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Abstract 

 
AN ADAPTIVE FILTERING ARCHITECTURE  

FOR QOS-BASED HETEROGENEOUS NETWORKS 
 

by 
 

Flavio De Angelis 
 

Adviser: Professor Ibrahim Habib  

The convergence of mobility, Internet, and multimedia services is, finally, seen 

possible through Third Generation (3G) networks. This thesis is motivated by the need to 

address two key issues that this evolution will arise: i) the difficulty of guaranteeing the 

quality of service (QoS) requirements of multimedia services, while maximizing the 

efficiency of the IP network assets, and ii) the difficulty of maintaining these 

requirements over the time-varying bandwidth of the wireless channel.  

The aim of this thesis is to propose and analyze an adaptive filtering architecture that 

solves these problems, by enabling an “intelligent” interaction between the multimedia 

applications and the network. The proposed architecture can be implemented as a part of 

a “middleware” layer that interfaces the applications with the underlying network 

infrastructure. It also calls for the deployment of adaptive filters at the output ports of 

each node of the network. Each filter is capable of selecting both the coding rate and 

format of the multimedia traffic based upon the dynamic conditions of the underlying 

heterogeneous network, e.g., core and radio access networks’ links. In the proposed 
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solution, a service provider can offer two distinct grades of service (GoS) to which users 

may subscribe: Premium, or Economy. These grades of services offer the same 

multimedia contents but at different levels of qualities. A quality level is defined by a set 

of parameters such as call blocking and dropping rates, coding rate and format of the 

media. The proposed architecture will then maximize the utilization of the networks’ 

assets (i.e., links’ capacities, buffers, switching ports) and avoid congestion while 

maintaining the QoS requirements (e.g. bit error rate, packet transfer delay, percentages 

of packets lost and delayed) of each type of media (e.g., video, voice and data). Some of 

the value-added benefits include increased number of admitted users, reduced percentage 

of lost and delayed packets, lower packet transfer delays, reduced call dropping and 

blocking probabilities, higher throughput-based and power-based cell loading. These 

improvements indicate better utilization of the network’s assets that translates into 

additional revenues for the provider without incurring additional capital expenditures.   
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Chapter 1                                                       

Introduction 

In today’s competitive telecommunication market, service providers for Third 

Generation (3G) networks such as Universal Mobile Telecommunication Systems 

(UMTS) are under increasing pressure to maximize profitability by decreasing operating 

costs and increasing revenues, simultaneously.  

One way to decrease operating costs is by migrating 3G networks from the current 

architecture, which is implemented as two separate infrastructures dedicated to each 

media and type of service, to a more cost-efficient Internet Protocol (IP) packet-switched 

infrastructure. In this future architecture, radio access channels, implemented with 

Wideband Code Division Multiple Access (W-CDMA) technology [1, 10] instead of 

being dedicated to voice and video will be shared by voice, video and data.  

One way to increase revenues is by enhancing the number of subscribers that such 

heterogeneous IP-based network (e.g., core and radio access networks’ links) will be able 

to support while offering customized multimedia services tailored to meet subscribers’ 

demands.  

These two concerns share the need for Quality of Service (QoS) to ensure that the 

requirements of the users are satisfied. 
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1.1 Motivation 

This thesis is motivated by the need to address two key challenges that the 

deployment of such heterogeneous network arise:  

i) How to guarantee the QoS requirements [2, 23, 52], (e.g. Bit Error Rate (BER), 

packet transfer delay, percentage of lost or delayed packets) of multimedia services 

delivered to the mobile users while increasing the utilization of the IP network assets [3] 

(e.g. bandwidth, buffers, or ports);  

ii) How to maintain efficiently these QoS requirements over the limited [4, 5] and 

time-varying bandwidth of the wireless channel without overloading the radio access 

nodes. 

For the first issue, the Internet Engineering Task Force (IETF) has proposed distinct 

approaches [6, 7, 8] to reserve network resources in order to provide guaranteed services. 

This concept is also called a “connection oriented IP network”, e.g. Multi Protocol Label 

Switching (MPLS). The key principle is that network resources are allocated dynamically 

in response to traffic demands or QoS requirements from the applications. Hence, the 

network guarantees the committed QoS parameters as long as the application does not 

violate its declared traffic parameters (e.g., coding rate and format). However, in this 

approach, network resources are assigned without any form of “intelligent control” of the 

applications based upon network specifics (e.g., maximizing throughput, managing 

traffic-loads, or maximizing revenues by increasing assets’ utilizations). Therefore, as 

traffic load increases, availability of the allocated resources may temporarily fluctuate 

due to the multiplexing effect resulting in prolonged episodes of packets lost or delayed. 
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This can determine a degradation of the multimedia applications and a reduction in the 

effective utilization of the IP resources.  

For the second issue, a resource reservation is even more challenging because of the 

unpredictable and time-varying characteristics (e.g. shadowing, attenuation, fading, and 

interference) [9] of the radio channel and the users’ mobility. The W-CDMA technology 

offers an advantage that could be used in order to effectively utilize the limited 

bandwidth radio channel. This is the option of assigning variable air interface bit-rates 

through the Variable Spreading Factor (VSF) method [10], or the Multi Code (MC) 

method [11]. However, new IP enhanced services such as video and audio streaming, 

web browsing or voice-over IP consume a significant amount of the network resources. If 

the radio channel does not have enough capacity to deliver the amount of traffic to be 

downloaded to the mobile users, packets would be delayed or discarded (the buffer size at 

the link layer is finite) and resources would be wasted. This scenario could result in re-

transmissions, leading to congestion and further degradation in the network throughput 

[12], as well as violating the QoS requirements. 

1.2 Thesis Aims  

The aim of this thesis is to propose an approach that treats the previous issues with a 

different philosophy in order to overcome the abovementioned drawbacks. Our proposal 

is an “intelligent” interaction between the applications and the network resources that will 

allow service providers to utilize effectively the network resources, and increase their 

revenues without violating QoS parameters. The achievement of these objectives requires 

the fulfillment of two different conditions. On one hand, applications must be able to 

“declare”, first, a “set of acceptable QoS parameters” and, then, accept some form of 
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“flexible” guarantees instead of hard guarantees. On other hand, the network must be able 

to “intelligently” control the rate of the content delivered from the application according 

to the available resources [13, 14, 15, 16]. 

Our proposed solution allows mobile users to download traffic within a range of 

acceptable quality levels instead of just a fixed, static one, which could lead to block the 

request of the application if the network resources were not available. Quality levels are 

defined by a set of parameters such as coding rate and format of the media streams 

delivered. The network is able to control adaptively the downloaded traffic by using a 

software module, the proposed Multimedia Adaptation Filter (MAF) that is installed at 

the output ports of each node of the 3G network. These filters can manipulate the quality 

levels of the media streams by operating in an “adaptive middleware” layer interfacing 

the applications with the network.  

The amount and type of traffic downloaded to the mobile users is tuned, or adapted, 

according to the different conditions in the downstream links [17] of the heterogeneous 

networks (e.g. 3G core and radio access networks) and the users’ Service Level 

Agreements (SLA). In our solution, the service provider can offer two distinct Grades of 

Service (GoS) to which users may subscribe: Premium (P), or Economy (E). These grades 

of services offer the same contents but at different levels of qualities. Subscribers to the 

Premium service pay more for their connections to receive a higher range of quality 

levels.  

The filtering operation is performed via a two steps approach: first, the coding rate of 

the media stream (e.g., AMR, W-AMR, and MPEG-4) is scaled without changing the 

format of the media. Secondly, if necessary, the coding rate of the media is further 
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reduced via transcoding, i.e. changing the format of the media [18, 19, 20]. To illustrate, 

consider the case of voice packets generated from a Wideband Adaptive Multi-rate (W-

AMR) speech codec. A possible action of the filter is to scale down the generated bit-rate 

from 24 kbps to 16 kbps. Alternatively, transcoding can be applied to the same flow 

changing the coding format from W-AMR into Adaptive Multi-rate (AMR) format (the 

AMR codec rates range from 12 kbps to 4 kbps). Similarly, in the case of video packets 

that are coded using MPEG-4 video codec, the filter may scale the codec rate from 512 

kbps down to 64 kbps. Alternatively, transcoding can be applied to the same media 

changing the coding format from MPEG-4 to H.263 video codec (video codec rate is 

changed from 64 kbps to 32 kbps).   

To enable the actions of the filters implemented in both core and radio access 

networks, it is important to design adaptive resource management algorithms. The QoS 

filtering algorithms that this thesis proposes and analyzes are an example of such 

adaptive algorithms [21, 22]. Our proposed solution is based upon utilizing Genetic 

Algorithms (GAs) to solve multi-objective optimization functions that adaptively select 

the coding rate and format for each type of traffic flow subject to different constraints in 

the heterogeneous networks such as links’ capacity, buffers state, total power, and 

number of available spreading codes. In the core network, a traffic flow is defined as an 

abstract of aggregate traffic of the same type of media (e.g., audio, video, or data) that is 

downloaded to a group of users with the same grade of service (Premium or Economy). 

In the access network, a traffic flow represents the single media downloaded to a distinct 

mobile user.  
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To summarize, the aim of this thesis is to construct multi-objective functions that 

control the filters located in both the core and the radio access network nodes. The action 

performed by the filters is essentially to meet the following requirements: 

(i) Avoid congestion on the end-to-end path including the radio link; 

(ii) Provide preferential treatment to Premium class subscribers over Economy class 

users; 

(iii) Ensure that the QoS parameters of each traffic flow (e.g., bit error rate (BER), 

transfer delay, percentage of packets lost, and delayed) are maintained, regardless of the 

class of the user; 

(iv) Maximize the utilization of network assets (e.g., links’ capacity, buffers, ports, 

throughput-based and power-based cell loading);  

(v) Minimize the power transmitted to each user in order to prolong the user 

equipment battery life; 

(vi) Increase the revenues by accommodating a higher number of users and by 

offering customized services tailored to meet subscribers’ demands. 

1.3 Thesis Structure 

The rest of the thesis is organized as follows. Chapter 2 presents the main 

components and features of the heterogeneous (core and radio access networks) 3G 

architecture. Next, a brief review of the current state-of-the-art of QoS in 3G networks is 

developed. This includes, first, a short introduction to the QoS terminology, principles 

and concepts, then, a description of both UMTS and IP QoS models. The chapter ends by 

introducing new ultimate solutions for QoS support, which are based on intelligent 

interactions between applications and network. 
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Following this, in Chapter 3, our proposed adaptive filtering architecture for QoS-

based 3G networks and beyond is described. The major component of the architecture, 

the filter, is then detailed in Section 3.2. This includes a description of the main filtering 

parameters, and types of media formats that the filters can manipulate. A discussion 

about the deployment issues of the filters with transcoding capabilities is also added. The 

chapter ends by showing how the filter is expected to treat the traffic flows directed to 

Premium and Economy class users.  

Chapter 4 defines the QoS filtering algorithm for controlling the filters in the core 

network nodes. The chapter begins by describing the proposed resource manager scheme 

at a core network node. This is followed by an example of possible assignments of the 

filtering levels, coding rates and coding formats for Premium and Economy class traffic 

flows. The major contribution of this chapter is the definition of the multi-objective 

function, which is used to control the actions of the proposed filter and the class-based 

queuing system at the output port of a core network node. Following this, an overview of 

techniques to solve an optimization problem is described and, the proposed solution, 

Genetic Algorithms, is detailed. This chapter ends by providing several experiments and 

simulation results that show the significant improvement of the proposed approach in the 

system performance.  

Chapter 5 defines the QoS filtering algorithm for controlling the filters in the radio 

access network nodes. The chapter begins by providing a description of the radio access 

network with filtering capabilities followed by an example of possible assignments of the 

filtering parameters and traffic models for Premium and Economy class traffic flows. 

Next, two different options for allocating radio resources in W-CDMA networks are 
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detailed: variable spreading code and multi code. The main contribution of this chapter is 

the definition of the optimization function, which is used to control the filter and the rate 

schedulers of the W-CDMA network. To test the proposed algorithm in terms of 

increasing the revenues of the service provider, a revenue model and pricing mechanisms 

for Premium and Economy class users are also defined. Finally, simulation experiments 

and results are provided by emulating a microcellular urban environment.  

The thesis ends with Chapter 6, which presents a summary of the thesis, thesis major 

contributions and future work. 
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Chapter 2                                                       

Quality of Service in Heterogeneous 3G Networks and 

Beyond 

This chapter, first, presents the main components of the architectural model of the 

3G-UMTS network; then, provides an overview of QoS terminology, principles and 

concepts. Next, current techniques for managing QoS in IP-based 3G networks are briefly 

discussed. A more comprehensive overview of architectures supporting QoS is given in 

references [23] and [24]. The chapter ends by introducing new challenging solutions to 

provide QoS support in 3G networks and beyond. 

2.1 3G-UMTS Networks 

Internet protocol is a universal network layer protocol for the Internet, and is 

becoming a promising universal network-layer protocol over all wireless systems as well. 

Network operators are working to define a Third Generation network evolution toward all 

IP architecture [25], in which the architecture is migrated from a double (circuit and 

packet switched) backbone to a unique packet switched infrastructure.   

Fig. 2.1 represents the architectural model of the 3G network that is referenced in 

this thesis to enable the delivery of IP multimedia content. As shown in the figure, edge 

media content servers are connected to the IP Core Network (CN) of a Public Land 

Mobile Network (PLMN) that is made up of routers interconnected via fiber links. In 
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particular, in a 3G-UMTS environment [26, 27] the edge routers of the core network are 

network nodes called Gateway GPRS Support Node (GGSN) and Serving GPRS Support 

Node (SGSN). They are in charge of several tasks among whose is the routing 

functionality. The SGSN manages users’ mobility and supports packet communication 

towards the access network, while GGSN maintains the connections towards the external 

(high-speed) switched data networks such as internet. As shown in the figure, the UMTS 

CN transfers packets from the GGSN to the SGSN using the Gn interface. The Home 

Location Register (HLR) contains permanent data of the subscribers and is also 

responsible of Mobility Management related procedures. Edge servers are located in a 

Virtual Private Network (VPN) that belongs to the PLMN provider.  
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Fig. 2.1  Third-Generation systems architecture 
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Different types of contents are downloaded from 3rd party content media servers to 

the edge servers via a Content Delivery Network (CDN) that overlays the external IP 

network. The Edge server and the external IP networks are connected to the GGSN via Gi 

interface. From the edge servers, contents are downloaded via fiber links to the UMTS 

Terrestrial Radio Access Network (UTRAN) that is made up of Radio Network 

Controllers (RNC) and base stations (Node-B). As depicted in the figure, the UTRAN is 

connected to the SGSN through Iu PS interface. The RNC carries out all the functions 

that are related with the allocation of radio resources and QoS management 

functionalities such as admission control, congestion control, physical channel rate and 

power allocation. The User Equipment (UE) or Terminal Equipment (TE) represents the 

3G network terminal that can be connected to one or more base stations. The UE 

downloads multimedia content from the UTRAN via the Uu, and Iub interfaces. In 

addition of being able to place voice calls, the mobile user or Mobile Station (MS) has the 

opportunity in this network, to establish communication links with the Internet to 

exchange multimedia contents, downloads e-mails, browse the web, etc. 

2.2 QoS in IP-Based 3G UMTS Networks 

This section, first presents a general definition of the concept of quality of service, 

then, introduces this concept in the 3G UMTS networks and the IP environment.  

2.2.1 Overview of QoS  

Generally speaking, QoS is the ability of a network element (e.g. an application, a 

host or a router) to provide some level of assurance for consistent multimedia services 

delivery. This level of assurance is based upon concepts of bandwidth (e.g. system level 
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bit-rate, and application level bit-rate), timeliness (e.g. packet transfer delay, jitter, and 

response time), reliability (e.g. bit error rate, packet loss, percentage of packets delayed), 

service availability (e.g. call blocking and dropping rate), perceived quality and cost (e.g. 

per-use, or per-unit). Basically, QoS parameters can be classified according two main 

categories: network-based and application-based parameters. Table 2.1 summarizes the 

main network-based QoS parameters, whereas Table 2.2 shows the main application-

based QoS parameters.  

Table 2.1  Examples of possible network-based QoS parameters 
CATEGORY PARAMETER DESCRIPTION 

Timeliness End-to-End transfer delay Time taken for a packet to be 
transmitted from source to 

destination 
 Jitter Variation in delay or response 

time 
 Response time Round-trip time from request 

transmission to reply receipt 
Bandwidth System level rate Bandwidth required or 

available in bits per second 
Reliability BER Bit error rate 

 Percentage of packets lost Proportional of data that does 
not arrive as sent 

 Percentage of packets delayed Proportional of data that does 
not arrive as expected  

 
 

Table 2.2  Examples of possible application-based QoS parameters 
CATEGORY PARAMETER DESCRIPTION 
Quality levels Coding rate Bandwidth required from the 

application  
 Coding  format Compression method of the 

media for the application  
Availability Call dropping rate Percentage of calls dropped  

 Call blocking rate Percentage of calls blocked 
Cost Per-usage cost Cost per unit time or per unit 

of data 
 Flat-rate cost Cost per subscription 

 
 

A user that initiates a multimedia call expects the application to provide a predefined 

level of quality [28]. Application QoS parameters can be usually specified in terms of the 

coding rate and format of the media (e.g. audio, video, and data) downloaded. From a 
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user perspective, coding rates and formats of the media are mapped to a higher set of 

perceived QoS parameters such as picture details, picture color accuracy, frame width, 

video rate, video smoothness, voice quality (wideband or narrowband voice signal), text 

summary and so on. Users pay a certain amount of money (cost per unit or per 

subscription) to receive both a targeted quality level and service availability (call 

dropping and blocking rate).  

Based upon the application characteristics (e.g., peak data rate, burst length), 

application requirements are mapped to lower network level QoS parameters. These 

parameters can be specified in terms of network performance requirements such as 

latency, bandwidth, jitter, and packet loss rate that must be guaranteed during a 

multimedia call establishment. Before any multimedia stream is transmitted, network 

QoS parameters must be communicated to the resource management entities of all 

involved system components. Then, the required resources must be admitted, reserved 

and allocated along the path between the sender and the receiver. These basic steps are 

performed during multimedia call establishment.  

2.2.2 UMTS QoS Model and Layered Architecture 

Most of the services that are featured in 3G-UMTS can be divided into four main 

QoS classes primarily differentiated based on their ability to tolerate transfer delay and 

BER. As defined in [52], Conversational and Streaming classes preserve time relation 

between information entities of the stream and have a guaranteed rate from the network. 

They are suitable to carry real time traffic since they define an upper limit on transfer 

delay within their QoS profiles. The main difference between them is the maximum 

transfer delay value. Conversational traffic is subject to the strict human perception in a 
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voice over IP talk or video conferencing while real time Streaming traffic has slightly 

flexible delay requirements. Therefore, when strict guarantees are necessary, as in real 

time voice and video applications, using the conversational traffic class can be a good 

choice. On the contrary, the streaming class is slightly relaxed in terms of delays.  

On the other hand, Interactive and Background classes are mainly intended to 

represent conventional Internet applications (e.g., web browsing, telnet, ftp, and email).  

Since, background class is designated for background traffic, e.g. email or file 

downloading the destination is not expecting data within a certain time. Therefore, this 

class is a best effort one that offers no qualitative or quantitative guarantees. Interactive 

class traffic essentially follows a request-response pattern and can only justly provide 

qualitative guarantees. Interactive traffic classes have higher priorities than background 

ones in terms of resource assignment to ensure responsiveness.  
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Fig. 2.2  UMTS end-to-end QoS layered architecture 
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The end-to-end QoS [2] in a 3G network is performed through the layered 

architecture illustrated in Fig. 2.2, where each bearer service is a combination of one or 

more other bearers in the lower layers. A Bearer Service (BS) defines all aspects between 

communicating end points to enable the provision of a contracted QoS. These aspects 

include control signaling, user plane transport and QoS management functionality. The 

different bearers are set up in conjunction with the Packet Data Protocol (PDP) context 

activation procedure. UMTS bearer service, offered by the UMTS operator, is in charge 

of the QoS management inside UMTS network, i.e., from mobile station to core network.  

The UMTS bearer service, consisting of the radio access bearer and the core network 

bearer, realizes QoS in the UMTS network. The Radio access bearer service itself 

consists of a radio bearer service and an Iu-bearer service.  
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Fig. 2.3  QoS components in a UMTS end-to-end QoS architecture 
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The Radio Link Control’s User-plane (RLC-U) layer between the RNC and the MS 

supports the radio bearer service. The Iu-bearer service provides transport services 

between RNC and SGSN. The core network bearer service provides transport services 

within the UMTS core network, e.g., between a SGSN and a GGSN. The various bearers 

can be realized in a functional architecture to provide end-to-end QoS for each PDP 

context [2]. An adaptation of architecture to realize this end-to-end support is shown in 

Fig. 2.3. The main control-plane and data-plane components of this architecture are 

discussed in the following. 

a) Admission Control — This module maintains information about available and 

allocated resources, determines whether resources are available for each bearer service 

requests, and reserves resources if they are available. The admission control module in 

SGSN has the responsibility to finally accept or reject the PDP context activation and the 

requested QoS parameter values. GGSN and UTRAN verify whether they can locally 

support the bearers associated with the QoS profile in the PDP context. 

b) Bearer Service Manager — A bearer service manager coordinates control plane 

signaling to establish, modify, and maintain the particular bearer service for which it is 

responsible. Each BS manager is typically a collection of multiple component managers 

that handle individual bearers, including UMTS, radio, Iu, and core network. A particular 

BS manager may perform QoS attribute translation. The UMTS BS manager in the MT 

provides functionality to translate UMTS QoS attributes into those supported by a local 

bearer and request local bearer services. The UMTS BS manager in the 3G-SGSN 

translates UMTS bearer attributes into RAB, Iu, and CN bearer attributes and requests the 

respective managers to provide the corresponding bearer services. Similarly, the UMTS 
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BS manager in the GGSN translates UMTS attributes into CN and external bearer 

attributes and requests the respective BS managers to provide those services. Each of the 

BS managers may consult the admission control entity before providing the bearer 

service. The BS manager in 3G-SGSN may also consult a subscription control entity. 

c) Resource Manager – Each of the resource managers is responsible for managing 

access to resources in accordance with the particular bearer service. Thus, a resource 

manager provides support for QoS attributes required for a bearer service, and it may 

achieve this by such means as scheduling, bandwidth management, and power control. 

d) Traffic Conditioner – The role of a traffic conditioner is to provide conformance 

of input traffic to the specification agreed in the bearer service. A traffic conditioner may 

achieve this by traffic shaping or traffic policing. In the MT, the traffic conditioner 

ensures uplink traffic conformance, whereas in the GGSN and UTRAN, it provides 

downlink traffic conformance.  

e) Packet Classifier – The packet classifier in the MS assigns packets received from 

the local bearer service manager to the correct UMTS bearer based on such information 

as the DSCP, trans-port layer port numbers, security parameter index, etc. In GGSN, the 

packet classifier assigns packets received from the external bearer service manager to the 

appropriate UMTS bearer.  

This is actually where the UMTS QoS model, described above, is in effect. However, 

recent releases of UMTS aim at providing user terminals with different IP-based services 

and extend the 3G network features with Internet Engineering Task Force protocols and 

QoS models that support wide range of multimedia services [29]. In the following 

section, these models are detailed. 
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2.2.3 Internet Protocol (IP) QoS Models 

As originally designed, the Internet supports only “best-effort” delivery of packets 

across network links. In this context, traffic is processed as quickly as possible, but there 

is no guarantee as to timeliness or actual delivery. Only an additional higher level end-to-

end protocol such as Transmission Control Protocol (TCP) provides end-to-end 

reliability by using congestion window and packets retransmission.  

As demands for quality of service arise, a number of architectures have been 

proposed by various organizations in the communications industry in order to achieve 

QoS provisioning. In particular, the research effort in the area of IP QoS has been carried 

out by the IETF according to three main approaches: the Integrated Services (Int-Serv) 

model, the Differentiated Services (Diff-Serv) model and the MPLS model. The 

following sub-sections provide main characteristics and features of these models. 

2.2.3.1 Integrated Services Model 

Int-Serv [6] is a bandwidth reservation technique that builds virtual circuits across 

the IP-based networks. Bandwidth requests come from applications running in hosts. 

Once a bandwidth reservation is made, the bandwidth cannot be reassigned or preempted 

by another reservation or by other traffic. Bandwidth is reserved for each flow by using 

the Resource Reservation Protocol (RSVP). Network nodes along the path between 

sender and receiver must coordinate with one another to set up an RSVP path, and then 

remember state information about the flow. The Int-Serv model defines three classes of 

service: 

a) Guaranteed – With bandwidth, bounded delay, and no loss guarantee. 

b) Controlled Load – Approximating best effort service in a lightly loaded network 
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c) Best-effort – Similar to what internet currently provides under a variety of load 

conditions, from light to heavy.    

However, the RSVP approach is now considered too unwieldy for the Internet, 

where millions of flows may exist across a router, but appropriate for smaller enterprise 

networks. 

2.2.3.2 Differentiated Services Model 

Diff-Serv [7] is a Class of Service (CoS) model that differentiates traffic by user, 

service requirements, and other criteria; then, it marks packets so that network nodes can 

provide different levels of service via priority queuing or bandwidth allocation, or by 

choosing dedicated routes for specific traffic flows. A policy management system 

controls service allocation. Diff-Serv takes a stateless approach that minimizes the need 

for nodes in the network to remember anything about flows. It is not as good at providing 

QoS as the stateful (Int-Serv) approach, but more practical to implement across the 

Internet. Network elements simply respond to the packets’ markings without the need to 

negotiate paths or remember extensive state information for every flow. In addition, 

applications do not need to request a particular service level or provide advance notice 

about where traffic is going. Diff-Serv model is scalable because it handles aggregate 

flows and minimize the signaling, thus reducing the complexity of per-flow soft state at 

each node. The Diff-Serv service class is specified in the Diff-Serv field of each IP 

packets. Three types of Per Hop forwarding behaviors are defined 

a) Expedited Forwarding (EF) – Provides minimal delay, jitter, and packet loss, and 

it guarantees the required bandwidth. Packets that violate traffic profile requirements are 

dropped. 
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b) Assured Forwarding (AF) – Classifies IP packets into four traffic classes and 

three levels of drop precedence. In case of congestion, high drop precedence packets are 

more likely to be dropped than low drop precedence packets.   

c) Best Effort (BE) – Provides no guarantees.      

2.2.3.3 Multi Protocol Label Switching Model  

MPLS [8] provides connection-oriented services by building Label Switched Paths 

(LSPs) across networks and rapidly forwarding IP packets across the network through 

these paths. By labeling packets with an indicator of the LSP they are to traverse, it is 

possible to eliminate the overhead of inspecting packets at every network device along 

the way. MPLS adds labels to packets that indicate forwarding behavior, but packets 

travel across predefined circuits. MPLS is generally more sophisticated and complex than 

Diff-Serv, but provides better QoS capabilities. LSPs are similar to virtual circuits in 

ATM and frame relay networks, and Traffic Engineering (TE) approaches can be used to 

create LSP that delivers a required level of service.  For example, a path can be created 

that provides high bandwidth and low delay for "premium" customers who are willing to 

pay for it. In another example, multiple paths can be defined between two endpoints to 

provide load balancing and backup service in the event of a line failure. LSPs are set up 

using signaling protocols, such as RSVP-TE or Constraint Routed Labels Distribution 

Protocol (CR-LDP). 

2.3 Challenges in QoS 

The key principle of all the QoS models described in the previous section is that 

network resources are allocated (statically or dynamically) in response to fixed demands 
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or QoS requirements from the applications. However, in case the resources to satisfy the 

demands from the applications cannot be observed the request for the connection is 

blocked. Similarly, in case the network dynamic traffic-loads dictate that only a small 

amount of resources is temporarily available, the network cannot continue to guarantee 

this level of quality that is pre-defined to be acceptable for the application. In these 

scenarios, multimedia applications would be degraded and network resources wasted. 

A new ultimate solution for QoS support [30] is to allocate network resources with a 

form of “intelligent control” of the applications. This can be achieved by implementing 

an adaptation mechanism in a “middleware” layer interfacing the applications with the 

network. There are, basically, two different strategies for locating the adaptation 

mechanism on the end-to-end path from the source to the destination: 1) at the source, 

and 2) at the network nodes along the end-to-end path. In the following sub-sections, 

main characteristics and functionalities as well as pros and cons of the two strategies are 

briefly described.  

2.3.1 Source Adaptation  

In the first strategy, the control of the applications is performed by implementing the 

adaptation mechanism at the source. Examples of schemes that are utilizing this strategy 

can be found in the references [31, 32, 33, 34, 48]. This solution requires the periodic 

transmission from the receivers of quality reports on the traffic received. These reports 

include the measured bandwidth, bit error rate, packet transfer delay, jitter, percentage of 

packets lost and delayed. The source evaluates the reports in order to identify significant 

changes in the quality of the end-to-end path. If these changes are large enough to justify 

a change in the adaptation process, a new set of application-based parameters (e.g. coding 
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rate) are selected. In the case of improvement of the communication path, the source 

improves the quality levels (see Table 2.1) of the transmitted traffic. On the contrary, in 

the case of degradation of the communication path, the source reduces the quality levels 

down until the congestion dissolves.  

This strategy can be easily deployed over a packet-switching network because the 

feedback mechanism is controlled by signaling messages at the transport layer (e.g., Real 

Time Transport Control Protocol (RTCP)). However, the disadvantages are not 

negligible.  

First, both the source and the receiver have to be altered in order to implement the 

feedback-based adaptation mechanism. While this is a moderate task for the receiver, it is 

an extremely costly and timely process for legacy Internet servers. Content providers will 

be extremely reluctant to adopt this solution. Moreover, since the source must evaluate 

the feedback from many receivers, the amount of resources required substantially 

increases, particularly because of the volume of information that needs to be processed.  

In addition, in cases where the end-to-end distance is fairly large, the delay 

introduced through the reporting packets can severely affect the performance of the 

solution. This can be more profound when wireless access is involved, where the 

frequency and the severity of changes in the wireless channel are high. If the report 

reaches the source too late to inform about a potential congestion problem, the source 

will already have flooded the congested network, failing to adapt effectively to the link 

quality fluctuations. An increase in the end-to-end delay quickly decreases the 

effectiveness of this solution since the source can no longer react in time. This allows the 

stream to flood the bottleneck link and to force a significant amount of dropped packets. 
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Moreover, putting the adaptation mechanism in the source precludes the utilization of this 

strategy in multicasting scenarios. In fact, in this case, the same multimedia stream with 

identical applications parameters will reach all receivers.  

In conclusion, the simplicity of the source adaptation solution makes it efficient for 

simple cases with small variability, but cannot stand as a viable solution under extremely 

variable conditions or when multicasting is involved. 

2.3.2 Filtering Adaptation  

In the second strategy, the control of the applications is performed by implementing 

the adaptation mechanism within the end-to-end path, at the intermediate nodes identified 

as the most appropriate for performing the most effective adaptation. Examples of 

schemes that are utilizing this strategy can be found in the references [13, 14, 18, 35, 36, 

37]. The intermediate nodes manipulate the multimedia streams coming from the source 

along the end-to-end path. The application-based parameters can be updated as the 

multimedia stream traverses the intermediate nodes.  

There are several advantages that come with the adoption of this solution. First, the 

flexibility of locating the adaptation mechanism at different positions in the end-to-end 

path is an important advantage of the filtering solution over the other one. In fact, the 

filtering adaptation can be located at the most critical positions in the end-to-end path. On 

the contrary, the stationary location of the adaptation mechanism in the source leads to 

inefficiencies under some topological scenarios. For example, the source adaptation 

cannot be applied for multicasting scenarios. On the contrary, the filtering solution can be 

used to satisfy the requirements that are needed in these scenarios [15, 38].  
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Moreover, the filtering solution has the ability to react to changes with minimal 

delay and with near perfect accuracy. A monitoring mechanism can continuously scan the 

performance of the bottleneck link and immediately react to any significant changes. In 

particular, the filtering solution is able to adapt the multimedia streams efficiently, even 

in situations where unpredictable and highly variable wireless links are involved. When 

the adaptation point is strategically located close to the bottlenecked link, the reaction 

time is kept to minimum and it is unrelated to the distance from the source.  

In addition, modifying intermediate nodes and adding simple filtering functionality is 

significantly less of a burden than changing a legacy content provider, which is requested 

in the source adaptation.  

Naturally, the filtering solution also presents some disadvantages. First, having an 

intermediate intercepting the stream raises security issues. The third party operating the 

network nodes with the adaptation mechanism must be trusted by the receiver and the 

source. Moreover, the complexity of the network nodes adaptation is significantly higher 

than that of the other solution and requires nodes with powerful CPUs and memory.  

Finally, the filtering adaptation approach demands adaptation awareness from some 

or many of the nodes on the end-to-end path, especially in multicasting scenarios.  

In conclusion, the filtering adaptation approach performs exceptionally well in all 

situations and is ideal for both multicasting and wireless access scenarios. However, it 

typically induces increased complexity.  

The next chapter presents our proposed filtering approach.  
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Chapter 3                                                       

An Adaptive Filtering Architecture 

This chapter, first, proposes the development of an adaptive filtering architecture, 

which spans both core and radio access networks, to address the issues outlined in 

Chapter 1 and Chapter 2; then, it provides a description of the main filtering parameters 

and types of media formats that the filters can manipulate. The chapter ends by defining 

two distinct grades of services (Premium and Economy), and by showing how the filter is 

expected to preferentially treat the traffic flows directed to the Premium class subscribers 

versus Economy ones, based on the amount of money that users are willing to pay for 

their services. 

3.1 QoS Filtering Architecture 

In the proposed QoS-based filtering architecture, illustrated in Fig. 3.1, multimedia 

adaptation filters are installed at the output ports of every node of the 3G network. These 

filters control the bit rate values at which traffic flows are downloaded from the edge 

servers to mobile users according to the different conditions of the wireless network, or 

more generally according to the dynamic conditions of the downstream links of the 

heterogeneous network.  

 In the core network, a traffic flow represents the aggregate traffic of similar media 

streams (e.g. voice, audio, or data streams) that are downloaded to a group of users who 
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share some common attribute. This traffic flow, for example, can be characterized along a 

route by assigning a single LSP in each downstream link. On the contrary, in the access 

network nodes, a traffic flow represents a single media stream downloaded to a specific 

user. Each filter located in the output ports of the core network nodes manipulates in the 

same way all media streams contained in the same traffic flow. On the contrary, in the 

access network nodes, each filter would be controlling a single media stream directed to a 

specific user. 
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Fig. 3.1 The QoS filtering architecture 

 
 

The multimedia adaptation filters are installed at the output ports of every node of 

the 3G network because every node along the end-to-end path is equally important in 

reacting to local congestion and delivering the QoS support to the application layer. 

Moreover, every node is important to utilize “efficiently” the available resources of the 
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core or radio access networks such as ports, links’ capacity, buffers, total power, and 

spreading codes. In particular, the filters implemented in the nodes close to the edge 

multimedia storage servers (GGSN), in the wireless/wired interface (SGSN) and in the 

vicinity of the wireless access (RNCs) are also equipped with transcoding capabilities. 

The transcoding capability (see Section 3.2) allows the filter to further reduce the 

downloading bit rate of the multimedia content by changing the compression method of 

the media streams.  

In the RNCs, transcoding is implemented to react to heavy congestion episodes that 

can happen due to the time-varying conditions of the radio channels allocated to mobile 

users. For example, shadowing or large scale path attenuation can determine a noticeable 

reduction in the usable wireless bandwidth and this usually lasts over the transmission of 

a large number of packets. During this time, since the amount of bandwidth variation is 

relatively large, transcoding can be applied to avoid prolonged delays in the download of 

the media contents.  

In the SGSN node, transcoding can be activated to preserve the QoS requirements of 

the traffic flows when traffic loads in downstream links change due to the users' mobility 

in inter-RNC handovers. Inter-RNC handover takes place as the mobile device, during 

the same connection, moves from a cell covered by one RNC to an adjacent cell of a 

different RNC. The critical point is that, during the handoff, the connection can be 

blocked in the new cell if there is no sufficient spare capacity to support the connection. 

In this case, transcoding is adopted to reduce the probability of dropping the multimedia 

call by tuning the amount of traffic to be downloaded to the available bandwidth.  
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Finally, in the gateway node (GGSN), where traffic from external wired network is 

likely heterogeneous [39] with higher bit rates and different compression methods, 

transcoding is applied to adapt that amount and type of content to the requirements of the 

types of media supported by the UMTS network.  

The multimedia adaptation filters are software modules that are installed at the 

output ports of the network nodes together with a control module and a data collection 

module.  
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Fig. 3.2 Data and control plane 

 
 

As shown in Fig. 3.2, the filter module operates in the data plane by manipulating the 

media content. The control and data collection modules are also software modules but 

they operate in the control plane. The control module contains a multi-objective 
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optimization function F that controls all the actions performed by the filter in the data 

plane. The data collection module gets necessary information required for the operation 

of the optimization function. 

In essence, by implementing the proposed filters, the network operator is able to 

“intelligently” tune, or adapt, the amount of traffic downloaded that depends upon the 

available resources of the core or radio access networks. The following section provides a 

detailed description of the multimedia adaptation filter and its main filtering parameters.   

3.2 Multimedia Adaptation Filters 

A multimedia adaptation filter (MAF) is a software module that selects a specific 

quality level or filtering level jq  for the jth downloaded traffic flow. In a general case, 

each quality level is selected from a set of M values according to the filter granularity and 

processing power  

{1,2,3,......, }.jq M∈  

            (1)                             

The maximum quality level “M” indicates the minimum filtering action taken by the 

filter, which means no filtering is done. The minimum level “1” indicates the maximum 

filtering action taken by the filter, which means a traffic flow with the minimum grade of 

quality.  

The choice of a quality level establishes specific coding rate, jCR , and coding 

format, jCF , for the correspondent traffic flow.  

[1] [2] [3] [ ]{ , , ,......, },M
jCR CR CR CR CR∈                                                 

  (2)                            
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[1] [2] [3] [ ]{ , , ,..., }.V
jCF CF CF CF CF∈  

         (3) 

The values of the coding rates indicate the bit-rate values used for downloading the 

media of the traffic flow, whereas the coding format denotes the compression method 

used by the same media. The highest coding rate, [ ]MCR , is associated with the maximum 

bit-rate at which the media codec can operate while the minimum coding rate, [1]CR , 

corresponds to a guaranteed bit-rate.  

max .guar jCR CR CR< <  

         (4) 

The highest compression method, [ ]VCF , indicates the format with the highest 

quality, whereas the lowest compression method, [1]CF , corresponds to the format with 

the lowest quality. As summarized in Table 3.1, by increasing the quality levels, the 

grade of quality of the downloaded media improves in term of higher coding rates and 

better coding formats. 

Table 3.1  Relationship between quality levels, coding rates, coding formats and grades of quality 

Quality levels qj 
Coding rates  

CRj  
Coding formats  

CFj                   Grades of quality 

1 CR[1] CF[1] Low 
2 CR[2] CF[1] … 

… … … Medium 
… … … … 
M CR[M] CF[V] High 

 
 

The filter without transcoding capabilities is expected to reduce the coding rates but 

cannot change the compression method. Reducing the coding rates without transcoding 

requires short processing time and simple packet processing because it is performed by 

simply inspecting the content of the packets’ headers, and accordingly dropping the 
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packets based upon the results of the QoS filtering algorithm. To illustrate, traffic flows 

that include video streams compressed with coding format MPEG-4 (see Section 3.2.2 for 

a list of referenced coding formats) transport IP packets that contains three types of video 

frames:  intra-frames (I), predictive (P), and interpolative (B). The coding rate of a traffic 

flow can be reduced when IP packets with P or/and B frames are dropped. This operation 

can be performed in all nodes of the network. On the contrary, transcoding requires 

longer processing time and more complex packet processing because the content of the 

packets’ payload needs to be first de-compressed from its original format and then re-

compressed in the new format. This operation is not implemented in the intra-PLMN 

routers because it requires access “on the fly” to the application layer. 

The filters are implemented in the output port of the heterogeneous network nodes 

together with corresponding optimization functions algorithms. These adaptive 

algorithms, which will be defined in Chapter 4 and Chapter 5, control “intelligently” all 

the operations of the filters. Since the values of the filtering levels and associated coding 

rate and format for each traffic flow, are chosen by these “local” optimization functions 

there is no a centralized management scheme to control the filters. Hence, different 

policies in different nodes could be also allowed.  

Moreover, a signaling overhead needs to be introduced, due to the implementation of 

the filters, to carry the information exchanged between the optimization functions (see 

Sections 4.2 and 5.3) in different nodes. The signaling overhead contains information 

about the filtering levels, coding rates and formats for the media included in each traffic 

flow, the number of media streams included in the flow, and the class of users (see 

Section 3.4) to which the traffic flow is directed. For example, this set of information 
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could be added either in the object fields of the signaling protocol RSVP message, as 

proposed in [40], or in the Diff-Serv field of each IP packet, in a Diff-Serv approach. 

3.2.1  Deployment Issues of Filters with Transcoding Capabilities 

This sub-section discusses the deployment issues of the multimedia adaptation 

filters.  Basically, two possible scenarios arise: i) the filters are implemented inside the 

nodes; ii) the filters are implemented in an external server. In the first case, both the 

filtering and optimization functions (see Sections 4.2 and 5.3) are implemented in a 

dedicated processor inside the node. An IP packet carrying the content is forwarded to the 

application layer for transcoding. Recall that video and voice packets are transferred 

using Real Time Streaming Protocol (RTSP), Real-Time Transport Protocol (RTP) [41], 

and User Datagram Protocol (UDP), whereas data packets are transferred using Hyper 

Text Transfer Protocol (HTTP) and TCP protocol. The transcoding software module 

changes the coding format and forwards the newly encoded RTP (video or voice) or 

HTTP (data) packet to the IP layer, which then sends the packet to the output port for 

encapsulation in layer two, and subsequent transmission on the link.  In the second case, 

both the filtering and optimization functions are implemented in an external proxy server 

[42] that is installed after the output port of the node. The optimization function, in this 

case, sends control messages from the server to the node to select values for the weights 

of the queues in the node.  

3.2.2 Media Streams and Codecs 

The types of media streams that can be downloaded are voice (or speech) (s), video 

(v), and data (d) (text, still images, bitmap and vector graphics). These types of media 

streams and their coding formats are assumed to be those defined within the 
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specifications of Third Generation Partnerships Project (3GPP) [43] and represented in 

Table 3.2. In this thesis, these media coding formats are used, although 3G-UMTS 

networks could support media with other formats. 

Adaptive Multi-Rate (AMR) and Wideband Adaptive Multi Rate (W-AMR) codecs 

are used to encode voice traffic. AMR codec [44] supports 8 different speech codecs 

modes with peak encoding bit rates ranging from 4.75 kbps to 12.2 kbps and DTX 

(Discontinuous Transmission) mode (1.95 kbps). On the contrary, W-AMR [45] codec 

operates on bit-rates between 6.6 and 23.85 kbps (9 different speech codecs modes). The 

W-AMR codec gives superior speech quality. 

Table 3.2 Media Codecs 

Media types Coding formats 
CF[1]

 

Coding formats 
CF[2]

 
Speech AMR AMR-Wideband 
Video H.263 MPEG-4 

Still images GIF JPEG 
Text XML XHTML 

 
 

ISO/IEC MPEG-4 and ITU H.263 codecs are used for video traffic.  MPEG-4 [46] 

and H.263 [47] video codecs have different transmission modes with average bit rates 

ranging from 10 Mbps to 64 kbps and from 64 kbps to 16 kbps, respectively. Distinct 

coding rates are obtained by generating scalable sub-streams (base and/or enhancement 

layers) that correspond to a spatial, temporal and/or Signal to Noise Ratio SNR scalability 

for the video frames. MPEG-4 also supports an object-based representation of the video 

scene by allowing separate Audio Visual Objects (AVO) [48] and a fine grained 

scalability called Fine-Granular-Scalability (FGS) [49].   

Graphic Interchange Format (GIF), Joint Photographic Expert Group (JPEG), 

Extensible Markup Language (XML) and Extensible Hypertext Markup Language 
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(XHTML) codecs are used to encode bitmap or vector graphics and text for data traffic, 

respectively. Different coding rates are related to the number, resolution, color, and size 

of still images or how the text is summarized in web pages [42]. Hence, Web pages can 

be filtered to loose redundant objects [50, 51] or to translate the markup language that is 

interpreted by the displaying device. 

Note that still images and text are treated by the filter as a single media without 

differentiating their coding rates, although each has a different coding format.  

3.3 End-to-End Transfer Delay 

A key QoS parameter that it is important to consider for the media content delivery 

via the heterogeneous network is the end-to-end transfer delay. It is assumed that the 

media types (voice, video, and data) that can be included in a traffic flow are downloaded 

according to the pre-requisites of a specific QoS class of service defined within the 

specifications of 3GPP: conversational, streaming, and interactive [52]. A traffic flow 

that contains voice streams is related to the conversational class of service, while a traffic 

flow with video streams represents the streaming service. Finally, text and still images 

are downloaded according to the prerequisites of the interactive services.  

Given an assigned routing path (see Fig. 3.1) to download multimedia contents from 

the edge servers to the mobile users, and predefined end-to-end delay constraints [52], 

[53] minimum and maximum transfer delays for the jth traffic flow can be estimated, in 

each downstream link, as follows 

min ax ,j m∆ < ∆ < ∆  

       (5) 
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where minimum, min∆ , and maximum axm∆ , transfer delay values are obtained by 

dividing the end-to-end transfer delay constraints [52, 53] within the core or radio access 

networks by the average number of hops along the downstream path.  

One of the goals of the proposed architecture is to download the multimedia contents 

in each downstream within the required transfer delay constraints defined in (5). The end-

to-end transfer delay may be violated, along the end-to-end path, if the requested 

bandwidth was temporarily not available in some downstream links. In these cases, the 

filtering process can be applied, in some downstream links, in order to maintain the 

transfer delay. Content reduction causes a temporary decrease in the quality levels of the 

downloaded media but avoids prolonged delays and packet loss for downloading the 

media.  

3.4 Grades of Service (GoS): Premium and Economy 

The choice of a specific quality level with its corresponding coding rate, and format 

that can be chosen for the jth traffic flow depends on the type of media contained in the 

flow and the type of user (or group of users) to which the flow is directed. In this thesis, 

two different types of users or “grades of services” are defined: Premium (P) and 

Economy (E). The two grades of services will offer users the same contents but at 

different levels of qualities. To illustrate, for Premium services, web pages can be 

browsed, at least, at 32 kbps, while for Economy class users this rate goes down to 16 

kbps. Similarly, Premium service subscribers can receive a service like delivery of video 

content with MPEG-4 video format, at most, at 512 kbps, while for Economy the same 

service is with H.263 format at 128 kbps.  
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In order to receive content with a superior grade of quality in terms of higher coding 

rates and better coding formats for the media downloaded, Premium class subscriber will 

pay a higher tariff (see Sections 4.5 and 5.5) than an Economy class subscriber. They also 

will obtain other advantages that are achieved by using our filtering approach.  For 

example, the proposed algorithm will assure that, in case of congestion, the filtering 

levels for Premium class traffic flows will be reduced much more gracefully than 

Economy class ones. Moreover, the algorithm will guarantee that the percentages of 

packets (voice, or video) lost and delayed (data) for Premium class users will be much 

less than those for Economy class users. Finally, Premium class users will have higher 

priority to be admitted in the network and lower probability to have their calls dropped in 

handover scenarios in comparison with Economy class users. 

 

The most significant feature of the adaptive filtering architecture is that the range of 

selectable coding rates and types of formats for each traffic flow provides the network 

operator with a “flexible” means to provide different classes of users with different levels 

of quality while maximizing the network throughput according to the dynamic conditions 

of the links. Users will receive multimedia content within their agreed-upon contractual 

range of levels of quality that are pre-defined in their users’ profiles. By selecting 

dynamically the levels of quality, the network operator is able to “intelligently” tune, or 

adapt the amount of traffic downloaded that depends upon the available resources of the 

downstream links in the core and radio access networks. 

In this chapter, a general description of the filtering architecture and parameters was 

given. In the next two chapters, a more detailed description of the adaptive algorithms, 
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which are used to control the filtering operations in the core and radio access networks 

nodes, will be provided. 
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Chapter 4                                                       

A Filtering Algorithm in the Core Network Nodes 

   The aim of this chapter is to construct an adaptive algorithm that controls the 

filters located in the core network nodes. The chapter begins by presenting the scheme of 

the proposed Resource Manager in a core network node. The main components are the 

filter and a class-based queuing system. Next, an example of possible assignments of the 

filtering levels, coding rates and coding formats for Premium and Economy class traffic 

flows downloaded in the core network is provided. Following this, the multi-objective 

optimization function is defined, in order to control the actions of both the filter and a 

class-based queue. The function is solved by using a randomized search technique, called 

Genetic Algorithms. A revenue model and pricing mechanisms are also defined to 

compute the revenues gained by the service provider. The chapter ends by describing four 

different simulation experiments and showing the simulation results. A core network 

node without filtering is compared with other with filtering. The results show the 

significant improvements in the system performance of the proposed approach.  

4.1 Resource Manager in a Core Network Node  

As described in the previous section, the multimedia adaptation filters implemented 

in the core network are installed at the output ports of the SGSN, GGSN and intra-PLMN 

routers. This section describes the block diagram of the Resource Manager scheme for an 
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output port at a SGSN node. In this case, the multimedia adaptation filter and control 

module (optimization function) are implemented inside the node (see Section 3.2.1). As 

shown in Fig. 4.1, the proposed Resource Manager includes a traffic classifier, the 

multimedia adaptation filter, a class-based queueing packet scheduler, a traffic 

dispatcher, a control module and a data collection module. Once all routing operations 

are performed within the node, traffic is directed to the appropriate output port where the 

filter is installed.  

Streaming   

Conversational   

Interactive   

TD

AMR
WAMR

MPEG-4
H.263

JPEG
GIF
XHTML
XML

ws

wv

wd

Queueing System delay Filtering delay

, , ,[ , , ]s P s P s P outq CR CF
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TC = Traffic classifier
TD = Traffic dispatcher
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Speech

Data
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, ,[ ] ,inq Nα β α β

DATA COLLECTION MODULE

• Collect User Defined Profiles
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input traffic 

From
Home
Location
Register

Data Traffic Control Traffic
 

Fig. 4.1 Resource manager scheme for an output port at a SGSN node 
 
 

As shown in Fig. 4.1, ,[ ]inTα β  represents the jth flow of the output port, characterized 

by media-type α and downloaded to the same category β of users. Recall that in the core 

network, a traffic flow represents the aggregate traffic of similar media streams that are 

downloaded to a group of users who share some common attribute. Therefore, the filter 

manipulates in the same way all media streams contained in the same traffic flow.  
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The jth flow of the output port is associated with a filtering vector 

, , ,[ , , ]inq CR CFα β α β α β  and with the current number ,Nα β  of media streams included in the 

same flow. During a certain time, the multi-scale filter manipulates the jth flow by 

assigning, if it is necessary, a new output vector 

, , , , , ,[ , , ] [ , , ] .in outq CR CF q CR CFα β α β α β α β α β α β⇒  

         (6)    

If output and input vector parameters are different, an additional filtering delay ,α βδ  

is introduced and has to be considered together with queuing and transmission delays. 

The filtering delay increases when transcoding is applied. Since the end-to-end delay 

constraints are different for traffic flows that are associated with distinct QoS classes of 

services (see Section 3.3), weights [ , , ]s v dw w w  for each queue (Conversational, 

Streaming, and Interactive) are introduced. It is assumed, for simplicity, that the queuing 

and transmission delays of each traffic flow can be approximated by an M/M/1 queuing 

system for every class-based queue.  

A class-based queueing packet scheduler allocates dynamically a link-sharing 

bandwidth 100%wα ⋅  (expressed as a percentage of the overall link bandwidth C) to each 

class of service over a predefined control period [54]. The link-sharing structure, 

illustrated in Fig. 4.2, specifies how the bandwidth is divided for a downstream link 

among the traffic flows. The link-sharing allocations are dynamic because change in 

response to current conditions on the network, according to our proposed algorithm.  

The control module in Fig. 4.1 includes the optimization function that is 

implemented using GAs. Its details are provided in Section 4.2. The collection module 

collects User Defined Profiles (UDP). A UDP, which is stored in the HLR, contains the 
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range of quality levels, coding rates and formats that can be assigned for each media-type 

directed either to Premium or Economy class users.  

Premium 
and 

Economy 
class voice

flows

Link

Premium 
and 

Economy 
class data

flows

Premium 
and 

Economy 
class video

flows

100%sw ⋅ 100%vw ⋅ 100%dw ⋅

Dynamic Link-sharing allocation

 
Fig. 4.2  Dynamic link-sharing structure 

 
 

This information, which will be provided in the next sub-section, defines the solution 

space for the optimization function. The control module collects also the values of the 

minimum and maximum transfer delays for traffic flows downloaded in the output link. 

4.1.1 A Possible Range of Quality Levels 

As mentioned in Section 3.4, the choice of a specific quality level that can be chosen 

for the jth traffic flow depends on the type of media contained in the flow and the type of 

user group to which the flow is directed. Table 4.1 shows a possible assignment of 

filtering levels, coding rates and coding formats for Premium and Economy class traffic 

flows that are downloaded in the core network. These values will be used in the 

experiments provided at the end of this chapter. Still images and text are treated by the 
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filter as a single media without differentiating their coding rates; however, each has a 

different coding format (e.g., GIF or JPEG for images, XML or XHTML for data).  

Table 4.1  Possible combinations of quality levels, coding rates, and formats for different media of 
Premium and Economy class flows downloaded via the core network 

Speech Video Data 

qj CRj 
(kbps) 

CFj
 qj

 CRj 
(kbps) 

CFj qj CRj 
(kbps) 

CFj 

Economy class flows 
1 4 AMR 1 32 H.263 1 16 GIF, 

XML 
2 8 AMR 2 64 MPEG-4 2 24 GIF, 

XML 
3 10 AMR 3 96 MPEG-4 3 32 GIF, 

XML 

4 12 AMR 4 128 MPEG-4 4 64 GIF, 
XML 

Premium class flows 
2 8 AMR 2 64 MPEG-4 3 32 GIF, 

XML 
5 16 AMR-W 4 128 MPEG-4 4 64 GIF, 

XML 
6 20 AMR-W 5 384 MPEG-4 5 128 JPEG, 

XHTML 
7 24 AMR-W 6 512 MPEG-4 6 256 JPEG, 

XHTML 
 
 

As shown in Table 4.1, in case a traffic flow is directed to Economy class users the 

selectable filtering levels range from one to four (M=4). On the contrary, for a Premium 

traffic flow with voice media streams, the selectable filtering levels are two, five, six, and 

seven (M=7). In case of a Premium traffic flow containing video media streams, 

admissible filtering levels are two, four, five, and six (M=6). Finally, three, four, five and 

six are the filtering levels in case the Premium class traffic flow contains data streams 

(M=6). Since higher quality levels are associated with higher coding rates and better 

coding formats, the traffic flows downloaded to Premium class users have a higher 

quality range than those of the Economy class users.  

A Premium class subscriber will pay more than an Economy class subscriber but will 

receive content with a superior grade of quality.  
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When a filtering process is applied, the media content is reduced during the process. 

Content reduction causes a temporary decrease in the quality of the downloaded media 

but avoids prolonged delays for downloading the media. Fig. 4.3 shows an example for 

downloading 32 Mb video content to a group of Economy class users via the core 

network.  

t (sec)=[210, 250]

Case A Case B Case C
t (sec)=[0, 200] t (sec)=[200, 210]

25.6 Mb 0.32 Mb 5.12 Mb

Removed 
Content:
0.64 Mb

Removed 
Content:
0.32 Mb

Avoided 
Congestion

Downloading time < 250s

CF[2]=MPEG-4, CR[4]=128 kbps

CF[2]=MPEG-4, CR[4]=128 kbps

CF[2]=MPEG-4, CR[4]=128 kbps CF[2]=MPEG-4, CR[4]=128 kbps

RNC

SGSN

GGSN

Edge 
content
server

CF[2]=MPEG-4, CR[2]=64 kbps

CF[1]=H.263, CR[1]=32 kbps CF[2]=MPEG-4, CR[4]=128 kbps

CF[2]=MPEG-4, CR[4]=128 kbps

CF[2]=MPEG-4, CR[4]=128 kbps

 
Fig. 4.3  Delivery of video content (32 Mb) to a group of Economy class users 

 
 

When the process starts (case A; from t = 0s to t = 200s) the available capacity along 

the end-to-end path is enough to maintain the highest coding rate (128 kbps) and coding 

format (MPEG-4) for the traffic flow directed to mobile users group. During this time, 

end-to-end transfer delay and bandwidth requirements are satisfied and all downloaded 

content (25.6 Mb) reaches the radio network controller. During case B (from t = 200s to t 

= 210s), the available capacity in some downstream link do not permit the delivery of the 

information with the original QoS parameters. For instance, a degradation of radio 
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channel conditions could result in this scenario. In this case, the coding rate and format 

are reduced to avoid possible congestion and to keep delay and bandwidth within 

admissible range. At the same time, some content is removed (0.96 Mb) to respect the 

downloading time (< 250s). At last, in case C (from t = 210s to t = 250s), when 

conditions improve, content downloading turns back to the initial case. 

4.2 The Optimization Function in a Core Network Node 

This section defines the optimization function that is used to control the actions of 

both the filter and the queuing system. It operates on a control period ( )t∆  that 

determines the granularity level of the control actions performed by the optimization 

function. The shorter the control period, the finer the control is over the resources of the 

network, but at the expense of increasing the processing complexity of the function. As 

explained in the previous section, each flow is characterized by the same type of media 

streams ( { , , }s v dα ∈ ) and is downloaded to a group of users ( { , }E Pβ ∈ ). In this section, 

only the parameters α  and β  are used to characterize a flow in order to explain the 

operations performed on each distinct flow. An incoming traffic flow, ,[ ] ( )inT tα β , is 

characterized by the vector , , ,[ , , ] ( )inq CR CF tα β α β α β . The actions performed by the 

optimization function determine after a predefined control period, t∆ , an output traffic 

flow, ,[ ] ( )outT t tα β + ∆ , and a weights vector, ( )w t t+ ∆ . The output traffic flow is 

characterized by the vector , , ,[ , , ] ( )outq CR CF t tα β α β α β + ∆  whereas ( )w t t+ ∆  includes the 

weights of the class-based queuing system: ( )sw t t+ ∆ , ( )vw t t+ ∆  and ( )dw t t+ ∆ . Define 

the number of actual media streams contained within each flow to be , ( )N tα β  and the 
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available capacity on an output link to be ( )avC t . The data collection module includes the 

information of the transfer delay constraints min max
, ,( , )α β α β∆ ∆  and the range of filtering levels, 

coding rates and formats represented in Table 4.1. Finally, let , , , min[ , , ]q CR CFα β α β α β  be 

the vector with the minimum values for the filtering level, coding rate and format 

contained in Table 4.1. 

The objective here is to find the output traffic flow and the weights vector that satisfy 

the following constraints 

a)         ( ) ( ) ( ) 1,s v dw t t w t t w t t+ ∆ + + ∆ + + ∆ =  

b)         min max
, , ,( ) ,t tα β α β α β∆ ≤ ∆ + ∆ ≤ ∆  

c)         , ,
, , ,

( ) ( ) ( ) ( ),tot av
s v d P E

R t t N t CR t t C tα β α β
α β= =

+ ∆ = ⋅ + ∆ ≤∑ ∑  

d)        , , , min , , ,

, , ,

[ , , ] [ , , ] ( )
[ , , ] ( ),

out

in

q CR CF q CR CF t t
q CR CF t
α β α β α β α β α β α β

α β α β α β

≤ + ∆

≤
 

and maximize the multi-objective function F , defined as follows 

.Util RF F F F∆= ⋅ ⋅  

(7)                            

The first component of the objective function, UtilF , encourages solutions to use the 

largest portion of the available bandwidth ( )avC t  in order to maximize the capacity 

utilization. This function is represented by 

( ) / ( ), ( ) ( )
0, .

tot av tot av
Util

R t t C t if R t t C t
F

otherwise
+ ∆ + ∆ ≤⎧

= ⎨
⎩

. 

(8) 
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The second component, RF , controls the assignment of the filtering level or quality 

level ,( ) ( )outq t tα β + ∆  and, consequently, associated coding rate ,( ) ( )outCR t tα β + ∆ and 

format ,( ) ( )outCF t tα β + ∆ , for each output traffic flow. The function is given by 

, ,

, , , ,, ,

( ) / 6P E
R D R R

s v d s v ds v d

F F F Fα α α

α αα = ==

= ⋅ +∑ ∑∏ , 

(9)         

where 

2

, , min
, , min , ,

, , min

( ) ( ) ( )
, ( ) ( ) ( ) ( ) ( )

( ) ( ) ( )

0, ,

P out P
P P P out P in

R P in P

q t t q
if q q t t q tF q t q

otherwise

α α
α α α α

α α

⎧⎡ ⎤+ ∆ −
⎪ ≤ + ∆ ≤⎢ ⎥= −⎨⎢ ⎥⎣ ⎦
⎪
⎩

, 

(10)                            

, , min
, , min , ,

, , min

( ) ( ) ( )
, ( ) ( ) ( ) ( ) ( )

( ) ( ) ( )

0, ,

E out E
E E E out E in

R E in E

q t t q
if q q t t q t

F q t q

otherwise

α α
α α α α

α α

⎧ + ∆ −
⎪ ≤ + ∆ ≤

= −⎨
⎪
⎩

, 

(11)          

, , , ,

, ,

( ) ( ) ( ) ( ) ( ) ( ) ( ) ( )
0,

( ) ( ) ( ) ( )
1, .

P in P out E in E out

P in E inD

q t q t t q t q t t
if

q t q tF
otherwise

α α α α
α

α α

− + ∆ − + ∆⎧
>⎪= ⎨

⎪
⎩

. 

(12)              

The choice of the filtering levels is determined in a different way for traffic flows 

downloaded to Premium and Economy class users. The function ,P
RFα is quadratic and 

controls the output filtering levels for the traffic flows downloaded to Premium class 

users. The function ,E
RFα is radical and determines the filtering levels for the Economy 

class traffic flows. Both functions encourage an output filtering level that is as close as 
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possible to the input filtering level, but the strength that they utilize is different. The 

quadratic function is used for Premium traffic flows because it encourages high filtering 

levels more strongly than the radical function. Consequently, Premium class traffic flows 

tend to be degraded less than Economy class traffic flows. The reduction in the filtering 

level of a certain traffic flow depends on the assignments of the filtering levels of the 

output traffic flow in comparison with the filtering levels of the incoming traffic flow. 

This is defined according to the following formula: 

, ,
,

,

( ) ( ) ( ) ( )
( ) .

( ) ( )
in out

in

q t q t t
D t t

q t
α β α β

α β
α β

− + ∆
+ ∆ =  

(13) 

The filtering reduction can be related to the reduction in the bit-rate of the media 

content. As the filtering level is decreased so is the bit-rate of the content; however, the 

correspondence is not one-to-one proportionally. For example, consider an input traffic 

flow with voice streams that is coded at filtering level 4, which corresponds for an 

Economy class user to a bit-rate of 12 kbps. The output traffic flow filtering level has 

been reduced to a level 2, which corresponds to a bit rate of 8 kbps. This means a 50 % of 

filtering reduction; however, this does not mean that the bit-rate has been reduced by 50 

%. The content has been certainly reduced but the percentage, 34 % in this example, 

depends upon the relationship between coding rates and filtering levels. This 

correspondence has been previously provided in Table 3.1.  

In case the number of media streams , ( )PN tα  contained in the Premium class traffic 

flows, is equal or higher than the number of streams , ( )EN tα  included in the Economy 

class traffic flows, both functions (10) and (11) cannot guarantee that the filtering 
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reduction , ( )PD t tα + ∆  for Premium class flows will be lower than the reduction 

, ( )ED t tα + ∆  for the Economy class flows. The function DF  assures that this condition is 

always respected. 

The last term of the objective function, F∆ , ensures that the transfer delay of each 

traffic flow is not violated. It is assumed that each class-based queue can be modeled as a 

simple M/M/1 queuing system. Hence, queuing and transmission delay are calculated 

based upon this approximation. The total transfer delay of a traffic flow for a downstream 

link can be written as  

, ,
, , , ,

1( ) ( ) ( ) ( ) ( )( ) ( ) E E P Pav

t t N t CR t t N t CR t tw t t C t
L L

α β α β
α α α αα

δ∆ + ∆ = +
⋅ + ∆ + ⋅ + ∆+ ∆ ⋅

−
 

(14) 

where ,α βδ  represents the filtering delay that could be introduced by the filter while 

L  is the average length of media packets. The value of the filtering delay depends on the 

choice of coding rates and coding formats of the input and output traffic flows. If both 

coding formats and coding rates of input and output traffic flows change, a transcoding 

delay 2δ  is introduced. In case, only coding rates change, a lower filtering delay 1δ  is 

considered. No filtering delay is added when input traffic parameters are maintained. This 

delay can be represented as follows: 

2 , , , ,

, 1 , , , ,

, , , ,

, [ , ] ( ) [ , ] ( )
, [ ] ( ) [ ] ( ),[ ] ( ) [ ] ( )

0, [ , ] ( ) [ , ] ( ).

in out

in out in out

in out

if CR CF t CR CF t t
if CR t CR t t CF t CF t t
if CR CF t CR CF t t

α β α β α β α β

α β α β α β α β α β

α β α β α β α β

δ
δ δ

≠ + ∆⎧
⎪= ≠ + ∆ = + ∆⎨
⎪ = + ∆⎩

 

(15)       

The delay function is given by 
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,

, , ,
w

s v d P E

F F Fα β

α β
∆ ∆

= =

= ⋅ ∏ ∏  

(16)                             

              

         

 
Fig. 4.4 Multi-objective function components 

 
 

The function ,Fα β
∆  guarantees that the transfer delay of each traffic flow is 

maintained within pre-defined constraints while the function wF  ensures that the 

constriction a) for the queuing weights is always satisfied 

min max
, , , ,1 ( )

0
if t t

F
otherwise

α β α β α β α β
∆

⎧ ∆ ≤ ∆ + ∆ ≤ ∆
= ⎨
⎩
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(17) 

, ,

1, ( ) 1

0, .
s v dw

if w t t
F

otherwise

α
α=

⎧
+ ∆ =⎪= ⎨

⎪
⎩

∑  

(18) 

Fig. 4.4 is a graphical representation of the multi-objective components defined 

above.  The next two sections, first, provide an overview of techniques that can be used 

to solve a generic optimization problem, then, present the details of the technique chosen 

in order to optimize our specific function: Genetic Algorithms (GAs). 

4.3 Overview of Search Techniques 

An optimization problem can be solved analytically or by using search techniques. 

Using Analytic Approaches, optimal solutions can be found by differentiating the 

objective function with respect to each variable. Hence, these techniques are not suitable 

in our case since the objective function the product of step functions that are not 

differentiable. Considering search techniques, many methods are found: Hill Climbing, 

Enumerative, Random Search Algorithms and Randomized Search Techniques. Hill 

Climbing finds an optimum solution by following the local gradient of the function. They 

are deterministic and assume that the problem space being searched is continuous in 

nature. This is not true in our problem because the problem space is discontinuous and 

non-unique. Moreover, they only find the local optimum in the neighborhood because 

they rely on a single point to search throughout the space. Enumerative methods consist 

of looking at the function values at every point in the solution space but if this is large, 

the computational task becomes massive and sometimes intractable. Random Search 
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Algorithms only perform random walks, recording the best optimum values discovered so 

far. They do not use knowledge gained from previous results and thus do not learn. On 

the contrary, Genetic Algorithms (GAs) that belong to the last cited search method, use 

random choices to guide themselves but these are not directionless.  They use knowledge 

gained by the previous results, combining them with randomizing features. They also 

look at many different areas of the problem space at once by generating systematically a 

population of points instead of a single one. Therefore, they are more efficient to solve 

non-unique and multimodal search spaces. GAs have been used to address diverse 

practical optimization problems related to dynamic resource management, see [55] and  

[56]. 

4.4  Genetic Algorithms (GA) Details 

The Genetic Algorithms (GAs) are utilized in order to solve the optimization 

problem described in Section 4.2. As described in [57], the use and implementation of a 

GA requires the determination of the six main components described in the following 

sub-sections. 

4.4.1 Chromosome Representation 

Each chromosome is a way of representing the variable(s) in the function to be 

optimized. It is a string made up of a sequence of genes from a certain alphabet. An 

alphabet could consist of binary digits, floating point numbers, integers, symbols, etc.  

In our optimization problem, the chromosome is a vector whose elements are simply 

the queueing weights ( )w t  and the quality levels ,( ) ( )outq tα β  of the output traffic flow 

,[ ] ( )outT tα β . The queueing weights, which range from zero to one, are represented by a 
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floating point notation with accuracy of 10-4 whereas the quality levels are represented by 

integers.  

4.4.2 Initialization 

The GA starts to operate on an initial population of chromosomes, and thereafter 

generates better ones to find the best solution. The most common method is to randomly 

generate chromosomes for the entire population. However, since GAs can iteratively 

improve existing solutions, the beginning population can be seeded potentially good 

solutions.  

In our problem, if the number of traffic flows is high, the solution space of the 

optimization problem contains many areas where the value of the objective function is 

zero (no solution). This is due to several constraints taken into consideration in the 

optimization problem and the numerous allowable combinations of the weights. The 

queueing weights range between 0 and 1 with a floating-point accuracy of 10-4. To 

prevent the GA from being trapped in these areas, it is generated an initial population 

with some possible solutions that include appropriate combinations of the weights. The 

initial population consists of chromosomes 

 , , , , , ,[ ]s P v P d P s E v E d E s v df f f f f f w w w  

(19) 

that include all the possible combinations of filtering levels (46 = 4096) 

, {2,5,6,7}s Pf ∈ , , {2,4,5,6}v Pf ∈ , , {3,4,5,6}d Pf ∈ , , {1,2,3,4}s Ef ∈ , , {1,2,3,4}v Ef ∈ , 

, {1,2,3,4}d Ef ∈ , with appropriate choices for the weights as follows: 
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(20)                            

where , ,
, , ,

tot
s v d P E

R N CRα β α β
α β= =

= ⋅∑ ∑  

By this initial population, the possibilities of obtaining no solutions (objective 

function zero) are reduced in case the number of flows ,Nα β  is high and some solution 

exists, simultaneously. 

4.4.3 Selection or Reproduction 

The selection of chromosomes to produce successive generations plays an important 

role in the genetic algorithm. A probabilistic selection is performed based upon the 

individual's fitness such that the better individuals have an increased chance to be chosen. 

To solve our optimization problem, normalized geometric selection [62] is used. 

4.4.4 Genetic Operators 

Genetic operators provide the basic search mechanism of the GA. The operators are 

used to create new chromosomes based on existing solutions in the population. There are 

two basic types of operators: crossover, and mutation. Crossover takes two chromosomes 

and produces two new ones by partially exchanging information between them using 

cross site at random. Mutation alters one chromosome by changing the value of a string 

position.  
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In our problem, a combination of arithmetic, heuristic, and simple crossovers is used. 

A combination of uniform and not uniform mutations is utilized [62].   

4.4.5 Evaluation 

Each chromosome is evaluated to obtain its fitness score. The fitness function 

evaluates the closeness of a certain chromosome to the optimum solution. This function 

should be carefully designed to describe the optimization problem.  

In our problem, the evaluation function is given by the optimization function defined 

in (7). 

4.4.6 Termination 

The GA moves from generation to generation selecting and reproducing 

chromosomes until a termination criterion is met.  

   To solve the optimization problem in Section 4.2, two strategies are used in 

conjunction with each other: convergence and time-out criteria. The convergence 

criterion is applied when there is a lack of improvement in the best solution over a 

specified number of generations. Time out case happens when a maximum number of 

generations are reached. This corresponds to a maximum control period allotted to GA to 

solve the optimization problem. 

4.4.7 Mechanics of Genetic Algorithms 

The mechanics of a simple genetic algorithm are summarized in the following 

procedure: 

1. Initialize a population of chromosomes. (Initialization) 

2. Evaluate each chromosome in the population. (Evaluation) 
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3. Select parent chromosomes probabilistically according to their fitness. (Selection) 

4. Create new chromosomes by mating parent ones; apply mutation and 

recombination as the parent chromosome mate. (Genetic operators) 

5. Evaluate the new chromosomes using the designated fitness function. (Evaluation) 

6. Delete old weak members of the population to make room for the new strong 

chromosomes. (Selection) 

7. If time is up, or convergence is achieved, stop and return the best chromosome; 

otherwise go back to step 4 (Termination) 

In our case, the operations of GA are illustrated in Fig. 4.5.  

Initialize a population
of chromosomes

Evaluate 
chromosome

Get population
statistics

Convergence
Or 

Time-out

Generate new
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Mutation,

Crossover,
Reproduction

Extract strongest 
chromosome
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Engine
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,

min
, , βαβα ∆∆),(][ , tq inβα ,( ), ( ),avC t N tα β

)(][ , tq outβα )(tw

)(][ , ttq out ∆+βα )( ttw ∆+

 
Fig. 4.5  Genetic Algorithm block diagram 

 
 

Once the stopping criterion is reached, the algorithm sends new values to the filter 

,[ ] ( )outq t t+ ∆α β  and to the queue ( )w t t+ ∆ . These are the values that have maximized the 

objective function. They are maintained for the duration of one control period until a new 
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cycle is ended. The filtering action and consequently the content reduction are applied to 

the traffic flows whenever the value of the output filtering level ,[ ] ( )outq t t+ ∆α β  is 

different from that of the input ,[ ] ( )inq tα β .In the meantime, a new solution is also being 

used to initialize part of the initial population at the next control period. This feedback is 

performed to ensure that solutions are held in case there is no change in the input 

parameters. 

4.5 A Revenue Model and Pricing Mechanisms 

This section describes the revenue model and the pricing policies used to evaluate 

the total revenues gained by the service provider. From a user perspective, it is important 

that all the QoS requirements of the media streams are satisfied, and a preferential 

treatment is provided to the users that pay more. From a service provider perspective, it is 

important that the links’ throughput and the total revenues are maximized.  

In computing the revenues, first, the issue of pricing [58] must be taken into account. 

Among the pricing policies [59], flat rate pricing is the most common mode of payment 

today for bandwidth services, due to its simplicity and cost-effectiveness for the user. 

Although flat rate pricing is advantageous to subscribers, it does not offer any 

motivations for users to adjust their services’ demands. On the other hand, usage-based 

pricing regulates usage by imposing a fee based on the amount of data actually sent. 

These two pricing mechanisms are static because prices are independent of current state 

or condition of the network. A pricing policy may be also dynamic in the sense that 

prices vary as a result of network’s load, and congestion status.  
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In this thesis, the pricing mechanism is based on the amount of traffic downloaded, 

similar to the usage-based pricing mechanisms, but it also depends on the class of users 

requesting the service [60], and the current format assigned by the filter to the media, 

similarly to a dynamic pricing mechanism. In fact, since the filters are capable of 

reducing the levels of quality of media streams, by changing their coding formats 

according to the dynamic conditions of the network, the pricing mechanism will take into 

account a decrease in the tariff when this event occurs. A price differentiation per class of 

users is also necessary because filters provide a privileged treatment to the media streams 

downloaded by users who receive higher levels of quality.  

In essence, the proposed pricing mechanism takes into account different factors such 

as the class of users requesting the service, the bit rates and the types of format at which 

media streams are downloaded. The following simple revenue model [61] is used: 

, , ,
, , ,

.
s v d P E

N T CRα β α β α β
α β= =

Φ = ⋅ ⋅∑ ∑  

(21)                             

The revenue measure Φ  describes the total revenues generated due to the traffic 

downloaded by both Premium and Economy class users during a control period. In this 

model, ,PTα  and  ,ETα  are the tariffs that Premium and Economy class users pay during a 

control period ( )t∆  in order to download each type of media stream with filtering level 

,qα β , coding rate ,CRα β , and coding format ,CFα β . Without loss of generality, the tariffs 

in a control period are assumed to be expressed in dollars/Mbps. In the following, it is 

defined a pricing strategy in three different scenarios.  
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 In scenario 1, the tariff for Premium class users depends upon the selected filtering 

levels (see Table 4.1) assigned to the downloaded media streams. On the other hand, the 

tariff for Economy class users does not depend on the choice of the filtering levels but 

only on the amount of traffic downloaded as follows: 

,
,

0.20 $ / , 4
0.15 $ / , ,

P
P

Mbps q
T

Mbps otherwise
α

α

>⎧
= ⎨
⎩

 

(22) 

, ,0.10 $ / , .E ET Mbps qα α= ∀  

(23)    

In scenario 2, the tariffs for both Premium and Economy class users depend on the 

amount of traffic downloaded and on the filtering levels of the downloaded media 

streams as follows:                                                                   

,
,

0.20 $ / , 4
0.10 $ / , ,

P
P

Mbps q
T

Mbps otherwise
α

α

>⎧
= ⎨
⎩

 

(24)                             

, , ,
,

0.10 $ / , 2; 2; 2
0.05 $ / , .

s E v E d E
E

Mbps q q q
T

Mbps otherwiseα

≥ ≥ >⎧
= ⎨
⎩

 

(25)                             

Finally, in scenario 3, the tariffs for both Premium and Economy class users do not 

depend neither on the filtering levels of the downloaded media streams, nor on the class 

of services, but only on the amount of traffic downloaded as follows: 

, ,0.10 $ / , .P PT Mbps qα α= ∀  
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(26) 

, ,0.10 $ / , .E ET Mbps qα α= ∀  

(27)                             

Scenario 3 represents a pure usage-based pricing mechanism whereas, scenarios 1 

and 2 include also a price differentiation based upon the different classes of users as well 

as the actual filtering levels of the media streams.  In scenarios 1 and 2, Premium class 

users pay a higher tariff because the filter provides a preferential treatment to their media 

streams over those directed to Economy class users.  

4.6 Core Network Node Simulator 

This section explains the simulations experiments that have been carried out to 

evaluate the performance of the proposed algorithm for a node (SGSN) of the core 

network. It is assumed that the core network contains three nodes (routers), i.e., two hops. 

The filtering delays and the packet transfer delay constraints, which are considered for 

each traffic flow, are provided in Table 4.1. The transfer delay constraints for each traffic 

flow are obtained by dividing the maximum packet transfer delay in the core network 

(Table 4.2) by the number of hops.  

The simulator emulates a core network node (SGSN) with a 15 Mbps output link 

where multimedia contents are downloaded. It is written in Matlab and the Genetic 

Algorithm optimization tool (Gaot), which is described in [62], is used to solve the 

optimization problem. The maximum time ( )t∆  allotted to GA to solve the optimization 

problem is fixed to 1 sec. In fact, the genetic algorithm takes less than this maximum 

period to satisfy the convergence criterion.  
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Table 4.2  Transfer delay constraints and filtering delays for each class of service or traffic flow in 
the core network 

 Conversational  
Class of service  

Streaming 
class of service 

Interactive 
class of service 

Traffic flows Voice Video Data 
Delay characteristics strict and low Bounded Tolerable 

Transfer delay constraints (0 ms, 10 ms) (0 ms , 15 ms) (0 ms , 40 ms) 
Maximum transfer delay in the Core 

Network 
 

20 ms  
 

30 ms   
 

80 ms  
 

Filtering delays δ1=5 ms, 
∆ 2=9 ms 

δ1=5 ms,  
δ2=9 ms 

δ1=5 ms,  
δ2=9 ms 

 
 

To simplify the simulations, it is assumed that each of the incoming traffic flows is 

associated with the highest quality level described in Table 4.1.  

filter Queuing
system

Queuing
system

filter
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functions

Resource Manager Engine

Routing
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Queuing
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Resource Manager Engine

Input Ports
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Core Network
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Core Network
Node

CASE A

CASE B
 

Fig. 4.6 Architecture of a node without filter (Case A) and a node with filter (Case B) 
 
 

The quality levels of the incoming traffic flows are fixed for our simulations, though 

in general these could be time-dependant. Moreover, it is considered an average packet 

length of L=1000 bits for all different traffic flows even if the packet size depends on the 

type of traffic flows. Voice and video traffic sources generate streams with a constant bit-
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rate that corresponds to the highest coding rates in Table 4.1. For example, voice traffic 

streams of Premium class users are generated with a constant bit rate of 24 kbps. Video 

traffic streams of Premium class users are generated with a constant bit rate of 512 kbps. 

Data traffic flows are modeled according to a Poisson distribution with an average rate 

corresponding to the highest coding rate in Table 4.1. To test the algorithm, a single node 

case without filtering (Case A), is compared with another with filtering (Case B), see the 

architecture in Fig. 4.6. In the following sections, different experiments are provided to 

study the aspects and features of the proposed algorithm in different scenarios.  

4.7 Experiment 1 

In this experiment, each user requests a multimedia call containing all types of 

media: voice, video and data. First, the link is gradually loaded with only Premium class 

calls until the last user is blocked. Then, this experiment is repeated taking into 

consideration all possible combinations of Premium and Economy class users. Each 

simulation continues until the last user is blocked. This happens when the QoS 

requirements are violated. Performance parameters of interest include system capacity 

(maximum number of users that can download content via the tested link), the links’ 

utilization, transfer delay of each traffic flow, and the average filtering reduction in the 

quality (coding rates and formats) of the media content for the traffic flows downloaded 

by the Premium and Economy class users.  

4.7.1 System Capacity 

This sub-section evaluates the effectiveness of the proposed algorithm to enhance the 

capacity of the core network in terms of the maximum number of users that could be 
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admitted to download multimedia content via the tested link without violating the pre-

defined QoS requirements. The results are shown in Fig. 4.7.  

 
Fig. 4.7 Admission region of Premium and Economy class users 

 
 

Without filtering, the total number of acceptable combinations of Economy and 

Premium class users is 700; whereas with filtering it increases by a factor of 20 to about 

14000. Clearly, there is a major gain in terms of increasing the network capacity. For 

example, the maximum number of Economy class users has increased from 73 to 242, 

almost a 200% improvement. Similarly, the maximum number of Premium class users 

has increased from 18 to about 120, another impressive 500% gain. This is achieved 

without violating the pre-defined constraints of transfer delay, as well as maximizing the 

link utilization. These results are shown in the next two sub-sections. 

4.7.2 Link Capacity Utilization 

Fig. 4.8 compares the utilization of the available capacity avC  of the link for all 

admissible combinations of users. In a node without filters, case A, neither the coding 

rates nor the format of the media could be altered. In case B, the filter can alter the bit-
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rate that is requested to download each traffic flow. Values for capacity utilization are 

shown in detail in Fig. 4.9.  

 
Fig. 4.8  Capacity utilization against admitted users for a node without filters (Case A) and a node 

with filters (Case B) 
 
 

 
Fig. 4.9  Capacity utilization versus admitted users  

(50% Premium class, 50% Economy class). 
 

 
This graph is a cross section of the 3D graphs shown in Fig. 4.8, and shows the 

capacity utilization against the number of users when the percentage of Premium and 
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Economy class admitted users is maintained equally at 50% each. Up to 28 users, the 

available capacity is enough to support the requested bit-rates of all downloaded traffic 

flows without filtering. As the system overloads, only the filtering case can support the 

users while maintaining high utilization, and without violating the delay constraints. 

4.7.3 Packet Transfer Delay  

The values of the transfer delays of each traffic flow (voice, video, and data) are 

provided in Fig. 4.10.  

 
Fig. 4.10  Transfer delay for Premium and Economy class traffic flows (voice, video, and data) 

against admitted users (50% Premium class, 50% Economy class). 
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In the graph, the percentage of Premium and Economy class users is still maintained 

at 50% each, as in Fig. 4.9. For a node with filtering, the transfer delays for both 

Premium and Economy class traffic flows are depicted. Note that since different filtering 

actions are taken on Premium and Economy traffic flows, the filtering delays and 

consequently the transfer delays for the traffic flows are different. In the range of users 

(up to 28), the transfer delay of all traffic flows is maintained within the pre-defined 

constraints. As the system overloads, the filter starts to reduce the coding rates of some 

media types. This action is performed to avoid violating the pre-defined delay constraints 

(Fig. 4.10). In case of a node without filtering, the additional users are admitted because 

there is enough bandwidth but delay constraints are no longer respected although the 

capacity utilization continues to increase (Fig. 4.9). Hence, the impact of that is that the 

users will perceive “slower” downloads. On the other hand, the filter manages to satisfy 

the pre-defined constraints of each traffic flow (10ms for voice, 15ms for video, and 

40ms for data) at the price of decreasing the amount of data to be transferred.  

4.7.4 Quality Levels Reduction  

In order to evaluate the effect of the filtering actions taken by the filter on the 

Premium and Economy class traffic flows, an Average Filtering Reduction Level for 

Premium and Economy traffic flows is defined. The filtering reduction is calculated by 

averaging the function in equation (13) with respect to all types of media. This is 

provided in the following equation: 

 ,
, ,

1 .
3 s v d

D Dβ α β
α=

= ⋅ ∑  

(28)                           
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Fig. 4.11 shows the impact of the reduction in the filtering levels (or coding rates) on 

different traffic flows in three distinct scenarios.  

 
Fig. 4.11  Average filtering reduction level for Premium and Economy class traffic flows versus 

admitted users. 
 
 

In each one, different percentages of Premium and Economy class users are used. In 

all scenarios, the rate reduction for Premium class traffic flows is always less than that of 

the Economy ones. The maximum value of the reduction for traffic belonging to 

Premium users is 40%, whereas for Economy class users this value is 75%. An average 

reduction of 75% for Economy class users means that those users will have all three 

media streams with the filtering level equal to one, which corresponds to the their 

minimum guaranteed coding rates. Furthermore, as this thesis mentioned in Section 4.2, 

the filtering reduction is not directly proportional to the content reduction. In this case, if 

the filtering levels are replaced by the coding rates in equations (13) and (28), an average 
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reduction of 73% for the multimedia content is obtained. For Premium class users, an 

average filtering reduction of 40% means that there will be approximately 55% of content 

reduction. In this case, the filtering level for voice streams is seven, for video streams is 

two, whereas for data streams is three. If the percentage of Premium class users is lower 

than the percentage of Economy class users, functions (10) and (11) work well in term of 

degrading the coding rates of the Economy class traffic flows much more than Premium 

class flows, and function (12) is not in effect within the optimization function (7). This 

means that, in this case, the filtering reduction for Premium and Economy class users 

would be still the same whether the function (12) was included in the optimization 

function or not. If the percentage of Premium class users increases, the filtering 

degradation for both Premium and Economy class traffic flows becomes much closer. 

Hence, function (12) tends to play a more significant factor in the optimization function. 

In fact, as this thesis indicated in Section 4.2, if the number of media streams contained in 

the Premium class traffic flows is equal or higher than the number of streams included in 

the Economy class traffic flows, function (12) assures that the filtering reduction for 

Premium class flows will be lower than that of the Economy class flows. The results in 

Fig. 4.11 confirm that function (12) is in effect in the case when the number of Premium 

class users is 50% or 90%. In fact, without this function the degradation in the Premium 

class users could not be maintained lower than that of the Economy class users. 

Accordingly, the optimization function (7) works better in case the number of Premium 

class users is lower than Economy class users. This situation is represented in the first 

graph of Fig. 4.11 where 10% of Premium and 90% of Economy class users are admitted.  
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All results presented in Fig. 4.11 show the average filtering reduction of traffic flows 

versus the increasing number of Premium and Economy class users. A different way to 

evaluate the effect of the filtering actions is to graph the average filtering reduction of the 

traffic flows versus the increasing percentages of Premium or Economy class users. 

Fig. 4.12 and Fig. 4.13 represent the filtering reduction for Premium and Economy 

traffic flows versus different percentages of Premium and Economy class users when a 

fixed total number of traffic flows is loaded in the tested link. In Fig. 4.12, the total 

number of traffic flows is set to 24, 30, and 40, whereas in Fig. 4.13 the number of flows 

is fixed to 60 and 100. As expected, in all scenarios the filtering reduction of Premium 

class traffic flows is always maintained lower than Economy class ones. Moreover, in all 

scenarios the filtering reduction of both traffic flows increases as the percentage of 

Premium class users that are admitted increases.   

 
Fig. 4.12  Average filtering reduction for Premium and Economy traffic flows versus percentages of 

Premium and Economy class users with a fixed number of flows (24, 30, and 40) for a node with 
filters. 

 

Total number of flows: 24

Total number of flows: 30

Total number of flows: 40

Percentages of Premium class users %

Percentages of Premium class users %

Percentages of Premium class users %
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Fig. 4.13  Average filtering reduction for Premium and Economy traffic flows versus percentages of 
Premium and Economy class users with a fixed number of flows (60 and 100) for a node with filters.   

 
 

If the total number of traffic flows increases (e.g., from 24 to 100 flows), the filtering 

reduction of traffic flows is activated when lower percentages of Premium class users are 

admitted (e.g., from 65% to 5%). To illustrate, if 24 traffic flows are loaded in the link, 

the filtering reduction of Premium traffic flows begins when 65% of Premium class users 

are admitted (about 16 Premium class traffic flows out of 24 total flows). On the 

contrary, if 100 traffic flows are loaded, the filtering reduction begins when 5% of 

Premium class users are admitted (5 Premium class traffic flows out of 100 total flows).  

Finally, when the percentage of Premium class users is low the filtering reduction for 

Economy class traffic flows is much more than that of Premium class ones. On the 

contrary, as the percentage of Premium class users increases the filtering reduction for 

Premium and Economy class traffic flows tends to be closer.  

Percentages of Premium class users %

Total number of flows: 60

Total number of flows: 100

Percentages of Premium class users %
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4.7.5 Selection of Coding Rates  

If the quality levels of traffic flows are reduced, the coding rates of the media 

included in the traffic flows are lowered, accordingly. This sub-section shows how the 

coding rates of traffic flows that include all types (voice, video, and data) of media are 

lowered.  

Fig. 4.14 shows the coding rate values for all types of Premium and Economy traffic 

flows versus the number of users.  

 
Fig. 4.14  Coding rate for Premium and Economy class traffic flows against total admitted users 

(10% Premium, 90% Economy). 
 
 

    The percentages of Premium and Economy class users are fixed to 10% and 90%, 

respectively, because this scenario can be considered as the most realistic case. As shown 

in Fig. 4.14, for small traffic-loads all types of media streams included in both Premium 

and Economy traffic flows can be downloaded at the highest possible coding rates. 
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Premium class users can download video streams at a coding rate of 512 kbps, data 

streams at a rate of 256 kbps and voice streams at a rate of 24 kbps. For a node without 

filtering, the coding rates are fixed and only 4 Premium class users can be admitted. With 

filtering, however, up to 10 Premium users can download video streams at the highest 

coding rate. In case of data streams, up to 16 users can download text and still images at 

the maximum coding rate. The coding rate of voice streams is decreased at a lesser rate 

than that of the other streams. This is because the QoS requirement for the transfer delay 

of voice streams is very close to the value of the filtering delay. When the filtering delay 

is added to the queuing and transmission delays, the resultant total transfer delay is often 

higher than the QoS requirement for maximum tolerable transfer delay, thus the filtering 

action on the voice streams is not allowed by the algorithm. 

In order to maintain the highest possible coding rates to the Premium class users, 

Economy traffic flows have to be degraded not just more frequently, but also more 

aggressively. However, in case a small number of users are admitted and the percentage 

of Economy class users is much larger than the percentage of Premium class users, the 

coding rate reduction for each Economy class user will not be so aggressive because it 

can be distributed fairly among a larger number of Economy class users in comparison 

with the small percentage of actual Premium class users. If more users are admitted, 

Premium class users, also, will start to observe a decrease in the quality of their media 

because the available capacity will not be enough to satisfy the highest coding rates. At 

the same time, Economy traffic flows will start to be more intensively degraded. A 

network operator may decide to operate the optimization function such that the number of 

admitted users is less than what is actually possible. This mode of operation will limit the 
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maximum percentage of degradation that the users will see. This is an important trade-off 

between revenues (maximum number of admitted subscribers) and users’ satisfaction 

with the service provided.   

4.7.6 Transcoding Activation 

According to the proposed filtering approach, the filtering operation is performed via 

a two steps approach: first, the coding rate of the traffic flows is reduced without 

transcoding; and then, “if necessary”, the coding rate is further reduced via transcoding. 

As mentioned, the transcoding operation determines the change of the coding format for 

the media included in the traffic flow. This sub-section examines the transcoding 

activation. Fig. 4.15 shows the offered traffic-loads that trigger the activation of rate 

reduction via transcoding.  

 
Fig. 4.15  Transcoding activation against total admitted users  

(10% Premium class, 90% Economy class). 
 
 

The same scenario (10% Premium and 90% Economy class users) as in the previous 

sub-section is evaluated. Clearly, transcoding is activated only at high traffic-loads (100 

users and above is the equivalent to more than 90% utilization).  
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Results in the next experiments (see Section 4.8.2) will show that the most favorable 

operating region of the provider has a maximum of 100 users due to the saturation of 

revenues. Hence, transcoding would be rarely activated inside the core network; whereas, 

it would be more activated in the RNCs (see Section 5.7.4) due to the fact that the radio 

channel impairments and users’ mobility could lead to episodes where the capacity of the 

channel would drop suddenly, thus causing congestion and consequently activation of the 

transcoding. 

4.8 Experiment 2 

In this experiment, each user requests a multimedia call containing all types of 

media: voice, video and data. The link is first loaded with only Premium class calls 

(traffic flows). For each number of admitted calls, the total revenues, gained on average 

in a control period, are computed using the revenue model in Section 4.5. The simulation 

continues as the revenues calculated, via admitting new calls, keep increasing.  This 

experiment is, then, repeated taking into account fixed percentages of Premium and 

Economy class calls until the link is loaded with only Economy class calls. For each 

percentage of Premium and Economy class calls, the simulation continues by admitting 

new calls, until the revenues stop increasing. This means that, in each simulation, 

additional users are not accepted if the revenues gained by admitting those users do not 

improve.  

For further discussions, the thesis considers a theoretical case of a node without 

filtering in which the link is completely loaded with Premium and Economy class calls 

and the ratio between the total coding rate assigned to download Premium and Economy 

class media streams is maintained about as 4 to 1. This ratio is calculated by using the 
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coding rates of the media streams in case no filtering is performed (see Table 4.1). The 

computation of the maximum revenues Φ  and the number of admitted Premium PN  and 

Economy EN  class users against the different percentages of Premium, Px , and 

Economy, Ex , class calls is achieved, for the theoretical case, by using the following 

equations (see Appendix A): 
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where . .
,

w f
PCRα , and . .

,
w f

ECRα  are the coding rates allocated to the Premium and 

Economy class calls, while . .
,

w f
PTα  and . .

,
w f

ETα  are the tariffs for Premium and Economy 

class users if no filtering is done.  

This experiment is performed to verify the effectiveness of the proposed algorithm to 

increase the revenues of the service provider by accommodating an increased number of 

admitted users. An interesting result to report is that the performance improvement of the 

system (measured by the gain in the number of admitted users at a certain utilization 
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factor) is not simply bounded by the maximum available link throughput. It is, rather, 

limited by the additional revenue gained by admitting more users. The increase in the 

revenue saturates at a certain offered traffic-load. Hence, it is not worth it, from a service 

provider perspective, to admit additional users above this traffic-load despite the fact that 

the filtering algorithm results indicate otherwise. This traffic load determines the most 

“favorable operating region” for both service provider and subscribers. Other 

performance parameters of interest include per user average costs for downloading media 

streams. All mentioned results are shown in the following sub-sections. 

4.8.1 Maximum Revenues and Operating Region 

The results for the maximum revenues and the maximum number of admitted users 

(calls), which maximize the revenues (operating region), versus different percentages of 

Economy and Premium class calls are shown in Fig. 4.16, and Fig. 4.17, respectively.  

 
Fig. 4.16  Maximum revenues generated, on average, in a control period against the percentages of 

Premium and Economy class calls for a node without filtering, for a theoretical case without filtering, 
and for a node with filtering (Tariffs in Scenario 1). 
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The revenues are calculated using the tariffs (22), and (23), defined in Section 4.5 for 

scenario 1. As shown in Fig. 4.16, the highest revenues of a provider ($ 2.85 for the node 

with or without filtering; $ 3 for the theoretical case) are achieved when the link capacity 

is completely loaded with Premium class calls. In this case, the maximum number of 

accepted Premium class users is 18 for the node with or without filtering, and 18.75 for 

the theoretical case (see Fig. 4.17). On the contrary, if only Economy class calls load the 

link the revenues are halved ($ 1.48 for the node with or without filtering; $ 1.5 for the 

theoretical case). The maximum number of Economy class users is 73 for the node with 

or without filtering, and 75 for the theoretical case.  

 
Fig. 4.17  Maximum number of admitted Premium and Economy class users against the percentages 
of Economy and Premium class calls for a node without filtering, a theoretical case without filtering, 

and a node with filtering. 
 
 

Hence, because of the differentiated pricing mechanism adopted in scenario 1, the 

revenues are higher when the capacity is allocated only to Premium class calls. 

Moreover, consider averaging the maximum revenues in Fig. 4.16 and the number of 
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admitted users in Fig. 4.17 with respect to the percentages of Premium and Economy 

class calls. Without filtering the resultant revenues would be $ 1.96 (the number of 

admitted users would be 32), whereas with filtering would increase to $ 2.36 (the number 

of admitted users would increase to 48), almost a 21% improvement (50% improvement 

in the number of admitted users). In the theoretical case, the resultant revenues would be 

$ 2.53, only 7% higher than those with filtering. 

As shown in Fig. 4.16, the maximum revenues in a node with filters are always 

higher than those without filtering if Economy and Premium class calls are loaded in the 

link. To understand how the filtering algorithm can increase the maximum revenues, Fig. 

4.16 is analyzed in three different regions. For higher percentages of Premium class calls 

(see Region 1 in Fig. 4.16), the revenues with filtering are higher because the capacity 

utilization is maintained higher through the filtering action as new calls are admitted. In 

fact, since Premium class calls consume a larger amount of bandwidth than Economy 

class ones (about 4 times more) it is difficult, without filtering, to load efficiently the link 

because additional Premium class calls cannot be admitted. To illustrate, consider the link 

loaded with 90% of Premium and 10% of Economy class calls. Without filtering, up to 9 

Premium and 1 Economy class users can be accepted (Fig. 4.17) and the maximum 

provider revenues are about $ 1.5 (Fig. 4.16). With filtering, up to 18 Premium and 2 

Economy class users could be admitted (Fig. 4.17) and the maximum revenues are 

increased almost to $ 2.5 (Fig. 4.16), that is a 67% improvement. With a node with 

filtering a larger capacity is utilized, leading to higher maximum revenues. 

If the percentage of Economy class calls is higher than that of Premium ones (see 

Region 2 in Fig. 4.16), higher maximum revenues are achieved because the filtering 
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reduction in the media of Premium class calls is much less than that of Economy ones. To 

illustrate, consider the link loaded with 80% of Economy and 20% of Economy class 

calls. Without filtering, only up to 28 Economy and 7 Premium class users can be 

accepted and the maximum revenues are about $ 1.69. With filtering, up to 48 Economy 

and 12 Premium class users could be admitted and the maximum revenues are increased 

to $ 2.26 that is a 34% improvement. This is due to the fact that, as the number of 

admitted calls increases, more bandwidth is allocated, through the filtering algorithm, to 

Premium class calls that are more lucrative for the provider.   

Finally, when the percentage of Economy class calls is higher than 78% (see Region 

2.1 in Fig. 4.16), the maximum revenues in the filtering case are not only higher than 

those for the node without filtering, but are also higher than those for the theoretical case. 

Considering a link loaded with 90% of Economy and 10% of Premium class calls, the 

maximum revenues are $ 1.44 without filtering, $ 1.95 in the theoretical case and $ 2.2 in 

the filtering case. In this case, by admitting additional users and providing a preferential 

treatment to the Premium class calls (the coding rates of Economy class calls are reduced 

much more than those of Premium class calls), the provider can obtain maximum 

revenues even higher than an ideal case in which the capacity utilization is 100%. 

4.8.2 Saturation of Revenues Gain 

This sub-section elaborates the limitations on the gain achieved by increasing 

revenues via admitting more users (calls). The simulation in this case is not stopped at the 

maximum value of the revenues but continues until the QoS requirements of each media 

streams are maintained within the pre-defined constrains. Fig. 4.18 represents the 

revenues gained by a provider versus an increasing number of calls in case the percentage 
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of Premium and Economy class calls is fixed to 10% and 90%, respectively.  This 

classification is chosen because it presents a realistic scenario in which most users are 

indeed Economy class subscribers. The graph is showed to compare the revenues of a 

provider for a node with and without filters when all different pricing mechanisms 

defined in Section 4.5 are applied. Using the tariffs (22), and (23), defined in scenario 1, 

and the tariffs (24), and (25), in scenario 2, the increase in the revenues ends at 100 calls, 

although the graph show that additional 120 calls could be admitted. When more than 

100 users download multimedia contents, the filtering algorithm maintains the QoS 

requirements but the revenues do not increase. Hence, there is no advantage for a service 

provider to admit any more users above this limit despite the fact the filtering algorithm 

would maintain the QoS parameters even for a larger number of calls.   

 
Fig. 4.18  Revenues generated on average in a control period versus  admitted calls (10% Premium 
class, 90% Economy class) for a node with filters (Tariffs in Scenarios 1 , 2 & 3) and a node without 

filters (Tariffs in Scenarios 1 & 2). 
 
 

For the filtering case and the tariff plan of scenario 1, the revenues reach $ 2.2 for 

100 users. However, the maximum revenues for the no filtering case are $ 1.4 at 
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approximately 40 calls, since the network cannot admit more than 40 users.  The revenue 

gain is approximately 50%, whereas the number of admitted users has more than 

doubled.  Hence, the range between 40 and 100 calls is a favorable operating region for 

both users and the operator. 

In this region, the revenues increase because the filtering levels of traffic flows 

directed to Premium class users, who pay a higher tariff than Economy class users in 

scenarios 1 and 2, are still not reduced or are reduced at a significant lesser rate than 

those of the flows directed to the Economy class users. As more than 100 calls are 

admitted, the filtering degradation of Premium and Economy class traffic increases, and 

the revenues, calculated with the pricing policy in scenarios 1 and 2, decreases.     

On the contrary, using the tariffs (26), and (27) in scenario 3, the revenue is 

maintained constant at $ 1.4 (the capacity utilization is 94%) when the filter is activated. 

This is due to the fact that Premium and Economy class users pay the same tariff for the 

traffic downloaded. Hence, if the provider defines an appropriate pricing policy that takes 

into account the different users’ demands and priorities, an additional revenue gain can be 

achieved by enabling the proposed filtering architecture. 

All results presented in Fig. 4.18 show the revenues versus the increasing number of 

Premium and Economy class calls. A different way to evaluate the saturation of the gain 

in the revenues is to graph the revenues versus the increasing percentages of Premium or 

Economy class calls. These results are obtained by loading the link with different 

percentages of Premium and Economy class calls while maintaining the number of total 

calls fixed. 
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Fig. 4.19 shows the saturation of revenues (five different scenarios) versus different 

percentages of Premium and Economy class calls when the total number of admitted calls 

is set to 24, 30, 40, 60, and 100. For each scenario, although the pre-defined QoS 

requirements of each call are maintained within the pre-defined constrains with the 

filtering algorithms, the revenues gain saturates when the percentage of admitted 

Premium class calls reaches a certain value. The revenues are calculated using the tariffs 

(22), and (23) in Section 4.5.  

 
Fig. 4.19 Revenues generated on average in a control period versus percentages of Premium and 

Economy class calls with a fixed number of total calls (24, 30, 40, 60, and 100) for a node with filters. 
 
 

As shown in Fig. 4.19, the revenues increase when higher percentages of Premium 

class calls are loaded until a certain value from which the revenues gain saturates. In this 

case, the revenues do not decrease as in Fig. 4.18, but tend to a stable value because the 

total number of calls is fixed.  

The percentage of Premium class calls in which the revenues gain starts to saturate is 

higher if the total number of calls is smaller. To illustrate, for a total number of 60 calls 
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the saturation in the revenues gain starts at 0.2% of Premium class calls, while for 24 

total calls starts at 0.6% of Premium ones. 

  4.8.2.1 Confidence Intervals 

   In order to prove that the shown results are reliable, confidence intervals were also 

calculated. The confidence intervals are computed for a confidence level of 99%. To 

illustrate, the thesis considers the revenues calculated in Fig. 4.19 for a total number of 40 

calls when 40%, 70%, and 90% of Premium class calls are loaded. For 40% of Premium 

class calls, the confidence intervals are 2.468 ± 0.062, while for 70% are 2.273 ± 0.034. 

Finally, for 90% of Premium class calls confidence intervals are 2.404 ± 1.034 1410−⋅ . 

Note that these intervals are calculated by iterating the simulation 100 times. The 

calculated confidence intervals indicate that the algorithm performs well in term of 

providing similar solutions in different iterations.  

4.8.3 Revenues per User 

This sub-section is focused on providing results on the revenues per users gained by 

the service provider. Fig. 4.20 represents the revenues versus an increasing number of 

calls in case the percentage of Premium and Economy class calls is fixed to 10% and 

90%, respectively. In scenarios 1 and 2 (see tariffs in Section 4.5), since the filtering 

levels of Premium class traffic flows are not reduced, Premium class users pay on 

average $ 0.16 during a control period. If more than 10 Premium class users are admitted, 

there is a significant decrease in the revenues per Premium class user, due to the filtering 

reduction (see Fig. 4.11). This leads to a reduction in the total revenues of the operator. 

On the other hand, the revenues per Economy class user are equal to $ 0.02 when the 

filter is still not activated (from 0 to 40 calls).  
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Fig. 4.20  Revenues per Premium and Economy class user on average in a control period versus 

admitted calls (10% Premium class, 90% Economy class) for a node with and a node without filters 
(Tariffs in Scenarios 1 & 2, Section 4.5). 

 
 

If the link becomes overloaded (more than 40 calls), the average filtering levels of 

Economy class traffic flows are reduced and the revenues per Economy class user are 

lowered. In the range between 40 and 100 calls, although the revenues per Economy class 

user decrease as more users are admitted, the revenues per Premium class user do not 

change, leading to an increase in the total revenues of the operator because Premium 

users pay a higher tariff. 

4.9 Experiment 3 

This experiment is considered in order to verify the performance of the optimization 

algorithm in terms of reducing the number of calls that can be dropped due to user 

mobility. The experiment is illustrated in Fig. 4.21. It is assumed that the SGSN has three 

output links in the downstream path. Each link is used for downloading content to a 

group of Premium and Economy mobile users in a specific coverage area. Each user 

requests a multimedia call containing all types of media: voice, video and data. The users 
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move between neighboring coverage areas (inter-RNC handover). Therefore, the number 

of calls loaded in each output link changes in time according to the current location of the 

users.  

When the users move to the next coverage area, their multimedia calls can be 

dropped if the available bandwidth is not enough to satisfy the constraints of the 

optimization function. In the experiment, it is assumed that the number of users that roam 

from one area to the next is modeled according to a Poisson distribution. In particular, 

Premium class users roam at an average rate of 0.1 users per second, while Economy 

class users roam at an average rate of 0.3 users per second.  

Link 3Link 2Link 1

SGSN

RNC 3RNC 2RNC 1

RNC = Radio Network Controller
CA = Coverage Area

CA 1

CA 2

CA 3

RBS

RBS = Radio Base Station
= Multimedia Adaptation Filter with Transcoding

SGSN = Serving GPRS Support Node
 

Fig. 4.21  Network architecture for inter-RNC handover 
 
 

It is assumed an initial number of users in each coverage area to be 40 users (4 

Premium, and 36 Economy). Our choice of users corresponds to a heavy traffic load (80 



 
 

 

85

 

%) in case without filtering and to a medium traffic load (40 %) in case with filtering. 

The simulation time was 2000 sec. 

4.9.1 Call Dropping Rate 

Fig. 4.22 shows the total number of calls currently loaded in the three links against 

the time, for a node with filtering and a node without filtering. As shown in the graph, 

some Premium and Economy class calls are dropped during the simulation time due to 

the users’ mobility. For a node without filters, 6 Premium and 68 Economy class calls are 

dropped. On the contrary, for a node with filters, only 1 Premium and 32 Economy class 

calls are dropped.  Hence, the filtering algorithm decreases the number of calls dropped 

when users roam from one area to another. Fig. 4.23 represents the call dropping rate for 

mobile users versus simulation time. 

 
Fig. 4.22  Total number of calls in the three links versus simulation time for a node with filtering and 

a node without filtering. 
 
 

Call dropping rate for Premium and Economy class users is always maintained lower 

in the case of a node with filtering than that for a node without filtering.  



 
 

 

86

 

 
Fig. 4.23  Call dropping rate of Premium and Economy class users versus simulation time for a node 

with filtering and a node without filtering. 
 
 

At the end of the simulation time, the call dropping rates for Premium and Economy 

users are 0.63% and 1.98% respectively, for a node without filtering. On the contrary, 

Premium and Economy class calls are dropped at rates of 0.09% and 0.91% respectively 

for a node with filtering. Hence, the filters in the core network reduce the probability of 

loosing multimedia services when users move between different radio network 

controllers (inter-RNC handovers). 

4.10 Experiment 4 

   The experiment is to calculate the call blocking rates for Premium and Economy 

class users and to study the impact of the control period on the performance of the 

algorithm. In this experiment, each user requests a call for downloading a single type of 

media. Therefore, voice, video and data calls are generated separately. All types of media 

calls are generated with the same percentage (33% voice, 33% video, and 33% data) 

according to a Poisson distribution. Moreover, the simulations have been performed 
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using 10% Premium class calls and 90% Economy class calls. This classification 

represents a realistic scenario in which most users are indeed Economy class subscribers. 

Each call lasts 10 minutes, whereas the control period is set to 1 sec. A new call is 

admitted if constraints a), b), c), and d), previously defined in Section 4.2, are satisfied 

for the existing calls as well as for the new ones. In the case that both Premium and 

Economy class calls arrive simultaneously, then the Premium class calls have a higher 

priority for admission. 

4.10.1 Call blocking rate 

Fig. 4.24 compares the call blocking rates between the case of no-filtering (Case A), 

and that with filtering (Case B).  

 
Fig. 4.24  Call blocking rate for Premium and Economy class users against call arrival rate. (10% 

Premium class, 90% Economy class). 
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As shown in the figure, call blocking rates are determined separately for each of the 

Premium and Economy class users against the call arrival rates (10% Premium class, 

90% Economy class). Two important results are obtained in this experiment. First, the 

call blocking rates for either the Premium or the Economy class users are lower in case B 

than those of case A. To illustrate, consider a target call blocking rate of 1% for Premium 

class users, the correspondent calls’ arrival rate is approximately 1.03 calls per second for 

the filtering case. At this arrival rate the call blocking rate for Premium class users, 

without filtering, rises approximately to 60%. Similarly, if it is considered a target call 

blocking rate of 5% for Economy class users, the correspondent calls’ arrival rate is 1.2 

calls per second with filtering. At this arrival rate the call blocking rate of Economy class 

users, without filtering, is more than 55%.  

Secondly, the call blocking rate of Premium class users is higher than that of the 

Economy class users in case A, while it is lower in case B. To illustrate, at an arrival rate 

of 1.1 calls per second, about 63% of Premium class calls and 53% of Economy class 

calls are blocked without filtering. With filtering, 1.7% of Premium class calls and 2.1% 

of Economy class calls are blocked. Therefore, filtering ensures that the call blocking rate 

for the Premium class users is indeed lower than that of the Economy class users.  In case 

of filtering, Premium class users will pay more for their service but their calls have a 

higher priority of admission over Economy class users. 

4.10.2 Impact of the Control Period  

Fig. 4.25 represents the call blocking rate with filtering for both Premium and 

Economy class users versus the control period ( )t∆ . To illustrate, the call blocking rate is 

calculated for an arrival rate of 1.1 calls per second. Fig. 4.25 indicates that the call 
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blocking rate of Premium class users decreases and the call blocking rate of Economy 

class users increases with the increase in the control period. For large control periods, the 

new arrival calls have to wait for the algorithm to solve the admission criteria in the next 

control period. During this interval, several Premium and Economy class calls can both 

request admission to the network. The probability to block Economy class calls is, of 

course, higher than that of the Premium class calls. For small control periods, the 

algorithm is activated more frequently and is thus able to solve the optimization problem 

in a more prompt fashion.  

 
Fig. 4.25  Call blocking rate for Premium and Economy class users against control period at an 

arrival rate of 1.1 calls per second. (10% Premium class, 90% Economy class). 
 
 

In this scenario, Premium class calls are blocked with higher percentages because 

some Economy class calls have been accepted in the previous control periods. 
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Chapter 5                                                       

A Filtering Algorithm in the Radio Access Network 

Nodes 

This chapter aims at constructing an adaptive algorithm that controls the multimedia 

adaptation filters located in the nodes of the radio access network. The chapter begins by 

presenting the functional model of the radio access network. This includes two main 

components: the filter, which is implemented at the output ports of each RNC, and the air 

interface rate schedulers, which are included in the base station and user equipments. 

Two different methods are, then, illustrated to allocate resources in the W-CDMA air 

interface: variable spreading factor and multi code. Following this, the multi-objective 

optimization function is defined, in order to control the actions of both the filter and the 

rate schedulers. The optimization function defined in the previous chapter (see Section 

4.2) is not appropriate to control the filters in the access nodes because it does not 

directly take into account the major features of the wireless environment (e.g., 

interference, shadowing, or attenuation) and is not able to select separately filtering 

parameters (the coding rates and formats) for the media streams downloaded to distinct 

users. In fact, in the radio access network, a traffic flow represents the media stream (e.g. 

voice or video or data streams) that is downloaded to a single user that has subscribed to 

a specific grade of service (Premium, or Economy). Therefore, a filter located in the 
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output ports of the access network nodes is able to manipulate in a different way the 

media streams directed to the mobile users.  

The last sections of the chapter are focused on describing the experiments that have 

been performed and the simulation results. A microcellular pedestrian model emulates the 

wireless environment. To test the algorithm, a radio network controller without filtering 

capabilities is compared with other with filtering.  

5.1 Radio Access Network with Filtering Capabilities 

This section presents the functional model of the radio access network with filtering 

capabilities. In the simplified network shown in Fig. 5.1, an RNC is connected to a 

reference base station BS0, and the kth mobile user is attached via an UE to the reference 

base station. Different traffic flows are downloaded from the RNC to the mobile users 

connected to BS0. To illustrate, the figure depicts the jth traffic flow [ ]jT , which 

contains the media α  ( { , , }s v dα ∈ ) downloaded via the base station BS0 to the kth user 

(k=1, 2, 3, …, N). Once all routing operations are performed within the RNC, the traffic 

flow [ ]jT is directed to the appropriate output port, which is connected to the base BS0. 

The port of the RNC connected to BS0 includes, mainly, the proposed filter, a Forward 

Error Control (FEC) block and a set of transmission buffers. The base station BS0 and 

the equipment of the kth user include rate schedulers for spreading and de-spreading 

operations and antennas for power transmission. The FEC block is used to introduce 

controlled redundancy in the original traffic flow in order to improve the reliability 

(target BER) of the wireless communication system.   
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The RNC, also, includes a Radio Resource Manager (RRM) that controls the 

operations of the filter and the assignment of the radio resources. In particular, the RRM 

is composed by two different modules: the control module and the data collection 

module. The control module instructs the filter to select specific filtering parameters 

(coding rate and format) for each downloaded traffic flow and, at the same time, manages 

the air interface resources by assigning spreading codes and transmitted powers to each 

user. The values of the parameters (e.g., selected coding rates, coding formats, spreading 

codes, and power levels) that are sent by the control module to control the filter and the 

rate schedulers are computed by optimizing our proposed multi-objective function that 

will be described in Section 5.1.  

Radio 
Network 

Controller

Multimedia 
Adaptation Filter

Transmission
Buffers

Base Station BS0

Radio resource Manager
Control Module

• Assignment of air interface bit-rates

• Decision of quality levels

• Adjustment of BS power levels

Media streams
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• Collect  media streams statistics

• Estimate buffers state

Data Collection Module

• Collect path losses measurements

= Data traffic

• Collect user defined profiles (UDP)

RRC =  Radio Resource Control
NBAP =  Node B Application Protocol
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Fig. 5.1 Radio access network with filtering capabilities 
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The information (e.g., traffic flows statistics, buffers state, path losses, and users’ 

defined profiles) needed to solve the optimization function is gathered by the data 

collection module. As shown in Fig. 5.1, the traffic flow directed to the output port [ ]j inT  

is associated with a filtering vector [ , , ]j j j inq CR CF . This information is gathered by the 

data collection module of the RRM. During a certain time, the filter manipulates the jth 

flow by assigning, if it is necessary, a new output vector 

[ , , ] [ , , ] .j j j in j j j outq CR CF q CR CF⇒  

(32) 

After the filtering operation, the coding rate of the output traffic flow [ ]j outT  is, then, 

further adjusted by adding redundant bits. The resultant traffic, which includes the 

redundant bits added by the FEC block, is denoted [ ]FEC
j outT . Since the FEC scheme is 

predefined and the number of redundant bits is fixed, the assignment of the coding rate 

( )j outCR  for each flow determines the channel coding rate ( )j outr  for the traffic [ ]FEC
j outT . 

The relationship between coding rate and channel coding rate is basically given by [63] 

( ) ( ) ( )j out j out
mCR r n m
n

= ⋅ >  

(33)      

where n-m represents the number of redundant bits added by the FEC block to each 

transmitted block n. Once redundant bits are added, packets are segmented into Transport 

Blocks (TBs) and loaded in the transmission buffers. If spreading codes and power levels 

are available, one or more TBs are then encapsulated in the radio frame and sent during a 

Time Transmission Interval (TTI) from the reference base station to the mobile user.  

Section 5.2 will explain how spreading codes and power levels can be assigned by the 
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radio resource manager in order to satisfy a targeted BER. The following sub-section 

shows a possible assignment of coding rates and formats for the media downloaded to 

Premium and Economy class users. 

5.1.1 A Possible Range of Quality Levels and Traffic Models   

The choice of a specific quality level with its corresponding coding rate, and type of 

coding format that can be chosen for the jth traffic flow depends on the type of media 

contained in the flow and the type of user to which the flow is directed. Table 5.1  shows 

a possible assignment of quality levels, coding rates, and formats for traffic flows 

downloaded to Premium and Economy class users via the radio access network.  

Table 5.1  Possible combinations of quality levels, coding rates and formats for different media of 
Premium and Economy class traffic flows downloaded via the radio access network 

Voice Video Data 

qj CRj 
(kbps) 

CFj
 qj

 CRj 
(kbps) 

CFj qj CRj 
(kbps) 

CFj 

Economy class flows 
1 0, 1.95 AMR 1 µ =16 

σ =1 
H.263 1 µ =8 GIF, 

XML 
2 0, 4.75 AMR 2 µ =32 

σ =2 
MPEG-4 2 µ =16 GIF, 

XML 
3 0. 7.95 AMR 3 µ =64 

σ =4 
MPEG-4 3 µ =32 GIF, 

XML 

4 0, 18.25 AMR-W 4 µ =128 
σ =8 

MPEG-4 4 µ =64 JPEG, 
XHTML 

Premium class flows 
2 0, 4.75 AMR 2 µ =32 

σ =2 
MPEG-4 2 µ =16 GIF, 

XML 
3 0. 7.95 AMR 3 µ =64 

σ =4 
MPEG-4 3 µ =32 GIF, 

XML 
4 0, 18.25 AMR-W 4 µ =128 

σ =8 
MPEG-4 4 µ =64 JPEG, 

XHTML 
5 0, 23.85 AMR-W 5 µ =256 

σ =16 
MPEG-4 5 µ =128 JPEG, 

XHTML 

 
 

This information defines the User Defined Profile (UDP) and is loaded in the data 

collection module (see Fig. 5.1) whenever a user initiates a call. As expected, mobile 
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users that subscribe to Premium class services receive multimedia content with a higher 

range of quality levels. As shown in the table, quality levels for the media directed to 

Economy class users range from 1 to 4, whereas those downloaded to Premium ones 

range from 2 to 5. It is assumed that each type (voice, video, and data) of traffic flow that 

is downloaded in the radio access network is generated according to a specific traffic 

model.  

The traffic generated for voice traffic flows is simulated according to the ON-OFF 

model [64]. In the ON state, traffic is produced at the peak rate of the codec; no traffic is 

generated in the OFF state. The time intervals (in Tvoice units = 20ms) spent in ON and 

OFF states are exponentially distributed with p and q mean residence times, respectively.  

The traffic generated for a video traffic flow is thought as the aggregated of M 

independent ON-OFF mini-sources [65]. A mini-source in the ON state produces traffic 

at the constant rate of V bit/s; no traffic is generated in the OFF state. The time intervals 

(in Tvideo units = 40 ms) spent in ON and OFF states are geometrically distributed with p 

and q mean residence times, respectively. Parameters p, q, and V of each mini-source are 

obtained as  

2

2

1 1
video

p
aT M

µ
σ

⎛ ⎞
= +⎜ ⎟

⎝ ⎠
 

       (34) 

2

2

1 1
video

Mq
aT

σ
µ

⎛ ⎞
= +⎜ ⎟

⎝ ⎠
 

       (35) 

2

V
M
µ σ

µ
= +  
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                    (36) 

Finally, a data traffic source oscillates between two possible states: packet call and 

reading time [66]. In the packet call state, a source produces a number of packets 

geometrically distributed with mean value Nd and the message inter-arrival time is 

geometrically distributed with mean value Tpk. In the reading time state (length 

geometrically distributed with mean value Treading), no traffic is generated. The source 

activity factor is: 

d pk

d pk reading

N T
N T T

φ =
+

 

       (37) 

Each message has a length in bytes lw_byte following a Pareto normal distribution with 

cut-off. The average packet length and coding rate are given respectively by 

_ _ min
_ _ min _ _ max

_ _ max
_ 1

w byte
sh w byte w byte

w byte
w byte

sh

l
l l

l
l

α

α

⎛ ⎞
⋅ − ⎜ ⎟⎜ ⎟

⎝ ⎠=
−

 

                                                                    (38) 

_8 w byte

pk

l
T

φ
µ =  

(39) 

where  shα  is denoted shape factor.  

Once a specific quality level is selected for the traffic flow to be downloaded, the 

traffic flow is generated according to the specific traffic model described above and the 

coding rate and coding format illustrated in Table 5.1.   
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To illustrate, if the quality level 4 is assigned for a voice traffic flow directed to 

Premium class users, the coding rate will oscillates between 23.85 kbps and zero and the 

format will be W-AMR. In case the filter scales the quality level from 4 to 3, the voice 

traffic flow will oscillates between 18.25 kbps and zero. In the same way, if the filter 

selects the quality level 3 for a video traffic flow downloaded to Economy class users, the 

coding rate will have an average rate and a standard deviation of 64 and 4 kbps, 

respectively. The format will be MPEG-4. 

5.2   Management of Air Interface Resources 

Since recent 3G partnership projects [66, 67] indicate that W-CDMA is the 

prevailing air interface in 3G radio access cellular networks, the attention of this thesis is 

focused on such wireless environment. In order to allocate radio resources, W-CDMA 

technology has basically two different possible options: variable spreading factor and 

multi code methods. Basically, the VSF method allows the allocation of one spreading 

code to each user, whereas the MC method permits the assignment of multiple codes to a 

single user. Both methods are illustrated in the following two sub-sections.  

The VSF method does not allow the allocation of different portions of bandwidth to 

distinct media downloaded to the same mobile user. However, since all simulations 

described in Section 5.6 are performed using the VSF method on the condition that each 

user download a single media (voice, video, or data users), this method is also described.  
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5.2.1   Variable Spreading Factor Option 

In this case, the kth user downloads the media (voice, video, or data) included in the 

traffic flow j. In downlink VSF CDMA, the received bit energy to noise density ratio 

(Eb/N0) for user k is given by [68] 

,0

0
,0 ,0 0 , ,

1
(1 )( )

k kb
kK

k
k tot k k tot n k n

n

P hE G
I P P h N W P hα

=

⎛ ⎞
=⎜ ⎟

⎝ ⎠ − − + +∑
 

                                           (40)                            

where k
k

WG
R

= is the spreading gain for user k, W is the system bandwidth while kR  

is the air interface bit-rate to the user k. The air interface bit-rate is defined as 

.
c

k
RR q

S F
=  

                    (41) 

where cR  is the chip rate ( cR  = 3.84 Mcps), S.F. is the spreading factor and q 

depends on the modulation used. Since in UMTS networks a QPSK modulation is used in 

downlink, q is equal to 2.  

The parameter ,k nh  represents the path loss including the shadowing effect from the 

base station BSn to user k, kα  is the orthogonality factor ( kα  = 1 is perfectly orthogonal), 

N0 is the background noise density, and K is the number of the neighboring cells 

interfering to the reference cell 0. Moreover, kP  and ,0totP  denote the required transmit 

power for user k and total transmission power from the reference cell BS0, respectively. 

The relationship between kP  and ,0totP  is given by 



 
 

 

99

 

,0
1

N

tot k
k

P P
=

=∑  

                    (42) 

 where N is the total number of users in the reference cell. It will be used kγ  to 

denote the required 
0 ,

b

req k

E
I

⎛ ⎞
⎜ ⎟
⎝ ⎠

level.  The other-cell interference factor is also defined as 

follows 

, ,

1 ,0 ,0

K
tot n k n

k
n tot k

P h
P h

λ
=

=∑  

       (43) 

It denotes the ratio of the inter-cell interference to the total power received from the 

own cell to user k. In this thesis, it is assumed that ,0totP  = ,tot nP  so that the inter-cell 

interference depends only on the path losses, including the shadowing effect.  

   In a W-CDMA system, power control is a fundamental way to reduce excessive 

inter and intra cell interferences and prolong battery life. As with most existing work, 

power control is assumed to be perfect: the assigned power to each user is adjusted to 

achieve exactly the required BER level. However, in practical systems, power control 

imperfections may occur and cause some misadjustment of received power.   

From Equation (40) (see Appendix B), the minimum transmitted power to user k, in 

case kγ  is respected, is [69]: 

0
,0

1 1,0 ,0

1

(1 ) 1 (1 )
1 (1 )

N N
k k

k k k k k k kN
k kk k

k k k
k

g N W gP h g
h hg = =

=

⎡ ⎤
= ⋅ − + + − − +⎢ ⎥

⎢ ⎥⎣ ⎦− − +
∑ ∑

∑
α λ α λ

α λ
 

                       (44) 
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where 
(1 )
k

k
k k k

g
G

γ
γ α

=
+ −

.  

The air interface bit-rate kR  is the bit-rate that is allocated to download traffic via the 

radio channel k. In UMTS networks, two types of air interface channels are defined in 

downlink: dedicated and shared. Dedicated channels, which have a fixed spreading 

factor, are utilized for non-bursty traffic such as audio and video applications or for large 

file transfer application. On the contrary, shared channels are utilized for bursty traffic 

such as web browsing since they have dynamically varying spreading factor that is 

informed to the terminal on a TTI basis.     

Since our objective is to effectively utilize the radio channel limited bandwidth by 

adapting the amount of traffic downloaded (i.e., selecting in every control period a 

specific level of quality), shared channels with variable spreading factors are utilized to 

download all types of traffic flows. The air interface bit-rate kR  and power levels kP  of 

the shared channels are allocated every control period ( t∆ ) so that the following 

constraints are satisfied: 

a) Throughput-based load factor: 
1

(1 ) 1
N

thr k k k
k

gη α λ
=

= − + <∑ ;                                                              

b) Power-based load factor: max,0

,0

1pow
tot

P
P

η = < ;                                                                                        

c) Number of available spreading codes: 
1

N

k c
k

R n R
=

≤ ⋅∑ .                                                                       

The control period defines the time period that is allotted to our proposed algorithm 

to find the values of bit rates and powers. It is composed by multiples TTIs. If the 

previous constraints cannot be satisfied for all radio channels, some user will not be 
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permitted to transmit information ( 0kR =  and 0kP = ) during that control period. 

Therefore, the RRM is in charge of deciding whether a specific user is allowed to 

transmit or not during this period and, in the former, which are the air interface bit rate 

(spreading factor) and power to be used for this transmission.  

In case the kth user is allowed to transmit, the air interface bit-rate can be chosen 

among a set of values as follows: 

min max .k k kR R R< <  

                        (45) 

The minimum air interface bit rate, min
kR , is 30kbps [26] and corresponds to a 

maximum spreading factor max
kSF  of 256. On the contrary, the maximum bit-rate max

kR  

( min
kSF ) depends on the type of traffic flow and the class of user to which the traffic is 

directed.  

       Table 5.2  Admissible range of air interface rates or spreading factors for each traffic flow 
        
 

Traffic flows 

Min Bit Rate (kbps) 
RMin 

Max Spreading Factor 
SFMax 

Max Bit Rate (kbps) 
RMax 

Min Spreading Factor 
SFMin 

Premium class voice traffic flow  R = 30, SF = 256 R = 120, SF = 64 
Economy class speech traffic flow R = 30, SF = 256 R = 60, SF = 128 
Premium class video traffic flow R = 30, SF = 256 R = 480, SF = 16 
Economy class video traffic flow R = 30, SF = 256 R = 240, SF = 32 
Premium class data traffic flow R = 30, SF = 256 R = 480, SF = 16 
Economy class data traffic flow R = 30, SF = 256 R = 240, SF = 32 

 
 

In our work, since the quality levels for the traffic flows directed to Premium class 

users are higher than those for downloading flows to Economy ones (see Table 5.1), max
kR  

is expected to be higher for the radio channels allocated to Premium class users. 

Similarly, since video and data traffic flows consume higher bandwidth than voice flows, 

max
kR  is also expected to be higher for the radio channels allocated to download video and 



 
 

 

102

 

audio packets. In Table 5.2, a possible range of admissible air interface rates or spreading 

factors is illustrated. 

5.2.2 Multi Code Option 

In a generic Multi Code CDMA, the received bit energy to noise density ratio 

(Eb/N0), if the ith code is assigned to the user k, is given by [70]. 

,0

0
,0 ,0 0 , ,

1
(1 )( )

i kb
K

i
i tot i k tot n k n

n

PhE G
I P P h N W P hα

=

⎛ ⎞
=⎜ ⎟

⎝ ⎠ − − + +∑
 

                                             (46)                            

where 
b

WG
R

=  is the processing gain, while bR  is the “basic” rate (30 kbps) of the 

multi code CDMA 

The parameter ,k nh  represents the path loss including the shadowing effect from the 

base station BSn to user k, iα  is the orthogonality factor of ith code ( iα  = 1 is perfectly 

orthogonal), N0 is the background noise density, and K is the number of the neighboring 

cells interfering to the reference cell 0. Moreover, iP  and ,0totP  denote the required 

transmit power for ith code and total transmission power from the reference cell BS0, 

respectively. The relationship between iP  and ,0totP  is given by 

,0
1

M

tot i
i

P P
=

=∑  

                  (47) 
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 where M is the total number of codes used by the reference cell. It will be used iγ  to 

denote the required 
0 ,

b

req i

E
I

⎛ ⎞
⎜ ⎟
⎝ ⎠

level.  We also define the other-cell interference factor as 

follows 

, ,

1 ,0 ,0

K
tot n k n

i
n tot k

P h
P h

λ
=

=∑  

       (48) 

It denotes the ratio of the inter-cell interference to the total power received from the 

own cell to ith code. To simplify, ,0totP  = ,tot nP  so that the inter-cell interference depends 

only on the path losses, including the shadowing effect.  

   From Equation (46), the minimum transmitted power to transmit ith code to the 

user k, in case iγ  is respected, is: 

0

1 1,0

1

(1 ) 1 (1 )
1 (1 )

M M
i

i i i i i i iM
i ik

i i i
i

g N WP g g
h g = =

=

⎡ ⎤
= ⋅ − + + − − +⎢ ⎥

⎣ ⎦− − +
∑ ∑

∑
α λ α λ

α λ
 

                    (49) 

where 
(1 )
i

i
i i

g
G

γ
γ α

=
+ −

.  

The air interface bit-rate bR  and the power level iP  are allocated to the user k, if ith 

code is assigned.  The total air interface rate that can be allocated to the user k for 

downloading the media α  is defined as follows 

, ,k k bR m Rα α=  

(50) 
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where ,kmα  is the number of codes assigned to the user k to download the same 

media. Therefore, in the multi-code CDMA, multiple codes and power levels are 

assigned to the different users every control period ( t∆ ) so that the following constraints 

are satisfied: 

a) Throughput-based load factor: 
1

(1 ) 1
M

thr i i i
i

gη α λ
=

= − + <∑ ;                                                               

b) Power-based load factor: max,0

,0

1pow
tot

P
P

η = < ;                                                                                        

c) Number of total codes: , max
1 , ,

N

k
k s v d

m M
= =

≤∑ ∑ α
α

.                                                                        

In case the kth user is allowed to transmit, the air interface bit-rate can be chosen 

among a set of values as follows: 

min max
, , , .k k kR R Rα α α< <  

                        (51) 

The minimum air interface bit rate, min
,kRα , is bR  and corresponds to the assignment of 

one code. On the contrary, the maximum bit-rate max
,kRα  corresponds to the assignment of 

,kmα  codes and depends on the type of traffic flow and the class of user to which the 

traffic is directed, as illustrated in Section 5.2.1. 

5.3   The Optimization Function in a Radio Access Network Node 

The control module of the radio resource manager, in Fig. 5.1, is used to control the 

actions of both the filter and the air interface rate schedulers for downloading the traffic 

flows from the RNC to the mobile users connected to the reference base station BS0. 
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This section defines the optimization function that is used to calculate the values for 

the filtering parameters, air interface rates and power levels that are sent from the control 

module to the filter and rate schedulers, respectively. The optimization function operates 

on a control period ( )t∆ . The shorter the control period, the finer the control is over the 

resources of the wireless network, but at the expense of increasing the processing 

complexity of the function. The control period is composed by multiple Time 

Transmission Intervals. In each TTI, radio frames are sent from the reference base station 

to the mobile users if codes and power levels are assigned. 

As explained in the Section 5.1, the jth traffic flow is characterized by the media 

stream α  ( { , , }s v dα ∈ ) that is downloaded to the kth user (k=1,2,.., N). In this section, 

the parameters α  and k  are used to characterize a flow in order to explain the operations 

performed on each distinct flow. The incoming traffic flow ,[ ] ( )k inT tα  is characterized by 

the vector , , ,[ , , ] ( )k k k inq CR CF tα α α . The actions performed by the optimization function 

determine after a predefined control period, t∆  the output traffic flow  ,[ ] ( )k outT t tα + ∆  

and the air interface rate , ( )kR t tα + ∆ .  

The output traffic flow is characterized by the vector , , ,[ , , ] ( )k k k outq CR CF tα α α , 

whereas the air interface rate is associated to the correspondent power level , ( )kP t tα + ∆  

as shown in Section 5.2. The data collection module gets all information required for the 

operation of the function. This information is given by the average size , ( , )kL t t tα − ∆  of 

each buffer in the previous control period, the maximum coding rate of each input media 

stream in the previous control period, the measurements of path losses for each mobile 

user and user defined profiles (UDP). A UDP, which is stored in the Home Location 
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Register, contains the range of quality levels, coding rates and formats represented in 

Table 5.1 that can be assigned for each media-type directed either to Premium or 

Economy class users. It also contains information about the QoS parameters’ constraints 

such as maximum transfer delay max
,( )k∆α  and percentages of packets lost or delayed. 

Assuming an MC method, our objective is to find the output traffic flows, the air 

interface rates and powers for traffic flows downloaded via the reference base station BS0 

such that the constraints a), b), and c) defined in Section 5.2.2 are satisfied and the 

following multi-objective function F is maximized: 

Q RF F F F∆= + +  

(52)                            

The first component of the objective function, QF , controls the assignment of the 

multimedia quality levels  ,( ) ( )k outq t tα + ∆ , and associated coding rate ,( ) ( )k outCR t tα + ∆ , 

and format ,( ) ( )k outCF t tα + ∆  for each media α  downloaded to the user k.  

This function is represented by 

, , , ,
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(53)                            

where 
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(55)                            

In Equation (53), PN , and EN  denote the number of Premium and Economy class 

users, located within BS0 during the control period, respectively. The choice for the 

quality levels is determined in a different way for traffic flows downloaded to Premium 

and Economy class users. The function , ,k P
QFα  is quadratic and controls the output quality 

levels for the traffic flows downloaded to Premium class users. The function , ,k E
QFα  is 

radical and determines the quality levels for the Economy class traffic flows. Both 

functions encourage an output quality level that is as close as possible to the input quality 

level, but the strength that they utilize is different. The quadratic function is used for 

Premium class traffic flows because it encourages high quality levels more strongly than 

the radical function. Consequently, quality levels for Premium class traffic flows will be 

maintained higher than those for Economy class traffic flows.   

  The second component RF , controls the assignment of the air interface bit-rates to 

download media to different users. The function is given by 

, ,

1 , , 1 , ,

1 1 1
6

P EN N
k k

R R R
k s v d k s v dP E

F F F
N N

α α

α α= = = =

⎛ ⎞
= +⎜ ⎟
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∑ ∑ ∑ ∑  

(56)                            

where 
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(57)                            

In the equation (57), , ( )req
kR t tα + ∆  represents the air interface bit-rate that is requested 

in the next control period to download, in each TTI, TBs of the jth traffic flow with the 

delay target period max
,kα∆ . It is defined as follows 

1
, , , ,( ) max ( ),.., ( ),.., ( )

treqreq req reqh TTI
k k k kR t t R t t R t t R t tα α α α

∆⎧ ⎫
+ ∆ = + ∆ + ∆ + ∆⎨ ⎬

⎩ ⎭
 

(58)                             

where 

1
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( ) min , 1

h
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k

L z r t t t TTI tR t t R h
TTI

α α
α α
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(59)                            
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, 1
, , , ,

( , ) 0

max{ ( , )} ( ) 1

k
h

k h reqh
k k k k

L t t t h
L tL z r t t t R t t TTI h

TTI
−

⎧ − ∆ =
⎪= ⎨ ∆

+ ⋅ − ∆ − + ∆ ⋅ ≤ ≤⎪⎩

α

α
α α α α

 

(60)                             

In equation (59), , ( )reqh
kR t tα + ∆  represents the bit-rate requested to transfer TBs in the 

hth TTI of the next control period. It is computed by dividing the jth buffer size estimated 

at the hth TTI of the next control period by the target delay period max
,kα∆ [71]. The buffer 

size at the hth TTI depends on both the estimated buffer size 1
,

h
kLα
− at the previous (h-1)th 

TTI and the estimated channel coding rate , ( )kr t tα + ∆ for the traffic flow ,[ ] ( )FEC
k outT t tα + ∆  
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in the next control period. It is assumed that the estimated rate is calculated by 

multiplying the maximum value of the channel coding rate in the previous control period, 

,max{ ( , )}kr t t tα − ∆ , by a traffic coefficient denoted ,kzα . The value assigned to ,kzα  

depends on the maximum delay tolerance of the media included in the traffic flow. The 

packet transfer delay is stringent for voice TBs ( ,s kz = 1), bounded for video TBs ( ,v kz = 

0.8), and tolerable for data TBs ( ,d kz = 0.6). The choice of a high value for the traffic 

coefficient (e.g., ,kzα = 1) determines a higher estimated value for the bit-rate that is 

requested to download the TBs, thus reducing the probability of violating the delay 

requirements. Hence, an immediate result is that this parameter can be used to control the 

percentages of packets lost or delayed for each media-type. 

As illustrated in equation (57), ,k
RFα  encourages an air interface bit rate that is as 

close as possible to the requested one, regardless of the class of the user and the type of 

media. However, since PN  is expected lower than EN  in a realistic scenario, the term 

,

1 , ,

1 PN
k

R
k s v dP

F
N

α

α= =
∑ ∑  supports the allocation of the requested bit-rates more strongly than the 

term ,

1 , ,

1 EN
k

R
k s v dE

F
N

α

α= =
∑ ∑ . Therefore, the bit-rates that are requested to transfer media to 

Premium class users are more aggressively encouraged than those used to send media to 

Economy class users.  

Moreover, as shown in equation (57), the value of ,kRα  is encouraged to be as close 

as possible to the requested bit rate , ( )req
kR t tα + ∆  instead of the maximum predefined rate 

max
,kRα . Two reasons justify this choice. Firstly, the function tries to avoid allocating 
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additional air interface bit rates that are not necessary to satisfy the targeted delay 

requirements, regardless of the class of the user and type of media. This is because the 

assignment of additional bit-rates to some users increases the interference power to other 

users and, then, the possibility to not satisfy the requested bit-rates of these users. 

 Secondly, this function attempts to encourage strongly the assignment of requested 

air interfaces bit-rates that are closer to the maximum allowable bit-rates. To illustrate, 

consider a user downloading a media under bad radio channel conditions. If the requested 

rate is not assigned, the number of TBs buffered from one control period to another 

increases, leading to an increase of the same requested rate. As the value of the requested 

bit rate approaches the maximum allowable rate, transfer delay requirements start to be 

violated. In this case, the algorithm encourages the assignment of the air interface rates 

for this radio channel more strongly than that for other radio channels so that the QoS 

requirements may be recovered as soon as possible.       

The third component F∆ , encourages a solution in which transfer delay to download 

TBs is less than the maximum transfer delay max
,kα∆ . It is given by  

, ,

1 , , 1 , ,

P EN N
k kE

k s v d k s v dP

NF F F
N∆ ∆ ∆

= = = =

= +∑ ∑ ∑ ∑α α

α α

 

(61)                             

where                                              

max
, , ,1 0 ( )

0
k k kt t

F
otherwise

α α α
∆

⎧ ≤ ∆ + ∆ ≤ ∆
= ⎨
⎩

 

(62)                                

The transfer delay , ( )k t tα∆ + ∆  is calculated as follows: 
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1
, , , ,( ) max ( ),..., ( ),..., ( )

t
h TTI

k k k kt t t t t t t tα α α α
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∆ + ∆ = ∆ + ∆ ∆ + ∆ ∆ + ∆⎜ ⎟

⎝ ⎠
 

(63)                            

      where 
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(64)                             

( )
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, 1
, , ,

( , ) 0

( ) ( ) 1

k
h

k h
k k k

L t t t h
L tL r t t R t t TTI h

TTI
−

⎧ − ∆ =
⎪= ⎨ ∆

+ + ∆ − + ∆ ⋅ ≤ ≤⎪⎩

α

α
α α α

 

(65)                            

 In Equation (64), , ( )h
k t tα∆ + ∆  represents the transfer delay to download TBs of the 

jth traffic flow at the hth TTI of the next control period. The transfer delay is estimated by 

dividing the jth buffer size at the hth TTI, ,
h

kLα , by the air interface bit-rate , ( )kR t tα + ∆  

that is selected by the algorithm. The buffer size at the hth TTI depends on both the buffer 

size at the previous TTI, 1
,

h
kLα
− , and the amount of bits that arrive during the hth TTI. The 

amount of bits is determined by the filtering parameters selected by the algorithm. As 

shown in Equations (60) and (65), the initial buffer size 0
,kLα  is estimated by averaging 

the buffer size in the previous control period over all TTIs.  

The function ,kFα
∆  encourages a solution in which the maximum transfer delay is 

respected, regardless of the type of user and type of media. Nevertheless, since in the 
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realistic case PN  is less than EN , the term ,

1 , ,

PN
kE

k s v dP

N F
N

α

α
∆

= =
∑ ∑  supports the fulfillments of 

the transfer delay requirements more strongly than ,

1 , ,

EN
k

k s v d

Fα

α
∆

= =
∑ ∑ . 

 

 
Fig. 5.2  Multi-objective function components 

 
  

Fig. 5.2 is a graphical representation of the multi-objective components defined 

above. To perform the optimization, the Genetic Algorithms (GAs) are used as in the 

previous chapter. Details of the GAs are provided in the following section.  

5.4 Genetic Algorithm (GA) Details 

The main features and components of the Genetic Algorithms were comprehensively 

introduced and presented in Section 4.4. Therefore, this section will be focused on the 

description of the specific parts of the GA used to solve the optimization problem in the 

previous section.  
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The fitness function was composed in (52), so let us compose the chromosome.  In 

this case, the chromosome is a vector whose elements are the quality levels of the output 

traffic flows and the air interface bit-rates to download the three types of media to all 

Premium and Economy class users, like this:  

,1 ,1 ,1 ,1 ,1 ,1 , , , , , ,

, , , , , ,

[ , , , , , ,..., , , , , , ,...

...., , , , , , ]
E P E P E P E P E P E P

s s v v d d s j s j v j v j d j d j

s N N s N N v N N v N N d N N d N N

q R q R q R q R q R q R

q R q R q R+ + + + + +

 

(66) 

Recall that power levels are computed if the air interface bit-rates are assigned, as 

indicated in Section 5.2. The chromosome represents one point in the search space 

encoding one solution to our function F. In the GA, the fittest chromosomes of any 

population tend to reproduce and survive to the next generation, thus improving 

successive generations. In this case, the chromosome is represented by a binary vector 

and its length is , , , ,

, , , ,

( ) ( )q E R E q P R P
E P

s v d s v d

N n n N n nα α α α
α α= =

+ + +∑ ∑ , where ,q Pnα , ,R Pnα , ,q Enα ,  and 

,R Enα  are the number of bits used to encode q  and R  for the media α  downloaded to 

Premium and Economy class users, respectively. In the implementation of the GA, ,q Pnα = 

,q Enα = 2 bits are used for all media (4 quality levels are shown in Table 5.1). On the 

contrary, ,R Pnα and ,R Enα  depend on the type of media. For traffic flows with speech 

packets, ,R P
sn = ,R E

sn = 2 bits are used, for video and data traffic flows ,R P
vn = ,R E

vn = ,R P
dn = 

,R E
dn  = 3 bits (see the admissible values of air interfaces bit rates illustrated in Table 5.1). 

The complexity of the algorithm depends on the number of admitted users and the 

number of bits used to encode the two variables. Some results will be shown in Section 

5.7.8. 
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   The operation of GA is depicted in Fig. 5.3 and is summarized in Section 4.4. GA 

includes some operators like reproduction, crossover and mutation that are applied to 

successive populations of chromosomes to create new better ones. In our algorithm, it is 

used convergence as a stopping criterion. The convergence is reached if the fitness score 

of the nth previous best-of-generation does not exceed 1% of the fitness score of the 

current best-of-generation. In our simulation, n = 40. Note that initial population is 

generated randomly and contains 20 chromosomes. Once the convergence criterion is 

reached, the algorithm sends new values for the allocation of filtering parameters and air 

interface bit rates for the jth traffic flow to the filter, and the rate schedulers. These are 

the values that have maximized the objective function. They are maintained for the 

duration of one control period until a new cycle is ended. 

)(][ ttq outj ∆+ )( ttRj ∆+

)(][ tq outj

Initialize a population
of chromosomes

Evaluate 
chromosome

Get population
statistics

Convergence
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Fig. 5.3 Block diagram of GA  
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5.5 A Revenue Model and Pricing Mechanisms  

This section describes the revenue model and the pricing policies that were used to 

evaluate the total revenues gained by the service provider when mobile users download 

content in the radio access network. In computing the revenues, it is assumed that the 

pricing mechanism takes into account different factors. Firstly, because the filters provide 

a preferential treatment to streams directed to Premium class users over those directed to 

Economy class ones, Premium calls users pay higher tariffs than Economy class ones. 

Secondly, because the grade of quality of downloaded media depends on the quality 

levels selected by the filter, users pay more if media streams are downloaded at higher 

quality levels. Thirdly, because the percentages of packets lost or delayed are also an 

important QoS measurement, users pay less if download media at higher percentages of 

packets lost or delayed. Finally, because the grade of quality may change every t∆ , tariffs 

are periodically updated. Based upon these factors, we define a revenue model as follows 

, , ,
1 , , 1 , ,

( ) ( ) ( ) ( ) ( )
P E

k k k

N N
P P E E

q q
k s v d k s v d

t T t T t T t T t
= = = =

Φ ∆ = ∆ + ∆ + ∆ + ∆∑ ∑ ∑ ∑α α α αχ χ
α α

 

(67)                             

The revenue measure ( )tΦ ∆  describes the revenues generated due to all media types 

downloaded by Premium and Economy class users via BS0 during t∆ . As shown in 

Equation (67), each Premium and Economy class user pays two different types of tariffs 

for downloading a media-type. The first type of tariffs
,

( )
k

P
qT t∆
α

, 
,

( )
k

E
qT t∆
α

 is related to the 

quality levels ,kqα selected every t∆  by the filter, as follows  

,

,

,

1

$, 2
( )

( ) (1 ) $, ,k

k

P
kP

q P
q T

T q
T t

T t otherwiseα

α

α α

α−

⎧ =⎪= ⎨ ⋅ +⎪⎩
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                        (68) 
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                        (69) 

where the coefficient Tα  represents the percentage of tariff increment between two 

consecutive quality levels, whereas PTα  and ETα  are the tariffs that Premium and 

Economy class users pay to download the specific media (speech, video, or data) at the 

minimum quality levels (quality level 1 for Economy class user and quality level 2 for 

Premium class users). The tariff that users pay increases if the traffic flow is downloaded 

with a higher quality level. Since Premium class users download traffic flows at higher 

quality levels P ET T>α α .  

The other type of tariffs ( )PT t∆
αχ

 and ( )ET t∆
αχ

 depends on the percentages of media 

packets lost or delayed ,
P

kαχ  and ,
E

kαχ  during t∆ , as follows  

,

,max ,
, ,max

,max

, ,max

$,

0 $,
k

P P
k P P P

kPP

P P
k

T
T

⎧ −
<⎪

= ⎨
⎪ ≥⎩

α

α α
α α α

αχ

α α

χ χ
χ χ

χ

χ χ
 

                     (70) 

,

,max ,
, ,max

,max

, ,max

$,

0 $,
k

E E
k E E E

kEP

E E
k

T
T

⎧ −
<⎪

= ⎨
⎪ ≥⎩

α

α α
α α α

αχ

α α

χ χ
χ χ

χ

χ χ
 

                        (71) 

where ,max
P
αχ  and ,max

E
αχ  are the maximum percentages of packets lost or delayed. As 

indicated in the equations above, users will pay the highest tariffs if the average 
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percentage of packets lost (delayed) is equal to zero. As expected, if the average 

percentage of packets lost (delayed) increases the tariff will decrease.  

5.6 Radio Access Network Node Simulator  

This section describes the simulations experiments carried out to evaluate the 

performance of the proposed algorithm in a node (RNC) of the radio access network. The 

simulator emulates an RNC connected to seven base stations: the reference one, BS0, and 

other six (K = 6) neighboring ones. The base stations are centrally coordinated in cells 

that compose a hexagonal regular layout. Mobile users are distributed uniformly over 

each cell space. The simulator is written in C++ and the GALib tool described in [72], is 

used to solve the objective function defined in (52).  

To test the algorithm, an RNC without filtering capabilities is compared with another 

with filtering. Different traffic flows (voice, video, or data) are downloaded from the 

RNC to the mobile users via the reference base station. In the case without filtering, two 

different scenarios are considered. In scenario 1, traffic flows are downloaded with the 

highest coding rates and formats described in Table 5.1 (quality levels 5 and 4 for 

Premium and Economy class traffic flows, respectively). In scenario 2, Premium and 

Economy class traffic flows are downloaded with coding rates and formats that 

correspond to quality levels 4 and 3, respectively.  

In the filtering case, traffic flows are generated with the quality levels as in scenario 

1, but the quality levels can be adaptively changed by our proposed filter. These traffic 

flows are generated with the abovementioned coding rates and formats according to the 

traffic models described in Section 5.1.1.  

The main traffic parameters are illustrated in Table 5.3. 
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To simplify the simulations, it is assumed that the reference base station is allowed to 

assign one spreading code to each user using the VSF method described in Section 5.2.1. 

Table 5.3  Traffic environment parameters 
Time intervals for voice traffic flows (Tunits= 

20 ms) 
Exponential (ON: p=3 s), (OFF: q=3 s)  

Number of mini-sources for video traffic 
flows, M  

2 

Time intervals for video mini-sources (Tunits= 
40 ms) 

Geometric (ON: p in (34)),  
(OFF: q in (35)), (a=3.6 s-1) 

Time intervals in reading state for data 
traffic flows (Tunits= 40 ms)  

Geometric (Treading = 3 s) 

Packet size for data traffic flows Pareto with cut-off ( _w bytel in (38)), ( shα =1.1) 
Number of packets in data traffic flows Geometric (Nd = 3000) 

Time intervals in packet call state for data 
traffic flows 

Geometric (Tpk = 0.04 s)  

 
 

Therefore, each user that initiates a call can request only a conversational (voice 

users), streaming (video users), or interactive service (data users) with a specific grade of 

service: Premium or Economy.  

It is also assumed that the media types (audio, video, or data) included in a traffic 

flow are downloaded according to the QoS requirements illustrated in Table 5.4. 

Table 5.4  QoS requirements 
QOS PARAMETERS VALUES 

Targeted BER for voice traffic flows 10-2 
Targeted BER for video traffic flows 5 10-3 
Targeted BER for data traffic flows 10-3 

Maximum delay for packets of voice traffic flows 80 ms 
Maximum delay for packets of video traffic flows 250 ms 
Maximum delay for packets of data traffic flows 400 ms 

Max. percentage of  lost voice packets (P) 1.5 % 
Max. percentage of  lost voice packets (E) 3 % 
Max. percentage of  lost video packets (P) 5 % 
Max. percentage of  lost video packets (E) 10 % 

Max. percentage of  delayed data packets (P) 15 % 
Max. percentage of  delayed data packets (E) 30 % 

 
 

The main QoS parameters are maximum packet transfer delay, maximum percentage 

of packet lost (delayed), and targeted BER. In particular, packets for video and voice 

users are discarded if not transmitted within 250 ms and 80 ms [52], respectively. Instead, 
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packets directed to data users have a “virtual” deadline (considered equal to 400 ms [53]): 

if the packet is not transmitted within its deadline, it is transmitted anyway, but it is 

counted among those packets sent with an excessive delay. In the course of a simulation 

run, 40 simulation iterations are conducted. Statistics collected from the simulation are 

averaged per type (voice, video, and data) of user and grade (Premium and Economy) of 

service over all simulation iterations. The duration time for a simulation run is fixed to 

120 sec., while 120 ms is the value for the control period of the genetic algorithm. Main 

system parameters are listed in Table 5.5. 

Table 5.5 System parameters 
Modulation Scheme QPSK 

W-CDMA spreading method Variable spreading coding 
Convolution coding for voice traffic flows 1 / 3 

Convolution coding for data and video 
traffic flows 

1 / 2 

System Bandwidth, W 5 MHz 
Chip Rate,  RC 3.84 Mcps 

Time Transmission Interval 10 ms 
Genetic Algorithm Control Period  120 ms 

Simulation Length 120 sec 
Number of Iterations 40 

 
 

Firstly, the experiment is performed to test possible coexisting voice, data and/or 

video users that can be admitted in BS0 without violating QoS requirements. As a realistic 

case, in all simulations the percentages of Premium and Economy services are maintained 

at 20 % and 80 %, respectively. First, we gradually load BS0 with only voice users until 

the last combination of Premium and Economy class users is blocked. A combination of 

Premium or Economy class users is accepted if the average percentages of packets lost 

(delayed) are less than the maximum values defined in Table 5.4. As shown in the table, 

Premium class users expect to receive media with lower percentages of packets lost or 

delayed than those of Economy class users. To illustrate, the maximum percentage of 
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packets lost for downloading voice packets to Premium and Economy class users is 1.5 % 

and 3%, respectively. In Table 5.4, targeted BER are also represented. As expected, 

targeted BER for data packets must to be less than video and voice packets. Before 

showing the results of the experiments, which have been carried out in two different 

scenarios, the cellular model is described. 

5.6.1 Microcellular Pedestrian Model 

The experiments are performed on a microcellular environment. The coverage area is 

small and shaped by neighboring constructions. The main assumptions are relatively 

short radio paths (200m to 1000m), low base station antenna (3m to 10m).  

The total path loss  ,k nh  from the base station BSn to user k is modeled as a product of 

two variables: 

, , ,k n k n k nh s a= × , 

(72) 

where ,k ns  is the variation in the received power, due to shadow fading, and ,k na  is 

the large scale propagation loss. In each control period, the shadowing variable ,k ns  is 

calculated according to the following formula: 

( )2*
, ,( ) 1 ( ) (0,8)k n k k n ks C d s C d N= ⋅ + − ⋅  

(73) 

where ( )kC d  is a spatial correlation coefficient, *
,k ns  represents the shadowing 

calculated in the previous control period, dk  is the distance covered by the kth user during 

a control period, and N(0,8) is a Gaussian variable with mean zero and standard deviation 
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8. The spatial correlation coefficient ( )kC d  is defined as a function of the distance dk 

covered by the kth user, as follows 

( ) exp ln 2k
k

corr

dC d
d

⎛ ⎞
= −⎜ ⎟

⎝ ⎠
 

(74) 

To calculate ,k na  a simplification of the empirical model in [73] is considered. The 

model was established through measurements taken in downtown San Francisco. 

Table 5.6  Path-Loss formulas for high rise environment 
ROUTE PATH LOSS FORMULA 

Line Of Sight 
(LOS) 

81.14 39.4 log( ) 0.99log( ) (15.8 5.73log( )) log( )g b bf h h D+ − + −         
 0.3D Km<                       

(43.38 32.1log( )) 45.7 log( ) 18.07 log( ) (32.10 13.9log( )) log( )g b bD f h h D− + + + +  
0.3D Km≥  

Non Line Of 
Sight (NLOS) 

143.21 29.74log( ) 0.99log( ) (47.23 3.72log( )) log( )g b bf h h D+ − + +  

D = BS- MU separation (km), hb = BS antenna height, fg = central frequency 
 
 

This urban area consists of mostly tall buildings each having more than ten stories. 

Hence, there exists a clear distinction between the Line-Of-Sight (LOS) and Non-Line-Of-

Sight (NLOS) propagation.  Table 5.6 summarizes the path loss formulas while Fig. 5.4 

illustrates the considered model.  

Mobile users are distributed uniformly over each cell space. To simplify the 

calculation of the other-cell interference factor, it is assumed that the neighboring cells 

contain the same number of users included in the reference cell.  

The motion of each user is characterized as follows:  

1. Speed is uniformly distributed between 0 and 4 km/h (pedestrian users). 

2. When a user reaches the boundary, the user is reflected within the cell with a shift 

of 90 degree so that the number of users is always maintained.  
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3. A constant motion direction in the cell is originally generated with an angle 

uniformly distributed from 0 to 2π .  

A summary of the main physical environment parameters is listed in Table 5.7. 

 
Fig. 5.4  Urban model 

 
 

Table 5.7 Physical Environment parameters  
Orthogonality factor, αj  0.9 

Base station maximum transmit power,  Ptot,n 40 W 
Number of neighboring Cells, K 6 

Mobile station antenna height, hm 1.5 m 
Base Station antenna height, hb 7 m 

Shadowing attenuation (dB) Mean = 0,  Standard deviation = 8 
spatial correlation distance, corrd  15 m 

Streets width 15 m 
Cell Radius 1 Km 

Mobile Speed 0-4 km/h (pedestrian model) 
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5.7 Experiment 1 

In this experiment, all simulations are performed maintaining the percentages of 

Premium and Economy class of users or “grades of service” to 20 % and 80 %, 

respectively. Each simulation consists in loading the reference base station with a certain 

number of mobile users and collecting statistics. The simulations are performed taking 

into consideration all possible combinations of voice, video and/or data users that satisfy 

the QoS requirements. From one simulation to other, the number of users is increased and 

the simulations continue until the last combination of user is blocked on the condition 

that the QoS requirements in Table 5.4 are not satisfied. 

Performance parameters of interest include maximum number of admitted users (BS0 

capacity), average percentage of lost (for audio and video users) and delayed (for data 

users) packets, average packet transfer delay, and average multimedia quality levels. 

Further parameters are throughput-based and power-based cell loading, and convergence 

time of the GA. These results will be shown in the following sub-sections. 

5.7.1 System Capacity 

The results for the system capacity, in terms of the maximum number of users that 

could be admitted in the base station BS0 without violating the QoS requirements in Table 

5.4, are shown in Fig. 5.5. Without filtering in scenario 1 (a), the total number of 

acceptable combinations of voice, video, and/or data users (20 % Premium, 80 % 

Economy) is 13, whereas in scenario 2 (b) it increases by a factor of 5.6 to 74. However, 

with filtering (c) this number has increased to 95 by a factor of 7.3.  

Therefore, there is a gain in terms of increasing the capacity of the base station. To 

illustrate, the maximum number of admitted video, data, or voice users for an RNC 
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without filtering, is 5, 10, and 30, in scenario 1 (a), whereas 10, 30, and 60, in scenario 2 

(b), respectively. However, the number of admitted users has increased to 15, 30, and 75 

for an RNC with filtering (c). This gain is achieved while reducing the percentages of lost 

and delayed packets, and the average packet transfer delay, as illustrated in the following 

sub-section.  

 
Fig. 5.5  Admission region of voice, video, and data users (20% Premium, 80% Economy), for an 
RNC without MAF in scenario 1 (a), for an RNC without MAF in scenario 2 (b), and for an RNC 

with MAF (c) 
 
 

5.7.2 Percentages of Packets Lost and Delayed 

Fig. 5.6 compares the percentages of lost (video and voice) and delayed (data) 

packets versus the number of voice (a), video (b), or data (c) users, accordingly. As 

expected, the highest percentages are obtained for an RNC without MAF in scenario 1. 

The RNC with the proposed MAF always outperforms that without filtering in scenario 1, 

regardless of the type of users and the grade of service. To illustrate, with 25 voice users, 

the percentages of packets lost for Premium services have decreased from 1.23 % to 0.02 

%, whereas those for Economy ones from 0.74 % to 0.11 %.  
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Fig. 5.6  Percentage of packets lost (voice, and video) or delayed (data) versus voice (a), video (b), or 
data (c) users (20% Premium, 80% Economy), for an RNC without MAF in scenario 1, for an RNC 

without MAF in scenario 2, and for an RNC with MAF 
 



 
 

 

126

 

Similarly, with 5 video users, these percentages have decreased from 3.85 % to 1.02 

% and from 3.11 % to 1.33 % for Premium and Economy services, respectively. Equally, 

the percentages of packets delayed have decreased from 8.25 % to 4.18 % and from 6.36 

% to 5.74 %, respectively, with 10 data users. It also should be noted that for an RNC 

without filtering, in both scenarios 1 and 2, the percentages of packets lost and delayed 

for Economy services are less than those for Premium ones. Accordingly, for the RNC 

without filters, the maximum number of accepted combinations of users is determined by 

the constraints in the QoS parameters for the Premium class traffic flows, while, in a 

node with filtering, it is limited by those for the Economy ones. In fact, since the radio 

channels exhibit randomly time-varying impairments and the RRM of the RNC without 

filtering does not provide priorities between different grades of service, it is more 

probable that Premium class traffic flows, which require higher air interface bit rates to 

be downloaded, will perceive higher percentages of packets lost or delayed. On the 

contrary, the RRM with our proposed optimization function (52) permits to achieve the 

best performances for Premium services and a good performance for Economy services. 

However, as shown in the graph, the RNC with filtering is outperformed by that without 

filtering in scenario 2 for some combinations of admitted users. To illustrate, the 

percentages of packets delayed for Premium and Economy class data users are lower in 

an RNC without filtering in scenario 2 that those for a node with filtering. This is due to 

the fact that the traffic flows in scenario 2 are generated with lower quality levels (see 

Fig. 5.8). 

5.7.3 Average Packets Transfer Delay 
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Fig. 5.7  Average packet transfer delay versus voice (a), video (b), or data (c) users (20% Premium, 

80% Economy), for an RNC without MAF in scenario 1, for an RNC without MAF in scenario 2, and 
for an RNC with MAF 
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The values of average packet transfer delay for voice, video, or data users (20 % 

Premium, 80 % Economy) are provided in Fig. 5.7.  

The highest packet transfer delays are obtained, as expected, for an RNC without 

filtering in scenario 1. In fact, in an RNC without MAF under bad radio channel 

conditions, the available air interface bit-rate to a user can be decreased, but coding rate 

and format of traffic flow cannot be changed, accordingly. The impact of that is that 

several TBs will be delayed in the transmission buffer and users will perceive “slower” 

downloads. On the contrary, the proposed RRM maintains the transfer packet delay low 

by tuning the amount of traffic to be downloaded with the current available air interface 

bit rates. To illustrate, with 25 voice users, the average packet transfer delay for Premium 

(Economy) class traffic flows is reduced from 53.17 ms (53.22 ms) to 13.38 ms (12.53 

ms). Similarly, with 10 data users, the average packet transfer delay for Premium 

(Economy) class traffic flows is reduced from about 294 ms (287 ms) to 263.2 ms (284.8 

ms). Similar values can be obtained for the average packet transfer delay directed to 

video users. However, as shown in Fig. 5.7.c, in scenario 2, the average data packets 

delays are lower than those for a node with filtering. This is due to the fact that packets 

directed to data users are not discarded but delayed if the QoS requirements are not 

satisfied. 

5.7.4 Quality Levels 

In order to evaluate the effect of the filtering actions on the traffic flows, the average 

quality levels for Premium and Economy services versus voice, video, and data users are 

represented in Fig. 5.8.  
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Fig. 5.8 Average multimedia quality levels of traffic flows versus voice (a), video (b), or data (c) users 
(20% Premium, 80% Economy), for an RNC without MAF in scenario 1, for an RNC without MAF 

in scenario 2, and for an RNC with MAF 
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For an RNC without MAF in scenario 1, traffic flows are downloaded with the 

highest quality levels but, as shown before, mobile users perceive slow downloads with 

higher percentages of packets lost.  

 

  
Fig. 5.9 Probability density function of the quality levels for Premium and Economy flows with 15 

(a), 40 (b), and 75 (c) voice users (20% Premium, 80% Economy), for an RNC with MAF 
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On the contrary, the RNC without MAF in scenario 2, in some cases, outperforms in 

terms of average packet transfer delay or percentages of packet delayed the RNC with 

filtering, but Premium and Economy class traffic flows are generated with lower quality 

levels: 4 and 3. As shown in the graph, average quality levels in the proposed RNC are 

always higher than those in scenario 2. In fact, for Premium class traffic flows they are 

maintained between 4 and 5, whereas for Economy class traffic flows between 3 and 4. 

To show how the quality levels are reduced by the filter, the probability density for the 

quality levels of Premium and Economy class traffic flows is represented in Fig. 5.9. 

Three different combinations of admitted voice users (20 % Premium, 80 % Economy) 

are considered: 15 (a), 40 (b) and 75 (c). As expected, quality levels are reduced more 

frequently when the number of users increases. To illustrate, with 15 voice users, 

probabilities of selecting quality levels 5, 4, 3, 2 (4, 3, 2, 1) for Premium (Economy) 

traffic flows are about 97.9 %, 0.2 %, 0.5 %, and 1.4 % (94.3 %, 1.5 %, 1.5 %, and 2.7 

%), respectively. If the number of users increases to 75, the correspondent probabilities 

become about 75.6 %, 4.4 %, 9.3 %, and 10.6 % (72.7 %, 5.8 %, 5.9 %, and 15.6%). 

From these results, it also should be noted that the average quality levels for Premium 

services are reduced more gracefully than those for Economy services as the number of 

voice users increases. This proves that functions (54) and (55) work well in term of 

providing preferential treatment to Premium class traffic flows over Economy ones. The 

same considerations can be done for the average quality levels of traffic flows directed to 

data and video users. 

5.7.5 Throughput-Based and Power-Based Cell Loading 
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Fig. 5.10  Power-based and throughput-based cell loading versus number of voice (a), video (b), or 
data (c) users (20% Premium, 80% Economy) for an RNC without filters (scenarios 1 & 2) and an 

RNC with filters 
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The proposed algorithm is required to meet the QoS requirements for each traffic 

flow while utilizing efficiently the radio resources. In Fig. 5.10, throughput-based and 

power-based cell loading, which are calculated using Equations a) and b) in Section 

5.2.1, are represented versus admitted users.  

Recall that the RRM for an RNC without filtering (in both scenarios 1 and 2) does 

not provide priorities between traffic flows but allocates resources in order to maximize 

the throughput of the base station. Since throughput-based and power-based cell loading 

for the RNC without MAF in scenario 1 are comparable to those of an RNC with 

filtering, the filtering algorithm performs well in term of decreasing the percentages of 

packets lost (delayed), while offering better performances to Premium services and 

maximizing throughput-based and power-based based cell loading. On the contrary, 

throughput and power based cell loading for an RNC in scenario 2 are significantly 

lower. Therefore, although the RRM in scenario 2 outperforms in some cases the RNC 

with filtering (see Figs. 4 and 5), the total amount of traffic downloaded to mobile users 

in scenario 2 is significantly lower. 

5.7.6 Total Revenues  

The results for the total revenues gained by the service provider versus number of 

voice users are shown in Fig. 5.11. The revenues are calculated using the model in (67) 

defined in Section 5.5. The tariffs that users pay, in each control period, in order to 

download media with different levels of quality are calculated using the pricing 

mechanisms in (68), (69), (70), and (71), defined in Section 5.5. In this experiment, P
sT  

and E
sT  were fixed to 0.0002 $ and 0.0001 $, respectively. Moreover, three different 

values were assigned to the coefficient Tα : 150 %, 70 %, and 30 %. As expected, the 
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revenues in a RNC with and without filtering increase if the percentage of tariff 

increment between two consecutive levels of quality, Tα , raises from 30 %  to 150 % . 

Moreover, as shown in Fig. 5.11, the revenues gained in a RNC with filtering are 

always higher than those in a RNC without filtering in both scenarios 1 (a) and 2 (b), 

regardless of the number of voice users admitted and the selected value for the coefficient 

Tα . 

 
Fig. 5.11  Total revenues versus number of voice users (20% Premium, 80% Economy) (a) for an 

RNC with and without filters (scenario 1) (b) for an RNC with and without filters (scenario 2) 
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The increase in the revenues is basically obtained in three ways:  

a) By accommodating an increased number of users. To illustrate consider Fig. 5.11 

(a).  In a RNC without filtering (scenario 1) the service provider can obtain revenues up 

to 83.4 $ ( Tα = 150 %), 26.3 $ ( Tα =70 %), or 11.7 $ ( Tα =30 %). On the contrary, in a 

RNC with filtering the service provider can increase the revenues, by accommodating a 

higher number of users, up to 180 $ ( Tα = 150 %), 54 $ ( Tα =70 %), or 25.13 $ ( Tα =30 

%). 

b) By downloading media with higher levels of quality to the same number of users. 

To illustrate, consider a combination of 60 voice users in Fig. 5.11 (b). In a RNC without 

filtering (scenario 2) the service provider can obtain 108 $ ( Tα = 150 %), 40.63 $ ( Tα =70 

%), or 21.03 $ ( Tα =30 %). With the same number of voice users, the service provider 

can increase the revenues to the same values as above because the levels of quality of the 

media downloaded are higher. 

c) By downloading media with less percentage of packets lost. Consider a 

combination of 25 voice users in Fig. 5.11 (a). In a RNC without filtering (scenario 1) the 

service provider can obtain 73.22 $ ( Tα = 150 %), 23.02 $ ( Tα =70 %), or 10.03 $ 

( Tα =30 %). With the same number of voice users, the service provider can increase the 

revenues, by decreasing the percentages of packet lost, to 3.22 $ ( Tα = 150 %), 23.02 $ 

( Tα =70 %), or 10.03 $ ( Tα =30 %).  

Another important result to report is that in an RNC with filtering the increase in the 

revenues ends at 60 voice users although the graph shows that additional 15 users could 

be admitted. When more than 60 users download packets, the filtering algorithm 
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maintains the QoS requirements but the revenues do not increase. Hence, there is no 

advantage for a service provider to admit any more users above this limit despite the fact 

the filtering algorithm would maintain the QoS parameters even for a larger number of 

calls.    

5.7.7 Revenues per User 

 

 
Fig. 5.12  Revenues gained per Economy class user versus number of voice users (20% Premium, 

80% Economy) (a) for an RNC with and without filters (scenario 1) (b) for an RNC with and without 
filters (scenario 2) 
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In this sub-section, results for the revenues gained by the service provider per 

Premium and Economy class users are shown in Fig. 5.12 and Fig. 5.13, versus number 

of admitted voice users. As shown in Fig. 5.12 in a node (RNC) with filtering Economy 

class users pay less if the number of admitted users increases, regardless of the selected 

value for the coefficient Tα .  

 

 
Fig. 5.13  Revenues gained per Premium class user versus number of voice users (20% Premium, 

80% Economy) (a) for an RNC with and without filters (scenario 1) (b) for an RNC with and without 
filters (scenario 2) 
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In fact, both the percentage of packets lost and the average quality levels for 

Economy class users tend to decrease if the number of admitted users increases. 

Therefore, under high traffic load, Economy class users will receive content with a lower 

quality but they will pay less. On the contrary, if the number of admitted voice users 

increases, Premium class users will pay almost the same (see Fig. 5.13). In fact, since the 

proposed filtering algorithm manages to maintain the QoS parameters (percentage of 

packets lost and the average quality level) for traffic flows downloaded to Premium class 

users, regardless of the number of admitted users, Premium class users will continue to 

pay the same tariff. On the contrary, in a node (RNC) without filtering (scenarios 1&2), if 

the number of admitted users increases, Premium class users will pay a lower tariff, while 

Economy class users will pay the same tariff. In fact, since the radio channels exhibit 

randomly time-varying impairments and the RNC without filtering does not provide 

priorities between traffic flows downloaded to Premium and Economy class users, it is 

more probable that Premium class traffic flows, which require higher bandwidth and 

more stringent QoS parameters, will perceive higher percentages of packets lost and 

superior reductions of the quality levels.  

Based upon these results, it may be concluded that in a node with filtering, the 

network resources are more profitable for the service provider because they are reserved 

for downloading traffic flows directed to users that are willing to pay more for their 

service. This is another factor that has to be considered, together with those discussed in 

the previous section, in order to increase the revenues of a service provider. 
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5.7.8 Genetic Algorithm Convergence  

An important parameter to consider for evaluating the performance of the GA is the 

convergence time. This parameter is represented in Fig. 5.14 versus the number of voice, 

video, or data users.  

As mentioned in Section 5.4, the stopping criterion used by our GA engine is based 

on a convergence condition. A requirement for the effectiveness of the solutions of the 

optimization problem is that the control period, which is the maximum period allotted to 

solve the objective function, needs to be longer than the convergence time. From Fig. 

5.14, it is clear that the algorithm converges within our defined control period (120 ms), 

regardless of the number and type of admitted users. Note that the convergence time is 

calculated by running the C++ emulator on a Pentium IV processor with a processing 

power of 3.5 GHz.  

 
Fig. 5.14  Convergence time of the Genetic Algorithm versus different numbers of voice, video, or 

data users (20% Premium, 80% Economy) 
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As expected, the computational complexity of solving an optimization problem and, 

consequently, its convergence time increase as the number of variables (users) and bits to 

encode them increase 

5.8 Experiment 2 

In this experiment, it is considered a reference base station in which 20 voice users 

(20 % Premium and 80 % Economy) initiate a call. The simulation is repeated while 

varying the control period from 40 ms to one full second. At each run, a constant control 

period during the simulation is used. As usual, to obtain reasonable average statistics 

each run is iterated several times.  

5.8.1 Impact of the Control Period  

The average data recorded are illustrated in Fig. 5.15 and Fig. 5.16. In particular, Fig. 

5.15 shows cell throughput (a) and packet loss rate (b), while Fig. 5.16 depicts average 

packet transfer delay (a), and average multimedia levels (b) versus the control period. As 

the control period decreases, the percentage of packets lost and the average transfer delay 

decrease, while the cell throughput and the average quality levels increase. In fact, at 

small t∆ , the algorithm is activated more frequently and this makes it able to solve any 

problem as soon as it appears. Hence, air interface bit rates and quality levels are updated 

more frequently according to the changes in the wireless conditions and traffic burst. It 

should be noted that for a small control period (40 ms) the percentage of packets lost and 

the average transfer delay increase instead of decreasing. In fact, since the estimation of 

the input traffic is performed on the traffic arrived in the previous control period, if the 

period is too small the solutions of the algorithm are not precise. 
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Fig. 5.15  Packet loss rate (a), average transfer delay (b), versus control period for an RNC with 

MAF connected to a reference cell including 20 voice users (20 % Premium, 80 % Economy). 
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Fig. 5.16  Average multimedia quality levels (a), and total throughput (b) versus control period for an 

RNC with MAF connected to a reference cell including 20 voice users (20 % Premium, 80 % 
Economy). 
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Chapter 6                                                       

Conclusions and Future Directions  

In this chapter, the conclusions of the thesis are presented. This chapter begins with 

an overview of the arguments of the thesis. Following this, the main contributions of the 

thesis are presented. Finally, the thesis concludes by providing some indicators for future 

work. 

6.1 Summary of Thesis   

The thesis began in Chapter 1 with an outline of key problems involved in the 

deployment of heterogeneous (core and radio access networks) IP-based networks. The 

chapter argued that today’s network technologies (e.g., Diff-Serv, MPLS, etc.), which use 

dynamic or static approaches to reserve network resources in response to predefined 

traffic demands or QoS requirements from the applications, do not provide any form of 

intelligent control of the applications. The proposed solution was formulated to solve the 

issues. An “intelligent” interaction between the applications and the network resources 

could allow service providers to utilize effectively the network resources, and increase 

their revenues without violating QoS parameters.  

Chapter 2, first, presented the main components of the architectural model of the 3G 

network; then, it provided an overview of fundamental QoS principles, concepts, and 

terminology. Next, current techniques for managing QoS in IP-based 3G networks were 
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described. Finally, two adaptation strategies based on intelligent interactions between 

applications and network were presented as new ultimate solutions for QoS support.  

Chapter 3 presented an outline of the author’s contribution to the end-to-end QoS 

research, an adaptive filtering architecture for QoS-adaptive heterogeneous networks. 

According to the proposed architecture, multimedia adaptation filters were implemented 

in the nodes of the heterogeneous networks in order to adapt the amount and type of 

traffic downloaded from content servers to the mobile users along the end-to-end path. 

The major features and parameters of the filter were introduced and discussed. The thesis 

also introduced two different grades of service to which mobile users could subscribe: 

Premium and Economy.    

Chapter 4 presented the author’s first major contribution to define a multi-objective 

function able to control the actions of the proposed filter and class-based queuing system 

within the nodes of the core network.  Experiments were conducted to test the proposed 

approach. Results proved that significant improvements could be obtained by 

implementing both the filter and optimizations function in the nodes. 

Finally, Chapter 5 showed the author’s second major contribution to characterize a 

multi-objective function able to manage the operations of the filter and air interface rate 

schedulers within the nodes of the radio access network. Both multi-objective functions, 

defined in Chapter 4 and Chapter 5, were optimized using a randomized search 

techniques called Genetic Algorithms. Experiments were also conducted in order to 

verify the effectiveness of the approach to increase the number of admitted users in the 

radio access network while maximizing the throughput-based and power-based cell 

loading.  
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6.2 Conclusions 

This thesis presented an adaptive filtering architecture that enables the delivery of IP 

multimedia services in 3G networks by adaptively controlling, along the end-to-end path, 

both the allocated bandwidth and the transfer delay of traffic flows downloaded from 

content servers to mobile users. The filtering architecture included the installation of 

filters at the output ports of each node of 3G heterogeneous (core and radio access 

networks) network.  

The primary objectives of the proposed architecture was to guarantee the service 

level agreements of two different classes of users (Premium and Economy) while 

enhancing the utilization of the networks’ assets, avoiding congestion, and maintaining 

the QoS requirements for each type of media.  

To achieve these goals, users were allowed to download multimedia traffic flows 

within a range of pre-defined coding rates and formats instead of just a single fixed one. 

The filtering architecture provided the network operator with the flexibility to control not 

just the coding rate of the content but also its type as well. The filters selected the optimal 

coding rate and format for each traffic flow according to the dynamics of the links’ 

traffic-loads and users’ requests.  

The most contribution of this thesis was the definition of two multi-objective 

optimization functions, which were used to control the actions of the filters. These 

functions have been solved using Genetic Algorithms in order to meet the objectives 

outlined above while satisfying the constraints of the heterogeneous networks (e.g., links’ 

capacity, buffers state, total power, and number of spreading factors).  
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Performance evaluation results showed that the proposed filters provided significant 

gains in term of reducing the call blocking and dropping probabilities (two important 

measures of the quality of the service that the user receives), providing multimedia 

services with QoS guarantees without wasting links capacities (i.e., decreasing cost of 

service to operators), increasing the number of accepted users for the same utilization 

factor (i.e., increasing revenues to operators), and finally preventing congestion episodes 

by avoiding the downloading of large amounts of data when capacity was unavailable. 

Interesting results reported were that i) the increase in the revenues saturated at a certain 

number of users beyond which admitting any more users was not cost-effective for the 

network operator, and ii) the revenue gain was feasible as long as the network provider 

offered customized classes of service and differentiated pricing mechanisms. 

6.3 Future Work 

Possible future research work is included in the following sub-sections. 

6.3.1 End-to-End Performance Analysis 

In this thesis, we did not study the performance on an end-to-end basis. It is 

important to extend this work to analyze the impact of different types of filters on an end-

to-end basis. Possible issues to investigate include quantifying the advantages, if any, of 

applying different filtering policies depending upon the location of the filters in the 

network topology. Additionally, it will be interesting to quantify the impact of filtering 

on higher level transport protocols, e.g. TCP. Finally, a key issue is to study, on an end-

to-end basis, the interaction between adaptive filtering and multicast routing. 
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6.3.2 Adaptive Reconfiguration of the Network Resources 

Another important issue is to develop and study efficient algorithms that aim at 

enhancing the utilization of the network assets by re-configuring these assets to areas of 

the network where temporarily demands of short-term capacities raise. For example, in 

situations where users in an airport or on a train require large capacity but only for few 

hours or during rush hours traffic, it may be effective, in these scenarios, to re-allocate 

capacities from an under-utilized area of the network to these over-loaded areas through 

rapid provisioning and reconfiguration techniques.     

6.3.3 Deployment Issues of Receivers with Heterogeneous Capabilities  

Deployment issues that are worth investigating include utilizing techniques like 

software radio for automatic reconfiguration of the receiver’s air interface technologies 

and applications. In the next future, a receiver will be able to select different radio 

interface functionalities, such as modulation techniques, error correction schemes, and 

antenna patterns, according to the different wireless conditions and environments. These 

functionalities instead of being implemented in hardware will be performed via software 

modules, called Digital Signal Processors (DSP). It will be interesting to extend this work 

to analyze the deployment and impact of reconfigurable receivers within an adaptive 

filtering architecture.     

  



 
 

 

148

 

 

Appendix A 

Appendix A is intended to show how the maximum revenues Φ  (Equation (29)) and 

the number of admitted Premium PN  and Economy EN  class users (Equations (30), 

(31)) are calculated, for the theoretical case illustrated in Section 4.8, versus the different 

percentages of Premium, Px , and Economy, Ex , class calls and the available link 

capacity ( )avC Mbps .  

Define the portions of the available link capacity assigned for Premium and 

Economy class calls to be ( )PB Mbps  and ( )EB Mbps . These parameters are given by: 
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Moreover, define the ratio between the total coding rate assigned to download 

Premium and Economy class media streams to be b, as follows 
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Using the previous equation and dividing Equation (i) by Equation (ii), we obtain: 

( )
( )

P P

E E

B Mbps N b
B Mbps N

= ⋅  

(iv) 

Since P

E

N
N

 is equal to P

E

x
x

, we can replace the previous equation with 

( )
( )

P P

E E

B Mbps x b
B Mbps x

= ⋅  

(v) 

By solving the following system of linear equations with respect to ( )PB Mbps and 

( )EB Mbps  

( ) ( ) ( )
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P P

E E

B Mbps B Mbps C Mbps
B Mbps x b
B Mbps x

+ =⎧
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we obtain  
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⋅ +

 

(vii) 

( )( ) 1 1
av

P
E

P

C MbpsB Mbps x
x b

=
⋅ +

 

(viii) 

From Equations (i), (ii), (iii), (vii), and (viii) we can determine Equations (29), (30) 

and (31).  
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Appendix B 

This Appendix B is intended to calculate from Equation (40), the minimum 

transmitted power to user k such that the targeted 
0 ,

b

req k

E
I

⎛ ⎞
⎜ ⎟
⎝ ⎠

= kγ  for all N users included 

in the reference BS0 is respected. From Equations (40) and (48) it yields: 

,0

,0 ,0 0 ,0 ,0(1 )( )
k k

k k
k tot k k k tot k

P h
G

P P h N W P h
γ

α λ
=

− − + +
 

(ix) 

Using the previous equation kP  is determined, as follows: 

0
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G h

γ α λ
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and 
(1 )
k

k
k k k

g
G

γ
γ α

=
+ −

is defined. 

Using Equations (48) and (x), we also write 

0
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N WP P g P
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(xi) 

From the previous relationship, it is determined ,0totP  as follows: 
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By replacing ,0totP  in Equation (x), it yields: 

 

0
1 ,0 0

,0

1

(1 )
1 (1 )

N
k

k k
k k k k N

k
k k k

k

g N W
h N WP g

hg
α λ

α λ

=

=

⎧ ⎫⎡ ⎤
⎪ ⎪⎢ ⎥⎪ ⎪⎢ ⎥= − + +⎨ ⎬⎢ ⎥⎪ ⎪− − +⎢ ⎥⎪ ⎪⎣ ⎦⎩ ⎭

∑

∑
 

(xiii) 

 Equation (49) can be easily determined from (xiii). 
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