RCH in an H/2 MAC frame 

IPT Inter-packet arrival time 

iT  Transmission time of the interfered user  

jT Handover delay jitter  

LCHT  Time for LCH channel 

MACT  Time for an H/2 MAC frame  

PBCT
Time for BCH preamble in an H/2 MAC 

frame 

PDLT Time for downlink PDU preamble in an 

H/2 MAC frame  

PRCT
Time for RCH preamble in an H/2 MAC 

frame 

PST  Parsing time  

PULT
Time for uplink PDU preamble in an H/2 

MAC frame 

RCHT  Time for RCH in an H/2 MAC frame 

SCHT
Time for SCH channel in an H/2 MAC 

frame (Chapter 1) 

SchT  Scheduling period (Chapter 3) 

TT Transmission time 

TrT Threshold for traffic split  

VT  Viewing time 

WT  Waiting time 

cU  Candidate user  

iU  Interfered user  

vU
Set of admitted video users in a UMTS 

cell 

VHU  Set of admitted video users in H/2 cells  

VHU
~ Set of users that only have a single link in 

H/2 subnetwork 

VHU
~ Complimentary set of 

VHU
~ w.r.t. VHU

VSU  Complete satisfied user set  

W Bandwidth of the modulated signal 

α Weight of noise rise 

β  Orthogonality factor 

( )kβ

Degradation factor (Chapter 2) for proc-

essing rate in a soft-blocking sensitive 

system at state k

( )⋅Γ Gamma distribution  

γ Number of subnetworks 

( )ωγ v

Target SIR of the video service after dis-

preading under JRRM scheme ω

HTγ Ratio of HTTP users  

VIγ  Ratio of video users 

( )tΔ
Time difference of scheduled packets in 

both subnetworks at time t
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Δ
v Set of required resource units for all ser-

vice classes  

iδ
Number of basic radio resource units for 

service class i

+ι
Transition probability to higher neighbour 

state 

−ι
Transition probability to lower neighbour 

state 

κ Number of bits in one pixel  

λ Traffic arrival rate 

λ′
Arrival rate of call sub unit after traffic 

splitting 

μ Call processing rate  

μ′
Call processing rate for call sub unit after 

traffic splitting 

ξ  Signal to noise ratio 

η Efficiency parameter 

Pη Power utilisation factor 

Uη  Bandwidth utilization factor 

ρ Traffic load (not normalised) 

ρ Normalised system load  

Tρ Target maximum number offered load 

MCτ  Service delay constraint 

MHτ
Minimum handover delay between sub-

networks 

ϕ Overlapping factor 

iφ  Portion of resource for user i  

χ
Complete number of cooperative network 

with traffic splitting 

ψ Activity factor 

Ω Operational space 
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