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ABSTRACT 

A Quality of Service Provisioning Framework for Traffic Flows in Networks and Applications 

Abdelwahab Elnaka 

University of Guelph, 2016 

Advisors: 

Dr. Qusay H. Mahmoud 

Dr. Xining Li 

New technologies emerge every day that impose new challenges on the communication 

infrastructure whether in terms of the volume of the data being exchanged or the requirements 

necessary of this data to be exchanged adequately for the advantage of diverse communicating 

parties. Volume of data being exchanged is treated through either increasing the capacity of 

existing networks by adding new bigger communication links or through traffic engineering to 

maximize the utilization of existing underutilized resources. On the other hand, the issue of 

ensuring that the service to be provided to users is of sufficient quality to be useful to all 

participants of heterogeneous set of QoS requirements is still a crucial topic of research. Users 

might be using a diverse set of services coming from a varying set of networks to participate in a 

single heterogeneous session of multiple quality of service (QoS) requirements. This is 

increasingly happening as new devices, networks and applications are becoming more capable of 

the type of functionality that it can perform. Also the emergence of totally new realm of 

technologies such as Machine-to-Machine (M2M), Internet of Things (IoT) and Augmented 
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Reality (AR) even add to the complexity of the sessions that might be created. In this thesis, we 

introduce a new QoS provisioning framework that is capable of handling this type of 

heterogeneous sessions and maximize the utilization of the entire session while increasing the 

satisfaction per individual session sharing the session. The framework consists of four different 

components namely a classifier, mapper, adapter and a scheduler. The components can function 

together or autonomously. The simulation results show that the framework outperforms two of 

the very well-known and established scheduling schemes upon which most of existing schedulers 

are developed. Results also show the effectiveness of our proposed classification and mapping 

components. 
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CHAPTER 1: INTRODUCTION  

The continuous emergence of new network resources demanding applications and services along 

with the diversity of networks, platforms and session composition have increased the need for a 

quality of service (QoS) provisioning frameworks. Frameworks that should be capable of 

handling sessions that consists of many flows with diverse set of QoS requirements and that 

traverse to the framework from different types of access or core networks. The complexity of the 

session’s participants QoS requirements as well as the different handling and classification 

procedures performed by their home networks complicates the handling of intermediate systems 

through which those sessions might traverse. Classification, mapping, adaptation, queue 

management and scheduling are essential tasks that any intermediate system has to perform in 

order to properly handle the sessions’ flows traffic and maximize the satisfaction of individual 

participants in terms of their QoS requirements. Many individual classification standardizations, 

schedulers, mapping algorithms were proposed in the past decades. Albeit, the continuous 

emergence of new network resource intensive applications, such as online gaming, Ultra High 

Definition (UHD) streaming, augmented reality etc, as well as the heterogeneity of QoS demands 

by those flows sharing the sessions mandate the need for a complete QoS provisioning 

framework that differentiate different flows and provides them with a QoS-aware resource 

handling. The framework should strive to meet the individual flows satisfaction while 

maximizing the overall session’s utilization. 
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In this chapter, we present a typical network architecture that shows the applications, services 

and networks that might feed their traffic into QoS sessions. This will explain the motivation 

behind the introduction of our QoS provisioning framework and how it should handle the 

heterogeneous incoming traffic and maximize the overall satisfaction. We then present our 

research problem statement followed by thesis contributions. Finally, we explain the 

organization of this thesis along with all our refereed papers that have already been published 

and are part of our doctorate research. 

1.1 MOTIVATION 

The more connected are devices we have, the more is the complexity of the communication 

sessions that could be established between different sessions participants. In today’s world, 

increasing number of applications, devices and human users are getting connected whether to 

Internet or to their own network [1]. This connectivity is becoming more essential to the core 

functionality of anything electronic day after day. Machine-to-Machine (M2M) [2], Unified 

Communications (UC) [3], Next Generation Networks (NGN) and Internet of Things (IoT) [4] 

are just few examples of how the world is changing and how communication and Internet are 

becoming more embedded in everything around us. For instance, UC [5] has emerged to fulfil 

the increasing demand by individuals and businesses to make a person’s reachability easier and 

more convenient without having to try each of his contact devices. In addition, there is a need for 

the person being called to control the mode of communication through which they can be 

reached at a given instant of time regardless of the communication device they have in hand and 

without having to switch their preferred method of communication just because of a context 
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change. In order for UC to resolve all these issues and due to the diversity of services and 

applications that might share the same session as well as the diversity of the networks from 

where different traffic streams are coming, Quality of Service (QoS) provisioning is a key 

component to provide adequate service to all session participants. Similarly, NGN aims to 

integrate different access networks to provide end users with seamless connectivity and mobility. 

The problem of providing consistent performance and service throughout this universe of diverse 

networks and applications is a major concern should we need to ensure the smooth and seamless 

operation of those heterogeneous communication sessions [6].  

The increasing diverseness and heterogeneity of the applications, services, protocols and 

network traffic along with their QoS requirements is a challenging issue when it comes to 

scheduling their traffic through the same network paths. Accommodating the QoS requirements 

of such a complex mixture of networks and/or applications traffic that might be sharing the same 

network path or even the same session is a multifaceted problem that should be tackled from 

different perspectives to attain or at least approach optimality. Incoming traffic classification, 

session traffic mapping and adaptation, traffic queue management, queues scheduling, traffic 

prioritization and preferential handling are some of the technical issues that need to be carefully 

investigated and resolved. The challenges for a typical context, shown in Figure 1.1, can be 

summarized as follows: 

• Classification: how to classify incoming traffic flows belonging to different networks and 

services given the different specifications, categorization, QoS requirements and access 

networks to which they belong or conform. 
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• Mapping and adaptation: how to map the heterogeneous sessions to a specific QoS class 

in a way that maximizes the overall performance of the session and individual 

participants. Also how to dynamically adapt the session to a new QoS class when any 

change occurs in terms of the flow composition of an already established session. 

• Queuing and scheduling: given the set of QoS classes and requirements of incoming 

flows forming the sessions, how a scheduler can accommodate their diverse and 

contradicting QoS requirements. How to balance between the different QoS parameters, 

typically bandwidth, delay, dropping and priority, in order to increase the overall 

utilization of the sessions while approaching the individual demand of every constituent 

flow. 

1.2 RESEARCH STATEMENT 

Trying to design a QoS provisioning framework capable of handling heterogeneous traffic 

sessions consisting of traffic flows with diverse QoS requirements, coming from different sets of 

access and core networks and representing various sets of applications or services that might 

handle the same sort of traffic data, voice or video streaming or live etc, or a totally different 

data. An adaptive QoS-aware framework capable of maximizing the overall utilization of entire 

sessions while also maximizing the individual constituent flows satisfaction according to their 

pre-set QoS requirements. 
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Figure 1.1: Overview of existing situation 

1.3 THESIS CONTRIBUTION 

We introduce a QoS provisioning framework that can adaptively provision network resources to 

traffic sessions matching their dynamically changing participants’ QoS taxonomy through the 

following components: 

• Framework Classification: Introduction of a set of eight QoS classes that should cover 

most of the known real-time traffic adopted in different networks and applications based 

on their QoS requirements. 

• Framework Session Mapping: an algorithm to map incoming traffic flow belonging to a 

certain session to one of the UC classes, mentioned above, according to their QoS needs. 
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• Framework Session Adaptation: dynamically re-mapping the session to the most 

appropriate QoS class when the session’s QoS requirements or any of the participants’ 

network conditions change. 

• Framework Fair and Delay Adaptive Scheduler (FDAS): which schedules session flows 

by dynamically balancing between virtual finish time fluid flow scheduling and deadline 

schedulability testing in order to maximize the utilization of the available network 

bandwidth while increasing the satisfaction of individual flows in proportion to their 

requested QoS requirements. The scheduler will try to keep the established heterogeneous 

sessions at the highest possible quality level as perceived by the majority of their 

sessions’ participants given the maximum theoretically achievable performance 

according to available network resources and incoming QoS requirements.  

1.4 THESIS ORGANIZATION 

Chapter 2 covers the literature that motivated and inspired our research. Chapter 3 gives an 

overview on the details of our QoS framework. Chapter 4 explains our classification and the 

basis for this QoS classification. Chapter 5 introduces our mapping and adaptation algorithm. 

Chapter 6 explains our FDAS scheduler. Finally, chapter 7 is the conclusion and future work.  

Several parts of this research have been published in refereed conferences and journals. Our 

classification categories and evaluation results have been published in the international 

conference on selected topics in Mobile and Wireless Networking (MoWNet'2013) [7]. Our QoS 

Framework and its evaluation have been published in IEEE Consumer Communications and 
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Networking Conference (CCNC2014) [8]. Our QoS mapping and adaptation have been 

published in IEEE Canadian Conference on Electrical and Computer Engineering (CCECE2013) 

[5]. Our FDAS scheduler architecture, operation have been published in Electrical and Computer 

Engineering (CCECE2014) [6] and its evaluation in IEEE Consumer Communications and 

Networking Conference (CCNC2016) [1]. Finally, preliminary modeling and optimization was 

published in IEEE Consumer Communications and Networking Conference (CCNC2016) [9] 

and detailed complete mathematical modeling and analysis was submitted for publication in 

Wiley Wireless Communications and Mobile Computing Journal [10]. 

1.5 SUMMARY 

In this chapter, we explained the background of the issues and challenges in providing 

heterogeneous session with adequate QoS given their diverse and contradicting requirements in 

new and emerging networks and applications. We also overviewed the motivation behind our 

research work given the issues highlighted. The research problem statement was also specified. 

Finally, a summary of the contributions of this research was given. 

In the next chapter, we will overview the literature in different areas that motivated and inspired 

our research such as UC architecture, components, operation and frameworks, QoS frameworks, 

traffic classification, mapping, queuing and scheduling. 
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CHAPTER 2: LITERATURE REVIEW  

In this chapter, we present the relevant work to our PhD research in different areas that 

motivated our work and inspired our contributions.  

Communication services have changed dramatically in the past few years. Users now might 

have multiple devices, contact numbers and services that a person can be reached at during 

different periods of time and contexts. The heterogeneity of networks, devices and 

applications/services along with the diversity of users’ contexts and preferences impose major 

challenges on the communication session’s establishment, maintenance and QoS sustenance in 

today’s networks. Heterogeneity of access networks raises the question of how to establish a 

session between these types of diverse networks as well as how to hand over from one type of 

network to another type. This issue is even more persisting in NGN and Unified 

Communications (UC) due to their inherent nature in supporting traffic, user and connection 

diversity. In addition, QoS frameworks and traffic specifications vary from one network to 

another making the task of establishing and maintaining QoS across these diverse networks not 

easy to accomplish. The fact that QoS sessions might have multiple participants with different 

QoS application requirements adds even more complexity to the task of QoS provisioning in 

future networks. Following, we cover different areas that are necessary for our research while 

discussing how they motivated our research leading to the introduction of our final QoS 

provisioning framework. 
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2.1 UNIFIED COMMUNICATIONS 

The reduced cost for acquiring communication devices and services has resulted in customers 

having multiple communication devices running on different types of networks. Those devices 

might be providing the same type of service, like voice, or different services such as voice, video 

conferencing, instant messaging, social networking etc. Customers have to use a specific device 

type to receive a certain service. They cannot even switch live between devices offering the same 

service. In the case of businesses, like call centres, the calls are routed on a preconfigured 

number basis with no built-in intelligent routing capability to forward the call to the best person 

regardless of when, where or which device the person is currently using. The problem is inherent 

in existing communication devices and networks. They are not intelligent enough to handle 

services in the way that best fits the users’ or business’s needs; instead they force users to adapt 

to the way the networks were built.  

The area of Unified Communications (UC) aims to build the network services around the 

user and not the other way around. The key element of UC is that it provides the service 

customers want, when they want and regardless of which device they have access to. UC also 

embeds intelligence into the business communication process to better utilize available human 

resources. In this section, we explain the difference between E-collaboration and UC. We also 

explore the advantages of switching to UC from user, business and service provider perspectives. 

Finally, we show in detail the UC architecture and operation together with some research and 

industrial examples. Finally, we conclude by listing all current and prospective UC challenges. 
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2.1.1 Unified Communications or E-Collaboration 
It is not uncommon to confuse Unified Communications (UC) with different methods of 

electronic collaboration (E-Collaboration). E-Collaboration presents all electronic methods used 

to enhance collaboration and increase productivity between team members through creating 

virtual teams such as E-Collaboration include email, video conferencing, Web conferencing, 

instant messaging, social networking, gaming networking, etc. There are four main functional 

differences between UC and E-Collaboration: 

• UC unifies the reachability information for the person being called without exposing his 

privacy. It does that using context-based/preference-based call routing. 

• E-Collaboration can result in synchronous or asynchronous communication depending on 

the communication method used and the status of the person at the time of call. UC, on 

the other hand, increases the chances of synchronous real-time communication through 

dynamic call routing. 

• UC provides seamless live call migration from one device to another without interrupting 

the call. 

• E-Collaboration represents a number of discrete collaboration/communication 

technologies that are different from one another and which are used in different context. 

UC, on the other hand, unifies these technologies regardless of the context where the user 

is currently in. 
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2.1.2 Motivation for Unified Communications 
As we mentioned previously, customers have several motivations to unify their networks and 

devices through using Unified Communications (UC). We will discuss these motivations from 

three different perspectives: user, business and service provider perspective. 

2.1.2.1 User Perspective 

Communication users are always looking for convenience and ease of use. It is very common for 

anyone to have several communication devices like smart phones, home phones, IM clients, 

social networking accounts, voicemail, email, etc. It is inconvenient for clients to manage and 

stay connected through this number of communication devices. Also, callers find it inconvenient 

and sometimes hard to reach a person on one device given that the person might be available on 

another device which the caller does not know about or did not try.  

UC will unify this world of heterogeneous communication devices and networks. It will 

provide the user with the ability not just to roam between different networks, as in other NGN 

handover research [11] [12], but also to switch from one device to another seamlessly and live 

without interrupting the call in progress. Also, it will provide call recipients with the ability to 

hide their numbers from certain callers. Though, they can still reach them through a specific list 

of recipients’ numbers if recipients choose so. Users can determine which device they can be 

reached at, at which time and to which people. They can also be called at one device while they 

pick up the call on another device that is more convenient to them without exposing their context 

information. To summarize, UC will enable individuals to effectively manage their inbound and 

outbound calls in a way that better suits their daily schedule and needs. 
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2.1.2.2 Business Perspective 

UC could be very beneficial for businesses and that is why over 66% of the companies 

interviewed by Nemerets Research noted that they either have active plans or were evaluating 

ways to achieve business benefit by having UC capability in their business process [13]. The 

incorporation of real-time communication inside the business process will lead to better customer 

service interactions. Customer calls will be routed to the right person at the right time based on 

the level of the service the customers might need and the level of expertise the service agents 

might have. The call can be escalated automatically and intelligently to the next level agent 

based on the complexity of the customer request and the availability different agents regardless 

of where they are and what communication device they are using.  

A feature like “Just In Time Fetch The Expert” [13] which combines both live presence 

information with corporate business rules can also be added to the business process. For instance, 

a hospital nurse can call a local emergency number and get to the right person based on the 

patient case description. The call will be routed to the right doctor who might not be even in the 

hospital but might be the best person to handle the case according to his profile and case 

complexity. The system will try to reach that person based on his profile, current context and 

preferences. The nurse does not have to worry who, how and where to reach the best person for 

the case in a hand; the system will do that for her. Another useful advantage that UC can provide 

for businesses is the UC-enabled business process. For example, if the inventory system is UC-

enabled then when the inventory goes low the process will automatically try to arrange a meeting 

between different managers from different departments who might be concerned as well as 
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responsible for the low inventory issue. The system will have those managers’ context available 

together with their calling preferences set for different devices during different periods of time. 

The system will try to establish an immediate live audio/video conference between all of them in 

order to reduce the time required to handle the situation. Also, features like click-to-call [14] and 

presence status will be very useful to keep customers connected live to the business while they 

are using their applications and products. Briefly, UC can benefit businesses by embedding real-

time connectivity capability in their business processes that will make them both intelligent and 

context aware. 

2.1.2.3 Service Provider Perspective 

For providers that offer multiple different communication services, it will be a great competitive 

advantage for them to provide this level of unification for their customers for a price. This 

service will be an advantage for the service providers both in terms of added revenues and 

customer satisfaction. The problem will arise when the unification has to be done between 

providers of different services or even between different providers of the same service. Providers 

should have an agreed upon inter-billing agreement which is somewhat similar to the wireless 

cellular technologies (e.g., GSM, GPRS) roaming billing agreements. Also, a new category of 

providers might come into the picture. Those providers are not providing any specific service but 

rather integrating a number of different services provided by other legacy single service 

providers. Those providers are specialized in unifying different client’s communication services 

and giving him the flexibility to roam between one service to another live and without 

interruption. 
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2.1.3 Unified Communications Architecture, Components, Services and Operation 
Unified Communications (UC) networks combine heterogeneous devices for individuals by 

linking access networks through a unified IP network. UC architecture, shown in Figure 2.1, 

typically consists of six main components: 

1. Interface to Access Networks: the network dependent component that is responsible for 

interfacing the UC backbone to different types of access networks including Public Switched 

Telephone Network (PSTN), cellular, pager, Instant Messenger (IM) client, etc. 

2. UC Backbone Network: the IP network that performs all the UC work and connects the calls 

between different access networks. 

3. Context Awareness Engine: the engine responsible for tracking the user’s context in terms of 

location, time, activity and other context related properties. This collected information will 

help the controller to decide how and when to connect the caller to the callee. 

4. Preference Repository: the repository in which users store their preferences regarding how to 

be contacted, on which device, at what time and the parties allowed to check their availability 

and presence status. This repository is the governor for how the calls should be made and 

connected through the UC backbone in order to meet the callee’s preferences. This repository 

also contains a list of which callers can call which callees and when in order to protect their 

privacy and meet the desired preferences. 

5. Controller Engine: the brain of the UC that receives incoming calls, checks the callee ID, 

pulls up callee’s preferences from the preference repository, checks callee’s context from the 
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context engine against his preferences, creates software agents to handle the call in the UC 

backbone if necessary and finally routes the call to the callee’s preferred device. 

6. Directory Service: where all user details, such as contact information and unique global ID, 

are stored. 

The main services that are provided by UC networks include: 

1. Tele-presence and reachability notification: through which callers can easily determine 

whether the user is available for live communication on any of his communication devices 

and whether he is accepting calls or not. 

2. Device independent communication: through which callees can setup their profiles to match 

their calendar and their daily schedule and determine how, when, by who and on which 

communication device he can be reached at a particular time or in a particular context. Also 

the callee can easily and seamlessly switch from one device to another more convenient one 

without interrupting the call in progress. 

3. Communication enabled business processes: Click2Call is one example in which the 

business application enables customers to connect to the most appropriate person who can 

professionally handle their request while they are exploring the application or running a 

specific feature within the application. UC can be embedded in business and organizational 

systems including retail stores and inventory, hospitals, 911 emergency and many others. UC 

will increase the productivity of those systems and decrease the time required to achieve 

business goals and optimize business process. 



 

16 

 

Figure 2.1: UC architecture 

2.1.4 Examples of Unified Communications Architectures and Frameworks 
The NGN research work mainly focus on the efficiency of the handoff [12] and sustainability of 

QoS when devices move between co-existent heterogeneous networks. The current approaches 

are more device-centric in which the device is the point of communication that we want to keep 
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connected rather than the user himself. In UC on the other hand, the end-user is the point of 

communication. For this reason, NGN research work cannot be directly applied to UC. Most of 

the current UC work deals with the connectivity issue from an overlay network perspective. To 

our knowledge, no work has been done, even in NGN, to handle the QoS provisioning when the 

communication session is shared by a diverse set of applications and services that vary in terms 

of their QoS requirements, and when the set of users’ communication devices is diverse and 

heterogeneous and also when session handover takes place from one network to another or from 

one device to another during active sessions. In addition to connectivity, UC should provide QoS 

for a session that is acceptable to all participants of diverse device types, network types and 

service QoS requirements. Also UC should sustain this acceptable QoS level when the mixture 

of session’s flows and QoS requirements change. Next, we will first overview available 

commercial UC solutions. Then, we will explore two UC architectures that were proposed in the 

research community; namely ICEBERG generic UC architecture and Mercury context aware UC 

framework. 

2.1.4.1 Commercial Unified Communications Solutions 

The most relevant effort in providing a UC-enabled infrastructure is the service-oriented network 

architecture (SONA) [15] that Cisco has introduced. Instead of offering UC application services 

to end customers and let the service quality be dependent upon the network supplied service 

quality, SONA® provides both the UC application services and the network enabled 

communications and collaboration services. The later provides the upper application layer with a 

network service interface for services such as media, routing, topology and voice recognition 
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services. UC communications and collaboration services use security, storage and transport 

services to assure resource reservation in the network infrastructure. UC applications simply 

request the service in abstract terms from the communications and collaboration services. Then, 

the communications and collaboration services will communicate with other infrastructure 

services to assure the delivery of the requested UC services and their quality. SONA® is a 

framework that virtualizes the network and its services for UC applications. It is a set of 

principles and guidelines to establish the UC infrastructure network that is designed and 

implemented according to the customer’s setup and requirements on a case-by-case basis. 

SONA® does not offer new implementations or technologies but rather, it recycles existing 

technologies, such DiffServ for QoS, to provide assured network infrastructure services to the 

UC applications and services.  

Other vendors also have their own UC solutions and products such Avaya Aura® [16], 

Alcatel-Lucent OpenTouch® [17], Microsoft Lync® [18] and even Cisco Unified 

Communication Manager (UCM) [19]. The common thing between all these platforms is that 

they are all application level UC solutions that are concerned with session establishment and 

end-user collaboration and communication from an application level perspective. They do not 

address the problem of the enabling network infrastructure and the assurance of the 

communication services offered to the upper level UC applications; a problem that is only, to our 

knowledge, partially addressed by Cisco SONA®. 
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2.1.4.2 Research Community Proposed UC Architectures 

First in this section, we will explore two UC architectures that were proposed in the research 

community; namely ICEBERG generic UC architecture and Mercury context aware UC 

framework. Second we will overview available commercial UC solutions. 

ICEBERG [20] UC architecture, along with variant UC protocols frameworks and overlay 

networks inspired by it [21] [22] [23] [24] [25], consists of two central components:  

• Terminal Agents (TA): which communicate with each other through the overlay network to 

establish and maintain sessions. They represent the access points through which endpoints 

access the backbone overlay network. This is similar to the agents that the UC controller, 

Figure 2.1, might populate to handle calls. 

• Gateway: translates the signalling between the endpoints and the TAs and does the 

packetization for the traffic from the endpoints to the TAs. This is similar to the UC-to-

Access interfaces that we discussed earlier. 

Each access network device is connected to the backbone IP-network’s TA through a gateway. 

The TAs are connected to one another. They represent the end devices to the IP network. When a 

GSM TA, for instance, is connected to the PSTN phone and the GSM user wants to switch from 

using the GSM phone for the communication in progress to IM audio chat, then the TA 

connected to the GSM phone will communicate with the TA connected to the new IM client TA 

and exchange all call status and details. Once the new TA creates his session with the other 
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party’s PSTN TA, then the handoff can be made from the current GSM phone to the preferred 

way of communication through the IM client TA. 

 

Figure 2.2: ICEBERG architecture [20] 

For the ICEBERG architecture, authors in [20] implement an application-level lightweight group 

service layer (ALGS) which acts as a multicasting protocol suitable for a small number of nodes. 

It maintains groups and their members to enable the TA agents, which are using this layer, to do 

their service handoff properly. The driver for creating this layer was the unsuitability of IP 

multicasting to serve small number of nodes as well as the scarcity and the cost of multicasting 

addresses.  The layer uses an announcement/listen protocol to keep its neighbours’ status updated 

in a way similar to hello messages in routing protocols.  
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This layer performs the multicasting using Group Agents (GA). GAs maintain a table of all 

members participating in the call. When a TA decides to switch a call to another TA it invites the 

new endpoint TA to the conversation using its IP address. The new endpoint TA will create a 

new GA that will join the group. The new GA will send a join message to all existing group 

members in current conversation. Once the group membership is established the new TA will 

send its endpoint information to the entire group. When the other call party receives this 

information it will start establishing a data path with this new TA and consequently with the 

endpoint to which it is connected. Once the old TA determines that this new data path has been 

established it will terminate the old session, stop announcing and listening to the group and 

destroy its own GA. 

The protocol perfectly works for single handoff situations but for simultaneous handoff the 

new nodes may lose contact with each other and the call may time out and get dropped. The 

reason for that is the mechanism for joining the group.  When a new member sends a join 

message to join the group it only receives current members of the group. If simultaneous handoff 

happens then both new endpoints and TAs will not be aware of each other’s existence as they did 

not receive each other’s reachability parameters at the time of joining the group. A realistic and 

practical solution for this scenario through using a modified version of the Name Dropper (ND) 

algorithm, defined in [26], was proposed. The ND algorithm is employed in poorly connected 

networks and used for discovering other nodes in the network. It does that by sending its network 

members list to one of its neighbour nodes and the neighbour will merge that list with its own if 

it has more information. Two major modifications have been made. First, to guarantee mutual 
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node visibility, all GAs must broadcast the join and leave messages to all group members instead 

of just unicasting it to the members that they received in the invitation list from existing 

members. Second, to guarantee convergence, when any node receives a membership list it will 

merge with its own. Additionally, it will check if the sender will benefit from the merged list and 

if this is the case then it will send back to the sender to update it. 

ICEBERG tackled the UC from the TA connectivity point of view. They claimed that the IP 

multicasting is not suitable for UC due to addressing scarcity and cost. They proposed an 

application-level multicasting protocol instead which is only suitable for 2-8 nodes. However, 

their solution is not scalable and might not satisfy service provider or corporate-level UC needs. 

Other solutions using IP multicast combined with TCP/UDP sockets should be explored as they 

might better fit larger scenarios without the overhead of maintaining an application level 

multicasting protocol. Another drawback of the proposed solution is that it uses a very simple 

node failure discovery protocol based on periodic announcements. Such protocols might work 

fine with routing protocols or other protocols that can tolerate temporary route failures and still 

provide the service. In the case of UC, it provides real-time services to its clients in the form of 

phone calls, video conferencing, live chat, etc, in which milliseconds of delay are not tolerable. It 

is not logical or acceptable that a person on a call hears nothing for a few seconds until the TAs 

figure out that the peer TA or endpoint is down. It will reach that conclusion only when the 

announcement timer times out and then it will start searching for a new endpoint or TA to 

connect to the same caller.  



 

23 

The solution for this problem is to have the announcements as frequent as the maximum 

tolerable voice delay which is, in worst case scenario, less than half a second. A drawback of this 

suggestion is that it will saturate the network with hello traffic. The previous discussion shows 

that more research is still needed to find out a method to discover failed nodes and quickly and 

seamlessly replaces them with other TAs and endpoints in order to keep the call live without 

interruption. 

Service handoff, in [20] [27], was a distributed process between different TAs though the 

ALGS layer which connect them together. The focus was mainly on the grouping protocol rather 

than on the service handoff itself and the mechanism for implementing the context aware 

intelligent call routing. On the other hand, authors in [28] focused on the dynamic and live 

service handoff as well as the integration of context awareness in call routing decision. They 

proposed a UC system, called Mercury, which allows users to connect to each other through the 

most convenient device. Mercury provides four main features: 

1. It decides the best and most convenient device to route the incoming call to exploiting the 

available context information and controlled by the pre-set user preferences.  

2. It facilitates live call migration from one device to another if the user context has changed or 

if the user explicitly chooses to switch to another more convenient device in the middle of the 

call. 

3. It provides callers with reachability status information exploiting the knowledge about users 

availability on different devices. 
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4. It alerts the user using, a soft ring feature, on the current preferred device that a call to his 

device which he is not currently using is coming. This gives him the option either to ask the 

engine to divert the call to his current device if that is possible or to go and pick up the phone 

using the other device if he wishes to. 

Mercury uses Session Initiation Protocol (SIP) [28] [29] and assumes that all endpoints are SIP 

enabled. Mercury is a centralized approach if we compare it to the TA distributed approach. 

Mercury consists of the following three main components: 

1. Device Agent: It consists of two parts. The first part is the agent core which is a 

communication device independent. It communicates with the Mercury engine and other 

agents. The second part is the device adapter which is device specific to handle signalling 

with the specific communication device. The device agent has three main functions. First, it 

communicates with the specific communication device to which it is connected. Second, it 

creates SIP messages to communicate with other agents and with the Mercury engine. 

Finally, it relays conversation messages with other agents after the call is established. 

2. Mercury Engine: It looks up the address of the callee in the address book. It also route and 

migrates live calls using the available context information and the configured user 

preferences. The caller might call the callee’s Generic User ID (GUID) that identifies users 

themselves instead of the specific devices they use. Callers can also call the specific device 

they know for the callee and the Mercury engine does the call routing to the appropriate 

device the callee wants to receive calls at according to his context. 
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3. Context Service: It is responsible for manipulating context information and providing it to 

the engine upon request. The context information might be based on location, activity, time 

of day, meeting, etc. The context service provides a callback function which is implemented 

using SIP Register, Notify, and Subscribe functions. Users register their available devices to 

the system by sending SIP REGISTER message to the engine which forwards it to the 

context service that records it in its database. Callers who are not able to contact the callee at 

a certain point of time will SUBSCRIBE to the engine which will in turn forwards this 

message to the context service that will record this subscription and responds back to the 

caller once the callee becomes available according to his context rules and preferences. 

The interface of Mercury allows the user to make, migrate and end a call. It also allows him to 

specify his reachability info for incoming calls from different callers. Additionally, it allows 

callers to subscribe for unified reachability status so that they receive a notification once the user 

becomes available on of his devices. Even if the requester subscribes to the callee’s status 

notification and the user becomes physically available on one of the devices, requester will not 

be notified of this availability if the engine figured out from the callee’s context and preferences 

combination that the callee does not want this caller to see him available on that device. 

Mercury system is considered to be a complete solution for successful UC technology. It 

does not though specify the context service functional details. It just assumes the context service 

is there and functional and leaves the details to the vendor’s preference. Mercury has a single 

point of failure which is critical when the system serves a larger number of clients. Mercury 

architecture is interesting especially for service providers who want to provide the services to 
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their customers and manage that centrally rather than distributively as is the case with the TA’s 

model. To use Mercury for service providers, there will be a need to divide different locations 

and different networks into different administrative zones each served by a separate Mercury 

subsystem. In this case, we must develop a protocol that exchanges context information between 

those different Mercury subsystems. Also, there must be some common language between 

different Mercury engines to be able to route calls between authority zones and heterogeneous 

networks. Table 2.1 summarizes the most distinctive features of the two systems discussed in this 

section. 

Table 2.1: Summary of distinctive features; ICEBERG vs. Mercury 

 Context 
Awareness 

Access 
Networks 
Support 

Component 
Failure 

Tolerance 

Call-back 
Option 

Agents 
Communication 

ICEBERG Assumed to be 
provided but 
no 
implementation 
details 

Gateways 
support 
different 
access 
networks 
and even 
accept 
new ones 

Announce/ 
Listen model, 
detects failure 
through 
missing 
announcements 

No specific 
implementation 
for call back 
option 

ALGS layer 
provides the 
multicast 
communication 
between 
different agents 
in an efficient 
way 

Mercury Built-in with 
full 
implementation 
details 

The 
system is 
SIP-based 
and 
assumes 
all 
devices 
are SIP 
enabled 

SIP does not 
provide any 
technique for 
fault tolerance 
neither do 
Mercury itself 

Call back 
support 
through SIP 
Register, 
Notify and 
Subscribe 
functions 

Uses SIP 
protocol and 
does not need 
multicasting to 
invite new 
agents 
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2.1.5 Unified Communications Challenges 
Examples of the challenges that UC is facing are: 

1. Standardization: Session initiation between different TAs through the overlay IP network is 

not yet standardized. Standardization of overlay network session protocol as well as 

interoperability between different protocols is of great importance to UC networks. 

2. Privacy/Security: Reachability status is one of the core UC features, but this reachability 

should be provided in a way that preserves user’s privacy. UC will route calls to callees on 

devices that might different from the devices through which the caller makes the call. The 

caller should not be able to know this unless the callee makes his context information visible 

to that specific caller. Also, UC may rely on sensitive context information, like physical 

location for instance, and route calls accordingly. Privacy and the hiding of such sensitive 

information must be embedded and well designed in UC. 

3. Service Handoff: The protocol governing the process of handing off from one device to 

another is the core protocol in UC [27]. Also, TAs which implement that protocol are the 

core component in the UC overlay layer that do all the real work to unify the networks and 

provide seamless integration. TA failure or disconnection due to network partitioning or 

unexpected software or hardware failure will affect all the UC network operation. TA failure 

discovery/recovery algorithms are very important to the operation of the UC. 

4. Context Awareness: All UC functionality relies on context information in order to make call 

routing decisions that suit the person’s preferences that decide the best person at the right 
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time according to those preferences. The design of this context/preference call routing engine 

is one of the major challenges to achieve an effective UC network. 

5. Preference Repository Creation: This repository is very essential to the whole UC operation. 

The way users will create their own preferences profiles and how the metadata will be 

organized in the repository is very important. If the user is not able to correctly fill the 

repository or if he gets bored of the complicated filling process then the UC will not work 

efficiently, if at all. Convenience and easiness should be the main factors when designing this 

repository. Human Computer Interaction (HCI) and Artificial Intelligence (AI) can be very 

beneficial in this regard. 

6. Inter-Agent Routing: Choosing the right agent [20] to forward the call is not just a matter of 

routing the call packets through the Internet plane. We might have several points connecting 

to the same access network. If we simply route the call to any of them or route based on the 

Internet best path, we might not get the optimal path between the two devices. One of these 

points might be closer to the callee’s location in the access network than the other even 

though it might not lead to the optimal Internet route. Combined Internet as well as access 

network routing should be considered to lead to the actual best end-to-end path. 

7. UC-enabled Application: UC can be embedded inside the applications and the organization 

service infrastructure. The “Just in Time Fetch the Expert” [13] application that we discussed 

earlier is just an example of how UC can be beneficial to the business process as well as 

individuals. Innovative applications should be created to utilize the unique functionality 

embedded inside the UC. 



 

29 

8. Comprehensive Quality of Service (QoS) support: UC network is expected to support 

different services with widely varying QoS requirements which might need stringent 

guarantees. Efficient fair and prioritized bandwidth allocation techniques and delay aware 

resource management and allocation are required to establish preferential treatment between 

different service classes in order to provide better QoS for different sets of priority classes. 

Thus, intelligent resource management techniques for UC network that enable providing 

context-awareness while maintaining high levels of QoS are important. In addition, in order 

to provide end-to-end QoS across UC network, all parts of the network should support QoS 

and provide means of dynamic resource negotiation. 

9. Billing and Charging: Due to distinct characteristics of UC network, it is necessary to 

develop pricing models tailored to support unified billing and charging for clients running 

services under the same service provider or different service providers. 

2.2 QUALITY OF SERVICE IN NEXT GENERATION NETWORKS 

Authors in [30] introduced a Location & Situation concept for adaptive QoS provisioning in next 

generation heterogonous networks. Location is more a specific term than the geographic 

location. A single geographic area consists of several locations. Each location is characterized by 

its geographic position, available resources in that position and the number of wired and wireless 

access points available. This location information will help in tracking the user and guarantee 

communication session continuity when moving between different coverage locations when 

vertical or horizontal handover takes place. The other part of the concept is the situation. 

Situation represents a broader concept of context that users are currently in. It includes location 
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as one of its parameters. It also includes network resources available based on that location such 

as available wireless/wired access points, applications, services and other users in the same 

location. This concept helps the QoS system to provide the user with the best possible network 

service based on the network resources available in the specific user’s situation [31]. Situation 

and location can change simultaneously or autonomously. For example, change in the location 

might change the set the available resources including access points available. On the other hand, 

network failures and bandwidth changes will change the situation even if the user did not leave 

his current geographic location. Multi-Agent System (MAS) [32] [33] was employed in this 

research work through the introduction of three different mobile agents; User Device Application 

Agent (UDA), Situation Management Agent (SMA) and Resources Management Agent (RMA). 

UDA is the client-side agent that represents a particular user using a specific device and running 

a specific application. It monitors the user behaviour while switching between different 

networks, devices and applications. SMA monitors resources as well as profiling information for 

different situations. Based on the situation information and the resources availability, it allocates 

resources that best matches the current situation. RMA is responsible for distributing and 

managing resources, including users, devices, applications and networks, in a whole area of 

interest. Areas are divided into sub areas to minimize and distribute the processing load over 

several RMAs. Authors’ main contribution was the introduction of situation and location concept 

that differentiate between the physical location and the situation that contains that location as 

well as other user and network parameters. Their suggested UDA, RMA and SMA framework is 

processing and network intensive and requires significant changes to be made to both 
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infrastructure as well as end users’ devices. The mapping between high level QoS, as perceived 

by the user, and low level QoS, as recognized by the network, is not tackled despite its 

significance for the framework to function properly. The OA optimization algorithm is not 

mentioned, however, it is the core for optimal network utilization that is one goal of this research 

work. Finally, this framework assumes that a common communication protocol exists between 

different components including the devices and users. This assumption is unrealistic as users 

might use different devices that might not even be able to connect to the same communication 

medium to which different agents are connected. The way that different agents are 

communicating with each other as well as with different parties, that those agents are 

representing, is not even mentioned in this research work. 

Authors in [34] propose a scheme for 4G networks that selects the best wireless access 

network based on the statistical QoS parameters for each of the available access networks. Their 

model calculates the end-to-end delay and throughput for each access network and decides which 

network best fits the specific traffic type to be transferred. In 4G systems [35], networks are 

divided into three types: access, edge and core network. Possible paths from user node to the 

core can take several paths as depicted in Figure 2.3. Authors model the 4G system’s possible 

network paths as a series of queues, as shown in Figure 2.4, where λ is the call arrival rate and 

μ is the service rate for each the queues in packets per second.  
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Figure 2.3: Possible traffic paths in 4G system [34] 

 

Figure 2.4: Queuing model for radio access network [34] 

Authors considered two types of networks only, namely UTRAN and IEEE 802.11 EDCF 

medium access [36]. They design a queuing scheme that supports two types of traffic one for 

real-time and another for non real-time. M/M/m queuing discipline [37] is used to serve real time 
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traffic and M/G/1 queuing discipline for non-real time traffic. After calculating the delay and 

throughput for both real-time and non real-time traffic in UTRAN, the authors propose an 

algorithm for the selection between the two wireless access networks based on the calculated 

QoS parameters. The QoS manager in this framework implements a ranking algorithm that 

assigns a rank to each network that is derived from these parameters. The rank takes into 

consideration the preferences of the user to specific network parameters. For instance, delay for 

users with voice traffic would be more important than throughput or availability. For this reason, 

the algorithm will give weights to each of the QoS parameters based on the traffic type and user 

preference. The lower is the ranking; the more preferable is the network. The ranking will be 

calculated as follows: 

𝑅𝑅𝑖𝑖 =
𝑐𝑐𝑐𝑐𝑖𝑖�𝑤𝑤𝑎𝑎𝑃𝑃𝐵𝐵𝑖𝑖 + 𝑤𝑤𝑑𝑑𝐷𝐷𝑖𝑖 + 𝑤𝑤𝑖𝑖 ∕ 𝛾𝛾𝑖𝑖�

𝑤𝑤𝑎𝑎 + 𝑤𝑤𝑑𝑑 + 𝑤𝑤𝑡𝑡
 

where 

𝑅𝑅𝑖𝑖 ∶ 𝑅𝑅𝑅𝑅𝑅𝑅𝑅𝑅 𝑜𝑜𝑐𝑐 𝑅𝑅𝑛𝑛𝑛𝑛𝑤𝑤𝑜𝑜𝑛𝑛𝑅𝑅 𝑖𝑖 

𝑐𝑐𝑐𝑐𝑖𝑖 ∶ 𝐶𝐶𝑜𝑜𝐶𝐶𝑛𝑛 𝑐𝑐𝑓𝑓𝑅𝑅𝑐𝑐𝑛𝑛𝑖𝑖𝑜𝑜𝑅𝑅 𝑐𝑐𝑜𝑜𝑛𝑛 𝑅𝑅𝑛𝑛𝑛𝑛𝑤𝑤𝑜𝑜𝑛𝑛𝑅𝑅 𝑖𝑖 𝑅𝑅𝐶𝐶 𝐶𝐶𝑛𝑛𝑛𝑛 𝑏𝑏𝑏𝑏 𝑅𝑅𝑛𝑛𝑛𝑛𝑤𝑤𝑜𝑜𝑛𝑛𝑅𝑅 𝑓𝑓𝐶𝐶𝑛𝑛𝑛𝑛 

𝑤𝑤𝑎𝑎,𝑤𝑤𝑑𝑑,𝑤𝑤𝑡𝑡

∶ 𝑤𝑤𝑛𝑛𝑖𝑖𝑤𝑤ℎ𝑛𝑛𝐶𝐶 𝑅𝑅𝐶𝐶𝐶𝐶𝑖𝑖𝑤𝑤𝑅𝑅𝑛𝑛𝑎𝑎 𝑛𝑛𝑜𝑜 𝑅𝑅𝑎𝑎𝑅𝑅𝑖𝑖𝑎𝑎𝑅𝑅𝑏𝑏𝑖𝑖𝑎𝑎𝑖𝑖𝑛𝑛𝑏𝑏,𝑎𝑎𝑛𝑛𝑎𝑎𝑅𝑅𝑏𝑏 𝑅𝑅𝑅𝑅𝑎𝑎 𝑛𝑛ℎ𝑛𝑛𝑜𝑜𝑓𝑓𝑤𝑤ℎ𝑝𝑝𝑓𝑓𝑛𝑛, 𝑛𝑛𝑛𝑛𝐶𝐶𝑝𝑝𝑐𝑐𝑛𝑛𝑖𝑖𝑎𝑎𝑛𝑛𝑎𝑎𝑏𝑏,𝑅𝑅𝑐𝑐𝑐𝑐𝑜𝑜𝑛𝑛𝑎𝑎𝑖𝑖𝑅𝑅𝑤𝑤 𝑛𝑛𝑜𝑜 𝑖𝑖𝑛𝑛𝐶𝐶 𝑖𝑖𝑖𝑖𝑝𝑝𝑜𝑜𝑛𝑛𝑛𝑛𝑅𝑅𝑅𝑅𝑐𝑐𝑛𝑛 

𝑃𝑃𝐵𝐵𝑖𝑖 ,𝐷𝐷𝑖𝑖 , 𝛾𝛾𝑖𝑖 ∶ 𝑅𝑅𝑐𝑐𝑐𝑐𝑛𝑛𝐶𝐶𝐶𝐶 𝑅𝑅𝑛𝑛𝑛𝑛𝑤𝑤𝑜𝑜𝑛𝑛𝑅𝑅 𝑖𝑖  𝑏𝑏𝑎𝑎𝑜𝑜𝑐𝑐𝑅𝑅𝑖𝑖𝑅𝑅𝑤𝑤 𝑝𝑝𝑛𝑛𝑜𝑜𝑏𝑏𝑅𝑅𝑏𝑏𝑖𝑖𝑎𝑎𝑖𝑖𝑛𝑛𝑏𝑏,𝐷𝐷𝑛𝑛𝑎𝑎𝑅𝑅𝑏𝑏 𝑅𝑅𝑅𝑅𝑎𝑎 𝑛𝑛ℎ𝑛𝑛𝑜𝑜𝑓𝑓𝑤𝑤ℎ𝑝𝑝𝑓𝑓𝑛𝑛, 𝑛𝑛𝑛𝑛𝐶𝐶𝑝𝑝𝑛𝑛𝑐𝑐𝑛𝑛𝑖𝑖𝑎𝑎𝑛𝑛𝑎𝑎𝑏𝑏 

This research work derives the three main QoS parameters, delay, throughput and 

availability, for both UTRAN and IEEE 802.11. But, their proposed queuing scheme is quite 
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abstract with no real analysis or implementation as to how different queuing stages will interact 

and affect each other’s performance. Also the derivation is mainly based on the first level access 

network queues and totally discards the next two levels effect on the overall QoS parameters of 

the network. 

Authors in [37] developed an analytical model for networks with three types of traffic that 

will minimize the call blocking probability, an essential session QoS parameter, by maximizing 

network resources utilization. They formed a Markov chain for three traffic types, voice, Web 

browsing and other traffic, of three arrival rates, 𝜆𝜆1, 𝜆𝜆2 𝑅𝑅𝑅𝑅𝑎𝑎 𝜆𝜆3, and three service rates, µ1, µ2 

and µ3. The model is shown in Figure 2.5.  

 

Figure 2.5: Higher order Markov chain model [37] 

To find the blocking probability for each traffic type, authors found the Markov chain steady 

state equations. The three lower boundary equations are: 

𝜆𝜆1𝑃𝑃0 + 𝜆𝜆2𝑃𝑃0 + 𝜆𝜆3𝑃𝑃0 = µ1𝑃𝑃1 + µ2𝑃𝑃2 + µ3𝑃𝑃3 

𝜆𝜆1𝑃𝑃1 + 𝜆𝜆2𝑃𝑃1 + 𝜆𝜆3𝑃𝑃1 + µ1𝑃𝑃1 = µ1𝑃𝑃2 + µ2𝑃𝑃3 + µ3𝑃𝑃4 + 𝜆𝜆1𝑃𝑃0 

𝜆𝜆1𝑃𝑃2 + 𝜆𝜆2𝑃𝑃2 + 𝜆𝜆3𝑃𝑃2 + µ1𝑃𝑃2 + µ2𝑃𝑃2 = µ1𝑃𝑃3 + µ2𝑃𝑃4 + µ3𝑃𝑃5 + 𝜆𝜆1𝑃𝑃1 + 𝜆𝜆2𝑃𝑃0 
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The three upper boundary equations are: 

𝜆𝜆1𝑃𝑃𝑛𝑛−1 + µ1𝑃𝑃𝑛𝑛−1 + µ2𝑃𝑃𝑛𝑛−1 + µ3𝑃𝑃𝑛𝑛−1 = µ1𝑃𝑃𝑛𝑛 + 𝜆𝜆1𝑃𝑃𝑛𝑛−2 + 𝜆𝜆2𝑃𝑃𝑛𝑛−3 + 𝜆𝜆3𝑃𝑃𝑛𝑛−4 

𝜆𝜆1𝑃𝑃𝑛𝑛−2 + 𝜆𝜆2𝑃𝑃𝑛𝑛−2 + µ1𝑃𝑃𝑛𝑛−2 + µ2𝑃𝑃𝑛𝑛−2 + µ3𝑃𝑃𝑛𝑛−2

= µ1𝑃𝑃𝑛𝑛−1 + µ2𝑃𝑃𝑛𝑛 + 𝜆𝜆1𝑃𝑃𝑛𝑛−3 + 𝜆𝜆2𝑃𝑃𝑛𝑛−4 + 𝜆𝜆3𝑃𝑃𝑛𝑛−5 

𝜆𝜆1𝑃𝑃𝑛𝑛−3 + 𝜆𝜆2𝑃𝑃𝑛𝑛−3 + 𝜆𝜆3𝑃𝑃𝑛𝑛−3 + µ1𝑃𝑃𝑛𝑛−3 + µ2𝑃𝑃𝑛𝑛−3 + µ3𝑃𝑃𝑛𝑛−3

= µ1𝑃𝑃𝑛𝑛−2 + µ2𝑃𝑃𝑛𝑛−1 + µ3𝑃𝑃𝑛𝑛 + 𝜆𝜆1𝑃𝑃𝑛𝑛−4 + 𝜆𝜆2𝑃𝑃𝑛𝑛−5 + 𝜆𝜆3𝑃𝑃𝑛𝑛−6 

By solving these equations assuming that the three arrival rates are equal 𝜆𝜆 and the three 

service rates are equal μ and the number of transmission channels equal to n, authors derived the 

blocking probability for the three types of traffic as follows: 

𝑃𝑃𝑛𝑛 = 𝜆𝜆1𝑃𝑃𝑛𝑛−1+𝜆𝜆2𝑃𝑃𝑛𝑛−2+𝜆𝜆3𝑃𝑃𝑛𝑛−3
𝜇𝜇1+𝜇𝜇2+𝜇𝜇3

=
𝜆𝜆

3𝜇𝜇
(𝑃𝑃𝑛𝑛−1 + 𝑃𝑃𝑛𝑛−2 + 𝑃𝑃𝑛𝑛−3) 

𝑃𝑃𝑛𝑛−1 =
𝜆𝜆

3𝜇𝜇
(𝑃𝑃𝑛𝑛−2 + 𝑃𝑃𝑛𝑛−3 + 𝑃𝑃𝑛𝑛−4) 

𝑃𝑃𝑛𝑛−2 =
𝜆𝜆

3𝜇𝜇
(𝑃𝑃𝑛𝑛−3 + 𝑃𝑃𝑛𝑛−4 + 𝑃𝑃𝑛𝑛−5) 

Their simulation results showed that increasing traffic intensity of voice traffic 𝜆𝜆1will affect 

all traffic classes blocking and dropping probability. Similar results were drawn when increasing 

the browsing traffic intensity 𝜆𝜆2. Although this research work derived an analytical model for 

call blocking and dropping of three categories of traffic but it does not provide any mechanism as 

to how the model can be used to admit certain calls or reject others. Also the model does not give 
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any preference to any type of traffic as it treats all of them equally. This will definitely make the 

model unsuitable to support QoS in next generation networks that handle diverse types of traffic 

and needs differentiated treatment for each traffic type. Finally, although it suggests using neural 

network and fuzzy logic for admission control but it does not propose any admission control 

mechanism that fits its limited Markov chain model. 

Authors in [38] [39] designed an end-to-edge QoS provisioning framework for their 

AROMA [40] project. The AROMA project is a test bed of twenty computers that simulates, in 

real-time, a heterogeneous wireless network with HSPA, wireless LAN and GSM/EDGE Radio 

Access Technologies (RAT). The QoS provisioning framework consists of three main 

components as shown in Figure 2.6. The QoS client represents the end device with multi access 

network capability. The wireless QoS broker is an extension to the common radio resource 

management (CRRM) [41] [42] that allows CRRM to provide QoS between different available 

heterogonous networks under its administrative authority. Finally, the bandwidth broker (BB) 

manages QoS in wired backbone network through QoS protocols, such as Differentiated Services 

(DiffServ) [43], or tunnelling protocols such as Multi Protocol Label Switching (MPLS) [44].  

CRRM selects a specific RAT using several selection criteria. Although authors implement 

several selection criteria for their platform but the selection algorithm that suits the scenario of 

QoS in several RATs is the one employing the fittingness factor [45]. Fittingness factor is a 

generic metric that allows CRRM to measure two main factors of each of the available 

heterogeneous networks: 
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1. Capabilities: of the terminal to support a specific RAT and the capability of the RAT to 

support a specific service. 

2. Suitability: reflects the match between the user QoS requirements and the RAT 

capabilities. 

 

Figure 2.6: QoS provisioning in AROMA heterogeneous test bed [38] 

The following equation calculates the fittingness factor: 

Ψ𝑖𝑖,𝑝𝑝,𝑠𝑠,𝑗𝑗 = 𝐶𝐶𝑖𝑖,𝑝𝑝,𝑠𝑠,𝑗𝑗 × 𝑄𝑄𝑖𝑖,𝑝𝑝,𝑠𝑠,𝑗𝑗 

where: 

𝑖𝑖 ∶ 𝑓𝑓𝐶𝐶𝑛𝑛𝑛𝑛 𝑖𝑖 

𝑗𝑗 ∶ 𝑅𝑅𝑅𝑅𝑅𝑅 𝑗𝑗 

𝐶𝐶 ∶ 𝐶𝐶𝑛𝑛𝑛𝑛𝑎𝑎𝑖𝑖𝑐𝑐𝑛𝑛 𝐶𝐶 

𝑝𝑝 ∶ 𝑓𝑓𝐶𝐶𝑛𝑛𝑛𝑛 𝑝𝑝𝑛𝑛𝑜𝑜𝑐𝑐𝑖𝑖𝑎𝑎𝑛𝑛 𝑝𝑝 
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WQB takes the final decision by reserving and assigning resources in both the wired and 

wireless networks to meet the QoS requirements by the service and the client. WQB is the main 

Policy Decision Point (PDP) [46] that has an overall vision of the whole heterogeneous 

networks. It first negotiates QoS resources availability and requirements with both BB and QoS 

client. CRRM will initiate a new negotiation in case of network failure, loss of coverage or 

session parameters change. In that case, CRRM will either keep the session but re-negotiate its 

parameters or it will negotiate a totally new session by handing over the session to a new RAT 

which results in Vertical Handover (VHO). Finally, the wired BB might initiate re-negotiation, 

for the same reason as in CRRM case, but in this case with respect to the wired backbone 

network. In case QoS cannot be maintained at its requested level, WQB will communicate with 

the QoS client component to re-negotiate QoS of the requested session.  

Their simulation results showed that the client’s QoS request, RATs’ congestion conditions 

manifested by their fittingness factors and the wired backbone congestion condition all together 

affect the final decision of which RAT should be selected to connect the client to the backbone. 

It also showed how a re-negotiation of the mobile client’s session would be initiated by different 

QoS components as the client roam from one location to another. The authors proposed an 

efficient protocol for negotiating the QoS between the wired and wireless networks. It also 

suggested using the fittingness factor to differentiate between different wireless RAT’s. But, it 

lacks a method for mapping different QoS parameters into different types of classes or traffic 

flows. It also does not mention how the fittingness factor for wireless networks can be compared 

to the parameters received from the wired backbone. For example, how wireless path loss can be 
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compared with wired network parameters. Finally, it does not mention the case in which the user 

can employ more than one RAT at the same time to increase the throughput of the session. 

Authors in [47] propose a dynamic negotiation protocol for Service Level Agreement (SLA) 

and service level specification (SLS) when users roam between networks and also when network 

traffic condition change in the same network. The proposed architecture is shown Figure 2.7. In 

each domain there exists a QoS Global Server (QGS) that has a global overview of the resources 

in the whole domain and responsible for admitting sessions and allocating resources upon 

receiving requests from mobile nodes. Also, in each domain there exists an Authentication, 

Authorization and Accounting (AAA) server that QGS consults before admitting a session or a 

call. OGS informs Base Station (BS) of their admission decision that will in turn enforce the 

decision upon the corresponding mobile nodes. 

 

Figure 2.7: Dynamic QoS negotiation architecture [47] 
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The proposed architecture also includes a QoS management protocol. This protocol is used to 

negotiate QoS SLS with Mobile Nodes (MNs) as well as BSs. Initial negotiation takes place 

when the mobile node connects to BS and requests the list of available services in the network. 

QGS responds back with SLS list of available services from which MN will choose a certain 

service with certain QoS specifications. MN will send SLS negotiation request with the required 

service. QGS will send an AAA request to authenticate the user and ensure that the user’s profile 

allows the use of requested service. As soon as QGS receives a positive reply from AAA server 

then it will send an SLS update to the BS to which the MN is connected informing it of its 

admission decision and ordering BS to allocate resources according to the received SLS update. 

Finally, it will send the SLS negotiation positive response back to MN informing it that it has 

admitted its service request.  

Re-negotiation occurs in two cases. MN initiates re-negotiation when it wants new resources. 

BS initiates re-negotiation when the network congestion increases and QGS determines a 

necessity for re-allocating resources among different network users to efficiently use remaining 

resources. In either case, the negotiation process will be the same as we described before but 

only the initiator of the process will change. MN movement from one BS to another might 

trigger QoS negotiation.  

In case of intra-domain handoff, MN sends a SLS negotiation request to the new BS together 

with its old IP address. The new BS will pull the MN’s SLS from the old BS and if it can support 

it then it will reply with the SLS negotiation reply confirming session admission. It will also 

inform QGS of this fact to update its table and release the old BS resources. In case it failed to 
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support the requested MN SLS then it will forward its SLS request to the QGS. QGS will reject 

the request and inform the MN of available services and resources to re-initiate the request 

according to the currently available resources.  

In case of inter-domain handoff, the new BS will send the SLS request to the new domain’s 

QGS that will in turn inquire the old QGS for the MN’s SLS. After receiving the MN’s SLS, the 

QGS will decide to either accept it and send the SLS to the BS for actual resource reservation or 

reject it and send to MN a list of available resources to choose from. The proposed protocol is 

scalable as it only sends SLS to the visited BS only. It is also secure as BS has to verify MN SLS 

with the previous BS and QGS. Lastly, signalling overhead is minimal and only between the new 

and old BSs. The main drawback with this protocol is that QGS represents a single point of 

failure and traffic concentration point. Also presenting QGS requires modifying the whole QoS 

management framework to support this central server approach. Finally, it is hard to realize how 

this framework would work with existing widely used QoS mechanisms, IntServ and DiffServ. 

In [48] authors propose an application level adaptation framework for QoS in next generation 

networks. Authors employ a top-down cross layer design for their framework. In the top down 

approach, application level QoS requirements are mapped into lower layers performance metrics. 

The framework, shown in Figure 2.8, consists of four main components; the traffic 

characterization, estimation, application policy and QoS syntax components. Traffic 

characterization component creates an initial test profile for each application based on its QoS 

requirements. Each profile is characterized by a set of QoS attributes, i.e., delay, jitter, bit error 

rate, etc. This component tries to map the specific application to one of these profiles as an initial 
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test setup. Same application might belong to different profiles if its QoS requirements vary from 

one session to another. The test profile is passed to the estimation entity that will check the 

profile requirements against the network bearer services available and network congestion 

condition. It will recommend QoS parameters, alternate application control protocol, codecs and 

other parameters that are used to form the preliminary profile. This profile is passed finally to the 

application policy component that, according to preset adaptation rules, will apply corrections to 

the initial test profile. It will then feed this corrected profile back to the traffic characterization 

entity for another QoS adaptation cycle. Finally, the QoS syntax component is a specification 

language entity used to describe QoS profiles and allow dynamic and transparent mapping 

between the specification parameters and the network and user QoS attributes.  

Simulation has shown how same application vary considerably in terms of their QoS 

requirements from one session to another and how their framework can be used to adaptively 

differentiate between same or different applications flows into appropriate profiles. The 

framework itself does not give details as how the adaptation will function although it is an 

essential component for the framework to work. It also does not mention how the initial profile 

will be created and based on which parameters. The estimation entity should map different 

application profiles into network and link profiles. This mapping involves a huge set of available 

applications and another huge set of available networks and access links. No mapping 

mechanism was suggested to fit this framework despite its importance to the framework success. 

Finally, adaptation rules, which are not mentioned in this research work, should also be applied 
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to the estimation entity to dynamically change the estimation or mapping tables according to 

network and user requirements change over time. 

 

Figure 2.8: Application level QoS adaptation framework [48] 

2.3 QOS CLASSIFICATION 

Classification of traffic data can be done at two different levels either based on the application 

that this traffic represents or according to the network from where it arrives. Both classifications 

will be discussed next. 

2.3.1 Application-Level QoS Classifications 
ITU-T G.1010 recommendation [49] categorizes network traffic based on how they are 

perceived by end user applications. This application-based traffic categorization depends on 

three basic performance parameters that affect user application; which are delay, delay variation 

(jitter) and packet loss rate. It is based on the user application traffic’s requirements and 

expectations. The recommendation divides network traffic into four broad categories and 
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nineteen sub-categories under which lies most of the traffic types users might exchange. Table 

2.2 shows different types of traffic defined in the standard.  

Table 2.2: G.1010 traffic classes 

1. Voice: 
1) Conversational voice 
2) Voice messaging 
3) Streaming audio 

2. Video 
1) Videophone 
2) Video Streaming 

3. Data 
1) Web browsing 
2) Command/control 
3) High-priority transaction services (E-commerce) 
4) Bulk data 
5) Still image 
6) Interactive games 
7) Telnet 
8) E-mail (server access) 
9) Instant messaging 

4. Background applications 
1) Background applications 
2) Fax 
3) Low priority transaction services 
4) Email (server-to-server) 
5) Usenet 

Based on the application’s QoS requirements, in terms of delay and packet loss rate, the 

recommendation groups together applications that share the same QoS requirements. As shown 

in Table 2.2, conversational voice and video form one group that require a delay of no more than 

400 ms. The reason for this grouping is the fact that delays below 150ms are considered 

transparent and acceptable to all applications including both real and non-real-time. On the other 

hand, delay of more than 400ms is not a good general network planning practice. This long delay 

because is perceived unacceptable by real-time users as well as delay sensitive applications [50]. 
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This group also tolerates a moderate level of packet loss in the range of 3% for conversational 

voice as human ear will hardly notice a missing voice packet in a voice call. The packet loss 

constraint will go down to 1% for videophone calls because the human eye is more sensitive to 

visual packet loss which is manifested in a form of pixels distortion within the overall video 

image.  The bit rate required for the conversational voice will range between 4-64kbps while for 

the videophone between 16-384kbps depending on the quality of the conversation and the codec 

used. The second group is the messaging group that is less delay/loss sensitive. The reason is that 

messages are recorded and so delay before the message starts playing is not a major factor 

affecting the quality of the service perceived.  

Finally in the audio-video category, we have the streaming category which tolerates delay up 

to 10 seconds but less packet loss rate. Delay is not a major issue for this category because the 

receiver will typically buffer streams for some time before playing the streamed content to count 

for any delay variation between successive packets. The loss constraint here might be a little bit 

more stringent because it is considered a factor in the overall quality of the streamed content 

received.  Accordingly, audio/video traffic can be divided into three main categories: interactive, 

responsive and timely and all are considered error tolerant compared to other types of traffic. 

The rest of categories focus on data transfers and transactions which are not relevant to our 

QoS real-time traffic classification, so we will not discuss them. Despite that, we might consider 

emails and instant messaging in our future model classification if we decide to implement the 

voice-to-text live call switching in our QoS framework. 
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Figure 2.9: Mapping of user centric QoS requirements [50] 

2.3.2 Network-Level QoS Classification 
In the previous section, we explained the classification standard from user application 

perspective. In this section, we will discuss traffic classification in different networks that are 

interfaced to our framework QoS backbone network as shown in Figure 2.10. 

PSTN is the old simple circuit switched telephone network. The traffic here has no quality of 

service classification as it only carries voice with guaranteed delivery and minimal loss and 

delay. This type of network encounters a delay, e.g., national US networks, of less than 30 ms 

and a delay variation of less than 1 ms according the National Institute of Standards and 

Technology (NIST) statistics [51]. A single voice channel or circuit occupies 64kbps for 3kHz 

analog voice sampled at 8k samples/second. In the case of video telephony over PSTN [52], the 

quality depends on the modem speed in converting and transmitting audio-visual frames between 

parties over established network circuit. Modems use V.34 [53] protocol and can attain up to 

56kbps with advanced modulation and compression algorithms.  
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Figure 2.10: Framework QoS interfaces with different communication technologies 

HSPA has four broad traffic categories [54]: 

1. Conversational: both audio and video conversational traffic with strict delay and delay 

variation and stringent bit rate requirements. 

2. Streaming: streaming traffic has less stringent delay constraints but an upper bound on the 

delay variation relative to the de-jitter buffer size. 

3. Interactive: transactional type of traffic that focuses more on preserving the content of the 

payload by placing an upper limit on acceptable packet loss ratio. 

4. Background: any other traffic with no QoS requirements. 

In our model we are only interested in two classes, the conversational and the streaming. The 

mapping from UC to or from HSPA will be to one of these two classes. The traffic class attribute 
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will be set to one of these two classes while the rest of the bearer service attribute values will be 

set according to the application’s needs and the HSPA network services capability. HSPA 

supports a large number of different bit rate granularity [54]. 

Differentiated Services Protocol (DiffServ) [55] is a coarse Internet QoS provisioning 

mechanism. It classifies traffic into a number of classes that advises routers on how to treat 

different traffic packets. It has two main types of forwarding, namely expedited forwarding (EF) 

and Assured Forwarding (AF). The time critical traffic is assigned to the priority EF class while 

other traffic types are assigned to one of the AF’s 4 classes based on their QoS requirements. 

DiffServ classifies the traffic into four classes or Per Hop Behaviour (PHB) [43]: 

• Default PHB: suitable for best-effort traffic. 

• EF PHB: for real-time low-loss, low-latency traffic. 

• AF PHB: provisional assured delivery for conformant traffic only. Non-conformant 

traffic will encounter delays and dropping based on their priority class and dropping 

precedence. 

• Class Selector PHBs: backward compatibility with IP TOS Precedence field. 

In our model, we are interested in the EF class as it is responsible and guarantees low latency 

and loss as well as guaranteed bit rate. It is the class designed to handle real-time audio/video 

traffic and that uses priority queuing to ensure performance guarantees regardless of the status of 

other traffic in other categories. Depending on the DiffServ implementation and AF classes 

definition we might also map real-time traffic to one of these classes depending on their QoS 

parameter values and requested performance guarantees. 
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Integrated Services (IntServ) does not classify traffic but rather reserves resources on a fine 

granular-basis depending on each traffic flow’s QoS requirements. It segregates traffic into flows 

each with its own fine-tuned QoS profile that is guaranteed end-to-end and for which all routers 

in the network collaborates to provide the QoS requested. The specification for the traffic to be 

supported is determined in the Traffic SPECification (TSPEC) part [56] and QoS requirements 

are specified in a token bucket algorithm parameters. On the other hand, the routers down the 

way from receiver to sender reserves QoS as specified in the Reserve SPECification (RSPEC) 

which will include parameters like delay, bit rate, etc. 

Other types of classifications depend on the network through which the traffic is passing. In 

IEEE 802.11e [36], the traffic is divided into eight WiFi QoS classes: 

1. Best Effort 

2. Background 

3. Excellent Effort 

4. Controlled Load 

5. Interactive Video 

6. Interactive Voice 

7. Network Control 

These classes map directly into wired IEEE 802.1p [57] classes of service (CoS). CoS classes as 

well as IEEE recommendation for those classes are given in Table 2.3. The highest and most 

critical two classes are reserved for control traffic. Following them are the voice and video 
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classes with only one recommendation in terms of a maximum delay 10ms and 100ms 

consequently. Under critical applications lies the streaming audio/video content. The rest of 

classes are not for real-time or delay-sensitive traffic and consequently are not considered in our 

framework. 

Table 2.3: IEEE 802.1p types of traffic 

Priority Traffic Type 

1 Background (BK) 

0 (default) Best Effort (BE) 

2 Excellent Effort (EE) 

3 Critical Applications (CA) 

4 Video <100ms latency & 
jitter (VI) 

5 Video<10ms latency & 
jitter (VO) 

6 Internetwork Control (IC) 

7 Network Control(NC) 

Worldwide Interoperability for Microwave Access (WiMax) [58] classifies traffic into five 

categories based on the traffic nature as shown in Table 2.4. In each class the network defines the 

application requirements in terms of tolerated jitter, maximum sustained and minimum reserved 

traffic rate, maximum latency and priority. Voice and video are mapped to ertPS and rtPS classes 

consequently. 

Table 2.4: WiMax QoS classes 

Service Definition Typical Applications 

Unsolicited 
Grant Service 
(UGS) 

Real-time data streams comprising fixed-
size data packets issued at periodic 
intervals 

T1/E1 support, Voice over IP 
(VoIP) without silence 
suppression 
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Service Definition Typical Applications 

extended real-
time Polling 
Service (ertPS) 

Real-time service flows that generate 
variable-sized data packets on a periodic 
basis 

VoIP 

real-time 
Polling Service 
(rtPS) 

Real-time data streams comprising 
variable-sized data packets that are issued 
at periodic intervals 

MPEG Video 

non-real-time 
Polling Service 
(nrtPS) 

Delay-tolerant data streams comprising 
variable-sized data packets for which a 
minimum data rate is required 

FTP with guaranteed 
minimum throughput 

Best Effort (BE) Data streams for which no minimum 
service level is required and therefore may 
be handled on a space-available basis 

HTTP 

2.4 QOS MAPPING AND HANDOVER 

NGN and UC incorporate diverse set of access networks to provide service to its users that 

imposes challenges on handing over live communication sessions from one network to another. 

Most of the research prior to NGN and 4G focused on what is called horizontal handover [59] 

that handles the change of user’s access point or base station within networks of same type of 

technology whether it belongs to the same telecommunication operator or to different ones. The 

handover decision is mainly based on the Radio Signal Strength (RSS) of different overlapping 

base stations. The tower with the highest RSS is the one to which the user node will hand off. 

When horizontal handover is carried out between different operators of the same technology then 

guaranteeing QoS through SLA exchange and negotiation becomes essential.  

In vertical handover [60] the problem is sophisticated and more than just a simple RSS based 

handover decision. When different networks are involved then we have different interpretations 

of QoS in each network. Each network has its own QoS signalling and SLA negotiation 
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protocols, different set of QoS classes and even different sets of QoS performance parameters. 

Appropriate traffic mapping from one network to another that ensures seamless handover is the 

main concern in those networks. 

2.4.1 QoS Frameworks for Seamless Handover 
IEEE introduced the IEEE 802.21 standard [61] [62] that offers an architecture that allows 

seamless vertical handover between heterogeneous networks through efficient network 

discovery, standardized handover control messaging and L2 smart handover triggers. Despite the 

fact that ieee802.21 enables the nodes and networks to collect all necessary information required 

to make an efficient and informed handover decision but IEEE 802.21 does not dictate when the 

handover should take place and to which network. It does not specify how QoS classes and 

parameters are mapped between the networks involved. It leaves all execution decisions, 

including QoS handover mapping, to the operator’s own strategy and proprietary 

implementation.  

ETSI  introduced a QoS framework [63] [64] for QoS provisioning in broadband satellite 

multimedia (BSM) systems when integrated with different heterogeneous networks. The 

framework defines the QoS functional components, QoS cross layer negotiation primitives and 

QoS mapping procedures. All are essential to guarantee performance target values of incoming 

traffic when the nodes are equipped with different communication technology interfaces and 

switch the traffic from one network to another. It defines Queue Identifiers (QID) that represent 

queue abstractions at a virtual layer that exists between the Satellite Dependent (SD) layer and 

the Satellite Independent (SI) layer. It also defines and determines the tasks of three different 
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resource managers which are IP, QID and SD resource managers. Mapping in this standard is 

divided between the three layers. It specifies the type of mapping and adaptation tasks that the 

resource managers inside the SD and SI architecture adaptation components need to do in order 

to maintain the required level of service. The standard proposes a set of mapping and adaptation 

tasks depending on the dynamics of QoS requirements of incoming traffic at the SI layer and the 

provided physical capacity at the SD layer. In this standard a recommendation for how to map 

the QoS parameters from DiffServ and IntServ to QIDSPEC is proposed. 

2.4.2 QoS Mapping for Seamless Handover 
Mapping between different network technologies can be either static or dynamic. In static 

mapping, static mapping tables show how a certain class in one network is mapped to the 

corresponding traffic class in the other network. Authors in [65] proposed a table showing how 

to map traffic classes between IntServ, DiffServ, UMTS, ieee802.1d and ieee802.11e network 

technologies. They also proposed an Application Service Map (ASM) mechanism that maps 

traffic application QoS requirements into a multi-dimensional graph of user’s performance 

parameters of interest such as packet loss and delay. Authors do not tackle the problem of 

queuing delay and bandwidth allocation but rather statically map incoming traffic to the most 

appropriate outgoing traffic class.  

In [66], the authors proposed an efficient mapping algorithm (EMA) that selects a specific 

service class based on the incoming traffic QoS specifications. EMA introduced a new parameter 

called degree of correspondence (DC) between the set of requested QoS parameters of the 

incoming traffic flow and the QoS parameters provided by a specific QoS network class. DC is 
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calculated for all network classes and then, based on the calculated results, it selects the 

candidate class with the minimum DC value. Similar work was also proposed in [67] where the 

authors defined the degree of user satisfaction (DUS) for delay and bandwidth for traffic going 

from terrestrial to satellite networks and vice versa. The mapping is done between four UMTS 

classes to four DVB-S classes. 

Other work in this area focused on algorithms that weigh different QoS parameters in their 

calculation for the class cost or score function. Authors in [68] proposed the use of Simple 

Additive Weighting (SAW) and Multiplicative Exponent Weighting (MEW) fuzzy logic 

functions to map QoS parameters to transport classes and use Analytic Hierarchical Process 

(AHP) to weigh each parameter according to its priority in the incoming traffic flow. Another 

approach of mapping is proposed by the authors in [69] through using multiple linear regressions 

to map incoming traffic to one of classes based on a QoS mapping matrix where it applies matrix 

operations to find the candidate class. 

2.5 QUEUING AND SCHEDULING 

Queuing and scheduling are the heart of any QoS framework as they control the allocation of 

available resources among contending traffic flows and classes. Many queuing and scheduling 

schemes have been developed over the past decades starting from the very basic first in first out 

(FIFO) that simply schedules incoming traffic in the order of their arrival to sophisticated 

opportunistic dynamic scheduling algorithms. FIFO is a basic work conserving scheduling 

algorithm. It lacks fairness and traffic differentiation/prioritization. Traffic of special QoS 

requirements and stringent constraints, such as the case in NGN, will not get any special 
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treatment by FIFO scheduler and might exhibit long delays and bad performance because of a 

misbehaving flow sharing the same queue which might not be of the same priority. Round Robin 

(RR) scheduler allocates a separate queue for each incoming flow and cycles between the queues 

to schedule them in sequence. Temporal fairness, in terms of allocated time slots, is the objective 

of this scheduler. Although, fairness is achieved for traffic with equal length packets but when 

the traffic is variable with uneven packet lengths then the non-conformant queues with longer 

packets will consume a larger share of the overall bandwidth available. Also traffic prioritization 

is still missing. Finally, it is not work conserving as if there is no traffic to assign to the queue 

then the slot assigned to the queue will go unused and bandwidth is wasted. Other variants of 

RR, such as DRR, exist that assign weights to queues and tries to imitate WFQ using deficit 

counters that can be set to reflect the queue weight.  

Fair queuing (FQ) overcomes the previous non-conformant long packets fairness problem. It 

imitates the fluid-flow scheduling in which the finish time of each head of the line (HOL) packet 

is calculated and the one with the smallest HOL finish time is scheduled first to prevent long 

packets from starving other flows sharing the same channel. A variant of FQ is the Weighted 

Fair Queuing (WFQ) [70] which overcomes the limitation of both RR and FQ in prioritizing 

traffic flows by assigning weights to each of the queues according to their priority. WFQ is work 

conserving and fair queuing with traffic prioritization capability. Class-Based Weighted-Fair 

Queuing (CBWFQ) [71] is Cisco implementation of WFQ which combines fair scheduling with 

tail dropping and Weighted Random Early Dropping (WRED) in one queuing scheme that first 

classifies packets according to their source IP address, destination IP address, source 
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Transmission Control Protocol (TCP) or User Datagram Protocol (UDP) port, or destination TCP 

or UDP port and then assigns them to specific queues that have a tailored specification in terms 

queue buffer length, assigned bandwidth and queue weight. It is not a new form of fair queuing 

but rather an implementation of WFQ that combines it with active queue management  (AQM) 

and custom queue class specifications for a complete one stop shop of QoS handling.  

Although WFQ closely imitates fluid flow or General Processor Sharing (GPS) and that the 

difference cannot exceed one maximum packet size between the WFQ and GPS but Worst-Case 

WFQ (WF2Q) [72] proved that WFQ could not go behind GPS by more than one maximum 

packet size meanwhile though it could be ahead of GPS by more than one maximum packet size. 

This makes it harder for network control to manage the maximum delays encountered by 

different flows sharing the scheduler. WF2Q introduced a modified version of WFQ that 

gauntness that the fair scheduler will follow closely GPS within one maximum packet size either 

ahead or behind GPS which makes the control of flows maximum delays efficient and 

expectable. This way it exhibits a better Worst-case Fairness Index (WFI) compared to WFQ. It 

performs this by instead of selecting among all the packets pending in the system, it rather 

selects the next packet from a pool of packets that have already started being served in the virtual 

GPS system that WFQ or WF2Q are trying to emulate. In other words, it will consider both 

virtual finish and start times simultaneously when choosing the next packet for delivery. If the 

packet with the lowest virtual finish has a virtual start time that exceeds the current virtual clock 

then the packet will not be selected and the next lowest virtual finish time packet will be 

examined next and so on.  
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Self-Clocked Fair Queuing (SCFQ) [73] tries to overcome the computational complexity of 

WFQ that requires a constant update of the virtual clock in order to calculate virtual finish time 

of each and every incoming packets as they arrive. The virtual clock rate of change is dependent 

on the number of active flows that reflects the number of queues that have pending packets to be 

served. Every time the flow composition changes the virtual clock and its rate of change have to 

be updated to reflect the accurate virtual time to be used to tag packets as they arrive. SCFQ 

overcomes this complexity problem by approximating the virtual clock to be equal to the virtual 

finish time of the packet that is actually currently being served. Despite the fact that it improves 

the computational complexity from O(n) in WFQ to O(log(n)). Though, its problem on the other 

hand is that maximum delay encountered by the packets is increased in comparison to WFQ 

which makes it unsuitable for delay sensitive traffic. Start-time Fair Queuing (SFQ) is similar to 

WFQ with only difference is that it uses the virtual start time instead of finish time which makes 

it more efficient in handling a varying capacity link or hierarchical links in which the capacity 

might changes over time. It is also similar to SCFQ in that it only consult the virtual start time of 

the packet currently in service rather than all packets in order to determine is service start time 

for the arrival packet which makes its computational complexity equal to SCFQ. Authors in [74] 

has shown that despite WF2Q has a better overall WFI than WFQ but in terms of the delay there 

are some cases they proved that WFQ outperforms WF2Q and result in less Worst Delay Index 

(WDI), a delay measurement parameter they defined. This happens when the head of the line 

(HOL) packet with the least virtual finish time of one of the queues is not eligible for 

transmission because its virtual start time exceeds the current virtual time and another HOL 
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packet larger in size belonging to another queue is chosen for delivery that will cause the 

ineligible shorter packet to get delayed even beyond its own virtual finish time and causes an 

overall delay increase and consequently worse WDI. For this reason, authors proposed Delay 

Optimized WF2Q (DO-WF2Q) which solves this WDI problem while scheduling packets in a 

way that preserves WFI similar WF2Q and better than WFQ.  

Previous algorithms aim to either achieve bandwidth allocation fairness and/or assure some 

guarantees in the worst-case delay bound. They have two inherent problems either the 

computational complexity involved or the delay jitter encountered due to the variation in 

temporal bandwidth assignment that is encountered to achieve long term fairness. Low Latency 

and Efficient Packet Scheduling (LLEPS) [75] employs the history of each flow queue to decide 

on its future priority and consequently assign it higher preference in the next scheduling cycle. If 

some flow did not use the allotted bandwidth according to its current weight setting then this 

flow queue will have a higher priority proportional to the amount of unused bandwidth that has 

been used by other flows with traffic packets that have been transmitted. This way will reward 

those flow queues when they do not have packets to send in a way that speed them up when they 

are congested with many packet to transmit which will result in long term fairness and 

smoothness of packet delay jitter. 

The previous schedulers are non-opportunistic and do not adapt its operation to the changing 

conditions of the channel or network. Opportunistic schedulers give a scheduling preference to 

users with better network or channel conditions in order to maximize the network overall 

capacity by utilizing the channel or network information available. Proportional Fair Queuing 
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(PFQ) [76] [77] is one of the popular opportunistic channel aware schedulers. It selects the user 

with the best channel capacity condition, compared to the channel’s average capacity, as the next 

user to be scheduled for packets transmission according to the following formula: 

𝑅𝑅 = 𝑅𝑅𝑛𝑛𝑤𝑤max
𝑘𝑘

𝑤𝑤𝑘𝑘

𝑤𝑤𝑘𝑘����
, 

 where: 𝑤𝑤𝑘𝑘 = 𝑖𝑖𝑅𝑅𝐶𝐶𝑛𝑛𝑅𝑅𝑅𝑅𝑛𝑛 𝑐𝑐𝑅𝑅𝑝𝑝𝑅𝑅𝑐𝑐𝑖𝑖𝑛𝑛𝑏𝑏,𝑤𝑤𝑘𝑘 = 𝑅𝑅𝑎𝑎𝑛𝑛𝑛𝑛𝑅𝑅𝑤𝑤𝑛𝑛 𝑐𝑐𝑅𝑅𝑝𝑝𝑅𝑅𝑐𝑐𝑖𝑖𝑛𝑛𝑏𝑏 

The problem with the previous scheduler is that high capacity links will abuse the link 

capacity and cause the lower capacity suffering from bad channel conditions to starve or get a 

much lower share of the available bandwidth. Capacity queuing (CQ) scheduler [78] was 

introduced to overcome this weakness. CQ takes into consideration the queue backlog of each 

queue when determining which flow to go next. It does that by incorporating the queue length, at 

the time of scheduling, inside its formula for deciding the next flow to schedule as follows: 

𝑅𝑅 = 𝑅𝑅𝑛𝑛𝑤𝑤max
𝑘𝑘

𝑤𝑤𝑘𝑘(𝑛𝑛).𝑄𝑄𝑘𝑘(𝑛𝑛) 

where: 𝑤𝑤𝑘𝑘 = 𝑖𝑖𝑅𝑅𝐶𝐶𝑛𝑛𝑅𝑅𝑅𝑅𝑛𝑛 𝑐𝑐𝑅𝑅𝑝𝑝𝑅𝑅𝑐𝑐𝑖𝑖𝑛𝑛𝑏𝑏,𝑄𝑄𝑘𝑘(𝑛𝑛) = 𝑐𝑐𝑓𝑓𝑛𝑛𝑛𝑛𝑅𝑅𝑛𝑛 𝑞𝑞𝑓𝑓𝑛𝑛𝑓𝑓𝑛𝑛 𝑎𝑎𝑛𝑛𝑅𝑅𝑤𝑤𝑛𝑛ℎ 

The previous discussed schedulers try to either maximize the utilization of available 

resources, i.e. bandwidth, or to ensure fairness among participating flows or to assign certain 

priorities to specific flows of high importance to get larger portion of the overall available 

resource. In LTE and NGN, not only we aim to provide preferential treatment for certain flows to 

get bigger shares of available resources, but we also look for delay-sensitive scheduling for 

certain real-time applications that cannot tolerate excessive delays. Packets arriving after a 

certain delay threshold are useless in applications like voice and video. The delayed packets will 
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not add any new information to the recipient but rather might garble the new arriving packets 

that do not correlate to those delayed packets. For this reason, delay-sensitive scheduling is very 

crucial in NGN networks to achieve this high level of granularity and commit to stringent QoS 

constrains for certain traffic types in NGN. The optimization problem just adds another 

constraint called the deadline. Deadline is a predefined delay bound threshold that the maximum 

traffic delay cannot exceed according to the following formula: 

𝑃𝑃𝑛𝑛𝑜𝑜𝑏𝑏𝑅𝑅𝑏𝑏𝑖𝑖𝑎𝑎𝑖𝑖𝑛𝑛𝑏𝑏(𝜕𝜕𝑘𝑘 > 𝜏𝜏𝑘𝑘) ≤ ∆𝑘𝑘  

𝑤𝑤ℎ𝑛𝑛𝑛𝑛𝑛𝑛:  𝜕𝜕𝑘𝑘 = 𝑎𝑎𝑛𝑛𝑎𝑎𝑅𝑅𝑏𝑏 𝑜𝑜𝑐𝑐 𝑓𝑓𝐶𝐶𝑛𝑛𝑛𝑛 𝑅𝑅 𝑝𝑝𝑅𝑅𝑐𝑐𝑅𝑅𝑛𝑛𝑛𝑛, 𝜏𝜏𝑘𝑘 = 𝑎𝑎𝑛𝑛𝑎𝑎𝑅𝑅𝑏𝑏 𝑏𝑏𝑜𝑜𝑓𝑓𝑅𝑅𝑎𝑎 𝑜𝑜𝑐𝑐 𝑓𝑓𝐶𝐶𝑛𝑛𝑛𝑛 𝑅𝑅 (𝑎𝑎𝑛𝑛𝑅𝑅𝑎𝑎𝑎𝑎𝑖𝑖𝑅𝑅𝑛𝑛),

∆𝑘𝑘= 𝑎𝑎𝑅𝑅𝑛𝑛𝑤𝑤𝑛𝑛𝐶𝐶𝑛𝑛 𝑝𝑝𝑛𝑛𝑜𝑜𝑏𝑏𝑅𝑅𝑏𝑏𝑖𝑖𝑎𝑎𝑖𝑖𝑛𝑛𝑏𝑏 𝑐𝑐𝑜𝑜𝑛𝑛 𝑎𝑎𝑖𝑖𝑜𝑜𝑎𝑎𝑅𝑅𝑛𝑛𝑖𝑖𝑅𝑅𝑤𝑤 𝑎𝑎𝑛𝑛𝑎𝑎𝑅𝑅𝑏𝑏 𝑏𝑏𝑜𝑜𝑓𝑓𝑅𝑅𝑎𝑎 𝑜𝑜𝑐𝑐 𝑓𝑓𝐶𝐶𝑛𝑛𝑛𝑛 𝑅𝑅 

Earliest deadline first (EDF) [79], and its variants such as earliest deadline earliest liveline 

first (EDELF) [80] Earliest Deadline First Scheduling of Preemptable Data Streams (EDF-

PStream) [81] and Earliest Deadline First with Virtual Deadlines (EDF-VD) [82], is a scheduler 

that dynamically changes the priority of the queues according to their deadline which is the delay 

bound before which the packet must be delivered or otherwise rendered useless. The priority is 

dynamic and changing according to the deadline which is a function of the current length of the 

queue inside which the packet is buffered. Performance results [83] have shown that EDF 

outperforms WFQ in terms of delay under moderate load conditions. EDF is not fair and might 

cause starvation of flows with lower delay requirements for the sake of flows that are arriving at 

faster pace and requires stringent delay commitments. Another delay sensitive scheduler is the 

Largest Weighted Delay First (LWDF) [84] is a delay sensitive version of FIFO queuing that 
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takes delay in its decision for next packets to schedule as well as prioritizes certain traffic queues 

through the following formula: 

𝑅𝑅 = 𝑅𝑅𝑛𝑛𝑤𝑤max
𝑘𝑘

𝜆𝜆𝑘𝑘. 𝛿𝛿𝑘𝑘(𝑛𝑛) 

where: 𝜆𝜆𝑘𝑘 = 𝑐𝑐𝑜𝑜𝑅𝑅𝑛𝑛𝐶𝐶𝑅𝑅𝑅𝑅𝑛𝑛 𝐶𝐶𝑝𝑝𝑛𝑛𝑐𝑐𝑖𝑖𝑐𝑐𝑖𝑖𝑐𝑐 𝑛𝑛𝑜𝑜 𝑞𝑞𝑓𝑓𝑛𝑛𝑓𝑓𝑛𝑛𝑓𝑓 𝑅𝑅,  

𝛿𝛿𝑘𝑘(𝑛𝑛) = 𝑎𝑎𝑛𝑛𝑎𝑎𝑅𝑅𝑏𝑏 𝑜𝑜𝑐𝑐 𝑛𝑛ℎ𝑛𝑛 𝐻𝐻𝐻𝐻𝐻𝐻 𝑝𝑝𝑅𝑅𝑐𝑐𝑅𝑅𝑛𝑛𝑛𝑛 

Two important variants of LWDF were also proposed, one that its opportunistic and considers 

channel condition which is Modified LWDF (M-LWDF) [85] and the other enhances the fairness 

in M-LWDF and is called (EM-LWDF) [86].  

In addition to the previously discussed schedulers which are quite established in the research 

community and of which some have already been widely implemented in the industry, there are 

many other schedulers that have been proposed recently to meet the increasing need of meeting 

incoming traffic strict and varying QoS requirements, typically delay and fair throughput and 

jitter, to accommodate the increasing number of application types that are quite sensitive and 

demanding in terms of QoS for their functionality to succeed starting from increasing reliance on 

VoIP to virtual augmented reality, vehicle networks  and remote medical applications. Authors in 

[87] [88] surveyed a number of recently introduced schedulers that could be adequate for 

provisioning VoIP with its stringent delay requirements in wireless LANs. 

Many other queuing and scheduling algorithms were introduced. We only discussed a few that 

illustrate essential objectives of scheduling algorithms and which are important for the purpose 
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of this doctorate research. A summary of the schedulers discussed in this section is given in 

Table 2.5. 
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Table 2.5 : Schedulers comparison 
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2.6 SUMMARY 

In this chapter, we overviewed the essential areas which inspired our research and motivated this 

thesis. We explained the areas of UC and NGN and how they necessitated the need for more QoS 

aware provisioning frameworks capable of handling the increasing complexity of sessions 

formed of new demanding applications and coming from a diverse set of access networks and 

service platforms. In doing this, we discussed the motivation for UC from different perspectives, 

its architecture and operation, challenges and explained different proposed architectures as well 

as products from several manufactures already available in the market. In terms of NGN, 

different architectures, protocols and algorithms for handling this QoS provisioning issue have 

been discussed. We also surveyed different classifications in networks, applications, 

recommendations and standardization bodies in order to show how traffic flows with various 

QoS requirements are handled in different contexts and by different parties. We overviewed QoS 

mapping and gave examples of research work focusing on the mapping of incoming traffic flows 

to different QoS classes. Finally, we picked some of the major scheduling algorithms and 

explained them. We have chosen our examples from a huge pool of research work done in this 

known area. Our choice of surveyed schedulers focused on covering different scheduling 

objectives, such as maximizing throughput, achieving fairness, meeting delay bounds, etc. the 

choice of the schedulers focused on the schedulers with important concepts and objectives 

necessary for inspiring our own thesis research work. 

In the next chapter, we will explain our framework with its classification, mapping, 

adaptation and scheduling building blocks. 
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CHAPTER 3: FAIR AND DELAY ADAPTIVE QOS FRAMEWORK  

As we explained in the introduction chapter, in this thesis we introduced a complete end-to-end 

QoS framework that handles the flow packets as they arrive from their home network or 

application until it is delivered to the other end of the network. Connectivity is one major 

network layer issue considering the heterogeneity of access networks involved. QoS is the other 

most important issue that allows parties to receive the service quality they are expecting from 

their service providers regardless of which handset they are using, which access network they are 

connected to and the number of diverse participants sharing the session established. The problem 

we are addressing in this research is how to design an efficient QoS framework that can 

determine an agreed upon set of QoS requirements between different session’s participants 

belonging to a diverse set of communication access networks; and how to allocate the limited 

available bandwidth between heterogeneous sessions in order to meet their diverse QoS 

requirements while maximizing the network bandwidth utilization, maximizing the individual 

flows’ QoS satisfaction and minimizing the sessions dropping and blocking probabilities. 

3.1 INTRODUCTION 

 Figure 3.1 shows the proposed QoS framework. In order to provide this end-to-end QoS 

framework, we defined a set of QoS classes that can fit most of known real-time traffic types. As 

shown in the left side of Figure 3.1, each ingress network and/or application from which traffic 

might be coming has its own proprietary classification that sort traffic flows according to a 

predefined method specific to that specific network or application set. As the traffic flows arrive 
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at the ingress side of our QoS provisioning system, we handle the traffic flows according to their 

own incoming proprietary classification and determine how and to which QoS unified class they 

should be mapped. If the flows are not part of any established multi-party session then the 

mapping will be to the closest QoS unified class of the ones that we proposed according to a 

specific formula that will be explained in details in Chapter 4.  

On the other hand, the framework determines a multi-party session where several traffic 

flows are sharing a common session to participate in a common application or service but using a 

diverse set of QoS requirements that could vary from one network to another or from one 

originating application to another. i.e. VoIP call session shared between a number of participants 

where each is subscribed to a different home network and have a different set of available 

resources that varies according to the SLA committed by their home network or service provider 

and the different set of supported codecs by their own end devices and applications which might 

not be the same due to a variety of reasons. In the case of such a multi-party QoS heterogeneous 

sessions, we developed an algorithm to classify incoming traffic sessions and map them into our 

introduced QoS classes based on their session QoS requirements and the type of access network 

they are arriving from. Once sessions are mapped to one of the classes, taxonomy of the session 

might dynamically change over the session’s lifetime. Reasons could be a new participant 

joining, in a conference call meeting for instance, or an existing one leaving the already 

established session or even degradation of one of the participants QoS parameters committed by 

their own home network or upgrade in offered service by their home network due to certain 

context change and availability of network resources.  
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Figure 3.1: Fair and delay adaptive QoS provisioning framework 
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Due to the fact that the taxonomy of the session and type and QoS requirements by 

participants changes dynamically, we also introduced a dynamic QoS mapping and adaptation in 

order to sustain a common service level that is acceptable to different session participants when 

new devices or networks participate or leave the session. This adaptation algorithm might result 

in service upgrade or downgrade depending on the nature of the session participant leaving or 

joining or the change of the QoS of individual participants. This upgrade or downgrade of 

service will result in changing the QoS unified class to a different class that better suits the 

remaining participants in existing session. This is all done transparently to the traffic flows 

which means there is nothing required from their home network or originating nodes to do in 

order for this mapping and adaptation to happen. Our mapper and adapter will do this internally 

and dynamically whenever a change in the session taxonomy is detected. The only thing 

experienced by participating parties will be the overall quality degradation or improvement in 

response to this session change but with no need for any intervention from their side. In the 

egress side of our QoS provisioning system, after session communication packets have been 

mapped to a specific agreed upon QoS class they will be inserted into the corresponding QoS 

class queue.  

As a final and most important stage in our framework, we introduced our fair and delay 

adaptive scheduler (FDAS) scheduling discipline to complete this QoS end-to-end provisioning. 

FDAS was not built to only accommodate the QoS unified classes introduced earlier. Though, it 

will better perform with those classes due to the proportionality of their QoS parameters 

requirements with respect to one another. FDAS objective is to meet the diverse QoS 
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requirements of the incoming traffic flows regardless of the individual flows QoS requested 

parameters and regardless of the proportionality of those requirements to one another in such a 

way to maximize the overall session utilization and the individual constituent flows satisfaction 

level in comparison to their requested QoS parameters. FDAS tries to bring the entire sessions 

sharing the output channel to better satisfaction and overall utilization compared to the both fluid 

flow and deadline sensitive scheduling schemes which inspired the development of our fair and 

delay scheduler.  

FDAS combines both virtual finish time tagging and deadline schedulability scheduling into 

a single hybrid scheduler that takes advantage of both scheduling principles in its way of 

developing a scheduler that can adaptively and dynamically balance between bandwidth fairness 

and deadline commitment of the sessions sharing the same channel. FDAS develops a 

maximization problem to determine the maximum performance and satisfaction achievable given 

a set of incoming QoS parameters for the session sharing the channel. The output of this 

maximization problem should determine the feasibility of FDAS to do extra work on the already 

established order of transmission for the incoming flows or that it should better stick to the 

existing order according to the flows current status quo. This evaluation of the maximization 

problem is only performed when the QoS requirements of the sessions sharing the output channel 

change in anyway. The re-evaluation of this maximization will result in FDAS performing its 

scheduling algorithm whenever such a change happens in order to better order the transmission 

order in its attempt to approach the maximum performance that it just calculated in comparison 

to both fluid flow and delay sensitive pure schedulers.  
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In a nutshell, our QoS framework consist of the following components: 

• QoS Classification: defines a set of QoS unified classes that can fit most of the known 

real-time traffic adopted in different networks and applications based on their QoS 

requirements. 

• QoS Session Mapping: an algorithm to map incoming traffic belonging to certain session 

to one of the QoS unified classes, mentioned above, according to their QoS needs. 

• QoS Session Adaptation: dynamically re-mapping the session to the most appropriate 

QoS unified class when the session QoS requirements or any of flows’ network 

conditions change. 

• Fair and Delay Adaptive Scheduler (FDAS) Scheduling Scheme: necessary to keep the 

established heterogeneous sessions at an acceptable quality level as perceived by all 

session participants. 

The chapter briefly overviews different components of our framework as follow: section 3.2 

explains the classification basis and QoS classes proposed. Section 3.3 explains the QoS session 

mapping and how different sessions’ flows will determine the class to which we map the entire 

session to one of our specific QoS classes. It also manifests the situation when the framework 

will adapt the session to a new class during its lifetime to achieve better performance due to new 

join or leave decision or due to changes in its participants’ QoS requirements. Finally, section 3.4 

explains our FDAS scheduler algorithm and the fundamentals of its operation. It also explains 

the mathematical modeling of scheduler, involved optimization problems, complexity of its 

operations and simulation scenarios and results. 
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3.2 QOS CLASSIFICATION 

We introduced a set of QoS Classes that should separate and categorize traffic flows with similar 

set of QoS requirements into separate QoS classes. The flows belonging to the same class will be 

then treated, by the following framework stages/components, in a similar manner according to 

the class’s QoS set of parameters. In order to introduce these classes, we surveyed different 

available network traffic classifications, application traffic categorizations, existing different 

media codecs, standardization bodies’ traffic classification and recommendations. The 

classification considered three essential QoS performance parameters namely bandwidth, end-to-

end delay and tolerable packet drop rate. These parameters are the objective parameters that 

could be used to classify any traffic flows based on the specific values for each incoming traffic 

flow. We also considered some other subjective parameters that will affect the quality of the 

traffic as perceived by end users such as Mean Opinion Score (MOS) [89]. Not all classifications 

surveyed use the same set of parameters to determine their own classes but in our own 

classification we used the most known parameters whether subjective or objective in order to 

determine the way that flows could be classified accordingly. Based on this comprehensive 

survey, we determined the adequate way of categorizing the incoming flow packets and place 

them into a set of QoS unified classes. This helps the following components of our QoS 

framework in prioritizing and preferentially treating flows with stringent performance 

requirements to better satisfy the overall session’s critical flows in comparison to those that are 

less critical and can tolerate delays and lesser throughput. The final result was to propose eight 
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different real-time traffic classes that differ in their performance demands and priorities. Detailed 

explanation of this QoS classification will be given in Chapter 4. 

3.3 QOS SESSION MAPPING AND ADAPTATION 

In our framework and based on the classes that we just defined, we developed an algorithm for 

mapping diverse traffic flows received to the most appropriate QoS unified class. It considers the 

following when implementing the mapping: 

• Type of traffic received. 

• The corresponding traffic class based on the network from where the flow is arriving. 

• Performance parameters offered or guaranteed by the home network. 

• Finally, the nature of other flows participating in the session  

The mapping can be a simple static mapping from each traffic type to one of the QoS unified 

classes. But, in this case two problems will arise: 

• The static mapping table will be rather large bearing in mind the number of networks 

supported and the granularity of flows’ QoS Specifications coming from each network. 

• No flexibility to adopt to new types of traffic. New entries have to be added to each new 

traffic flow. 

For this reason we developed a dynamic mapping algorithm that maps traffic according to their 

QoS performance attributes and traffic type. Some networks, such as PSTN, will have their 

mapping rather static as only one type of voice traffic is supported at anytime. While other 

networks will have a variety of voice traffic types supported and are going to be mapped 
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according to the values of their performance parameters. As we mentioned in the introduction 

this direct mapping from one network or application to a specific class will happen if the entire 

session is homogenous with a set of similar traffic flows of same QoS requirements are sharing 

the same session. But for heterogeneous sessions, which are the main target of our QoS 

framework, consisting of multiple participants with varying and different QoS requirements, then 

the mapping will fully depend on the collective requirements of each and every participant QoS 

requirement. The mapping will be done after finding an agreed upon set of QoS requirements 

that can form a common ground that should satisfy most of the session’s participants. 

QoS session adaptation, on the other hand, refers to the process of changing the way the 

network treats the traffic in response to change in the traffic behaviour or nature. Our framework 

adapts to two different scenarios: 

• QoS requirements have changed for any of the participants or for the session as a whole. 

This change could be due to change in home network service commitments and resources 

availability, or due to end application service providers or user end devices capabilities or 

specific media support change decision. 

• New participants join or current participants leave. 

In both scenarios, the model will re-calculate the agreed upon set of required performance 

parameters and re-map the session to the adequate QoS unified class. This might result in 

upgrade or downgrade in the service provided. This depends on the nature of the resultant 

parameters after the new event occurred whether it is a new party joining, an existing participant 
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leaving or simply a change in one of the participants QoS requirements. Detailed explanation of 

this QoS classification and simulation results will be given in Chapter 5. 

3.4 FAIR AND DELAY ADAPTIVE SCHEDULER (FDAS) SCHEDULING SCHEME 

Fair bandwidth allocation while conforming to stringent end-to-end delay constraints is a major 

requirement for the successful delivery of next generation QoS demanding traffic. Research has 

been carried out in the area of processor and scheduler sharing for decades to try to achieve the 

QoS requirements of network traffic. Fairness and traffic prioritization are two main objectives 

that many schedulers were originally designed to meet. Another important issue is how 

schedulers treat the delay sensitive traffic. Although the combination of fairness and 

prioritization is implemented in several schedulers but to our knowledge, incorporating adaptive 

traffic delay treatment in fair and prioritized schedulers has not yet been successfully 

implemented.  

For this reason, we introduced [6] a new scheduler that balances between the fairness of 

bandwidth allocation between flows while implementing prioritization and minimizes the 

number of end-to-end delay bound breaches. The scheduler combines the virtual clock concept 

used in well-known fair schedulers together with schedulability testing and evaluation 

implemented in delay sensitive schedulers. The scheduler is designed to achieve the fairness of 

bandwidth allocation, such as in fair schedulers, while minimizing the number of possible 

violation of end-to-end QoS delay of individual flows’ packets. FDAS solves the maximization 

problem to find the maximum possible performance given a set of session with specific QoS 

sharing the scheduler. It tries to bring the entire combination of contending session flows closer 
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to their theoretical maximum through greedily redistributing the available delay budgets of 

different flows and session among all participants in such a way that still ensures the highest 

possible fairness and minimizing the number of deadline violating flows.  

It also takes priority into consideration when the incoming flows QoS demands exceed the 

overall available output throughput. The priority is used to determine the highest possible 

schedulable subset that the scheduler can fully accommodate in terms of throughput utilization as 

well as deadline commitment. This is done in this case at the expense of other lower priority 

flows and taking advantage of inter as well as intra priority set flows remaining delay budgets. 

Inside the chosen priority subset, the available delay budget can be used up to each flow’s 

maximum acceptable delay. In the lower priority subset, we can relax or reorder flows for the 

sake of higher priority subset to extent even beyond their maximum acceptable delay deadline 

which means that delay violation for the lower is permitted while for the higher is strictly not 

allowed. The choice of the higher priority subset is determined by several factor but in principle 

it is chosen in a way that guarantees that given the available output throughput as well as the 

high priority constituent flows’ QoS requirements then theoretically all high priority subset QoS 

can be accommodated. Detailed explanation of FDAS, its operation, architecture, optimization 

problems, complexity and simulation will be given in Chapter 6. 

3.5 SUMMARY 

In this chapter, we gave an overview on our QoS provisioning framework introduced in this PhD 

thesis. We first explained the overall framework and how different components interact with 

each other to achieve the overall goal of providing and sustaining the QoS of different 
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participating and contending flows. We then explained the basis for our choice of QoS unified 

classes and how we come up with this categorization after surveying most of the available QoS 

classifications introduced so far. QoS mapping of the incoming flows belonging to different 

sessions and how to map them to different classes introduced previously was also overviewed. 

Adaptation algorithm and how the framework adaptively re-maps and re-assigns the session to 

different class as the session’s QoS requirements change over its lifetime was explained. We also 

overviewed our FDAS scheduler manifesting its principle of operation and how it does balance 

between fairness and deadline commitment utilizing both fluid flow scheduling and 

schedulability testing. Also explained the optimization problem that FDAS tries to bring the 

flows close to their optimum performance as mandated by this problem and achieve better 

performance compared to fluid flow scheduler and delay sensitive schedulers. Finally, we briefly 

went over the mechanism of re-ordering and re-distributing of available delay budget of 

participant flows that FDAS developed to achieve its goals of fairness and delay accommodation. 

In the next chapter, we will explain in details the first component of our framework, which is 

the QoS classification, and the basis upon which we introduced our eight QoS real-time classes 

that will be used at later stages for mapping and scheduling incoming traffic sessions. 
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CHAPTER 4: FRAMEWORK QOS CLASSIFICATION  

The key feature of UC and NGN lies in their ability to provide the service that the customer 

wants, when he wants and regardless of the device being used. At the heart of these networks, 

which spans different layers from application layer to network, comes the Quality of Service 

(QoS) that is essential to provide adequate service to different communication session’s call 

participates. The heterogeneity of access networks and diversity of session’s participants make it 

necessary to classify incoming traffic based on its type and the QoS requirements of the 

participating parties. The existence of different traffic classifications for different existing access 

networks raises the question of how to classify incoming traffic when it belongs to a diverse set 

of access networks and devices. In this chapter, we investigate different classification methods 

currently adopted in different access networks and industry standards. We introduce a traffic 

classification method that should satisfy the requirements of real-time traffic that traverses most 

of the existing access networks. In order to define our framework QoS classes, we need to 

determine the important types of traffic that will traverse our UC network. This will help in 

classifying them in a way that ensures better performance with respect to different performance 

parameters that we will be defined later in this chapter. The chapter is organized as follows. 

Section 4.1 will first summarize different classes in different networks, protocols and 

applications that handle real-time voice, video and other delay sensitive traffic. Section 4.2 

explain our framework QoS classes and the basis for the categorization. Finally in section 4.3, 

the introduced classification is tested using both First In First Out (FIFO) and Weighted Fair 
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Queuing (WFQ) schedulers to evaluate different classes performance in a shared environment 

with diverse QoS requirements to show the feasibility of our classification. 

4.1 TRAFFIC CLASSIFICATION IN EXISTING NETWORKS 

In order to define our UC classes, we need to determine the important types of traffic that will 

traverse the UC network. This will help in classifying them in a way that ensures better 

performance with respect to different performance parameters that will be defined later in this 

chapter. In this section we will summarize different classes in different networks, protocols and 

applications that handle real-time voice, video and other delay sensitive traffic.  

4.1.1 HSPA Network 
In HSPA [54], conversational and streaming classes are the most relevant classes to our model. 

Traffic class attribute will be set to one of these two classes. Other bearer services attributes 

include maximum bit rate (kbps), guaranteed bit rate (kbps), delivery order, packet error ratio 

and transfer delay (ms) will be set to the specific flow performance requirements. 

4.1.2 IEEE802.11e Networks 
In IEEE 802.11e, there are three real-time traffic classes controlled load, interactive video, and 

interactive voice. There are no specific guarantees on performance parameters except if Point 

Coordination Function (PCF) was employed. In the case of extended distributed coordination 

function (EDCF), it is dependent on traffic load in the wireless hot spot. 
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4.1.3 Legacy PSTN Network 
In PSTN, we only have one type of voice traffic with average delay of 30ms, 64kbps data rate 

and around 1ms jitter.  

4.1.4 G.1010 Standard 
 The G.1010 [49] has two relevant application classes which are the audio and video classes. We 

have four different classes audio/video conversational and audio/video streaming. The bit error 

rate for voice should not exceed 3% while it goes down to 1% for video. The ideal end-to-end 

delay is below 150 ms while it can go up to 400ms and still be acceptable to end-users. Anything 

beyond 400 ms is classified as unacceptable. With respect to streaming, the delay could be much 

larger and reach up to 10s depending on the buffer sizes. Voice bit rate ranges between 4-64kbps 

depending on encoding and voice fidelity while for the videophone it should between 16-

384kbps. Delay variation should not exceed 1ms for conversational communication while it 

could be larger for media streaming depending on the de-jitter buffer size and whether the 

streaming is live or recording. 

4.1.5 WiMax Network 
Out of five WiMax [58] QoS classes, only UGS, ertPS and rtPS classes handle real-time traffic. 

For each flow, specific parameters are set according to the flow QoS requirements which include 

maximum sustained traffic rate, minimum reserved traffic rate, tolerated jitter and maximum 

latency. 
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4.1.6 DiffServ QoS Protocol 
In DiffServ [43], EF class is the most time critical DiffServ class which carries real-time traffic 

including both conversational and streaming. AF classes can also be used for less stringent traffic 

types. Depending on the implementation and service level requested we might map our calls into 

one of the classes in either of these two categories. In case of Type of Service (TOS) [90] used in 

class selector PHB, the traffic with high precedence and specific TOS requirements in terms of 

delay, reliability and throughput is the type of traffic that we map our real-time traffic to or from. 

4.1.7 IntServ QoS Protocol 
IntServ [56] does not specify any QoS class. It is a fine-grained QoS tunnelling through 

networks. QoS requirements are reserved end-to-end using the RSVP protocol and all the 

intermediate routers reserve and guarantee the level of the service requested as specified in the 

RSPEC. 

To our knowledge, there is no effective real-time traffic classification that considers the 

diversity of networks, protocols and applications that might be sharing the same heterogeneous 

QoS session. Classifications summarized here are either network or protocol specific. Some of 

the classifications surveyed are very broad in terms of the real-time traffic granularity and 

classifies all such traffic under two or three categories, such as conversational, streaming and 

messaging, without any differentiation between the traffic of the same type which might have 

widely different QoS requirements. Other classifications and protocols propose many priority 

classes, that might sometimes end up unused, but without specifying the type of traffic that 

should fit inside each class nor does it mention anything related to the QoS of the traffic 
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belonging to different classes. Finally, some networks differentiate traffic flows at high 

granularity level in terms of QoS specifications according to the flows different values of 

requested/provided performance attributes including maximum delay, maximum delay variation 

(jitter), minimum guaranteed bit rate, maximum traffic loss ratio and guaranteed delivery order.   

Our framework classification goal is to achieve the most adequate real-time traffic 

classification granularity that should able to meet the QoS requirements of most of the real-time 

traffic traversing existing networks or adopted by various applications but without over 

classifying such traffic into unnecessary micro classes. 

4.2 FAIR AND DELAY ADAPTIVE QOS CLASSIFICATION 

Considering different networks and applications classification, we find that real-time traffic can 

be divided into two major categories the conversational and the streaming. Both categories 

differentiate between audio and video traffic into two additional sub categories. Although both 

require the same delay constraint of less than 400ms [49] but the audio traffic can tolerate higher 

traffic loss ratio of 3% compared to 1% for the video traffic. The streaming traffic differs from 

conversational traffic in that it can tolerate longer delays especially for playback. In our QoS 

framework, we focus on live conversational traffic whether it is voice or video. Streaming traffic 

will also be necessary in case of webinars and recorded group presentations. In addition to the 

conversational and streaming classes that we decided to adopt in our model, we have to consider 

the QoS specific parameters that differentiate one type of audio or video from another. To do 

this, we surveyed different audio and video compression codecs used in different networks and 

applications and listed them in Table 4.1. The table lists the codec, the most important 
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application or network, sampling rate, sampled speech bandwidth, bit rate and MOS. MOS 

measures the voice call quality and ranges from 0 to 5 where 5 is the best quality while 4 is the 

toll network quality. 

Table 4.1: Audio/Video codec specifications 

Audio Codec 

 

Coding 
Algorithm 

Bit rate 
(kbps) 

Speech 
bandwidth 
(Hz) 

Sampling 
Rate 
(Samples/s) 

MOS [91] 
[92] 

Application 
or network 

Half Rate Linear 
Predictive 
Coding (LPC) 

6.5 300–3400 8000 3.1 GSM 

Full Rate Linear 
Predictive 
Coding (LPC) 

13 300–3400 8000 3.5 GSM 

Enhanced 
Full Rate 
(EFR) 

Algebraic 
Code Excited 
Linear 
Prediction 
Coding 
(ACELP) 

12.2 300–3400 8000 3.8 GSM 

Adaptive 
Multi-Rate 
Narrowband 
(AMR-NB) 

Algebraic 
Code Excited 
Linear 
Prediction 
(ACELP) 

1.80, 4.75, 
5.15, 5.90, 
6.70, 7.40, 
7.95, 10.20, 
12.20 

300–3400 8000 4.14 
(12.20kbps) 

Most widely 
used 
UMTS/HSDP
A Codec 
(mandatory) 

Adaptive 
Multi-Rate 
Wideband 
(AMR-WB) 

Algebraic 
Code Excited 
Linear 
Prediction 
(ACELP) 

6.60, 8.85, 
12.65, 14.25, 
15.85, 18.25, 
19.85, 23.05, 
23.85 

50–7000 16000 4.1 
(12.65kbps),4
.4 
(23.85kbps) 

High Quality 
Speech for 
UMTS/HSDP
A (optional) 

G.711 Pulse Code 
Modulation 
(PCM) 

64 300–3400 8000 4.3 PSTN 

G.723.1 Multipulse 
LPC with 
Maximum 
Likelihood 
Quantization 
(MPC-MLQ) 

5.3, 6.3 300–3400 8000 3.62 
(5.3kbps), 3.9 
(6.3kbps) 

Low 
bandwidth 
VoIP, 
specially used 
in H.324 [93] 
as audio 
codec 

G.726 Adaptive 16, 24, 32, 40 300–3400 8000 3.8 (32kbps) VoIP 
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Audio Codec 

 

Coding 
Algorithm 

Bit rate 
(kbps) 

Speech 
bandwidth 
(Hz) 

Sampling 
Rate 
(Samples/s) 

MOS [91] 
[92] 

Application 
or network 

Differential 
Pulse-Code 
Modulation 
(ADPCM) 

G.728 Low-Delay 
Code Excited 
Linear 
Prediction(L
D-CELP) 

16 300–3400 8000 3.61 VoIP 

G.729 Conjugate-
Structure 
Algebraic-
Code-Excited 
Linear 
Prediction 
(CS-ACELP) 

8 300–3400 8000 3.92 VoIP 

G.729a Conjugate-
Structure 
Algebraic-
Code-Excited 
Linear 
Prediction 
(CS-ACELP) 

8 300–3400 8000 3.7 Most 
Common 
light weight 
(processing 
&bit rate) 
VoIP codec 

H.261 Hybrid inter-
picture 
prediction 

40-2,000  sub-QCIF, 
QCIF, CIF, 
4CIF, 16CIF  

10, 30 
(frames/s) 

N.A ISDN video 
conferencing 
(Mainly 
designed to 
run at 
p*64kbps, 
where p=1-
>30) 

H.263 [94] Unrestricted 
motion 
vectors, 
advanced 
prediction, 
PB frames, 
and syntax-
based 
arithmetic 
coding 

Perfect 
quality for 
low bit rates 
below 64kbps 

sub-QCIF, 
QCIF, CIF, 
4CIF, 16CIF  

10, 30 
(frames/s) 

N.A Adopted by 
ITU-T for 
PSTN and 
UMTS Video 
calls, 
specially used 
in H.324 as 
the video 
codec, also 
used in web 
flash video 
content 
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Audio Codec 

 

Coding 
Algorithm 

Bit rate 
(kbps) 

Speech 
bandwidth 
(Hz) 

Sampling 
Rate 
(Samples/s) 

MOS [91] 
[92] 

Application 
or network 

H.264/MPE
G-4 (AVC 
Advanced 
Video 
Coding) [95] 

Divided into 
different parts 
each use 
different 
technique 

64-240,000 All picture 
resolutions 
starting from 
the low QCIF 
to the HD 
quality  

15-120 (can 
reach 172) 

N.A Blu-ray, HD-
DVD, Digital 
Video 
Broadcasting 
(DVB) 

Our QoS traffic classification will classify incoming sessions based on the traffic type, QoS 

performance parameters required, the type of network from where traffic is coming and the type 

of service that the network is offering. 

From the application level perspective, we divide the traffic into conversational and 

streaming and subdivided each category further into video and audio. Considering different types 

of audio/video codecs discussed in Table 4.1 and the interpretation of the MOS scores that range 

from 5 (excellent) to 1 (bad), our model divides the real-time traffic into QoS unified classes 

(UC) as follows: 

For the audio, we classify traffic into: 

• Premium Toll-Like Audio (UC-AP): all audio codecs with MOS score above 4 

• Acceptable Perceivable Audio (UC-AA): all audio codecs with MOS score between 3-4 

• Best Effort Audio (UC-AB): anything below 3 MOS score 

• Streaming Audio (UC-AS): mainly non-interactive audio streaming 

For the video, we classify traffic into: 

• High Definition Video (UC-VH): Blue-ray like HD video 

• Telecommunication Video (UC-VT): PSTN and UMTS mandated video like quality 
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• Best Effort Video (UC-VB): any other video in which quality is traded for performance, such 

as instant messenger’s video calls 

• Streaming Video (UC-VS): mainly non-interactive video streaming  

Table 4.2 shows our 8 proposed categories classified together with the typical performance 

parameters for each class. In building our UC classification table and in addition to the previous 

discussion, we also studied the delay-to-customer satisfaction diagram, Figure 4.1 in ITU-T 

G.114 standard [50], and other ITU-T recommendations [49] [52] [89] [93] [94] [96] [97]  [98] 

[99] [100] [101]. UC-AP class represents all conversational audio traffic of high fidelity that is of 

toll-equivalent quality or better such as high definition audio [102].  The delay in this class is the 

lowest possible delay that is perceived unnoticeable by most of the real-time applications. This 

delay is shown in Figure 4.1 by the user very satisfied region. The packet loss is less than 3% 

which is also perceived acceptable by audio applications. The bit rate is up to 64kbps which 

guarantees a toll quality lossless audio when a sampling rate of 8k samples/s is employed. This 

class is ideal for transferring PSTN voice calls using G.711 codecs or UMTS/HSPA calls using 

the more advanced AMR-NB or AMR-WB. 

Table 4.2: Framework QoS classes 

UC Class Typical Application 
or Network 

Typical 
Delay  

Typical Bit rate Typical Loss 

Premium Toll-Like 
Audio (UC-AP) 

AMR-NB 

AMR-WB 

G.711 

<150ms <=64kbps <=3% 

Acceptable 
Perceivable Audio 
(UC-AA) 

Half Rate 

Full Rate 

Enhanced Full Rate 

>150ms& 
<250ms 

<=16kpbs (but can reach 40 
for some codecs) 

<=3% 
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UC Class Typical Application 
or Network 

Typical 
Delay  

Typical Bit rate Typical Loss 

(EFR) 

G.723.1,G.726 

G.728,G.729 

G.729a 

Best Effort Audio 
(UC-AB) 

Anything of MOS<3 
or no network QoS 
guarantees, i.e. 
instant messengers 

Preferable to 
be <400 but 
no guarantees 

<=64kbps, however they 
might adapt 
(increase/decrease) bit rate 
to network load/loss 
conditions 

<=10%, but still 
no guarantees 

Streaming Audio 
(UC-AS) 

Online audio 
streaming or radio, 
i.e. podcast 

Up to 10s <=64kbps, but can reach 
128kbps for high fidelity 
audio streaming 

<=3% 

High Definition Video 
(UC-VH) 

H.264/MPEG-4/AVC <150ms 64kbps-240Mbps <=1% 

Telecommunication 
Video (UC-VT) 

H.261 

H.263 

>150ms& 
<250ms 

<=64kbps, but can go up to 
2Mbps if enough channels 
are available 

<=1% 

Best Effort Video 
(UC-VB) 

Anything with no 
network QoS 
guarantees, i.e. 
instant messengers 

Preferable to 
be <400 but 
no guarantees 

<=256kbps, but can 
consume more bandwidth 
when becomes available 

<=10% under 
normal load, but 
could go higher if 
network 
congested 

Streaming Video 
(UC-VS) 

Online video 
streaming (e.g. 
YouTube) 

Up to 30s >=28.8kbps <=1%, but can go 
higher if no SLA 
is negotiated or 
QoS is 
guaranteed 

UC-AA class preserves channel bandwidth through using more optimized audio codecs. The 

codecs used will compress the voice sampled at 8k samples/s into audio streams of bit rates of 

typically 16kbps or less. This compression is definitely at the expense of audio fidelity. The 

voice fidelity will vary depending on the bit rate used and the complexity of compression 

algorithm employed. The packet loss should still be kept less than 3% to be acceptable. The 

delay in this class is a bit longer 150-250ms but still in the satisfaction region as shown by the 
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user satisfied region in Figure 4.1. This class is ideal for a less quality voice calls that try to 

preserve bandwidth while providing acceptable call quality. This includes the legacy GSM 

conversational codes, like HR, FR and EFR, as well as various VoIP G.7xx series codecs.  

 

Figure 4.1: Delay to customer satisfaction diagram  

UC-AB class congregates all types of conversational traffic that do not have any specific 

SLA with respect to the QoS guarantees. This traffic is formed of a kind of voice traffic that we 

use in our daily life through using instant Internet messengers. Instant messengers do not impose 

any restriction over the voice quality and try to adapt their call quality based on the network 

resources available. For this reason, we believe that this traffic should be treated with lowest 

priority compared to the rest of the conversational classes. In other words, our QoS model should 
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strive to provide better service class but only if all other classes are served to a satisfactory level. 

This class bit rate is variable depending on the available network conditions. The delay here is 

recommended to stay below 400ms in order to keep it in the yellow region where only some 

users are unsatisfied. Though, there is no guarantee as to the maximum delay that this traffic may 

encounter. The loss rate can be as much as 10%, larger than the 3% that is perceived acceptable, 

which is noticeable by session participants. Even with this large packet loss ratio there is still no 

guarantees as it mainly depends on the traffic load in this class and in other higher priority 

classes. Typical application for this class is instant messenger applications, such as IM and 

Skype, and other VoIP traffic through Internet that has no specific SLAs. 

UC-AS class is similar to the UC-AP class in terms of the bit rate and packet loss rate. 

Though, it differs in the amount of delay that it can tolerate. This type of traffic is not as time 

critical as the conversational audio. Participants can tolerate few seconds of delay until they 

buffer some voice packets and play it back. Delay up to 10 seconds is acceptable in this category. 

Typical applications include different types of online podcasting and streaming or radio. 

UC-VH class contains all high definition video traffic. This type of video is characterized by 

the minim delay of 150ms that is perceived unnoticeable. It is also characterized by the minimum 

frame loss rate of 1% that is also unnoticeable to the human eyes. And the bit rate ranges from 

64kbps to 240Mbps depending on the video sampling and frame rate/size. Typical applications 

here include HD video conferencing including the revolutionary 3-d conferencing, high 

definition IPTV and similar applications that require stringent QoS measures to be acceptable by 

sessions participants. 
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UC-VT class is for the typical video conferencing applications that are available on today’s 

telecommunication networks. The delay here is in the acceptable range of 150-250ms. The loss 

rate is also within 1% unnoticeable range. The bit rate though is within 64kbps range but can 

increase beyond this limit by using several 64kbps channels or T1/E1 lines. Video conferencing 

over PSTN or HSPA is a typical application in this category. 

UC-VB class is somewhat similar to the UC-AB audio class. It does not provide any 

measures or guarantees over the QoS provided. Though, it tries to provide this class with the best 

possible service after ensuring that all other higher priority classes are served satisfactory. The 

delay here is recommended to stay below 400ms to remain somewhat acceptable, but it can 

easily go above this number. Also the frame loss rate should be kept below 10% for the picture 

to be viewable, but again it depends on the network load. The bit rate is less than 256kbps. 

Typical applications include instant messenger video calls as well as other video calling over the 

Internet. 

Streaming Video (UC-VS) class is the streaming class. The bit rate is more than 28kbps 

which is the minimum bit rate for any video streaming. The loss rate should not exceed 1% but it 

depends on the negotiated QoS. The delay though can be as much as 30 seconds which 

represents the time to buffer enough frames for playing back streamed video. Typical 

applications include online video streaming such as YouTube and similar. 

Figure 4.2 shows a 3-D diagram of different UC classes, using MATLAB, and their 

corresponding regions with respect to the three real-time performance axes delay, bit rate and bit 

error rate. 
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Figure 4.2: Framework QoS classes region diagram 

4.3 EVALUATION AND RESULTS 

In this section, we evaluate how the traffic belonging to different QoS UC classes, introduced in 

this chapter, shares a common channel when either FIFO or WFQ is employed. The effect of 

each queuing discipline on the performance of each class queue, the deviation from the expected 

performance, the effect of each class traffic on the others and the overall satisfaction by different 

traffic queues are all factors we use for evaluation. 

4.3.1 Simulation Scenarios 
We simulated different six scenarios in order to evaluate effect of changing queuing disciplines 

and parameters on meeting the UC classes targeted performance metrics. We simulated both 

FIFO, WFQ queuing disciplines with and without employing Random Early Drop (RED) [103] 

queue management. We varied the bandwidth of the output traffic pipe coming out of the 
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scheduler between two different values. One value is 20 Mbps that is sufficient to carry the entire 

network traffic with no congestion, bearing in mind the entire network traffic is between 11-12 

Mbps. The other value is 10 Mbps that is less than the total bandwidth required by various 

queues traffic. 

Our simulation consists of 8 workstations each sending one of the eight UC traffic types. 

Each workstation is connected to the central router using a 1.544 Mbps DS1/T1 link. The router 

itself is connected to the destination server with an Ethernet 10 or 100 Mbps link depending on 

the scenario. To eliminate routing and processing overhead, we employed static routing. 

OPNET® was used for the simulation. Network diagram is shown in Figure 4.3. 

 
Figure 4.3: Simulation network diagram 

4.3.2 Simulation Results 
FIFO’s voice traffic end-to-end delay when we have sufficient output bandwidth of 20Mbps is in 

the range of 60ms. This delay goes up to 640ms when the output bandwidth drops to 10Mbps. In 

the case of WFQ equal weights scenario, voice traffic experience almost the same 62ms delay as 
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the non-congested FIFO 20Mbps scenario. In the case of WFQ proportional weights scenario, all 

remain the same at about 62ms except UC-AP which increased dramatically to 800ms. 

In FIFO with 20Mbps output channel, video traffic encounters an end-to-end delay of 1ms 

while the delay increases to about 0.58s when the bandwidth drops to 10Mbps. In the case of 

equal weights WFQ, all video traffic experience 2-3ms of delay except the UC-VH which 

encounters 1.2s of delay. In the case of proportional weights WFQ, UC-VH remains at 1.2s, both 

UC-VB and UC-VS increased to 20ms and UC-VT to 30ms. 

In the case of FIFO’s non-congested 20Mbps scenario, UC-AP as well as UC-AS consumes 

64kbps while UC-AB consumes 8kbps and 12.8kbps for UC-AA. With respect to FIFO’s 

10Mbps scenario, both UC-AS and UC-AP consumes only 20Kbps while 6Kbps for UC-AA and 

3.75 Kbps for UC-AB. All the traffic mentioned in this section is the net multimedia traffic as 

received by the destination server. This does not include any transmission protocol overhead, i.e. 

IP or Ethernet overhead. In WFQ, UC-AA throughput is 11kbps for both scenarios, UC-AB the 

same for both scenarios at 7kbps, UC-AP is 30kbps for the equal weights scenario and 52kbps 

for the proportional weights scenario and UC-AS is 43kbps for equal weights WFQ and 40kbps 

for proportional weights. 

The video traffic throughput in case of 20Mbps output channel, Both UC-VB and UC-VS 

show a video throughput of almost 1.02Mbps, 8.5Mbps for UC-VH and 522kbps for UC-VT. In 

the case of the FIFO 10Mbps scenario, UC-VH throughput goes down to around 5Mbps, UC-VT 

goes down to almost 300Kbps while both UC-VB and UC-VS reaches 490kbps. In both WFQ 

scenarios we get almost the following same results, UC-VS and UC-VB consumes 350kbps, UC-
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VT 270kbps and 5.2Mbps for UC-VH for equal weights WFQ while 5.4Mbps for proportional 

weights.  

No significant packets loss in the FIFO 20Mbps scenario while in the 10Mbps scenario the 

traffic dropped approaches 4Mbps that is almost one third of the 11Mbps traffic originally 

received. In equal weights WFQ, we notice that 45kbps UC-AP traffic dropped while around 

22kbps of UC-AS and zero dropped traffic for both UC-AB and UC-AA. In proportional weights 

scenario, UC-AP dropped traffic goes down to almost 6kbps and UC-AS increased to 28kbps 

while both UC-AA and UC-AB remain zero. In the case of video traffic in equal weights WFQ, 

UC-VH loses around 3Mbps of traffic, UC-VT 120kbps, UC-VB 650kbps while UC-VS 

800kbps. In the case of WFQ proportional weights scenario, UC-VH losses decrease to around 

2.8Mbps of traffic, UC-VT increase to 240kbps, UC-VB increases to 750kbps while UC-VS 

remains at 800kbps. 

When RED is employed with FIFO, voice traffic shows a drop in the end-to-end delay from 

620ms without RED to about 280ms with RED. With respect to the video traffic, there is a drop 

from 600ms without RED to about 250ms with RED. The throughput for UC-VH remains the 

same at about 5Mbps, UC-VB and UC-VS go up to around 600kbps and UC-VT remains at 

300kbps. UC-AP and UC-AS go up to around 35kbps, UC-AB remains at almost 4Kbps and so 

does UC-AA at around 6kbps. In case of RED with proportional weights WFQ, UC-AP end-to-

end delay increased from 0.8s to about 2.4s, UC-AS increased from 0.1s to 2.4s. UC-AA remains 

at 62ms and UC-AB increased to almost 300ms. With respect to video traffic, UC-VB increased 

from 0.02s to 3s, UC-VH from 1.2s to 0.4s, UC-VS from 0.02s to 1.7s and UC-VT from 0.03s to 
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6s. With respect to throughput, UC-VB consumes about 600kbps in throughput, UC-VH about 

4.7Mbps, UC-VS about 600kbps and UC-VT around 310kbps. With respect to the voice traffic, 

both UC-AP and UC-AS consume 46kbps each, UC-AA 11kbps and UC-AB 7kbps. Table 4.3 

and Table 4.4 summarize the results in this chapter. 

Table 4.3: End-to-end delay (ms) comparison 

 

Table 4.4: Throughput comparison 

 FIFO 
20Mb/s 

FIFO 
10Mb/s 

FIFO 
10Mb/s 
+RED 

WFQ 10Mb/s, 
equal weights 

WFQ 10Mb/s 
proportional 
weights 

WFQ 10Mb/s 
proportional 
weights + RED 

UC-AP 60 640 280 62 800 2400 

UC-AA 60 640 280 62 62 62 

UC-AB 60 640 280 62 62 300 

UC-AS 60 640 280 62 62 2400 

UC-VH 1 580 250 1200 1200 400 

UC-VT 1 580 250 3 30 6000 

UC-VB 1 580 250 3 20 3000 

UC-VS 1 580 250 3 20 1700 

 FIFO 
20Mb/s 

FIFO 
10Mb/s 

FIFO 
10Mb/s 
+RED 

WFQ 
10Mb/s, 
equal 
weights 

WFQ 10Mb/s 
proportional 
weights 

WFQ 10Mb/s 
proportional 
weights + RED 

UC-AP 64kbps 20Kbps 35kbps 30kbps 52kbps 46kbps 

UC-AA 12.8kbps 6Kbps 6Kbps 11kbps 11kbps 11kbps 

UC-AB 8kbps 3.75Kbps 3.75Kbps 7kbps 7kbps 7kbps 

UC-AS 64kbps 20Kbps 35kbps 43kbps 40kbps 46kbps 

UC-VH 8.5Mbps 5Mbps 5Mbps 5.2Mbps 5.4Mbps 4.7Mbps 

UC-VT 522kbps 300kbps 300kbps 270kbps 270kbps 310kbps 

UC-VB 1.02Mbps 490kbps 600kbps 350kbps 350kbps 600kbps 

UC-VS 1.02Mbps 490kbps 600kbps 350kbps 350kbps 600kbps 
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4.3.3 Results Analysis and Discussion 
By analyzing the results and graphs in the previous section together with summary Table 4.3 

and Table 4.4, we can draw the following conclusions: 

• Decreasing output bandwidth will degrade the performance of all UC queues regardless of the 

queuing discipline employed and cause the UC performance to deviate significantly from the 

target performance in Table 4.2. 

• WFQ will improve the overall performance, in terms of end-to-end delay, compared to FIFO 

queuing. UC-VH’s delay, on the other hand, has increased in WFQ compared to FIFO and 

this might be attributed to the large arrival rate of this queue’s traffic and the existence of a 

separate queue for each traffic in WFQ where each queue is allocated a predefined portion of 

the total output bandwidth. When a certain traffic, in this case UC_VH, is arriving at high rate 

then all excess packets will be stored in the queue buffer. This results in a longer queuing 

delay until the queue is completely full and then starts dropping. 

• Changing the weights from equal weights WFQ to weights proportional to the target 

throughput of each UC class will result in an increase in throughput for classes with highest 

weights, i.e. UC-AP from 31kbps to 56kbps and a slight increase in UC-VH from 5.2Mbps to 

5.4Mbps. With fixed output link capacity, changing weight ratios will change the distribution 

of bandwidth among traffic queues. 

• Changing the weights to become proportional to the bandwidth requirements of each queue 

will bring each class closer to its target data rate, but at the same time it might affect other 
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performance target metrics like delay for instance. i.e. despite UC-AP is now allocated higher 

transmission bandwidth, 56 compared to original 31kbps, but the end-to-end delay has 

jumped from 62ms to 800ms. 

• Employing queue management mechanisms, like RED, will affect the delay and packet loss. 

Table 4.3 shows that FIFO with RED will encounter almost 50% less delay compared to FIFO 

without RED. This is however not the case for WFQ. This could be attributed to the fact that 

WFQ has several queues compared to one queue in FIFO. The single FIFO queue that is 

overwhelmed with all UC traffic streams will benefit from the random early dropping 

mechanism in two ways; first, by decreasing the average size of the queue to control the 

overall queuing delay, second, it will prevent the queue from becoming full and dropping 

packets continuously. This will equally affect all traffic streams sharing this FIFO queue. On 

the other hand when WFQ employs RED, a separate WFQ queue is assigned to each traffic 

class where each is allocated a predetermined percentage of the overall available output 

bandwidth. Separating different UC traffic streams into several queues will distribute the 

traffic buffering among those queues. Not all WFQ queues will be full or close to full most of 

the time as was the case in FIFO. For this reason, RED will not affect the end-to-end delay in 

WFQ the same way it does for FIFO except for high rate traffic that might fill its own queue 

consistently, such as UC-VH.  

RED minimum and maximum threshold will also affect the maximum end-to-end delay that 

packets encounter and the choice for this parameter is critical to meet the targeted overall 

performance. Assigning dropping weights in accordance with the traffic weights of each queue 
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will also affect each target queue performance parameters; in this case we can use WRED to 

meet performance as in Table 4.2 

4.4 SUMMARY 

In this chapter, we studied different standards, network classifications, application categorization 

and recommendations and introduced our eight QoS real-time classification that should 

categorize any audio or video traffic according to their QoS urgency and requirements. The 

simulation results have shown the feasibility of our classification in categorizing real-time 

traffic. Those classes will be used in the next stage for mapping incoming flows according to the 

session’s mixture of QoS requirements. 

In the next chapter, we will explain our mapping and adaptation framework components that 

will be utilized to allocate each incoming traffic flow belonging to different sessions to one of 

the corresponding UC QoS classes that we defined in this chapter. 

  



 

98 

CHAPTER 5: FRAMEWORK QOS TRAFFIC MAPPING AND ADAPTATION 

As we explained in Chapter 3, the QoS provisioning framework consists of several components. 

It starts with first identifying and classifying the incoming traffic based on their QoS 

requirements. Then, based on the collective QoS requirements of different session participants, it 

maps the session to one of the UC classes queue. Buffering and scheduling UC queues for 

delivery is then performed in such a way to guarantee performance target metrics for each queue 

and consequently the QoS of the sessions belonging to those UC queues. Finally, the sessions are 

mapped back from UC classes to different access networks based on the recipients on the other 

end. 

In this chapter, we introduce a mapping algorithm [5] that will accept traffic coming from 

different networks and applications, but belonging to the same session, and map it to the 

appropriate UC class. It does this by first finding an agreed upon set of QoS requirements that 

should satisfy most, if not all, of the session participants. It then takes this agreed upon set of 

QoS target metrics and tries to map them to the closest UC class that should guarantee this set of 

agreed upon performance target metrics. Finally, we evaluate the efficiency of this proposed 

algorithm by comparing the resultant set of agreed upon QoS metrics along with the UC class to 

which the session is mapped to the QoS requirements of each of the session participants. This 

should determine how much it matches or deviates from its own performance goals. 

The rest of this chapter is organized as follows: Section 2 explores related work in the field 

of QoS mapping. Section 3 illustrates the eight UC classes to which UC sessions are mapped. 
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Section 4 explains our proposed mapping algorithm in details. Finally, we present the evaluation 

of our algorithm and provide ideas for future work. 

5.1 FRAMEWORK QOS MAPPING ALGORITHM 

Based on the classes in Table 4.2, we propose an algorithm for mapping diverse traffic flows 

received to the most appropriate UC class. We consider the following characteristics when 

implementing the mapping: 

• Type of traffic received. 

• The corresponding traffic class based on the network from where the flow is arriving. 

• Performance parameters offered or guaranteed by its home network. 

• Finally, the nature of other flows participating in the session (adaptation part). 

The mapping can be a simple static mapping from each traffic type to one of the UC classes. But, 

in this case two problems will arise: 

1. The static mapping table will be rather large bearing in mind the number of networks 

supported and the granularity of flows’ QoS Specifications coming from each network. 

2. No flexibility to adopt new types of traffic. New entries have to be added to each new traffic 

flow. 

For this reason we introduce a dynamic mapping algorithm that maps traffic according to their 

QoS performance attributes and traffic type. Some networks, such as PSTN, will have their 

mapping rather static as only one type of voice traffic is supported at anytime. Other networks 

will support a variety of voice traffic types and are going to be mapped according to the values of 
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their performance parameters. The algorithm will first determine performance parameters of the 

incoming flow, traffic and network type. Then, it will calculate the center of each of the UC 

regions shown in Figure 5.1.  

It will calculate the Euclidean distance between the incoming flow and the center of each of 

the UC classes region. Finally, the flow will belong to the closest UC class based on different 

calculated Euclidean distances. The flow selects the closest class as follows: 

• If the session is homogenous consisting of only one type of traffic then it will select the 

closest class according to the following formula: 

𝐶𝐶𝑐𝑐𝑐𝑐𝑐𝑐𝑠𝑠𝑐𝑐𝑠𝑠𝑡𝑡 = min
𝑎𝑎𝑎𝑎𝑎𝑎𝑖𝑖

�𝑎𝑎𝑖𝑖𝐶𝐶𝑛𝑛𝑅𝑅𝑅𝑅𝑐𝑐𝑛𝑛𝑡𝑡𝑎𝑎𝑎𝑎𝑡𝑡𝑡𝑡𝑖𝑖𝑐𝑐 𝑡𝑡𝑡𝑡𝑝𝑝𝑐𝑐→𝑐𝑐𝑐𝑐𝑎𝑎𝑠𝑠𝑠𝑠𝑖𝑖�  

𝐶𝐶𝑐𝑐𝑐𝑐𝑐𝑐𝑠𝑠𝑐𝑐𝑠𝑠𝑡𝑡 = min
𝑎𝑎𝑎𝑎𝑎𝑎𝑖𝑖

���𝑎𝑎𝑡𝑡 − 𝑎𝑎𝑐𝑐𝑖𝑖�
2

+ �𝑏𝑏𝑡𝑡 − 𝑏𝑏𝑐𝑐𝑖𝑖�
2

+ �𝑛𝑛𝑡𝑡 − 𝑛𝑛𝑐𝑐𝑖𝑖�
22
� 

𝑤𝑤ℎ𝑛𝑛𝑛𝑛𝑛𝑛: 

𝑐𝑐𝑎𝑎𝑅𝑅𝐶𝐶𝐶𝐶 𝑖𝑖𝑅𝑅𝑎𝑎𝑛𝑛𝑖𝑖 𝑖𝑖 𝑛𝑛𝑅𝑅𝑅𝑅𝑤𝑤𝑛𝑛𝐶𝐶 𝑐𝑐𝑛𝑛𝑜𝑜𝑖𝑖 1,2, . . ,8 

𝑎𝑎𝑡𝑡 ∶ 𝑎𝑎𝑛𝑛𝑎𝑎𝑅𝑅𝑏𝑏 𝑜𝑜𝑐𝑐 𝑛𝑛ℎ𝑛𝑛 𝑖𝑖𝑅𝑅𝑐𝑐𝑜𝑜𝑖𝑖𝑖𝑖𝑅𝑅𝑤𝑤 𝑛𝑛𝑛𝑛𝑅𝑅𝑐𝑐𝑐𝑐𝑖𝑖𝑐𝑐 𝑐𝑐𝑎𝑎𝑜𝑜𝑤𝑤 

𝑏𝑏𝑡𝑡 ∶ 𝑏𝑏𝑖𝑖𝑛𝑛 𝑛𝑛𝑅𝑅𝑛𝑛𝑛𝑛 𝑜𝑜𝑐𝑐 𝑛𝑛ℎ𝑛𝑛 𝑖𝑖𝑅𝑅𝑐𝑐𝑜𝑜𝑖𝑖𝑖𝑖𝑅𝑅𝑤𝑤 𝑛𝑛𝑛𝑛𝑅𝑅𝑐𝑐𝑐𝑐𝑖𝑖𝑐𝑐 𝑐𝑐𝑎𝑎𝑜𝑜𝑤𝑤 

𝑛𝑛𝑡𝑡 ∶ 𝑛𝑛𝑛𝑛𝑛𝑛𝑜𝑜𝑛𝑛 𝑛𝑛𝑅𝑅𝑛𝑛𝑛𝑛 𝑜𝑜𝑐𝑐 𝑛𝑛ℎ𝑛𝑛 𝑖𝑖𝑅𝑅𝑐𝑐𝑜𝑜𝑖𝑖𝑖𝑖𝑅𝑅𝑤𝑤 𝑛𝑛𝑛𝑛𝑅𝑅𝑐𝑐𝑐𝑐𝑖𝑖𝑐𝑐 𝑐𝑐𝑎𝑎𝑜𝑜𝑤𝑤 

𝑎𝑎𝑐𝑐𝑖𝑖 ∶ 𝑎𝑎𝑛𝑛𝑎𝑎𝑅𝑅𝑏𝑏 𝑜𝑜𝑐𝑐 𝑛𝑛ℎ𝑛𝑛 𝑐𝑐𝑛𝑛𝑅𝑅𝑛𝑛𝑛𝑛𝑛𝑛 𝑜𝑜𝑐𝑐 𝑐𝑐𝑎𝑎𝑅𝑅𝐶𝐶𝐶𝐶 𝑐𝑐𝑖𝑖 𝑛𝑛𝑛𝑛𝑤𝑤𝑖𝑖𝑜𝑜𝑅𝑅 

𝑏𝑏𝑐𝑐𝑖𝑖 ∶ 𝑏𝑏𝑖𝑖𝑛𝑛 𝑛𝑛𝑅𝑅𝑛𝑛𝑛𝑛 𝑜𝑜𝑐𝑐 𝑛𝑛ℎ𝑛𝑛 𝑐𝑐𝑛𝑛𝑅𝑅𝑛𝑛𝑛𝑛𝑛𝑛 𝑜𝑜𝑐𝑐 𝑐𝑐𝑎𝑎𝑅𝑅𝐶𝐶𝐶𝐶 𝑐𝑐𝑖𝑖 𝑛𝑛𝑛𝑛𝑤𝑤𝑖𝑖𝑜𝑜𝑅𝑅 
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𝑛𝑛𝑐𝑐𝑖𝑖 ∶ 𝑛𝑛𝑛𝑛𝑛𝑛𝑜𝑜𝑛𝑛 𝑛𝑛𝑅𝑅𝑛𝑛𝑛𝑛 𝑜𝑜𝑐𝑐 𝑛𝑛ℎ𝑛𝑛 𝑐𝑐𝑛𝑛𝑅𝑅𝑛𝑛𝑛𝑛𝑛𝑛 𝑜𝑜𝑐𝑐 𝑐𝑐𝑎𝑎𝑅𝑅𝐶𝐶𝐶𝐶 𝑐𝑐𝑖𝑖 𝑛𝑛𝑛𝑛𝑤𝑤𝑖𝑖𝑜𝑜𝑅𝑅 

• If the session is heterogeneous and consists of different types of traffic coming from different 

networks then it will: 

1. First, average different performance parameters to reach a set of QoS parameter values 

that satisfy as many participants as possible without wasting resources on a service that 

will never be used. In other words, our model avoids using the easiest method of 

allocating the session to the most demanding UC QoS class whose parameters would 

satisfy and exceed the requirements of all other session participants. This method will 

satisfy all traffic QoS requirements but on the other hand it will waste system resources 

that will not be fully utilized due to the mixture of traffic that does not need such 

stringent QoS guarantees. In this step, we calculate the average required parameters ad 

follows: 

𝑎𝑎𝑠𝑠𝑎𝑎𝑎𝑎𝑎𝑎 =  
∑ 𝑎𝑎𝑡𝑡𝑖𝑖
𝑛𝑛
𝑖𝑖=1 𝑅𝑅�  

𝑏𝑏𝑠𝑠𝑎𝑎𝑎𝑎𝑎𝑎 =  
∑ 𝑏𝑏𝑡𝑡𝑖𝑖
𝑛𝑛
𝑖𝑖=1 𝑅𝑅�  

𝑛𝑛𝑠𝑠𝑎𝑎𝑎𝑎𝑎𝑎 =  
∑ 𝑛𝑛𝑡𝑡𝑖𝑖
𝑛𝑛
𝑖𝑖=1 𝑅𝑅�  

𝑤𝑤ℎ𝑛𝑛𝑛𝑛𝑛𝑛: 

𝑅𝑅 𝑛𝑛ℎ𝑛𝑛 𝑅𝑅𝑓𝑓𝑖𝑖𝑏𝑏𝑛𝑛𝑛𝑛 𝑜𝑜𝑐𝑐 𝑝𝑝𝑅𝑅𝑛𝑛𝑛𝑛𝑖𝑖𝑐𝑐𝑖𝑖𝑝𝑝𝑅𝑅𝑛𝑛𝐶𝐶 

𝑎𝑎𝑠𝑠𝑎𝑎𝑎𝑎𝑎𝑎 = 𝑛𝑛ℎ𝑛𝑛 𝑅𝑅𝑎𝑎𝑛𝑛𝑛𝑛𝑅𝑅𝑤𝑤𝑛𝑛 𝐶𝐶𝑛𝑛𝐶𝐶𝐶𝐶𝑖𝑖𝑜𝑜𝑅𝑅 𝑎𝑎𝑛𝑛𝑎𝑎𝑅𝑅𝑏𝑏 𝑐𝑐𝑜𝑜𝑛𝑛 𝑅𝑅 𝑝𝑝𝑅𝑅𝑛𝑛𝑛𝑛𝑖𝑖𝑐𝑐𝑖𝑖𝑝𝑝𝑅𝑅𝑅𝑅𝑛𝑛𝐶𝐶 
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𝑏𝑏𝑠𝑠𝑎𝑎𝑎𝑎𝑎𝑎 = 𝑛𝑛ℎ𝑛𝑛 𝑅𝑅𝑎𝑎𝑛𝑛𝑛𝑛𝑅𝑅𝑤𝑤𝑛𝑛 𝐶𝐶𝑛𝑛𝐶𝐶𝐶𝐶𝑖𝑖𝑜𝑜𝑅𝑅 𝑏𝑏𝑖𝑖𝑛𝑛 𝑛𝑛𝑅𝑅𝑛𝑛𝑛𝑛 𝑐𝑐𝑜𝑜𝑛𝑛 𝑅𝑅 𝑝𝑝𝑅𝑅𝑛𝑛𝑛𝑛𝑖𝑖𝑐𝑐𝑖𝑖𝑝𝑝𝑅𝑅𝑅𝑅𝑛𝑛𝐶𝐶 

𝑛𝑛𝑠𝑠𝑎𝑎𝑎𝑎𝑎𝑎 = 𝑛𝑛ℎ𝑛𝑛 𝑅𝑅𝑎𝑎𝑛𝑛𝑛𝑛𝑅𝑅𝑤𝑤𝑛𝑛 𝐶𝐶𝑛𝑛𝐶𝐶𝐶𝐶𝑖𝑖𝑜𝑜𝑅𝑅 𝑛𝑛𝑛𝑛𝑛𝑛𝑜𝑜𝑛𝑛 𝑛𝑛𝑅𝑅𝑛𝑛𝑛𝑛 𝑐𝑐𝑜𝑜𝑛𝑛 𝑅𝑅 𝑝𝑝𝑅𝑅𝑛𝑛𝑛𝑛𝑖𝑖𝑐𝑐𝑖𝑖𝑝𝑝𝑅𝑅𝑅𝑅𝑛𝑛𝐶𝐶 

𝑎𝑎𝑡𝑡𝑖𝑖 = 𝑛𝑛ℎ𝑛𝑛 𝑎𝑎𝑛𝑛𝑎𝑎𝑅𝑅𝑏𝑏 𝑜𝑜𝑐𝑐 𝑛𝑛𝑛𝑛𝑅𝑅𝑐𝑐𝑐𝑐𝑖𝑖𝑐𝑐 𝑐𝑐𝑎𝑎𝑜𝑜𝑤𝑤 𝑖𝑖 

𝑏𝑏𝑡𝑡𝑖𝑖 = 𝑛𝑛ℎ𝑛𝑛 𝑏𝑏𝑖𝑖𝑛𝑛 𝑛𝑛𝑅𝑅𝑛𝑛𝑛𝑛 𝑜𝑜𝑐𝑐 𝑛𝑛𝑛𝑛𝑅𝑅𝑐𝑐𝑐𝑐𝑖𝑖𝑐𝑐 𝑐𝑐𝑎𝑎𝑜𝑜𝑤𝑤 𝑖𝑖 

𝑛𝑛𝑡𝑡𝑖𝑖 = 𝑛𝑛ℎ𝑛𝑛 𝑛𝑛𝑛𝑛𝑛𝑛𝑜𝑜𝑛𝑛 𝑛𝑛𝑅𝑅𝑛𝑛𝑛𝑛 𝑜𝑜𝑐𝑐 𝑛𝑛𝑛𝑛𝑅𝑅𝑐𝑐𝑐𝑐𝑖𝑖𝑐𝑐 𝑐𝑐𝑎𝑎𝑜𝑜𝑤𝑤 𝑖𝑖 

2. Second, finding the best matching UC class which is closest to the calculated average 

parameters as follows: 

𝐶𝐶𝑐𝑐𝑐𝑐𝑐𝑐𝑠𝑠𝑐𝑐𝑠𝑠𝑡𝑡 = min
𝑎𝑎𝑎𝑎𝑎𝑎𝑖𝑖

���𝑎𝑎𝑠𝑠𝑎𝑎𝑎𝑎𝑎𝑎 − 𝑎𝑎𝑐𝑐𝑖𝑖�
2

+ �𝑏𝑏𝑠𝑠𝑎𝑎𝑎𝑎𝑎𝑎 − 𝑏𝑏𝑐𝑐𝑖𝑖�
2

+ �𝑛𝑛𝑠𝑠𝑎𝑎𝑎𝑎𝑎𝑎 − 𝑛𝑛𝑐𝑐𝑖𝑖�
22
� 

 

Figure 5.1: Framework QoS classes and mapping 
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5.2 FRAMEWORK QOS MAPPING ADAPTATION 

Adaptation refers to the process of changing the way the network treats the traffic in response to 

change in the traffic behaviour or nature. Our model adapts to two different scenarios: 

• QoS requirements have changed for any of the participants or for the session as a whole. 

• New participants join or current participants leave. 

In both scenarios, the model will re-calculate the average required performance parameters 

and re-map the session to the adequate UC class. This might result in upgrade or downgrade in 

the service provided. This depends on the nature of the resultant parameters after the new event 

occurred whether it is a new party joining, an existing participant leaving or simply a change in 

one of the participants QoS requirements. 

5.3 EVALUATION AND RESULTS 

In this section, we evaluate our mapping and classification algorithms in two different 

experiments using MATLAB®.  

5.3.1 Experiment 1 
In this experiment, we evaluate the efficiency of our proposed dynamic mapping algorithm by 

comparing it against two other scenarios: one in which we over provision the session through 

assigning resources equivalent to the highest requested QoS by the participants, the other in 

which we under provision the session by assigning resources equivalent to the lowest requested 

QoS by the participants. 
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5.3.1.1 Simulation Description 

To evaluate the three scenarios, we simulate successive sessions with increasing number of 

participants. We increase the number of participants per each session and redo the entire 

calculation for all the three scenarios. In each computation cycle, the QoS target parameters are 

chosen according to a uniform distribution to ensure randomness and diversity of QoS target 

parameters chosen for different participants forming the session. The target parameters are 

chosen from a pool of available parameters that ranges from the lowest to one of the highest 

values according to the UC QoS classes in Chapter 4, i.e. delay will range from 0 to 1000ms and 

loss ratio will range from 0 to 10%. To eliminate any possibility for mapping bias toward classes 

with large spanned region, we normalized the UC values in Chapter 4 pool as well as the values 

inside the pool of available parameters so that each chosen parameter will lie within a parameter 

span of 0 to 100%. After the mapping is performed and for each participant QoS parameter, we 

calculate the percentage deviation of the mapped class QoS parameters from the participant’s 

own chosen target QoS parameters. We then find the average percentage deviation for each QoS 

parameter for the entire session with all its participants. Finally, we get the overall satisfaction 

percentage by averaging the three QoS parameters average deviation that we calculated in the 

previous step. For the sake of comparison, we do also find the participants percentage deviation 

for the scenarios with best and worst QoS selection. In the former, we choose the best value for 

each QoS target parameter from the pool of all participants who share the current session being 

simulated. In the case of the latter, we choose the worst/least value for each QoS target parameter 

from the same pool. We compare the results of the three scenarios in the next section.  
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5.3.1.2 Simulation Results 

Figure 5.2 shows the results for the satisfaction level of our proposed mapping algorithm. As we 

can see from the graph, the number of participants per session starts from around four 

participants up to almost a thousand. The reason for running the simulation up to such a large 

number of participants is to verify the mapping behaviour and make sure that it reaches a steady 

state. From the graph we can see that we have four different types of satisfaction percentages; 

delay bound, bandwidth, loss ratio and overall satisfaction percentages. Different satisfaction 

curves fluctuate significantly at small values of participants with large spikes at certain points. 

The number of spikes decreases as we increase the number of participants per session and almost 

vanishes for the second half of the simulation. The delay satisfaction converges to about 

126.29%, bandwidth to about 39.74% and loss ratio converges to almost 52.61%. The overall 

satisfaction for the entire session as averaged over all participants will approach 72.88%. This 

means that, on average using our proposed mapping algorithm, participants are getting 72.88% 

of the QoS guarantees they originally asked for. 
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Figure 5.2: Mapped session satisfaction 

Figure 5.3 shows the scenario of best, highest, QoS assignment for the session. In this 

scenario, we inspect all the session’s participants and choose the most demanding QoS target 

parameter value among all of the participants and then assign a virtual class of these most 

demanding parameters to the session. This type of best case mapping is wasting network 

resources as it assigns resources based on the most demanding participant requirements which 

might not be used by most of the other participants. In this case, the delay satisfaction converges 

to about 5093.37%, bandwidth to about 602.36% and loss ratio converges to almost 5256.42%. 

The overall satisfaction for the entire session as averaged over all participants will approach 

3650.72%. This means that, on average using this most demanding mapping, participants are 

getting 3650.72% of the QoS guarantees they originally asked for. Or in other words, they are 

provisioned resources that are almost 36 times their actual QoS needs. 
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Figure 5.3: Best-case mapping session satisfaction 

The last scenario is shown in Figure 5.4. This scenario mapping finds the worst, least, QoS 

assignment for the session. In this scenario, we inspect all the session’s participants and choose 

the least demanding QoS target parameter among all of the participants and then assign a virtual 

class of these least demanding parameters to the session. Despite the fact that this type is worst 

case mapping, but it is the best utilizing network resources as it assigns resources based on the 

least demanding participant requirements asking for the minimum possible resources below 

which the session cannot operate. In this case, the delay satisfaction converges to about 50.93%, 

bandwidth to about 6.02% and loss ratio converges to almost 52.56%. The overall satisfaction 

for the entire session as averaged over all participants will approach 36.51%. This means that, on 

average using this most demanding mapping, participants are getting 36.51% of the QoS 
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guarantees they originally asked for. Or in other words, they are provisioned resources that are 

almost one third of their actual QoS needs. 

 

Figure 5.4: Worst-case mapping satisfaction 

5.3.1.3 Results Analysis and Discussion 

The fluctuation of satisfaction around the steady value at the beginning of the simulation is due 

to the small number of participants that usually have a diverse set of required target QoS 

parameters. The mapping class might at the beginning be closer to one of the participants and 

away from others. If our algorithm’s mapped class is closer to the most demanding class then it 

behaves more like the best case scenario and so we can see a significant increase of satisfaction 

level which is times more than the session’s actual QoS requirements. This is manifested in the 

high spike above our algorithm’s steady state value. If on the other hand, our algorithm chooses a 
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mapping class that is closer to the least demanding participant then it behaves more like the 

worst case scenario and so we can see a significant decrease of satisfaction level which is a 

fraction of the session’s actual QoS requirements. This is manifested in the low spike below our 

algorithm’s steady state value. As the number of participants increases, the effect of bias toward 

one of the participant’s QoS requirements diminishes and our algorithm tends to better map the 

session to a more agreed upon class. This could be attributed to the fact that the effect of any 

single element on the average value decreases as the number of elements considered in the 

average increases. Consequently, the odd behaviour, causing the spikes, of any element on the 

average result is suppressed as the number of participants considered in the average calculation 

increases. In the steady state, we can see that maximum attainable satisfaction level fits around 

72.88% which accommodates around two thirds of QoS session requirements. 

For the best case scenario, it over provisions the session and in spite of meeting most, if not 

all, participants’ QoS requirements with very high level of overall satisfaction 3650.72% but it 

also wastes network resources that will only be used by very few participants and left unutilized 

by the rest. In the worst-case scenario, it provides the minimum possible QoS requirements. 

These provided resources satisfy the least demanding participants but might not satisfy many 

others resulting in a very low level of overall satisfaction 36.51%. 

Comparing the last two scenarios to our proposed algorithm shows that our algorithm lies 

somewhere in between. It does not overprovision the session and wastes resources by allocating 

times more resources than what the session actually requires, as in the best-case mapping 

scenario. On the other hand, it does not disappoint participants by being so greedy in allocating 
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resources that result in a low overall satisfaction by the participants. Our algorithm lies in 

between with an overall satisfaction of 72.88% that is better than worst case, 36.51%, and less 

than the most demanding resource wasteful case, 3650.72%. Our algorithm is the closest to the 

ideal case satisfaction level of 100%. We believe that optimizing the UC QoS class ranges and 

boundaries to better resemble actual real life traffic traversing the network will indeed help in 

enhancing the steady state satisfaction and bring it closer to the ideal case of 100% satisfaction. 

5.3.2 Experiment 2 
In this experiment, we simulate the classification and mapping algorithms and determine how 

different mixtures of incoming real-time traffic will be mapped to each of the eight proposed 

classes. Then, we calculate the satisfaction level for each participant based on the result of 

mapping to each of the eight classes. 

5.3.2.1 Simulation Description 

We assume that incoming sessions consist of up to eight different traffic flows with different 

QoS requirements. During the simulation, we change the type of the traffic forming the sessions’ 

flows in order to see how the change of incoming traffic mixture will affect the chosen output 

UC class. We assume that each flow can have QoS needs equivalent to one of the UC classes. 

We also assume that all flows join or leave the sessions at the time of session establishment and 

tearing down, respectively. We define the degree of variation to measure the diversification of 

incoming flows which is set to zero when all the session’s flows are of the same traffic type and 

equals one when each flow is of different traffic type. We also define the degree of deviation to 

measure the average deviation of the mapped output class from the requirements of the incoming 
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flows forming the session. Finally, the objective is to analyze the relationship between the degree 

of variation and deviation. 

5.3.2.2 Simulation Results 

We run the simulation for one thousand consecutive sessions. In each run, we varied the nature 

of the flows constituting the session. The flows vary from only one type for all the session’s 

flows to eight different flow types for each separate flow. The thousand simulation samples are 

shown in the graph of Figure 5.5. The horizontal axis shows the session’s degree of flow 

variation that ranges, as stated above, between zero and one depending on the number of flows 

that share the session. The vertical axis measures the average degree of deviation of the mapped 

class QoS parameters from different session’s flows QoS requirements. At medium values of 

degree of flow variation between 0.4 and 0.7, we can notice that deviation of flows’ QoS could 

vary considerably with large spikes showing a significant deviation from QoS requested. At 

lower values below 0.4, the QoS deviation looks less sharp and more consistent around its 

average. The same applies for larger flow variation values above 0.7. 

The mean and variance values for each degree of flows variation are shown Figure 5.6. We can 

see that the degree of QoS deviation increases linearly as a function of the session’s degree of 

flows variation. We can also notice that this linearity is somewhat violated around the medium 

values of degree of variation. By analyzing the variance curve, we can also notice that the 

variance around this medium degree of variation values is also large and shows a large increase 

spike compared to the variance above and below this medium range.  
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Figure 5.5: Session's variation vs. flow's QoS deviation 

 

Figure 5.6: Average and variance of flow's QoS deviation 
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5.3.2.3 Results Analysis and Discussion 

According to the previous results, at medium values of flows variation the system showed less 

consistent behaviour that varies considerably around its mean value while it behaves more 

consistently at lower and higher values. This can be attributed to the fact that the degree of 

variation measures the heterogeneity of flows and how they differ from each other. In the case of 

lower variation values, we have a more homogenous set of flows which in turn means that most 

of flows have almost the same QoS requirements. In this case, the mapping will choose the class 

that is closer to this set of homogenous flows. This means that the chosen UC class will fulfill 

the majority of flows, the homogenous set, and only violates the small number flows that are not 

of the same type. This explains why the deviation is minimal at this low flow variation degree 

value.  

For the higher values, the flows are almost totally heterogeneous which means that none of 

the flows is similar in their QoS requirements to the other flows. The mapping in this case will 

choose the class that forms a middle ground between the diverse set of QoS requirements. In the 

case of medium flow variation values, the combination of flows might vary for the same value of 

flow variation. If, for instance, half of the flows are homogenous while the rest are 

heterogeneous then this will be translated in QoS requirements that are the same for half of the 

flows while it is different for the other half. The mapping will choose a UC class that is more 

biased toward the homogenous half of flows while it might be highly deviated from the 

requirements of the other half. This results in the spikes that we have seen. If the medium values 

of flows variation is not extremely distributed as half homogenous and half heterogeneous but 
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rather a more smooth heterogeneity where each couple of flows require the same QoS values 

then QoS deviation will be more consistent. 

5.4 SUMMARY 

In this chapter, we introduced a new mapping algorithm for multiple participants’ session in UC 

and NGN networks. Simulation was done for hundreds of sessions with varying number of 

participants ranging from four to one thousand. The satisfaction level per each QoS parameter 

and per session was calculated to measure how good our mapping algorithm is in satisfying the 

session participants’ QoS requirements. The same calculation was also done for two other 

scenarios representing the most and least demanding mapping scenarios in terms of QoS needs. 

The simulation has shown that our proposed algorithm is better in satisfying the session’s 

participants QoS needs than the worst-case least demanding scenario. Performance analysis also 

showed a significant degree of dependence between the mixture of flows constituting the session 

and the degree of QoS deviation of the output chosen UC class from the requirements of each 

flow. Finally, In order to achieve a better steady state satisfaction level even under very low 

number of session participants, we need to investigate the relationship between the UC QoS 

classes’ ranges and boundaries along with their effect on the maximum attainable satisfaction 

level. Next chapter will tackle this along with our scheme for scheduling and queuing different 

classes to satisfy their QoS requirements as set in this and previous chapters for classification 

and session mapping. 

In the next chapter, we will present the largest component in our framework that is the FDAS 

scheduler. Its operation, architecture, algorithms utilized, scheduling theories employed, 
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computational complexity, simulation and performance evaluation will be explained in details in 

the next chapter. 
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CHAPTER 6: FAIR AND DELAY ADAPTIVE SCHEDULER (FDAS)  

As discussed in the literature review chapter, fairly allocating bandwidth among contending 

flows sharing a scheduler and participating in a session while conforming to stringent end-to-end 

delay constraints is a major requirement for the successful delivery of next generation QoS 

demanding traffic. Research has been carried out in the area of processor and scheduler sharing 

for decades to try to achieve the QoS requirements of network traffic. Fairness and traffic 

prioritization are two main objectives that many schedulers were originally designed to meet. 

Another important issue is how schedulers treat the delay sensitive traffic. Although the 

combination of fairness and prioritization is implemented in several schedulers but, to our 

knowledge, incorporating adaptive traffic delay treatment in fair and prioritized schedulers has 

not been thoroughly investigated or successfully implemented.  

In this chapter, we introduce our fair and delay adaptive scheduler (FDAS) [6] [10] [9] [1] 

[8] [7] [5] which is the core of our framework responsible for scheduling packets for delivery in 

a timely and fair manner that balances between the fairness of bandwidth allocation between 

flows while implementing prioritization and minimizes the number of end-to-end delay bound 

breaches. FDAS implements the fluid flow scheduling using the virtual clock concept to 

guarantee the fairness of bandwidth allocation between different flows sharing the session. 

Meanwhile and in order not miss individual packets delay bound, the scheduler also employs the 

schedulability verification to determine the packets that might be the reason behind missing the 

delay deadlines for the rest of the flows. It uses this information along with the priority and rest 

of QoS requirements of different flows to determine which packet transmission should be 
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delayed, re-ordered or even dropped in order to meet the deadlines of rest of the flows and 

increase the overall satisfaction or at least the satisfaction of the most important flow packets. 

The chapter is organized as follows: Section 6.1 describes the operation and functionality of our 

FDAS scheduler.  Section 6.2 explains the mathematical modeling and computational 

complexity of the scheduler. Section 6.3 describes the simulation results and evaluate the 

scheduler performance against both WFQ and EDF. Section 6.4 is the conclusion of this chapter. 

6.1 FUNCTIONALITY AND OPERATION OF FDAS SCHEDULER 

The scheduling algorithm that we introduced [6] is based on two main concepts; the virtual clock 

and the processing deadline schedulability evaluation. We employ the virtual time concept to 

find the initial order of the packets to be transmitted that should guarantee fairness in allocating 

bandwidth between different participants competing for transmission. This virtual clock and 

finish time concept is widely adopted in well-known algorithms such as WFQ [70] and WF2Q 

[72]. The final packets transmission order will fairly distribute bandwidth between competing 

flows but might do this at the expense of increasing the queuing, and consequently the end-to-

end, delay of some or all the flows.  

In WFQ, weights of the queues are used to determine the proportionality of bandwidth to be 

assigned to each flow. Though this will ensure the proportional distribution of bandwidth 

between flows according to their weight but the problem arises when the delay bounds and 

absolute deadlines are not distributed in the same way. This can easily be the case for certain 

hybrid session where less bandwidth demanding VoIP flows share the session with more 

bandwidth demanding flows like video broadcasting or interactive webinars. In such a scenario, 
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the VoIP traffic has a stringent delay bounds and must be transmitted within a specific tight 

deadline or otherwise garbled. Meanwhile, the streaming video presentation or streaming will 

require high bandwidth but not as stringent in terms of delay compared to the real-time VoIP 

traffic. To handle this problem and ensure that packets with stringent deadlines, despite their 

queue weight, are transmitted in a timely manner and do not miss their deadlines, we perform 

schedulability checking and packets re-ordering as an integrated part of our scheduler. Next, we 

will explain the details of the scheduler operation using a detailed flowchart. Then, we will 

explain all the functional components of our scheduler and their mutual interactions. 

6.1.1 Scheduler Operation Flowchart 
Figure 6.2 shows the operation flowchart of our proposed scheduler. The scheduler starts first by 

calculating the virtual finish time for all backlogged flows in order to determine the order of 

transmission of the backlogged packets. Once the scheduling order is finalized, the scheduler 

checks the actual finish time of all backlogged packets and determines whether all deadlines will 

be met according to the calculated order. If yes, then the transmission order satisfies bandwidth 

fairness and also meets the delay bounds for the flows and packets will be sent based on this 

order accordingly. If, on the other hand, some of the packets miss their deadlines then we have to 

check if the packets based on the current flow packets are schedulable. The schedulability is 

evaluated using the feasibility testing originally proposed by authors in [104] and 

computationally enhanced by authors in [105]. According to this feasibility test, a set of packets 

is schedulable if and only if: 
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 (𝑈𝑈 ≤ 1) and (∀𝑛𝑛 ≤ 𝐻𝐻𝑚𝑚𝑎𝑎𝑚𝑚,ℎ(𝑛𝑛) ≤ 𝑛𝑛) (1) 

𝑤𝑤ℎ𝑛𝑛𝑛𝑛𝑛𝑛: 

𝐻𝐻𝑚𝑚𝑎𝑎𝑚𝑚 = 𝑖𝑖𝑅𝑅𝑖𝑖 �𝐷𝐷1, … .𝐷𝐷𝑛𝑛,�
(𝑅𝑅𝑖𝑖 − 𝐷𝐷𝑖𝑖)𝑈𝑈𝑖𝑖

1 − 𝑈𝑈

𝑛𝑛

𝑖𝑖=1

� 

𝐻𝐻𝑚𝑚𝑎𝑎𝑚𝑚: 𝑖𝑖𝐶𝐶 𝑛𝑛ℎ𝑛𝑛 𝑖𝑖𝑅𝑅𝑖𝑖𝑖𝑖𝑖𝑖𝑓𝑓𝑖𝑖 𝑝𝑝𝑛𝑛𝑛𝑛𝑖𝑖𝑜𝑜𝑎𝑎 𝑜𝑜𝑐𝑐 𝐶𝐶𝑐𝑐ℎ𝑛𝑛𝑎𝑎𝑓𝑓𝑎𝑎𝑅𝑅𝑖𝑖𝑏𝑏𝑖𝑖𝑎𝑎𝑖𝑖𝑛𝑛𝑏𝑏 𝑛𝑛𝑛𝑛𝐶𝐶𝑛𝑛𝑖𝑖𝑅𝑅𝑤𝑤 

𝐷𝐷𝑖𝑖: 𝑛𝑛𝑛𝑛𝑎𝑎𝑅𝑅𝑛𝑛𝑖𝑖𝑎𝑎𝑛𝑛 𝑎𝑎𝑛𝑛𝑎𝑎𝑅𝑅𝑏𝑏 𝑏𝑏𝑜𝑜𝑓𝑓𝑅𝑅𝑎𝑎 𝑜𝑜𝑐𝑐 𝑛𝑛ℎ𝑛𝑛 𝑖𝑖𝑛𝑛ℎ 𝑐𝑐𝑎𝑎𝑜𝑜𝑤𝑤 

𝑅𝑅𝑖𝑖: 𝑖𝑖𝑅𝑅𝑛𝑛𝑛𝑛𝑛𝑛𝑅𝑅𝑛𝑛𝑛𝑛𝑖𝑖𝑎𝑎𝑅𝑅𝑎𝑎 𝑝𝑝𝑛𝑛𝑛𝑛𝑖𝑖𝑜𝑜𝑎𝑎 𝑜𝑜𝑐𝑐 𝑛𝑛ℎ𝑛𝑛 𝑖𝑖𝑛𝑛ℎ 𝑐𝑐𝑎𝑎𝑜𝑜𝑤𝑤 

𝑈𝑈𝑖𝑖: 𝐶𝐶𝑐𝑐ℎ𝑛𝑛𝑎𝑎𝑓𝑓𝑎𝑎𝑛𝑛𝑛𝑛 𝑓𝑓𝑛𝑛𝑎𝑎𝑖𝑖𝑙𝑙𝑅𝑅𝑛𝑛𝑖𝑖𝑜𝑜𝑅𝑅 𝑏𝑏𝑏𝑏 𝑛𝑛ℎ𝑛𝑛 𝑖𝑖𝑛𝑛ℎ 𝑐𝑐𝑎𝑎𝑜𝑜𝑤𝑤 

𝑈𝑈: 𝑜𝑜𝑎𝑎𝑛𝑛𝑛𝑛𝑅𝑅𝑎𝑎 𝐶𝐶𝑐𝑐ℎ𝑛𝑛𝑎𝑎𝑓𝑓𝑎𝑎𝑛𝑛𝑛𝑛 𝑓𝑓𝑛𝑛𝑎𝑎𝑖𝑖𝑙𝑙𝑅𝑅𝑛𝑛𝑖𝑖𝑜𝑜𝑅𝑅 

If the schedulability test shows that the flows are schedulable according to their current end-to-

end delay bounds and transmission time QoS requirements then the next step is to re-order the 

packets to meet their missed deadlines. The re-ordering will try to relax packets that still have 

some residual delay tolerance and were schedulable for transmission well before their delay 

deadline. The gained time from relaxing those packets will be utilized to expedite the 

transmission of the violating packets that miss their own deadlines. This re-ordering will ensure 

that fairness from the virtual clock scheduling is still widely, not fully, satisfied while at the same 

time it will guarantee transmission delay bounds for all transmitted packets. Illustration of how 

such re-ordering could look like shown in Figure 6.1. 
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Figure 6.1: High priority subset flows re-ordering 

The re-ordering can be done in one two ways. For each violating packet, choose the packet to 

swap transmission position with according to one of the following two ways: 

Start with the next packet preceding it in the transmission order and perform the swap if the 

following two conditions are met: 

 𝑅𝑅𝑡𝑡𝑎𝑎𝑎𝑎𝑛𝑛𝑠𝑠𝑚𝑚𝑖𝑖𝑡𝑡_𝑠𝑠𝑡𝑡𝑎𝑎𝑎𝑎𝑡𝑡𝑖𝑖−1 + 𝑅𝑅𝑝𝑝𝑎𝑎𝑐𝑐𝑐𝑐𝑐𝑐𝑠𝑠𝑠𝑠𝑖𝑖𝑛𝑛𝑎𝑎𝑖𝑖 ≤ 𝑅𝑅𝑑𝑑𝑐𝑐𝑐𝑐𝑎𝑎𝑡𝑡_𝑏𝑏𝑐𝑐𝑏𝑏𝑛𝑛𝑑𝑑𝑖𝑖 

& 𝑅𝑅𝑡𝑡𝑎𝑎𝑎𝑎𝑛𝑛𝑠𝑠𝑚𝑚𝑖𝑖𝑡𝑡_𝑠𝑠𝑡𝑡𝑎𝑎𝑎𝑎𝑡𝑡𝑖𝑖 + 𝑅𝑅𝑝𝑝𝑎𝑎𝑐𝑐𝑐𝑐𝑐𝑐𝑠𝑠𝑠𝑠𝑖𝑖𝑛𝑛𝑎𝑎𝑖𝑖−1 ≤ 𝑅𝑅𝑑𝑑𝑐𝑐𝑐𝑐𝑎𝑎𝑡𝑡_𝑏𝑏𝑐𝑐𝑏𝑏𝑛𝑛𝑑𝑑𝑖𝑖−1  

(2) 

In case the immediately preceding packet does not satisfy the condition then the same two 

tests will be applied to all packets preceding the current violating packet. We perform the same 

test until either we find a packet that satisfies the two conditions and perform the swap with it or 

we exhaust the testing for all the preceding packets starting from the current transmission instant 
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of time back to the arrival time of the violating packet under evaluation. The later situation 

suggests further deep re-ordering is needed that will make EDF scheduling a better option in this 

case. Among all the packets (i) preceding the current violating packet which satisfies the 

following condition: 

 𝑅𝑅𝑎𝑎𝑎𝑎𝑎𝑎𝑖𝑖𝑎𝑎𝑎𝑎𝑐𝑐𝑎𝑎𝑖𝑖𝑣𝑣𝑣𝑣𝑎𝑎𝑣𝑣𝑖𝑖𝑛𝑛𝑣𝑣_𝑝𝑝𝑎𝑎𝑝𝑝𝑝𝑝𝑝𝑝𝑣𝑣 ≤ 𝑅𝑅𝑡𝑡𝑎𝑎𝑎𝑎𝑛𝑛𝑠𝑠𝑚𝑚𝑖𝑖𝑡𝑡_𝑠𝑠𝑡𝑡𝑎𝑎𝑎𝑎𝑡𝑡𝑖𝑖 < 𝑅𝑅𝑡𝑡𝑎𝑎𝑎𝑎𝑛𝑛𝑠𝑠𝑚𝑚𝑖𝑖𝑡𝑡_𝑠𝑠𝑡𝑡𝑎𝑎𝑎𝑎𝑡𝑡𝑎𝑎𝑖𝑖𝑣𝑣𝑣𝑣𝑎𝑎𝑣𝑣𝑖𝑖𝑛𝑛𝑣𝑣_𝑝𝑝𝑎𝑎𝑝𝑝𝑝𝑝𝑝𝑝𝑣𝑣  (3) 

Choose the packet for swap that satisfies the two delay bound conditions explained in step 1. 

But in this case, try to greedily choose the packet for swap among all available candidates that 

satisfy the two conditions in step 1. By greedily, we mean to choose a packet for swapping that 

will have the least possible residual end-to-end delay tolerance. This way the swap process will 

ensure to utilize only a sufficient amount of residual delay tolerance available according to the 

current packet ordering and retain as much delay tolerance as possible for further violating 

packet swaps. To perform this greedy swap, we will choose the packet for swap that: 

 minimize
𝑖𝑖 ∈ 𝑝𝑝𝑎𝑎𝑐𝑐𝑐𝑐𝑐𝑐𝑑𝑑𝑖𝑖𝑛𝑛𝑎𝑎_𝑐𝑐𝑎𝑎𝑛𝑛𝑑𝑑𝑖𝑖𝑑𝑑𝑎𝑎𝑡𝑡𝑐𝑐𝑠𝑠

�𝑅𝑅𝑏𝑏𝑡𝑡𝑖𝑖𝑐𝑐𝑖𝑖𝑢𝑢𝑐𝑐𝑑𝑑_𝑎𝑎𝑐𝑐𝑠𝑠𝑖𝑖𝑑𝑑𝑏𝑏𝑎𝑎𝑐𝑐_𝑑𝑑𝑐𝑐𝑐𝑐𝑎𝑎𝑡𝑡_𝑡𝑡𝑐𝑐𝑐𝑐𝑐𝑐𝑎𝑎𝑎𝑎𝑛𝑛𝑐𝑐𝑐𝑐

= 𝑅𝑅𝑑𝑑𝑐𝑐𝑝𝑝𝑎𝑎𝑎𝑎𝑡𝑡𝑏𝑏𝑎𝑎𝑐𝑐𝑎𝑎𝑖𝑖𝑣𝑣𝑣𝑣𝑎𝑎𝑣𝑣𝑖𝑖𝑛𝑛𝑣𝑣_𝑝𝑝𝑎𝑎𝑝𝑝𝑝𝑝𝑝𝑝𝑣𝑣 − 𝑅𝑅𝑑𝑑𝑐𝑐𝑝𝑝𝑎𝑎𝑎𝑎𝑡𝑡𝑏𝑏𝑎𝑎𝑐𝑐𝑖𝑖� 

maximize
𝑖𝑖 ∈ 𝑝𝑝𝑎𝑎𝑐𝑐𝑐𝑐𝑐𝑐𝑑𝑑𝑖𝑖𝑛𝑛𝑎𝑎_𝑐𝑐𝑎𝑎𝑛𝑛𝑑𝑑𝑖𝑖𝑑𝑑𝑎𝑎𝑡𝑡𝑐𝑐𝑠𝑠

�𝑅𝑅𝑎𝑎𝑐𝑐𝑚𝑚𝑎𝑎𝑖𝑖𝑛𝑛𝑖𝑖𝑛𝑛𝑎𝑎_𝑎𝑎𝑐𝑐𝑠𝑠𝑖𝑖𝑑𝑑𝑏𝑏𝑎𝑎𝑐𝑐_𝑑𝑑𝑐𝑐𝑐𝑐𝑎𝑎𝑡𝑡_𝑡𝑡𝑐𝑐𝑐𝑐𝑐𝑐𝑎𝑎𝑎𝑎𝑛𝑛𝑐𝑐𝑐𝑐

= 𝑅𝑅𝑑𝑑𝑐𝑐𝑝𝑝𝑎𝑎𝑎𝑎𝑡𝑡𝑏𝑏𝑎𝑎𝑐𝑐𝑎𝑎𝑖𝑖𝑣𝑣𝑣𝑣𝑎𝑎𝑣𝑣𝑖𝑖𝑛𝑛𝑣𝑣_𝑝𝑝𝑎𝑎𝑝𝑝𝑝𝑝𝑝𝑝𝑣𝑣 − 𝑅𝑅𝑑𝑑𝑐𝑐𝑐𝑐𝑎𝑎𝑡𝑡_𝑏𝑏𝑐𝑐𝑏𝑏𝑛𝑛𝑑𝑑𝑖𝑖� 

(4) 

On the other hand, if the schedulability test shows that the flows are not schedulable based on 

the current arrival rate, packet lengths and delay bounds. In this case, the scheduler will first 

separate all priority flows from the rest of the non-priority flows. The scheduler will then check 
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whether the deadlines of those priority flows are satisfied. If yes, then it will send the packets 

according to the existing virtual clock order that will fully satisfy fairness for all traffic flows 

while it will fully and partially meet the deadlines for priority and non-priority flows, 

respectively. In case the high priority flows deadlines are also not met then we will check 

schedulability but this time only for the priority flows. If the priority flows are schedulable then 

will perform the same packets re-ordering process that we explained above but this time only for 

the priority flows not all the flows.  

In this priority flows re-ordering process, if the delay relaxation of priority flows is not 

sufficient to bring the priority flows back to the schedulability zone then we can do a more 

aggressive relaxation to the non-priority flows even beyond their deadlines to the advantage of 

the priority flows. If the schedulability test shows that even the priority flows are not schedulable 

then we will perform a subset selection process. The scheduler will choose the lowest priority 

flows among the entire priority flows and disregard them from the schedulability and deadline 

testing. It will then perform the deadlines and schedulability testing as explained above and does 

the re-ordering accordingly. The scheduler will keep doing the previous few steps until it finds a 

schedulable priority subset and finalize the transmission order. The fairness and packet deadlines 

satisfaction will greatly depend on which stage in the scheduling the final transmission order was 

found as shown in different flowchart steps in Figure 6.2. Table 6.1 shows different flowchart 

steps and their corresponding satisfaction level. 
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Figure 6.2: FDAS scheduler operation flowchart 
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Table 6.1: Low vs. high priority flows deadlines, fairness satisfaction 

6.1.2 Scheduler Architectural Components 
In the operation flowchart we have shown several functions that forms that structural 

components in the operation of our proposed scheduler. In Figure 6.3, we show different 

functions and components that form the scheduler and their interconnections and data exchanges 

that we will explain here.  

First of all, the scheduler receives the incoming classified traffic from the classifier to start 

the scheduling process. The Packet Selector chooses the head of the line (HOL) packets from all 

pending queues and send the {Flows’ packetSize + arrivalTime} to the 

calculateVirtualFinishTime component that will evaluate the virtual finish time of various 

packets and send the final {Flows’ packetID+ virtualFinishTime} to the DB compoenent to store 

it. The Packet Selector will also send {Packets ID’s + QoSParameters} to the DB for storage 

along with the virtual finish times. The checkDeadlines component will request the following 

information from DB: {Flows’ packetID + packetDelayBound + virtualFinishTime}. It will 

   High    Priority  
Deadlines & 
Fairness  Fully 
Satisfied 

Deadlines Fully 
Satisfied, 
Fairness Partially 
Satisfied 

Deadlines 
Partially   
Satisfied, 
Fairness Fully 
Satisfied 

Deadlines & 
Fairness  Partially 
Satisfied 

  

Low Priority 

Deadlines & Fairness  Fully 
Satisfied 1 X X X 
Deadlines Fully Satisfied, 
Fairness Partially Satisfied X 2 X X 
Deadlines Partially   Satisfied, 
Fairness Fully Satisfied 3 X X X 
Deadlines & Fairness  
Partially Satisfied X 5 X 4 
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determine the final packets transmission order based upon the received virtual finish times and 

calculate the actual finish times accordingly. It will then check the actual finish times against the 

received packets delay bound and determine whether the packets meet their deadlines according 

to this order or not. If the deadlines are met then it will send the packetID’s of the final order to 

the enqueuePackets to place them in the output queue for final transmission. If not met, then it 

will send {packetID’s of set of flows to check} to the checkSchedulability component to check 

them for being schedulable or not. If they are schedulable then it will send {packetID’s of flows 

to sort} to the sortPacketsBasedOnDeadlines to perform the re-ordering of the packets based on 

their deadlines. If the flows are not schedulable then it will request the differentiatePriority 

component to differentiate high and low priority flows and return the {packetID’s of high 

priority packets}. It will send those packetID’s to the selectHighPrioritySubset to select a subset 

of the priority flows for schedulability testing again and if schedulable then it will be sent to the 

sortPacketsBasedOnDeadlines as before. Otherwise, the previous steps will be repeated until a 

schedulable subset is found, sorted and finally queued for transmission. 
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Figure 6.3: FDAS architectural components 

6.2 FDAS SCHEDULER MATHEMATICAL MODELING 

In this section, we will explain the modeling theory and concepts [10] behind the design for our 

FDAS scheduler. First, we start by formulating the optimization problem for the scheduler. Then, 

we show using this optimization problem how to determine the maximum theoretical 

performance that our scheduler tries to approach in comparison to both EDF and WFQ. Next, we 

explain how to use schedulability testing to determine the subset of flows combinations that 

could be scheduled according to their delay bound and throughput requirements. Then given the 

fluid-flow ordering and the current status of different flow’s deadline violations, we explain our 

proposed delay bound re-ordering algorithm to bring flows back to delay bound adherence 
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region with minimal impact on the fairness of existing fluid-flow schedule obtained. Finally, 

computational complexity of all previous algorithms and components will be examined to 

determine the efficiency of our proposed FDAS scheduler. 

6.2.1 Optimization Problem Formulation 
The scheduler tries to achieve the maximum performance in terms of both throughput and delay 

bound requirements for each and every participating flow. The individual flow bandwidth 

utilization is given by: 

 
𝜌𝜌𝑖𝑖 =

𝜆𝜆𝑖𝑖
𝐵𝐵𝐵𝐵𝑖𝑖_𝑎𝑎𝑐𝑐𝑡𝑡𝑏𝑏𝑎𝑎𝑐𝑐

 
(5) 

𝑓𝑓𝑖𝑖 is an optimization performance parameter measuring the ratio of the actual bandwidth 

allocated to a flow to its originally requested bandwidth as follows: 

 𝑓𝑓𝑖𝑖 =
𝐵𝐵𝐵𝐵𝑖𝑖_𝑎𝑎𝑐𝑐𝑡𝑡𝑏𝑏𝑎𝑎𝑐𝑐

𝐵𝐵𝐵𝐵𝑖𝑖_𝑎𝑎𝑐𝑐𝑟𝑟𝑏𝑏𝑐𝑐𝑠𝑠𝑡𝑡𝑐𝑐𝑑𝑑
 

(6) 

The other optimization performance parameter is the ratio of the queuing delay experienced 

inside the scheduler in comparison to the delay bound set by the flow’s own QoS requirement: 

 
𝐷𝐷𝑖𝑖 =

𝑄𝑄𝐷𝐷𝑖𝑖
𝐷𝐷𝐵𝐵𝑖𝑖

 
(7) 

𝑤𝑤ℎ𝑛𝑛𝑛𝑛𝑛𝑛: 𝑄𝑄𝐷𝐷𝑖𝑖 = 𝑞𝑞𝑓𝑓𝑛𝑛𝑓𝑓𝑖𝑖𝑅𝑅𝑤𝑤 𝑎𝑎𝑛𝑛𝑎𝑎𝑅𝑅𝑏𝑏 𝑜𝑜𝑐𝑐 𝑐𝑐𝑎𝑎𝑜𝑜𝑤𝑤 𝑖𝑖, 𝐷𝐷𝐵𝐵𝑖𝑖  = 𝑎𝑎𝑛𝑛𝑎𝑎𝑅𝑅𝑏𝑏 𝑏𝑏𝑜𝑜𝑓𝑓𝑅𝑅𝑎𝑎 𝑜𝑜𝑐𝑐 𝑐𝑐𝑎𝑎𝑜𝑜𝑤𝑤 𝑖𝑖  

The scheduler is trying to maximize the following performance function: 

 𝑖𝑖𝑅𝑅𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑙𝑙𝑛𝑛: 𝑐𝑐(𝑓𝑓,𝐷𝐷) = ∑ 𝑓𝑓𝑖𝑖 +𝑛𝑛
𝑖𝑖=1 1/𝐷𝐷𝑖𝑖  (8) 

Using little’s formula we know that: 
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𝐸𝐸(#𝑝𝑝𝑛𝑛𝑅𝑅𝑎𝑎𝑖𝑖𝑅𝑅𝑤𝑤 𝑝𝑝𝑅𝑅𝑐𝑐𝑅𝑅𝑛𝑛𝑛𝑛𝐶𝐶) = 𝐸𝐸(𝑎𝑎𝑛𝑛𝑎𝑎𝑅𝑅𝑏𝑏) × (1 − 𝑃𝑃𝐵𝐵) × 𝜆𝜆 

𝑤𝑤ℎ𝑛𝑛𝑛𝑛𝑛𝑛: 𝐸𝐸 =  𝑛𝑛𝑖𝑖𝑝𝑝𝑐𝑐𝑛𝑛𝑛𝑛𝑛𝑛𝑎𝑎 𝑎𝑎𝑅𝑅𝑎𝑎𝑓𝑓𝑛𝑛, 𝜆𝜆 = 𝑅𝑅𝑛𝑛𝑛𝑛𝑖𝑖𝑎𝑎𝑅𝑅𝑎𝑎 𝑛𝑛𝑅𝑅𝑛𝑛𝑛𝑛,𝑃𝑃𝐵𝐵 = 𝑞𝑞𝑓𝑓𝑛𝑛𝑓𝑓𝑛𝑛 𝑏𝑏𝑎𝑎𝑜𝑜𝑐𝑐𝑅𝑅𝑖𝑖𝑅𝑅𝑤𝑤 𝑝𝑝𝑛𝑛𝑜𝑜𝑏𝑏𝑅𝑅𝑏𝑏𝑖𝑖𝑎𝑎𝑖𝑖𝑛𝑛𝑏𝑏 

Poisson distribution for random arrivals and transmission times is a common assumption 

when studying telecom and data networks with large number of independent random traffic 

sources and is also commonly used to model telephone networks and voice traffic sources [106] 

[107]. Another assumption we made is the unlimited buffer size. This is useful for the sake of 

this thesis as it enables us to calculate the overall queuing delay when queues increase in size 

significantly. It also enables us to drop and relax specific packet flows selectively according to 

the re-ordering algorithm that we developed in this thesis. Consequently, for a queue model with 

Poisson arrival m/m/1/k the probability for a certain number of packets n to occupy the scheduler 

queue is going to be: 

𝑃𝑃(𝑅𝑅) = �
1 − 𝜌𝜌

1 − 𝜌𝜌𝑘𝑘+1
� × 𝜌𝜌𝑛𝑛 

In order to get the expected value of queue occupancy, we evaluate the following sum: 

𝐸𝐸(𝑅𝑅) = �𝑅𝑅 × 𝑃𝑃(𝑅𝑅) = �𝑅𝑅 × �
1 − 𝜌𝜌

1 − 𝜌𝜌𝑘𝑘+1
� × 𝜌𝜌𝑛𝑛

𝑘𝑘

𝑛𝑛=0

𝑘𝑘

𝑛𝑛=0

 

By summing up and solving the above equation, we get: 

𝐸𝐸(𝑅𝑅) =
𝜌𝜌

1 − 𝜌𝜌
− �

𝑅𝑅 + 1
1 − 𝜌𝜌𝑘𝑘+1

� × 𝜌𝜌𝑘𝑘+1 
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By factoring in the assumption of unlimited buffer size mentioned above, the queue model 

changes to m/m/1 queue to reflect the unlimited buffer of 𝑅𝑅 = ∞ and then the expected value of 

queue occupancy becomes: 

𝐸𝐸(𝑅𝑅) =
𝜌𝜌

1 − 𝜌𝜌
 

By substituting in little’s law [108] we get: 

𝐸𝐸(𝑎𝑎𝑛𝑛𝑎𝑎𝑅𝑅𝑏𝑏) =
� 𝜌𝜌

1 − 𝜌𝜌�

(1 − 𝑃𝑃𝐵𝐵) × 𝜆𝜆
 

But m/m/1 queue with unlimited buffer will also exhibit a blocking probability 𝑃𝑃𝐵𝐵 = 0 as no 

packets will ever be dropped. This makes the expected delay to be equal: 

𝐸𝐸(𝑎𝑎𝑛𝑛𝑎𝑎𝑅𝑅𝑏𝑏) =
� 𝜌𝜌

1 − 𝜌𝜌�

𝜆𝜆
 

Consequently: 

𝑄𝑄𝐷𝐷𝑖𝑖 = 𝐸𝐸(𝑎𝑎𝑛𝑛𝑎𝑎𝑅𝑅𝑏𝑏𝑖𝑖) = �
𝜌𝜌𝑖𝑖

1 − 𝜌𝜌𝑖𝑖
� ×

1
𝜆𝜆𝑖𝑖

 

This transforms eq.7 into: 

 
𝐷𝐷𝑖𝑖 =

𝜌𝜌𝑖𝑖
1 − 𝜌𝜌𝑖𝑖

× �
1

𝜆𝜆𝑖𝑖 × 𝐷𝐷𝐵𝐵𝑖𝑖
� 

(9) 

Note that the arrival rate is equal to the requested throughput that the flow wants its packets to 

travel at which means that: 
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𝜆𝜆𝑖𝑖 = 𝐵𝐵𝐵𝐵𝑖𝑖_𝑎𝑎𝑐𝑐𝑟𝑟𝑏𝑏𝑐𝑐𝑠𝑠𝑡𝑡𝑐𝑐𝑑𝑑 

And accordingly we find: 

𝜌𝜌𝑖𝑖 =
1
𝑓𝑓𝑖𝑖

 

Substituting in the optimization problem eq.8 we get: 

𝑖𝑖𝑅𝑅𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑙𝑙𝑛𝑛: 𝑐𝑐(𝜌𝜌,𝐷𝐷) = ∑ 1
𝜌𝜌𝑖𝑖

+𝑛𝑛
𝑖𝑖=1 1/� 𝜌𝜌𝑖𝑖

1−𝜌𝜌𝑖𝑖
× � 1

𝜆𝜆𝑖𝑖×𝐷𝐷𝐵𝐵𝑖𝑖
�� ≡ 

 
𝑖𝑖𝑅𝑅𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑙𝑙𝑛𝑛: 𝑐𝑐(𝜌𝜌,𝐷𝐷) = �

1 + 𝜆𝜆𝑖𝑖 × 𝐷𝐷𝐵𝐵𝑖𝑖
𝜌𝜌𝑖𝑖

𝑛𝑛

𝑖𝑖=1

−�𝜆𝜆𝑖𝑖 × 𝐷𝐷𝐵𝐵𝑖𝑖

𝑛𝑛

𝑖𝑖=1

 
(10) 

But given that ∑ 𝜆𝜆𝑖𝑖 × 𝐷𝐷𝐵𝐵𝑖𝑖𝑛𝑛
𝑖𝑖=1  is fixed constant dependent on the input flows QoS requirements 

compositions, so it will not affect the maximization function and could be omitted. 

In terms of the conditions and constraints governing this maximization problem, first we 

know that the maximum throughput cannot exceed the entire output channel bandwidth available 

to the scheduler: 

�𝐵𝐵𝐵𝐵𝑖𝑖_𝑎𝑎𝑐𝑐𝑡𝑡𝑏𝑏𝑎𝑎𝑐𝑐

𝑛𝑛

1

≤ 𝐵𝐵𝐵𝐵𝑐𝑐𝑏𝑏𝑡𝑡 

Using eq. 6 and substitute we get: 

�𝑓𝑓𝑖𝑖 × 𝐵𝐵𝐵𝐵𝑖𝑖_𝑎𝑎𝑐𝑐𝑟𝑟𝑏𝑏𝑐𝑐𝑠𝑠𝑡𝑡𝑐𝑐𝑑𝑑

𝑛𝑛

1

≤ 𝐵𝐵𝐵𝐵𝑐𝑐𝑏𝑏𝑡𝑡 

Then, we substitute from eq.5 and get: 
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�

𝜆𝜆𝑖𝑖
𝜌𝜌𝑖𝑖

𝑛𝑛

1

≤ 𝐵𝐵𝐵𝐵𝑐𝑐𝑏𝑏𝑡𝑡 
(11) 

Also, we know that for successful scheduling then the queuing delay encountered should not 

exceed the delay bound of the flow: 

𝑄𝑄𝐷𝐷𝑖𝑖 ≤ 𝐷𝐷𝐵𝐵𝑖𝑖 

�
𝜌𝜌𝑖𝑖

1 − 𝜌𝜌𝑖𝑖
� ×

1
𝜆𝜆𝑖𝑖
≤ 𝐷𝐷𝐵𝐵𝑖𝑖 

𝜌𝜌𝑖𝑖 × (1 + 𝜆𝜆𝑖𝑖 × 𝐷𝐷𝐵𝐵𝑖𝑖) ≤ 𝜆𝜆𝑖𝑖 × 𝐷𝐷𝐵𝐵𝑖𝑖 

In addition, utilization cannot exceed one as offered should not exceed requested throughput: 

 0 ≤ 𝜌𝜌𝑖𝑖 ≤ 1 (12) 

Putting the optimization in standard form by combining eq.10, 11 and 1, we get the following:  

Table 6.2: Performance maximization problem 

 

𝑖𝑖𝑅𝑅𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑙𝑙𝑛𝑛: 𝑐𝑐(𝜌𝜌,𝐷𝐷) = �
1 + 𝜆𝜆𝑖𝑖 × 𝐷𝐷𝐵𝐵𝑖𝑖

𝜌𝜌𝑖𝑖

𝑛𝑛

𝑖𝑖=1

 

Subject to: 

�
𝜆𝜆𝑖𝑖
𝜌𝜌𝑖𝑖

𝑛𝑛

1

− 𝐵𝐵𝐵𝐵𝑐𝑐𝑏𝑏𝑡𝑡 ≤ 0 

𝜌𝜌𝑖𝑖 − 1 ≤ 0 

−𝜌𝜌𝑖𝑖 ≤ 0 

Where: 

𝜌𝜌𝑖𝑖 = 𝑏𝑏𝑅𝑅𝑅𝑅𝑎𝑎𝑤𝑤𝑖𝑖𝑎𝑎𝑛𝑛ℎ 𝑓𝑓𝑛𝑛𝑖𝑖𝑎𝑎𝑖𝑖𝑙𝑙𝑅𝑅𝑛𝑛𝑖𝑖𝑜𝑜𝑅𝑅, 𝜆𝜆𝑖𝑖 = 𝑅𝑅𝑛𝑛𝑛𝑛𝑖𝑖𝑎𝑎𝑅𝑅𝑎𝑎 𝑛𝑛𝑅𝑅𝑛𝑛𝑛𝑛 𝑅𝑅𝑅𝑅𝑎𝑎 𝑛𝑛𝑛𝑛𝑞𝑞𝑓𝑓𝑛𝑛𝐶𝐶𝑛𝑛𝑛𝑛𝑎𝑎 𝑛𝑛ℎ𝑛𝑛𝑜𝑜𝑓𝑓𝑤𝑤ℎ𝑝𝑝𝑓𝑓𝑛𝑛, 𝐷𝐷𝐵𝐵𝑖𝑖 =
𝐹𝐹𝑎𝑎𝑜𝑜𝑤𝑤′𝐶𝐶 𝑎𝑎𝑛𝑛𝑎𝑎𝑅𝑅𝑏𝑏 𝑏𝑏𝑜𝑜𝑓𝑓𝑅𝑅𝑎𝑎 
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This is a nonlinear constrained optimization problem with nonlinear constraints. The 

maximum for this optimization problem will greatly depend on the values of all incoming flows’ 

 ⋁ 𝜆𝜆𝑖𝑖,𝐷𝐷𝐵𝐵𝑖𝑖𝑛𝑛
𝑖𝑖=1  as well as the available output channel bandwidth 𝐵𝐵𝐵𝐵𝑐𝑐𝑏𝑏𝑡𝑡. In order to determine 

whether FDAS can perform any better than WFQ and EDF, we have to figure out whether a 

global theoretical maximum could be found using the standard optimization problem above. This 

maximum will tell us the specific point that any scheduling algorithm to be used to schedule flow 

packets with specific set of ⋁ 𝜆𝜆𝑖𝑖,𝐷𝐷𝐵𝐵𝑖𝑖𝑛𝑛
𝑖𝑖=1  would lie in terms of its performance in comparison to 

the maximum that could be theoretically achievable. FDAS will benefit from this calculated 

maximum to determine whether additional processing would be beneficial in getting this system 

of flow packets closer to this maximum or not. If the problem has no analytical solution due to 

the number of variables involved, in addition to the number of constraints and nonlinearity, then 

the best way is to use heuristic or iterative methods to approximate the solution. Solving an 

optimization problem can end up finding a local maximum while a global maximum might still 

exist. Heuristic methods, such as simulated annealing and hill climbing, as well as iterative 

methods, such as Newton method and gradient descent, will approximate the solution but might 

easily get stuck at local maxima. Having said that, then the first step is to determine whether a 

global maximum exists and whether the function will converge at some point. To figure out that, 

we have to determine whether the maximization function is concave, or alternatively the 

minimization function -f is convex. Being concave means that any optimization technique 

employed will be able to reach the global maximum and will not get stuck at any intermediate 

local optima. The Karush–Kuhn–Tucker (KKT) [109] conditions are necessary conditions for 
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optimality and if a global optimum exists then it will be among the solutions for the KKT 

conditions. First and as a part of KKT constraints finding, we find the Lagrangian equation of the 

optimization problem in Table 6.2 by adding all constraints to the optimization function 

multiplied by the Lagrangian multipliers 𝑎𝑎𝑖𝑖𝑗𝑗 as follows: 

𝐻𝐻 = �
1 + 𝜆𝜆𝑖𝑖 × 𝐷𝐷𝐵𝐵𝑖𝑖

𝜌𝜌𝑖𝑖

𝑛𝑛

𝑖𝑖=1

− � 𝑎𝑎𝑖𝑖𝑗𝑗 × 𝑤𝑤𝑗𝑗

3𝑛𝑛+1

𝑗𝑗=1

 

Where: 

𝑤𝑤𝑗𝑗 = 𝜌𝜌𝑖𝑖 × (1 + 𝜆𝜆𝑖𝑖 × 𝐷𝐷𝐵𝐵𝑖𝑖) − 𝜆𝜆𝑖𝑖 × 𝐷𝐷𝐵𝐵𝑖𝑖 ≤ 0,𝑤𝑤ℎ𝑛𝑛𝑛𝑛𝑛𝑛 𝑗𝑗 = 1 → 𝑅𝑅, 𝑖𝑖 = 1 → 𝑅𝑅 

𝑤𝑤𝑗𝑗 = 𝜌𝜌𝑖𝑖 − 1,𝑤𝑤ℎ𝑛𝑛𝑛𝑛𝑛𝑛 𝑗𝑗 = 𝑅𝑅 + 1 → 2𝑅𝑅, 𝑖𝑖 = 1 → 𝑅𝑅 

𝑤𝑤𝑗𝑗 = −𝜌𝜌𝑖𝑖,𝑤𝑤ℎ𝑛𝑛𝑛𝑛𝑛𝑛 𝑗𝑗 = 2𝑅𝑅 + 1 → 3𝑅𝑅, 𝑖𝑖 = 1 → 𝑅𝑅 

𝑤𝑤3𝑛𝑛+1 = �
𝜆𝜆𝑖𝑖
𝜌𝜌𝑖𝑖

𝑛𝑛

1

− 𝐵𝐵𝐵𝐵𝑐𝑐𝑏𝑏𝑡𝑡 

Finding the derivative equations with respect to each optimization parameter 𝜌𝜌𝑖𝑖 and Langragian 

multiplier 𝑎𝑎𝑖𝑖𝑗𝑗 will give us the KKT conditions that will, if simultaneously solved, return all 

possible solutions to KKT conditions among which the optimum maximum solution for the 

original optimization problem in Table 6.2 will be, if it actually exists. The problem with KKT is 

the number of variables that need to be solved analytically to find a solution which makes the 

problem hard to solve for a large number of optimization parameters and Lagrangian multipliers. 

Solving KKT even for more than three variables could be challenging knowing the number of 
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equations involved, in our case equals to 3x number of optimization variables + the number of 

constraint equations, but it still could be used to verify the feasibility of the solution that could be 

retrieved with other methods if certain conditions apply which we will explain next. As we 

mentioned earlier, KKT will become not only necessary but also sufficient for optimality if the 

optimization function itself is convex for minimization or concave for maximization. In this case, 

we can test the optimization function at hand for being concave using the following definition of 

a function being concave is: 

𝑐𝑐:𝑋𝑋 → 𝑅𝑅,∀𝑖𝑖1, 𝑖𝑖2 ∈ 𝑋𝑋,∀𝑛𝑛 ∈ [0,1]: 

𝑐𝑐(𝑛𝑛 × 𝑖𝑖1 + (1 − 𝑛𝑛) × 𝑖𝑖2) ≥ 𝑛𝑛 × 𝑐𝑐(𝑖𝑖1) + (1 − 𝑛𝑛) × 𝑐𝑐(𝑖𝑖2) 

1
(𝑛𝑛 × 𝑖𝑖1 + (1 − 𝑛𝑛) × 𝑖𝑖2) ≥

𝑛𝑛
𝑖𝑖1

+
(1 − 𝑛𝑛)
𝑖𝑖2

 

1
(𝑛𝑛 × 𝑖𝑖1 + (1 − 𝑛𝑛) × 𝑖𝑖2) ≥

𝑖𝑖2𝑛𝑛 + 𝑖𝑖1(1 − 𝑛𝑛)
𝑖𝑖1 × 𝑖𝑖2

 

𝑖𝑖1 × 𝑖𝑖2 ≥ (𝑛𝑛 × 𝑖𝑖1 + (1 − 𝑛𝑛) × 𝑖𝑖2) × �𝑖𝑖2𝑛𝑛 + 𝑖𝑖1(1 − 𝑛𝑛)� 

𝑖𝑖1 × 𝑖𝑖2 ≥ �𝑛𝑛 × 𝑖𝑖1 × 𝑖𝑖2 × 𝑛𝑛 + (1 − 𝑛𝑛) × 𝑖𝑖2 × 𝑖𝑖2 × 𝑛𝑛 + 𝑛𝑛 × 𝑖𝑖1 × 𝑖𝑖1(1 − 𝑛𝑛) + (1 − 𝑛𝑛)

× 𝑖𝑖2 × 𝑖𝑖1(1 − 𝑛𝑛)� 

𝑖𝑖1 × 𝑖𝑖2 ≥ (𝑖𝑖1 × 𝑖𝑖2 × 𝑛𝑛2 + (𝑖𝑖22𝑛𝑛 − 𝑖𝑖22 × 𝑛𝑛2) + (𝑖𝑖12𝑛𝑛 − 𝑖𝑖12 × 𝑛𝑛2) + (1 − 2 × 𝑛𝑛 + 𝑛𝑛2)

× 𝑖𝑖2 × 𝑖𝑖1) 
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𝑖𝑖1 × 𝑖𝑖2 ≥ (𝑖𝑖1 × 𝑖𝑖2 × 𝑛𝑛2 + 𝑖𝑖22𝑛𝑛 − 𝑖𝑖22 × 𝑛𝑛2 + 𝑖𝑖12𝑛𝑛 − 𝑖𝑖12 × 𝑛𝑛2 + 𝑖𝑖2 × 𝑖𝑖1 − 2 × 𝑛𝑛 × 𝑖𝑖2

× 𝑖𝑖1 + 𝑛𝑛2 × 𝑖𝑖2 × 𝑖𝑖1) 

0 ≥ (𝑖𝑖1 × 𝑖𝑖2 × 𝑛𝑛2 + 𝑖𝑖22𝑛𝑛 − 𝑖𝑖22 × 𝑛𝑛2 + 𝑖𝑖12𝑛𝑛 − 𝑖𝑖12 × 𝑛𝑛2 − 2 × 𝑛𝑛 × 𝑖𝑖2 × 𝑖𝑖1 + 𝑛𝑛2 × 𝑖𝑖2

× 𝑖𝑖1) 

0 ≥ 𝑛𝑛2 × (2 × 𝑖𝑖1 × 𝑖𝑖2 − 𝑖𝑖12 − 𝑖𝑖22) + 𝑛𝑛 × (𝑖𝑖22 + 𝑖𝑖12 − 2 × 𝑖𝑖2 × 𝑖𝑖1) 

0 ≥ −𝑛𝑛2 × (𝑖𝑖22 + 𝑖𝑖12 − 2 × 𝑖𝑖2 × 𝑖𝑖1) + 𝑛𝑛 × (𝑖𝑖22 + 𝑖𝑖12 − 2 × 𝑖𝑖2 × 𝑖𝑖1) 

0 ≥ 𝑛𝑛 × (1 − 𝑛𝑛) × (𝑖𝑖1 − 𝑖𝑖2)2 

As 𝑛𝑛 ∈ [0,1], so both 𝑛𝑛 𝑅𝑅𝑅𝑅𝑎𝑎 (1 − 𝑛𝑛) are both positive and cannot be smaller than zero. (𝑖𝑖1 − 𝑖𝑖2)2 

is squared and also can never be negative. This means that above inequality cannot hold as the 

right hand side is always positive. This consequently means that the performance function is 

convex and not concave. This also means convex optimization to find the optimal value cannot 

be employed here. The problem of maximizing a function that is convex is the fact that any local 

optimum to become also a global does not hold here opposite to the case of concave 

maximization in which any local maximum is also global. Also the function goes indefinitely 

high when the optimization variable approaches zero. 

Another way to look at this problem is by converting it to a linear problem that should be 

simpler to solve and less expensive computationally to evaluate for each incoming set of flows. 

Knowing that 𝜌𝜌𝑖𝑖 = 1
𝑏𝑏𝑖𝑖

 then the maximization function could be easily transformed to a linear 

maximization function in 𝑓𝑓𝑖𝑖 instead of 𝜌𝜌𝑖𝑖 as follows: 
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𝑖𝑖𝑅𝑅𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑙𝑙𝑛𝑛: 𝑐𝑐(𝑓𝑓,𝐷𝐷) = ∑ 𝑓𝑓𝑖𝑖 +𝑛𝑛
𝑖𝑖=1 1/𝐷𝐷𝑖𝑖  

𝑖𝑖𝑅𝑅𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑙𝑙𝑛𝑛: 𝑐𝑐(𝑓𝑓,𝐷𝐷) = ∑ 𝑓𝑓𝑖𝑖 +𝑛𝑛
𝑖𝑖=1

1

�
𝜌𝜌𝑖𝑖

1−𝜌𝜌𝑖𝑖
×� 1

𝜆𝜆𝑖𝑖×𝐷𝐷𝐷𝐷𝑖𝑖
��

  

𝑖𝑖𝑅𝑅𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑙𝑙𝑛𝑛: 𝑐𝑐(𝑓𝑓,𝐷𝐷) = ∑ 𝑓𝑓𝑖𝑖 +𝑛𝑛
𝑖𝑖=1

1

�
1 𝑢𝑢𝑖𝑖�

1−1 𝑢𝑢𝑖𝑖�
×� 1

𝜆𝜆𝑖𝑖×𝐷𝐷𝐷𝐷𝑖𝑖
��

  

𝑖𝑖𝑅𝑅𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑙𝑙𝑛𝑛: 𝑐𝑐(𝑓𝑓,𝐷𝐷) = ∑ 𝑓𝑓𝑖𝑖 +𝑛𝑛
𝑖𝑖=1 (𝑓𝑓𝑖𝑖 − 1) × 𝜆𝜆𝑖𝑖 × 𝐷𝐷𝐵𝐵𝑖𝑖  

𝑖𝑖𝑅𝑅𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑙𝑙𝑛𝑛: 𝑐𝑐(𝑓𝑓,𝐷𝐷) = ∑ 𝑓𝑓𝑖𝑖 × (1 + 𝜆𝜆𝑖𝑖 × 𝐷𝐷𝐵𝐵𝑖𝑖 )𝑛𝑛
𝑖𝑖=1 − 𝜆𝜆𝑖𝑖 × 𝐷𝐷𝐵𝐵𝑖𝑖  (13) 

Again ∑ −𝜆𝜆𝑖𝑖 × 𝐷𝐷𝐵𝐵𝑖𝑖𝑛𝑛
𝑖𝑖=1  is constant and will not affect the maximization function and could be 

omitted. Also, the last condition −𝑓𝑓𝑖𝑖 + 1 ≤ 0 could be omitted, as it’s already included in the 

prelast one. This makes the maximization problem be equal to the following simple linear 

function: 

Table 6.3: Linear optimization problem 

 

𝑖𝑖𝑅𝑅𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑖𝑙𝑙𝑛𝑛: 𝑐𝑐(𝑓𝑓) = �𝑓𝑓𝑖𝑖 × (1 + 𝜆𝜆𝑖𝑖 × 𝐷𝐷𝐵𝐵𝑖𝑖  )
𝑛𝑛

𝑖𝑖=1

  

Subject to: 

�𝑓𝑓𝑖𝑖 × 𝜆𝜆𝑖𝑖

𝑛𝑛

1

− 𝐵𝐵𝐵𝐵𝑐𝑐𝑏𝑏𝑡𝑡 ≤ 0 

𝑓𝑓𝑖𝑖 −
(1 + 𝜆𝜆𝑖𝑖 × 𝐷𝐷𝐵𝐵𝑖𝑖)

𝜆𝜆𝑖𝑖 × 𝐷𝐷𝐵𝐵𝑖𝑖
≤ 0 

−𝑓𝑓𝑖𝑖 + 1 ≤ 0 
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This maximization problem could be solved for each incoming traffic flow mixture to determine 

the values for various constituent flows 𝑓𝑓𝑖𝑖, 𝐷𝐷𝑖𝑖 that if each flow receives then the maximum 

theoretical performance is achieved. 

6.2.2 Maximum Theoretical Performance for a Set of Flows 
Solving the previous optimization problem could be done with any of the linear programming 

methods. We choose the simplex method for solving it that has a polynomial-time average-case 

complexity. 

6.2.3 Schedulability Testing and Flows Schedulable Subsets 
In this part, we try to find the schedulable subsets of incoming flows given that the entire flows 

set cannot be scheduled without violating its own QoS requirements. First we determine how 

many combinations need to be evaluated as follows: 

𝐾𝐾 = 2𝑛𝑛 

𝑤𝑤ℎ𝑛𝑛𝑛𝑛𝑛𝑛: 

𝐾𝐾 = 𝑅𝑅𝑜𝑜. 𝑜𝑜𝑐𝑐 𝑖𝑖𝑅𝑅𝑐𝑐𝑜𝑜𝑖𝑖𝑖𝑖𝑅𝑅𝑤𝑤 𝑐𝑐𝑎𝑎𝑜𝑜𝑤𝑤𝐶𝐶 𝐶𝐶𝑓𝑓𝑏𝑏𝐶𝐶𝑛𝑛𝑛𝑛 𝑐𝑐𝑜𝑜𝑖𝑖𝑏𝑏𝑖𝑖𝑅𝑅𝑅𝑅𝑛𝑛𝑖𝑖𝑜𝑜𝑅𝑅𝐶𝐶 

𝑅𝑅 = 𝑅𝑅𝑜𝑜. 𝑜𝑜𝑐𝑐 𝑐𝑐𝑎𝑎𝑜𝑜𝑤𝑤𝐶𝐶 

To determine the schedulability of each and every combination we perform the schedulability 

testing according to the following [105]: 

(𝑈𝑈 ≤ 1) and (∀𝑛𝑛 ≤ 𝐻𝐻𝑚𝑚𝑎𝑎𝑚𝑚,ℎ(𝑛𝑛) ≤ 𝑛𝑛) 

𝑤𝑤ℎ𝑛𝑛𝑛𝑛𝑛𝑛: 
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𝐻𝐻𝑚𝑚𝑎𝑎𝑚𝑚 = 𝑖𝑖𝑅𝑅𝑖𝑖 �𝐷𝐷1, … .𝐷𝐷𝑛𝑛,�

(𝑅𝑅𝑖𝑖 − 𝐷𝐷𝑖𝑖)𝑈𝑈𝑖𝑖
1 − 𝑈𝑈

𝑛𝑛

𝑖𝑖=1

� 
(14) 

𝐻𝐻𝑚𝑚𝑎𝑎𝑚𝑚: 𝑖𝑖𝐶𝐶 𝑛𝑛ℎ𝑛𝑛 𝑖𝑖𝑅𝑅𝑖𝑖𝑖𝑖𝑖𝑖𝑓𝑓𝑖𝑖 𝑝𝑝𝑛𝑛𝑛𝑛𝑖𝑖𝑜𝑜𝑎𝑎 𝑜𝑜𝑐𝑐 𝐶𝐶𝑐𝑐ℎ𝑛𝑛𝑎𝑎𝑓𝑓𝑎𝑎𝑅𝑅𝑖𝑖𝑏𝑏𝑖𝑖𝑎𝑎𝑖𝑖𝑛𝑛𝑏𝑏 𝑛𝑛𝑛𝑛𝐶𝐶𝑛𝑛𝑖𝑖𝑅𝑅𝑤𝑤 

ℎ(𝑛𝑛): 𝑛𝑛𝑛𝑛𝑅𝑅𝑅𝑅𝐶𝐶𝑖𝑖𝑖𝑖𝐶𝐶𝐶𝐶𝑖𝑖𝑜𝑜𝑅𝑅 𝑝𝑝𝑛𝑛𝑜𝑜𝑐𝑐𝑛𝑛𝐶𝐶𝐶𝐶𝑖𝑖𝑅𝑅𝑤𝑤 𝑛𝑛𝑛𝑛𝑞𝑞𝑓𝑓𝑖𝑖𝑛𝑛𝑛𝑛𝑎𝑎 𝑎𝑎𝑓𝑓𝑛𝑛𝑖𝑖𝑅𝑅𝑤𝑤 𝑛𝑛𝑖𝑖𝑖𝑖𝑛𝑛 (𝑛𝑛) 

𝐷𝐷𝑖𝑖: 𝑛𝑛𝑛𝑛𝑎𝑎𝑅𝑅𝑛𝑛𝑖𝑖𝑎𝑎𝑛𝑛 𝑎𝑎𝑛𝑛𝑎𝑎𝑅𝑅𝑏𝑏 𝑏𝑏𝑜𝑜𝑓𝑓𝑅𝑅𝑎𝑎 𝑜𝑜𝑐𝑐 𝑛𝑛ℎ𝑛𝑛 𝑖𝑖𝑛𝑛ℎ 𝑐𝑐𝑎𝑎𝑜𝑜𝑤𝑤 

𝑅𝑅𝑖𝑖: 𝑖𝑖𝑅𝑅𝑛𝑛𝑛𝑛𝑛𝑛𝑅𝑅𝑛𝑛𝑛𝑛𝑖𝑖𝑎𝑎𝑅𝑅𝑎𝑎 𝑝𝑝𝑛𝑛𝑛𝑛𝑖𝑖𝑜𝑜𝑎𝑎 𝑜𝑜𝑐𝑐 𝑛𝑛ℎ𝑛𝑛 𝑖𝑖𝑛𝑛ℎ 𝑐𝑐𝑎𝑎𝑜𝑜𝑤𝑤 

𝑈𝑈𝑖𝑖: 𝐶𝐶𝑐𝑐ℎ𝑛𝑛𝑎𝑎𝑓𝑓𝑎𝑎𝑛𝑛𝑛𝑛 𝑓𝑓𝑛𝑛𝑎𝑎𝑖𝑖𝑙𝑙𝑅𝑅𝑛𝑛𝑖𝑖𝑜𝑜𝑅𝑅 𝑏𝑏𝑏𝑏 𝑛𝑛ℎ𝑛𝑛 𝑖𝑖𝑛𝑛ℎ 𝑐𝑐𝑎𝑎𝑜𝑜𝑤𝑤 

𝑈𝑈: 𝑜𝑜𝑎𝑎𝑛𝑛𝑛𝑛𝑅𝑅𝑎𝑎 𝐶𝐶𝑐𝑐ℎ𝑛𝑛𝑎𝑎𝑓𝑓𝑎𝑎𝑛𝑛𝑛𝑛 𝑓𝑓𝑛𝑛𝑎𝑎𝑖𝑖𝑙𝑙𝑅𝑅𝑛𝑛𝑖𝑖𝑜𝑜𝑅𝑅 

Once all the combinations and their schedulability are determined, our scheduler will sort them 

in ascending order of their combined schedulability and overall priority sum of constituent 

flows’ priorities. The schedulability of the flows will depend on the following ratios: 

𝑇𝑇𝑖𝑖𝑛𝑛𝑣𝑣𝑝𝑝𝑎𝑎𝑎𝑎𝑎𝑎𝑎𝑎𝑖𝑖𝑎𝑎𝑎𝑎𝑣𝑣𝑖𝑖
𝑇𝑇𝑣𝑣𝑎𝑎𝑎𝑎𝑛𝑛𝑡𝑡𝑡𝑡𝑖𝑖𝑡𝑡𝑡𝑡𝑖𝑖𝑣𝑣𝑛𝑛𝑖𝑖

, 
𝑇𝑇𝑑𝑑𝑝𝑝𝑣𝑣𝑎𝑎𝑑𝑑𝑑𝑑𝑣𝑣𝑢𝑢𝑛𝑛𝑑𝑑𝑖𝑖
𝑇𝑇𝑖𝑖𝑛𝑛𝑣𝑣𝑝𝑝𝑎𝑎𝑎𝑎𝑎𝑎𝑎𝑎𝑖𝑖𝑎𝑎𝑎𝑎𝑣𝑣𝑖𝑖

,
𝑇𝑇𝑑𝑑𝑝𝑝𝑣𝑣𝑎𝑎𝑑𝑑𝑑𝑑𝑣𝑣𝑢𝑢𝑛𝑛𝑑𝑑𝑖𝑖
𝑇𝑇𝑣𝑣𝑎𝑎𝑎𝑎𝑛𝑛𝑡𝑡𝑡𝑡𝑖𝑖𝑡𝑡𝑡𝑡𝑖𝑖𝑣𝑣𝑛𝑛𝑖𝑖

. The higher is the interaarival time compared to the flow 

packet transmission time, the more are the transmission time slots available for the scheduler to 

schedule this specific flow’s packets before next packet arrives from this flow. In the case of the 

second ratio, the larger is the delay bound compared to the flow’s inter arrival time, the more is 

the time available for the schedule to schedule this packet, without violating its delay bound, 

even beyond its inter arrival time in case of congestion and not enough time was allocated to this 

flow to schedule this flow. The last ratio, the larger is the flow’s delay bound compared to the 

packet transmission time, the better is the probability of transmitting the packet before its delay 
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bound is passed. We proposed two functions to calculate what we called prioritized 

Schedulability Factor (SF). One is based on the three ratios explained above and its functions is: 

𝑆𝑆𝐹𝐹 = �
𝑅𝑅𝑖𝑖𝑛𝑛𝑡𝑡𝑐𝑐𝑎𝑎𝑎𝑎𝑎𝑎𝑎𝑎𝑖𝑖𝑎𝑎𝑎𝑎𝑐𝑐𝑖𝑖
𝑅𝑅𝑡𝑡𝑎𝑎𝑎𝑎𝑛𝑛𝑠𝑠𝑚𝑚𝑖𝑖𝑠𝑠𝑠𝑠𝑖𝑖𝑐𝑐𝑛𝑛𝑖𝑖

+
𝑅𝑅𝑑𝑑𝑐𝑐𝑐𝑐𝑎𝑎𝑡𝑡𝑏𝑏𝑐𝑐𝑏𝑏𝑛𝑛𝑑𝑑𝑖𝑖
𝑅𝑅𝑖𝑖𝑛𝑛𝑡𝑡𝑐𝑐𝑎𝑎𝑎𝑎𝑎𝑎𝑎𝑎𝑖𝑖𝑎𝑎𝑎𝑎𝑐𝑐𝑖𝑖

+
𝑅𝑅𝑑𝑑𝑐𝑐𝑐𝑐𝑎𝑎𝑡𝑡𝑏𝑏𝑐𝑐𝑏𝑏𝑛𝑛𝑑𝑑𝑖𝑖
𝑅𝑅𝑡𝑡𝑎𝑎𝑎𝑎𝑛𝑛𝑠𝑠𝑚𝑚𝑖𝑖𝑠𝑠𝑠𝑠𝑖𝑖𝑐𝑐𝑛𝑛𝑖𝑖

� × 𝑝𝑝𝑛𝑛𝑖𝑖𝑜𝑜𝑛𝑛𝑖𝑖𝑛𝑛𝑏𝑏𝑖𝑖 

The other function is based on the transmission processing function ℎ(𝑛𝑛). We calculate the 

average processing required by each flow by considering all ℎ(𝑛𝑛) at different time (𝑛𝑛) summing 

them up and dividing them by their total number. This calculated average will reflect how close 

each flow to violate schedulability and become non schedulable. The function is as follows: 

𝑆𝑆𝐹𝐹 =
∑ ℎ(𝑛𝑛)𝐻𝐻𝑖𝑖𝑅𝑅𝑖𝑖
𝑡𝑡=0
∑ 1

𝐻𝐻𝑖𝑖𝑅𝑅𝑖𝑖
𝑡𝑡=0

× 𝑝𝑝𝑛𝑛𝑖𝑖𝑜𝑜𝑛𝑛𝑖𝑖𝑛𝑛𝑏𝑏𝑖𝑖   

𝑤𝑤ℎ𝑛𝑛𝑛𝑛𝑛𝑛: ∀𝑛𝑛 ≤ 𝐻𝐻𝑚𝑚𝑎𝑎𝑚𝑚 = 𝑖𝑖𝑅𝑅𝑖𝑖 �𝐷𝐷1, … .𝐷𝐷𝑛𝑛,�
(𝑅𝑅𝑖𝑖 − 𝐷𝐷𝑖𝑖)𝑈𝑈𝑖𝑖

1 − 𝑈𝑈

𝑛𝑛

𝑖𝑖=1

� 

Either way, SF is used to prioritize flows according to their schedulability and incoming 

priority to help FDAS to choose the best candidate flows combination for re-ordering as will be 

explained in the next section. 

6.2.4 Delay Bound Aware Re-Ordering 

Assuming a certain flow 𝑐𝑐𝑖𝑖 has a violating packet 𝑝𝑝𝑘𝑘 with the following properties: 

⎩
⎪
⎨

⎪
⎧

𝑅𝑅𝑛𝑛𝑛𝑛𝑖𝑖𝑎𝑎𝑅𝑅𝑎𝑎 𝑅𝑅𝑖𝑖𝑖𝑖𝑛𝑛 = 𝑅𝑅𝑎𝑎𝑎𝑎𝑎𝑎𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝
𝐷𝐷𝑛𝑛𝑎𝑎𝑅𝑅𝑏𝑏 𝐵𝐵𝑜𝑜𝑓𝑓𝑅𝑅𝑎𝑎 = 𝑅𝑅𝐷𝐷𝐵𝐵𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝

𝑅𝑅𝑛𝑛𝑅𝑅𝑅𝑅𝐶𝐶𝑖𝑖𝑖𝑖𝑛𝑛 𝑆𝑆𝑛𝑛𝑅𝑅𝑛𝑛𝑛𝑛 𝑅𝑅𝑖𝑖𝑖𝑖𝑛𝑛 = 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝
𝑃𝑃𝑅𝑅𝑐𝑐𝑅𝑅𝑛𝑛𝑛𝑛 𝑅𝑅𝑛𝑛𝑅𝑅𝑅𝑅𝐶𝐶𝑖𝑖𝑖𝑖𝑛𝑛 𝑅𝑅𝑖𝑖𝑖𝑖𝑛𝑛 = 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝
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And assume another flow 𝑐𝑐𝑗𝑗 has a candidate swap packet 𝑝𝑝𝑐𝑐with its own set of properties as 

follows: 

⎩
⎪
⎨

⎪
⎧

𝑅𝑅𝑛𝑛𝑛𝑛𝑖𝑖𝑎𝑎𝑅𝑅𝑎𝑎 𝑅𝑅𝑖𝑖𝑖𝑖𝑛𝑛 = 𝑅𝑅𝑎𝑎𝑎𝑎𝑎𝑎𝑓𝑓𝑗𝑗𝑝𝑝𝑣𝑣
𝐷𝐷𝑛𝑛𝑎𝑎𝑅𝑅𝑏𝑏 𝐵𝐵𝑜𝑜𝑓𝑓𝑅𝑅𝑎𝑎 = 𝑅𝑅𝐷𝐷𝐵𝐵𝑓𝑓𝑗𝑗𝑝𝑝𝑣𝑣

𝑅𝑅𝑛𝑛𝑅𝑅𝑅𝑅𝐶𝐶𝑖𝑖𝑖𝑖𝑛𝑛 𝑆𝑆𝑛𝑛𝑅𝑅𝑛𝑛𝑛𝑛 𝑅𝑅𝑖𝑖𝑖𝑖𝑛𝑛 = 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗𝑝𝑝𝑣𝑣
𝑃𝑃𝑅𝑅𝑐𝑐𝑅𝑅𝑛𝑛𝑛𝑛 𝑅𝑅𝑛𝑛𝑅𝑅𝑅𝑅𝐶𝐶𝑖𝑖𝑖𝑖𝑛𝑛 𝑅𝑅𝑖𝑖𝑖𝑖𝑛𝑛 = 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗𝑝𝑝𝑣𝑣

 

 

Figure 6.4: Flow packets re-ordering 

If 𝑐𝑐𝑖𝑖𝑝𝑝𝑘𝑘 is violating and behind its delay bound, Figure 6.4, and needs to be re-ordered in a way to 

meet its delay bound then we the following set of conditions have to be met while selecting the 

candidate flows 𝑐𝑐𝑗𝑗 and packets 𝑝𝑝𝑐𝑐, as follows: 

• Candidate packets must have their transmit time scheduled before the violating packet by 

at least one packet transmit time: 

𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗𝑝𝑝𝑣𝑣 ≤ 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝 − 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝  

• Candidate packets’ transmit finish time cannot exceed the delay bound of violating packet:  

𝑅𝑅𝑎𝑎𝑎𝑎𝑎𝑎𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝 + 𝑅𝑅𝐷𝐷𝐵𝐵𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝 ≥ 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗𝑝𝑝𝑣𝑣 + 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗𝑝𝑝𝑣𝑣  

• Violating packet’s transmit finish time cannot exceed the delay bound of candidate packet:  

𝑅𝑅𝑎𝑎𝑎𝑎𝑎𝑎𝑓𝑓𝑗𝑗𝑝𝑝𝑣𝑣 + 𝑅𝑅𝐷𝐷𝐵𝐵𝑓𝑓𝑗𝑗𝑝𝑝𝑣𝑣 ≥ 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝 + 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝  
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• Also in case: 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗𝑝𝑝𝑣𝑣 ≠ 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝 , then we have to ensure that every packet between the 

candidates and the violating packets do not exceed their delay bounds due to the shift 

caused by this swap. This will only affect intermediate packets in case 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝 > 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗𝑝𝑝𝑣𝑣  as 

additional transmission time caused by the difference between the two packets will cause 

the packets in between to be shifted and consequently additionally queued for an amount of 

time equivalent to the difference �𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝 − 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗𝑝𝑝𝑣𝑣�. In this case, 

∀𝑝𝑝𝑚𝑚 𝐶𝐶𝑓𝑓𝑐𝑐ℎ 𝑛𝑛ℎ𝑅𝑅𝑛𝑛: 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝 ≤ 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓�������𝑝𝑝𝑡𝑡 ≤ 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝 , the following condition must apply: 

𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑑𝑑𝑝𝑝𝑣𝑣𝑏𝑏𝑝𝑝𝑝𝑝𝑛𝑛𝑝𝑝𝑡𝑡 + 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑑𝑑𝑝𝑝𝑣𝑣𝑏𝑏𝑝𝑝𝑝𝑝𝑛𝑛𝑝𝑝𝑡𝑡 + �𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝 − 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗𝑝𝑝𝑣𝑣� ≤ 𝑅𝑅𝐷𝐷𝐵𝐵𝑓𝑓𝑑𝑑𝑝𝑝𝑣𝑣𝑏𝑏𝑝𝑝𝑝𝑝𝑛𝑛𝑝𝑝𝑡𝑡 + 𝑅𝑅𝐴𝐴𝑎𝑎𝑎𝑎𝑓𝑓𝑑𝑑𝑝𝑝𝑣𝑣𝑏𝑏𝑝𝑝𝑝𝑝𝑛𝑛𝑝𝑝𝑡𝑡   

In case 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗𝑝𝑝𝑣𝑣 ≠ 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝 , the optimization problem could be changed from the one in eq.4 to 

finding the candidate packet that will minimize the amount of overall packets extra delay 

incurred by this swap delay shifting. This can be formulated as a travelling salesman integer 

linear problem as follows: 

 

 

 

 

 

 



 

142 

Table 6.4: Packets re-ordering optimization problem 

 

6.2.5 Scheduler Computational Complexity 
Basically, to calculate the computational complexity of the scheduler we have to determine 

different types of processing that need to be done by the scheduler every time a new flow 

establishes a new session, joins an existing session, existing flow leaves existing session or 

participates in a session of new other flows composition than the original one. The complexity of 

the scheduler processing will be distributed between the three components that we described 

above. 

6.2.5.1 Complexity of Finding Maximum Theoretical Performance 

Considering the optimization problem in Table 6.3, we can see that the optimization function as 

well as all constraints are linear functions of the set of all 𝑖𝑖𝑖𝑖. Simplex algorithm for solving this 

linear program will exhibit a worst-case scenario of exponential computational complexity [110]. 

𝑖𝑖𝑖𝑖𝑅𝑅𝑖𝑖𝑖𝑖𝑖𝑖𝑙𝑙𝑛𝑛: 𝑐𝑐(𝑖𝑖) = � � 𝑐𝑐𝑖𝑖𝑗𝑗 × 𝑖𝑖𝑖𝑖𝑗𝑗
𝑗𝑗=𝑎𝑎𝑐𝑐𝑐𝑐 𝑐𝑐𝑎𝑎𝑛𝑛𝑑𝑑𝑖𝑖𝑑𝑑𝑎𝑎𝑡𝑡𝑐𝑐𝑠𝑠𝑖𝑖=𝑎𝑎𝑐𝑐𝑐𝑐 𝑎𝑎𝑖𝑖𝑐𝑐𝑐𝑐𝑎𝑎𝑡𝑡𝑖𝑖𝑛𝑛𝑎𝑎

 

Subject to: 

0 ≤ 𝑖𝑖𝑖𝑖𝑗𝑗 ≤ 1 

�𝑖𝑖𝑖𝑖𝑗𝑗

𝑛𝑛

𝑖𝑖=1

= 1 

�𝑖𝑖𝑖𝑖𝑗𝑗

𝑛𝑛

𝑗𝑗=1

≤ 1 

𝑐𝑐𝑖𝑖𝑗𝑗 = �𝑜𝑜𝑖𝑖 − 𝑜𝑜𝑗𝑗� �𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝 − 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗𝑝𝑝𝑣𝑣�, 

Where: 𝑜𝑜𝑖𝑖 , 𝑜𝑜𝑗𝑗 = 𝐶𝐶𝑛𝑛𝑅𝑅𝑎𝑎 𝑜𝑜𝑛𝑛𝑎𝑎𝑛𝑛𝑛𝑛 𝑖𝑖 𝑅𝑅𝑅𝑅𝑎𝑎 𝑗𝑗 𝑛𝑛𝑛𝑛𝐶𝐶𝑝𝑝𝑛𝑛𝑐𝑐𝑛𝑛𝑖𝑖𝑎𝑎𝑛𝑛𝑎𝑎𝑏𝑏, 

𝑖𝑖𝑖𝑖𝑗𝑗  𝑖𝑖𝐶𝐶 𝑖𝑖𝑅𝑅𝑛𝑛𝑛𝑛𝑤𝑤𝑛𝑛𝑛𝑛 
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However for the average case scenario it will be polynomial complex and attain acceptable 

performance. In the case of large size problems, simplex will be computationally expensive and 

for this reason we decided to use Karmarkar's interior point algorithm which has a polynomial 

computational complexity and performs better when optimization variables increases 

significantly. Karmarkar's algorithm [111] has a complexity in the order of 𝐻𝐻(𝐻𝐻𝑅𝑅3) where 𝐻𝐻 is 

the number of bits required to represent the 𝑅𝑅. Accordingly, the complexity of this part of the 

scheduler is: 

 𝑐𝑐max _𝑝𝑝𝑐𝑐𝑎𝑎𝑡𝑡(𝑅𝑅) = 𝐻𝐻(𝐻𝐻𝑅𝑅3) (15) 

6.2.5.2 Complexity of Finding Schedulable Subsets 

Every time a set of new flows arrives we have to do schedulability calculation for every possible 

combination. This means that schedulability testing will be done 2𝑛𝑛 times which is once for each 

combination. The computational cost of every iteration will be proportional to the number of 

deadline points between 0 ≤ 𝑛𝑛 ≤ 𝐻𝐻𝑚𝑚𝑎𝑎𝑚𝑚 at which we have to calculate ℎ(𝑛𝑛) and compare it to 𝑛𝑛.  

This will be equal to the following: 

𝑅𝑅𝑜𝑜. 𝑜𝑜𝑐𝑐 𝑎𝑎𝑛𝑛𝑅𝑅𝑎𝑎𝑎𝑎𝑖𝑖𝑅𝑅𝑛𝑛 𝑐𝑐𝑜𝑜𝑖𝑖𝑝𝑝𝑓𝑓𝑛𝑛𝑅𝑅𝑖𝑖𝑛𝑛𝑜𝑜𝑅𝑅𝑅𝑅𝑎𝑎 𝑝𝑝𝑜𝑜𝑖𝑖𝑅𝑅𝑛𝑛𝐶𝐶 = �
𝐻𝐻𝑚𝑚𝑎𝑎𝑚𝑚
𝑅𝑅𝑖𝑖

𝑛𝑛

𝑖𝑖=1

 
(16) 

This will depend on 𝑅𝑅𝑖𝑖 and 𝐻𝐻𝑚𝑚𝑎𝑎𝑚𝑚. If we replace 𝑅𝑅𝑖𝑖 with either the minimal packet 

transmission time or with the shortest inter arrival period of incoming flows then we can put an 

upper limit on the value in eq.16 as follows: 
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𝑅𝑅𝑜𝑜. 𝑜𝑜𝑐𝑐 𝑎𝑎𝑛𝑛𝑅𝑅𝑎𝑎𝑎𝑎𝑖𝑖𝑅𝑅𝑛𝑛 𝑐𝑐𝑜𝑜𝑖𝑖𝑝𝑝𝑓𝑓𝑛𝑛𝑅𝑅𝑖𝑖𝑛𝑛𝑜𝑜𝑅𝑅𝑅𝑅𝑎𝑎 𝑝𝑝𝑜𝑜𝑖𝑖𝑅𝑅𝑛𝑛𝐶𝐶 ≤
1

𝑅𝑅𝑚𝑚𝑖𝑖𝑛𝑛
�𝐻𝐻𝑚𝑚𝑎𝑎𝑚𝑚

𝑛𝑛

𝑖𝑖=1

 

𝑅𝑅𝑜𝑜. 𝑜𝑜𝑐𝑐 𝑎𝑎𝑛𝑛𝑅𝑅𝑎𝑎𝑎𝑎𝑖𝑖𝑅𝑅𝑛𝑛 𝑐𝑐𝑜𝑜𝑖𝑖𝑝𝑝𝑓𝑓𝑛𝑛𝑅𝑅𝑖𝑖𝑛𝑛𝑜𝑜𝑅𝑅𝑅𝑅𝑎𝑎 𝑝𝑝𝑜𝑜𝑖𝑖𝑅𝑅𝑛𝑛𝐶𝐶 ≤
𝑅𝑅 × 𝐻𝐻𝑚𝑚𝑎𝑎𝑚𝑚
𝑅𝑅𝑚𝑚𝑖𝑖𝑛𝑛

 

𝑅𝑅𝑜𝑜. 𝑜𝑜𝑐𝑐 𝑎𝑎𝑛𝑛𝑅𝑅𝑎𝑎𝑎𝑎𝑖𝑖𝑅𝑅𝑛𝑛 𝑐𝑐𝑜𝑜𝑖𝑖𝑝𝑝𝑓𝑓𝑛𝑛𝑅𝑅𝑖𝑖𝑛𝑛𝑜𝑜𝑅𝑅𝑅𝑅𝑎𝑎 𝑝𝑝𝑜𝑜𝑖𝑖𝑅𝑅𝑛𝑛𝐶𝐶 = 𝐻𝐻(𝑅𝑅) × 𝐻𝐻𝑚𝑚𝑎𝑎𝑚𝑚 

  𝐻𝐻𝑚𝑚𝑎𝑎𝑚𝑚 in turn depends on the delay bounds and inter arrival periods of different flows as in 

eq.14. First, we need to go over n flows to check their delay bounds then the computational 

complexity of this task is: 

𝑖𝑖𝑅𝑅𝑖𝑖(𝐷𝐷1, … .𝐷𝐷𝑛𝑛) = 𝐻𝐻(𝑅𝑅) 

Then, if we assume the maximum turns out not to be any of the deadlines but rather the sum 

∑ (𝑇𝑇𝑖𝑖−𝐷𝐷𝑖𝑖)𝑈𝑈𝑖𝑖
1−𝑈𝑈

𝑛𝑛
𝑖𝑖=1  , then again the upper computational limit to find this value will be: 

�
(𝑅𝑅𝑖𝑖 − 𝐷𝐷𝑖𝑖)𝑈𝑈𝑖𝑖

1 − 𝑈𝑈

𝑛𝑛

𝑖𝑖=1

≤
(𝑅𝑅𝑚𝑚𝑎𝑎𝑚𝑚 − 𝐷𝐷𝑚𝑚𝑖𝑖𝑛𝑛)𝑈𝑈𝑚𝑚𝑎𝑎𝑚𝑚

1 − 𝑈𝑈
�1
𝑛𝑛

𝑖𝑖=1

 

�
(𝑅𝑅𝑖𝑖 − 𝐷𝐷𝑖𝑖)𝑈𝑈𝑖𝑖

1 − 𝑈𝑈

𝑛𝑛

𝑖𝑖=1

≤
(𝑅𝑅𝑚𝑚𝑎𝑎𝑚𝑚 − 𝐷𝐷𝑚𝑚𝑖𝑖𝑛𝑛) × 𝑈𝑈𝑚𝑚𝑎𝑎𝑚𝑚 × 𝑅𝑅

1 − 𝑈𝑈
 

�
(𝑅𝑅𝑖𝑖 − 𝐷𝐷𝑖𝑖)𝑈𝑈𝑖𝑖

1 − 𝑈𝑈

𝑛𝑛

𝑖𝑖=1

≤ �
(𝑅𝑅𝑚𝑚𝑎𝑎𝑚𝑚 − 𝐷𝐷𝑚𝑚𝑖𝑖𝑛𝑛) × 𝑈𝑈𝑚𝑚𝑎𝑎𝑚𝑚

1 − 𝑈𝑈
� × 𝑅𝑅 

�
(𝑅𝑅𝑖𝑖 − 𝐷𝐷𝑖𝑖)𝑈𝑈𝑖𝑖

1 − 𝑈𝑈

𝑛𝑛

𝑖𝑖=1

= 𝐻𝐻(𝑅𝑅) 
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The computational complexity of finding is: 

𝐻𝐻𝑚𝑚𝑎𝑎𝑚𝑚 = 𝑖𝑖𝑅𝑅𝑖𝑖 �𝐷𝐷1, … .𝐷𝐷𝑛𝑛,�
(𝑅𝑅𝑖𝑖 − 𝐷𝐷𝑖𝑖)𝑈𝑈𝑖𝑖

1 − 𝑈𝑈

𝑛𝑛

𝑖𝑖=1

� 

𝐻𝐻𝑚𝑚𝑎𝑎𝑚𝑚 = max �𝑖𝑖𝑅𝑅𝑖𝑖(𝐷𝐷1, … .𝐷𝐷𝑛𝑛),𝑖𝑖𝑅𝑅𝑖𝑖 ��
(𝑅𝑅𝑖𝑖 − 𝐷𝐷𝑖𝑖)𝑈𝑈𝑖𝑖

1 − 𝑈𝑈

𝑛𝑛

𝑖𝑖=1

�� 

𝐻𝐻𝑚𝑚𝑎𝑎𝑚𝑚 = 𝐻𝐻(𝑅𝑅) + 𝐻𝐻(𝑅𝑅) = 𝐻𝐻(𝑅𝑅) 

Based on this , we find that: 

𝑅𝑅𝑜𝑜. 𝑜𝑜𝑐𝑐 𝑎𝑎𝑛𝑛𝑅𝑅𝑎𝑎𝑎𝑎𝑖𝑖𝑅𝑅𝑛𝑛 𝑐𝑐𝑜𝑜𝑖𝑖𝑝𝑝𝑓𝑓𝑛𝑛𝑅𝑅𝑖𝑖𝑛𝑛𝑜𝑜𝑅𝑅𝑅𝑅𝑎𝑎 𝑝𝑝𝑜𝑜𝑖𝑖𝑅𝑅𝑛𝑛𝐶𝐶 = 𝐻𝐻(𝑅𝑅) × 𝐻𝐻𝑚𝑚𝑎𝑎𝑚𝑚 

𝑅𝑅𝑜𝑜. 𝑜𝑜𝑐𝑐 𝑎𝑎𝑛𝑛𝑅𝑅𝑎𝑎𝑎𝑎𝑖𝑖𝑅𝑅𝑛𝑛 𝑐𝑐𝑜𝑜𝑖𝑖𝑝𝑝𝑓𝑓𝑛𝑛𝑅𝑅𝑖𝑖𝑛𝑛𝑜𝑜𝑅𝑅𝑅𝑅𝑎𝑎 𝑝𝑝𝑜𝑜𝑖𝑖𝑅𝑅𝑛𝑛𝐶𝐶 = 𝐻𝐻(𝑅𝑅) × 𝐻𝐻(𝑅𝑅) 

𝑅𝑅𝑜𝑜. 𝑜𝑜𝑐𝑐 𝑎𝑎𝑛𝑛𝑅𝑅𝑎𝑎𝑎𝑎𝑖𝑖𝑅𝑅𝑛𝑛 𝑐𝑐𝑜𝑜𝑖𝑖𝑝𝑝𝑓𝑓𝑛𝑛𝑅𝑅𝑖𝑖𝑛𝑛𝑜𝑜𝑅𝑅𝑅𝑅𝑎𝑎 𝑝𝑝𝑜𝑜𝑖𝑖𝑅𝑅𝑛𝑛𝐶𝐶 = 𝐻𝐻(𝑅𝑅2) 

Now from this calculation and given the number of combinations to evaluate, we conclude that 

the total number of calculations for this schedulability subsets evaluation will be: 

𝑐𝑐schd_subs(𝑅𝑅) ≤ 2𝑛𝑛 × 𝐻𝐻(𝑅𝑅2) 

 𝑐𝑐schd_subs(𝑅𝑅) = 𝐻𝐻(2𝑛𝑛 × 𝑅𝑅2) (17) 

6.2.5.3 Complexity of Delay Bound Aware Re-Ordering 

The complexity of this algorithm will depend on the number of comparisons a violating packet 

has to make with packets scheduled for earlier transmission in order to determine the best swap. 

For each delay bound violating packet 𝑐𝑐𝑖𝑖𝑝𝑝𝑘𝑘, we have to compare with every preceding packet in 
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the transmission order up to the time at which its delay bound is passed. As we mentioned earlier 

in section 6.2.4, candidate packets’ transmit finish time cannot exceed the delay bound of the 

violating packet:  

𝑅𝑅𝑎𝑎𝑎𝑎𝑎𝑎𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝 + 𝑅𝑅𝐷𝐷𝐵𝐵𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝 ≥ 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗𝑝𝑝𝑣𝑣 + 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗𝑝𝑝𝑣𝑣  

Basically, the number of packets to compare with cannot exceed the number of packets in the 

time period that spans from current scheduling time up to the delay bound of the violating packet 

as any packet after that instance of time will be useless to compare with, let alone to swap with! 

This was expressed previously as follows: 

𝑅𝑅𝑎𝑎𝑎𝑎𝑎𝑎𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝 + 𝑅𝑅𝐷𝐷𝐵𝐵𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝 ≥ 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗𝑝𝑝𝑣𝑣 + 𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗𝑝𝑝𝑣𝑣  

 Consequently, the number of packets that could fill this time period cannot exceed the 

following: 

𝑖𝑖𝑅𝑅𝑖𝑖𝑖𝑖𝑖𝑖𝑓𝑓𝑖𝑖 𝑅𝑅𝑜𝑜. 𝑜𝑜𝑐𝑐 𝑐𝑐𝑅𝑅𝑅𝑅𝑎𝑎𝑖𝑖𝑎𝑎𝑅𝑅𝑛𝑛𝑛𝑛 𝑝𝑝𝑅𝑅𝑐𝑐𝑅𝑅𝑛𝑛𝑛𝑛𝐶𝐶 𝑐𝑐𝑜𝑜𝑛𝑛 𝑎𝑎𝑖𝑖𝑜𝑜𝑎𝑎𝑅𝑅𝑛𝑛𝑖𝑖𝑅𝑅𝑤𝑤 𝑐𝑐𝑖𝑖𝑝𝑝𝑘𝑘 =
�𝑅𝑅𝐷𝐷𝐵𝐵𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝 − �𝑅𝑅𝑐𝑐𝑏𝑏𝑎𝑎𝑎𝑎𝑐𝑐𝑛𝑛𝑡𝑡 − 𝑅𝑅𝑎𝑎𝑎𝑎𝑎𝑎𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝��

𝑖𝑖𝑖𝑖𝑅𝑅 �𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗�
 

Consequently, the number should not exceed this value as the maximum number of 

comparisons will occur when all preceding packets belong to the flow with shortest packet size 

and packet transmission time. But, another look at the function we can also get an upper limit on 

the time as follows: 

�𝑅𝑅𝐷𝐷𝐵𝐵𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝 − �𝑅𝑅𝑐𝑐𝑏𝑏𝑎𝑎𝑎𝑎𝑐𝑐𝑛𝑛𝑡𝑡 − 𝑅𝑅𝑎𝑎𝑎𝑎𝑎𝑎𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝�� ≤ �𝑅𝑅𝐷𝐷𝐵𝐵𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝� 
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𝑖𝑖𝑅𝑅𝑖𝑖𝑖𝑖𝑖𝑖𝑓𝑓𝑖𝑖 𝑅𝑅𝑜𝑜. 𝑜𝑜𝑐𝑐 𝑐𝑐𝑅𝑅𝑅𝑅𝑎𝑎𝑖𝑖𝑎𝑎𝑅𝑅𝑛𝑛𝑛𝑛 𝑝𝑝𝑅𝑅𝑐𝑐𝑅𝑅𝑛𝑛𝑛𝑛𝐶𝐶 𝑐𝑐𝑜𝑜𝑛𝑛 𝑎𝑎𝑖𝑖𝑜𝑜𝑎𝑎𝑅𝑅𝑛𝑛𝑖𝑖𝑅𝑅𝑤𝑤 𝑐𝑐𝑖𝑖𝑝𝑝𝑘𝑘 ≤
𝑅𝑅𝐷𝐷𝐵𝐵𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝

𝑖𝑖𝑖𝑖𝑅𝑅 �𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗�
 

For m number of violating packets, the total number of comparisons will be: 

𝑛𝑛𝑜𝑜𝑛𝑛𝑅𝑅𝑎𝑎 𝑅𝑅𝑜𝑜. 𝑜𝑜𝑐𝑐 𝑐𝑐𝑜𝑜𝑖𝑖𝑝𝑝𝑅𝑅𝑛𝑛𝑖𝑖𝐶𝐶𝑜𝑜𝑅𝑅𝐶𝐶 ≤
1

𝑖𝑖𝑖𝑖𝑅𝑅 �𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗�
�𝑅𝑅𝐷𝐷𝐵𝐵𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝

𝑚𝑚

𝑖𝑖=1

 

But, considering the maximum delay bound: 

1

𝑖𝑖𝑖𝑖𝑅𝑅 �𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗�
�𝑅𝑅𝐷𝐷𝐵𝐵𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝

𝑚𝑚

𝑖𝑖=1

≤
𝑖𝑖𝑅𝑅𝑖𝑖 �𝑅𝑅𝐷𝐷𝐵𝐵𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝�

𝑖𝑖𝑖𝑖𝑅𝑅 �𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗�
�1
𝑚𝑚

𝑖𝑖=1

 

1

𝑖𝑖𝑖𝑖𝑅𝑅 �𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗�
�𝑅𝑅𝐷𝐷𝐵𝐵𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝

𝑚𝑚

𝑖𝑖=1

≤
𝑖𝑖𝑅𝑅𝑖𝑖 �𝑅𝑅𝐷𝐷𝐵𝐵𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝� × 𝑖𝑖

𝑖𝑖𝑖𝑖𝑅𝑅 �𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗�
 

𝑏𝑏𝑓𝑓𝑛𝑛 𝑅𝑅𝐶𝐶,𝑖𝑖 ≤ 𝑅𝑅 

𝑛𝑛𝑜𝑜𝑛𝑛𝑅𝑅𝑎𝑎 𝑅𝑅𝑜𝑜. 𝑜𝑜𝑐𝑐 𝑐𝑐𝑜𝑜𝑖𝑖𝑝𝑝𝑅𝑅𝑛𝑛𝑖𝑖𝐶𝐶𝑜𝑜𝑅𝑅𝐶𝐶 ≤
𝑖𝑖𝑅𝑅𝑖𝑖 �𝑅𝑅𝐷𝐷𝐵𝐵𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝� × 𝑅𝑅

𝑖𝑖𝑖𝑖𝑅𝑅 �𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗�
 

𝑖𝑖𝑅𝑅𝑖𝑖 �𝑅𝑅𝐷𝐷𝐵𝐵𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝�

𝑖𝑖𝑖𝑖𝑅𝑅 �𝑅𝑅𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗�
= 𝑐𝑐𝑜𝑜𝑅𝑅𝑛𝑛𝐶𝐶𝑅𝑅𝑅𝑅𝑛𝑛 

𝑛𝑛𝑜𝑜𝑛𝑛𝑅𝑅𝑎𝑎 𝑅𝑅𝑜𝑜. 𝑜𝑜𝑐𝑐 𝑐𝑐𝑜𝑜𝑖𝑖𝑝𝑝𝑅𝑅𝑛𝑛𝑖𝑖𝐶𝐶𝑜𝑜𝑅𝑅𝐶𝐶 = 𝐻𝐻(𝑅𝑅) 
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The number of swaps will be a maximum of n swaps which happens when all packets are 

wrongfully ordered but still schedulable. For each swap, we do swapping of the two packets as 

well as shifting of all the packets that lie in between. Using same logic we will get:  

𝑛𝑛𝑜𝑜𝑛𝑛𝑅𝑅𝑎𝑎 𝑅𝑅𝑜𝑜. 𝑜𝑜𝑐𝑐 𝐶𝐶𝑤𝑤𝑅𝑅𝑝𝑝𝐶𝐶 = 𝐻𝐻(𝑅𝑅) 

Which comes down to: 

𝑐𝑐reorder(𝑅𝑅) = 

𝑛𝑛𝑜𝑜𝑛𝑛𝑅𝑅𝑎𝑎 𝑅𝑅𝑜𝑜. 𝑜𝑜𝑐𝑐 𝑐𝑐𝑜𝑜𝑖𝑖𝑝𝑝𝑅𝑅𝑛𝑛𝑖𝑖𝐶𝐶𝑜𝑜𝑅𝑅𝐶𝐶 + 𝑛𝑛𝑜𝑜𝑛𝑛𝑅𝑅𝑎𝑎 𝑅𝑅𝑜𝑜. 𝑜𝑜𝑐𝑐 𝐶𝐶𝑤𝑤𝑅𝑅𝑝𝑝𝐶𝐶 

𝑐𝑐reorder(𝑅𝑅) = 𝐻𝐻(𝑅𝑅 + 𝑅𝑅) 

𝑐𝑐reorder(𝑅𝑅) = 𝐻𝐻(2𝑅𝑅) = 𝐻𝐻(𝑅𝑅) (18) 

6.2.5.4 Overall FDAS Computational Complexity 

To get the overall complexity, first we create the pseudo code for the implementation as follows: 

1. Upon arrival any new flow or departure of existing flow, do the following: 

o Perform virtual finish time ordering for pending flows’ packets and get the initial 

WFQ packets order: 𝑐𝑐virtualfinish(𝑅𝑅) → 𝐻𝐻�𝑎𝑎𝑜𝑜𝑤𝑤(𝑅𝑅)� 

o Find Maximum theoretical performance for the new mixture of flows: 

𝑐𝑐max _𝑝𝑝𝑐𝑐𝑎𝑎𝑡𝑡(𝑅𝑅) = 𝐻𝐻(𝐻𝐻𝑅𝑅3) 

o Find schedulable subsets: 𝑐𝑐schd_subs(𝑅𝑅) = 𝐻𝐻(2𝑛𝑛 × 𝑅𝑅2) 

o  Delay bound aware re-ordering: 𝑐𝑐reorder(𝑅𝑅) = 𝐻𝐻(2𝑅𝑅) = 𝐻𝐻(𝑅𝑅) 
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2. Upon arrival any packet, do the following: 

1. Only for this packet apply virtual finish time ordering to place this packet among 

previously delay bound compliant ordered pending packets: 𝐻𝐻(1) 

2. If its placement might cause any violation to any of pending packets current delay bound 

compliant order, then use the result obtained at the very latest calculation of schedulable 

subsets, when the latest flow joined or left, in order to do the delay bound aware re-

ordering just for this packet: 𝑐𝑐~
𝑚𝑚𝑎𝑎𝑚𝑚�𝑇𝑇𝐷𝐷𝐷𝐷𝑓𝑓𝑖𝑖𝑝𝑝𝑝𝑝

�

𝑚𝑚𝑖𝑖𝑛𝑛�𝑇𝑇𝑇𝑇𝑇𝑇𝑓𝑓𝑗𝑗
�

= 𝑐𝑐𝑜𝑜𝑅𝑅𝑛𝑛𝐶𝐶𝑅𝑅𝑅𝑅𝑛𝑛 → 𝑐𝑐 = 𝐻𝐻(1) 

So basically, the computational complexity in case no flow mixture change happen is 𝐻𝐻(1) while 

the complexity when flows change happen is: 

𝑐𝑐FDAS(𝑅𝑅) = 𝑐𝑐virtualfinish(𝑅𝑅) + 𝑐𝑐schd_subs + 𝑐𝑐max _𝑝𝑝𝑐𝑐𝑎𝑎𝑡𝑡(𝑅𝑅) + 𝑐𝑐reorder(𝑅𝑅) 

𝑐𝑐FDAS(𝑅𝑅) = 𝐻𝐻�𝑎𝑎𝑜𝑜𝑤𝑤(𝑅𝑅)� + 𝐻𝐻(2𝑛𝑛 × 𝑅𝑅2) + 𝐻𝐻(𝐻𝐻𝑅𝑅3) + 𝐻𝐻(𝑅𝑅) 

𝑐𝑐FDAS(𝑅𝑅) = 𝑖𝑖𝑅𝑅𝑖𝑖(𝑎𝑎𝑜𝑜𝑤𝑤(𝑅𝑅), 2𝑛𝑛 × 𝑅𝑅2, 𝐻𝐻𝑅𝑅3,𝑅𝑅) = 𝐻𝐻(2𝑛𝑛 × 𝑅𝑅2) (19) 

But looking closer into the problem operation, we find out that not every time a flow arrives we 

have to calculate schedulability for all subsets. The reason is that when a new flow joins not the 

entire set of combinations need to be revaluated but specifically those that resulted from the 

addition of this new flow. Basically, at the very beginning only that all 2𝑛𝑛 combinations need to 

be evaluated, while afterwards only the new combinations resulted from the addition of the new 

flow/s are the ones that need to be evaluated. This brings down the number of combinations to 
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evaluate to half, making 𝑐𝑐schd_subs(𝑅𝑅) = 𝐻𝐻(2𝑛𝑛−1 × 𝑅𝑅2), and consequently 𝑐𝑐FDAS(𝑅𝑅) =

𝐻𝐻(2𝑛𝑛−1 × 𝑅𝑅2). Also another thing to consider is that upon flow departure there is no subset 

schedulability testing at all. This is due to the fact that all schedulable subsets were already 

calculated when the flow joined the sessions, so when it leaves the only calculation needed is to 

choose the new highest SF schedulable subset from the set of already computed subsets after 

removing the combinations that contain the flow that has just left. Given that those schedulable 

subsets together with their SF were previously computed and sorted accordingly, then the 

process of choosing the highest SF priority subset will be simply going through the list and 

choosing the highest one. So we have one of two scenarios here: 

o Flows join established sessions in groups: this is the worst case scenario as this 

means every time a new group n of flows join we have to do 2𝑛𝑛 computations for 

all new combinations. The average worst case will be 𝐻𝐻(2𝑛𝑛 × 𝑅𝑅2) as we previously 

explained. 

o Flows join established sessions incrementally: in this case for n flows to join the 

scheduler the average number of computations and consequently complexity will 

be: 

𝑐𝑐schd_subs(𝑅𝑅) =
∑ 𝑐𝑐schd_subs(𝑖𝑖)𝑅𝑅

𝑖𝑖=1

𝑅𝑅
 

𝑐𝑐schd_subs(𝑅𝑅) =
𝐻𝐻(2𝑛𝑛 × 𝑅𝑅2)

𝐻𝐻(𝑅𝑅) = 𝐻𝐻(2𝑛𝑛 × 𝑅𝑅) = 𝑐𝑐FDAS(𝑅𝑅) 
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Another way to lessen the computational complexity is by changing the schedulability subset 

selection in a way that does not have to calculate the entire possible subsets but instead start first 

with the subset of all flows and check its SF factor and whether its schedulable or not then no 

need to do any further calculation. On the other hand, if it turns out not to be schedulable then we 

can choose the next flow to exclude from this largest flow combination based on it SF factor that 

should reflect the effect of this chosen exclusion candidate flow on the schedulable of the entire 

subset calculation. This way we will not have to do all the calculations to all subsets every time 

but instead the number of calculation could be as low as one calculation if all the flows are 

schedulable simultaneously. On average, it will depend on the nature of incoming flows mixture 

the more schedulable are the individual flows in terms of SF the more likely is the computation 

will become minimal and likely linear in terms of complexity. The more sophisticated the flows 

become, the more likely it will take higher number of computations to find the highest 

schedulable subset. But, this way the worst case of 𝐻𝐻(2𝑛𝑛 × 𝑅𝑅2) will likely never happen. 

6.3 SIMULATION AND PERFORMANCE EVALUATION 

In this section, we carry out a simulation to compare our FDAS against WFQ and EDF and the 

maximum theoretically achievable performance. Also the simulation should justify the extra 

computational processing that FDAS has to implement, as explained in the previous section, 

against the extra gain in the overall incoming traffic performance. The section is organized as 

follows: first, we describe the simulation setup and goals. Second, we present simulation results. 

Last, we go through discussion and comparison.  
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6.3.1 Simulation Setup 
In this section, we describe the simulation setup for the two experiments we carried to evaluate 

and verify the performance of FDAS against both EDF and WFQ from different perspectives.  

6.3.1.1 Experiment 1: Per Flow Performance Using OPNET 

The purpose of this part is to compare performance of individual flows with different priorities 

and QoS requirements against each other using the three. We built a network model [8] with 

eight different transmitting nodes each sending packets of variable sizes at tunable transmission 

rates as shown in Table 6.5.  

Packets are sent to a modified router node where the scheduling algorithm code has been 

completely re-written to simulate our FDAS scheduler as well as EDF as both are non-existent in 

OPNET libraries by default. The finite state machine of the router’s original scheduler 

mechanism has been modified for this purpose, as shown in Figure 6.5, and two additional states 

have been added to process the packets when their delay bounds are passed and when their 

virtual finish times are approached. The modified router forwards the packets consequently to the 

server node on the other side for processing. The transmission rate of all source nodes is 

controllable from the code to allow for changing parameter values while simulating. The service 

rate of the output link of the router though is set to 200kbps to limit the available throughput for 

all contending flow streams to enable the testing of different scheduling behaviours under limited 

network resources given the sum of arrivals is about 300kbps. Packet size, inter-arrival time and 

distribution are also controllable from within the simulation code [1].  
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Table 6.5: Experiment 1: Scenario flows specs 
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Figure 6.5: OPNET network layout and state machine of modified process model 
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6.3.1.2 Experiment 2: Varying Flows Per Session Performance Using MATLAB 

The purpose of this part [1] is to compare performance of entire sessions using a varying number 

of flows per session using the three schedulers and study the statistics of entire session 

performance against sessions’ QoS requirements and determine how close each scheduling 

scheme will approach the maximum theoretically achievable performance as described in Table 

6.3. Also it will study individual flows’ performance satisfaction in comparison to their SF based 

on their incoming QoS requirements. We will start with as low as two flows traversing the 

scheduler up to 16 flows. The flows will have a range of QoS specs that vary according to the 

number of flows involved and look like the following Table 6.6. 

Table 6.6: Experiment 2: Scenario flows specs 

 

 As shown, we will ensure that the output available transmission channel bandwidth is sufficient 

to take the entire incoming flows arrival rates. This does not necessarily mean that all flows can 

be accommodated without violation because delay bounds restrictions and their relationship 

whether proportional or inverse proportional to individual flows’ throughput requirements will 
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definitely affect the schedulability of the set of incoming flows which is the problem that our 

scheduler is introduced to tackle in the first place. Using the QoS flows data above we will create 

four different scenarios that will differ in the proportionality of the three main parameters that 

the affect the flows demand from the scheduler which are the delay bound, arrival rate (in other 

words, flow bandwidth requested) and finally flow priority. We will fix the packet size and 

consequently the packet sending time will be fixed for flows for simplicity and also because it is 

not a factor that we are trying to study at least for the sake of this thesis. The scenarios will 

reorder the flows QoS parameters according to the following four scenarios shown in Table 6.7.  

Table 6.7: Experiment 2: Scenarios flows setup 
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In the table, the last column it shows possible applications or network traffic that lie within each 

category of flow types. The simulation is done with MATLAB using 16 traffic flow sources. In 

each scenario, we will start with as low as 2 flows sharing the session up to 16 flows to exhibit 

how it performs in the presence of various competing traffic mixtures. For each of the scenarios 

above, the following will be studied: 

• The performance in terms of both average bandwidth utilization and average queuing delay 

as a function of number of participating flows for each scheduler.  

• The satisfaction in terms of average bandwidth and delay violation per flow as a function 

of the number of participating flows for each scheduling scheme. 

• The performance of chosen highest priority SF schedulable subset in FDAS compared to 

the overall FDAS performance and to both EDF and WFQ. 

Delay jitter was not considered in this simulation results analysis because the scheduler modeling 

and optimization were designed in such a way that maximizes the users’ satisfaction and session 

utilization in terms of both absolute queuing delay and allocated throughput. Delay jitter was not 

a factor in this optimization problem in the first place. This means that simulating and studying 

delay jitter results in order to validate the effectiveness of our QoS framework would neither be 

accurate nor justifiable. Also given that we are dealing with real-time traffic and dropping 

packets as they miss their delay bounds and unless packets are not dropped and relaxed instead, 

the upper bound on the jitter will be the same as the upper bound on the absolute delay 

satisfaction itself. Analyzing delay jitter will be helpful in future work to determine additional 
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possible methods to consider delay jitter as another satisfaction parameter and include it in the 

overall session satisfaction maximization problem which will add another dimension to the 

comprehensiveness of the overall scheduling optimization problem to reflect all possible effects 

on the incoming traffic. 

6.3.2 Simulation Scenarios 
In this section, we explain the sort of flows that would lie in each of the scenarios that we are 

simulating together with their QoS parameters proportionality. Those scenarios apply to both 

experiments described in the previous section. 

6.3.2.1 Scenario 1 (Vod/Conferencing…IM) 

In this scenario, traffic priority is proportional to its data rate demand and delay bound 

restriction. The higher the priority of the traffic is, the higher the throughput it needs and the 

shorter is the delay bound that can be tolerated. As the priority goes lower, the demand on data 

rate decreases so does the delay bound. Examples of traffic types covered by this scenario range 

from video/audio calls over DS0 lines with stringent throughput and delay requirement to instant 

messenger texting of low data rate and long delay tolerance. 

6.3.2.2 Scenario 2 (Video Streaming…Non-QoS VoIP ) 

Similar to scenario 1, traffic priority is proportional to data rate demand but the delay bound is 

inversely proportional to both though in this case. The higher the priority of the traffic is, the 

higher is the data rate it needs and the longer, less stringent, is the delay bound that can be 

tolerated. As the priority goes lower, the demand on throughput decreases but the delay bound 

decreases and becomes more stringent. Examples of traffic types covered by this scenario range 
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from video streaming where throughput is important while absolute delay is not as critical as in 

the voice and video live traffic and hence can be relaxed, to VoIP traffic with no QoS guarantees 

such as free VoIP calls in free online instant messengers. 

6.3.2.3 Scenario 3 ( VoIP…FTP) 

In this scenario, traffic priority is inversely proportional to data rate demand while proportional 

to delay bound restriction. The higher the priority of the traffic is, the lower the data rate it 

requires and the lower, more stringent, is the delay bound that can be tolerated. As priority 

decreases, the demand on throughput increases while the delay bound becomes more relaxed 

with longer delays. Examples of traffic types covered by this scenario range from compressed 

QoS-constrained VoIP traffic with stringent delay bounds but low bandwidth requirement, such 

as G.723 G.729 VoIP, to FTP with higher data rate but negligible non-critical long delay bound.  

6.3.2.4 Scenario 4 (Telemetry…Non-QoS Vod) 

Finally in this scenario, traffic priority is inversely proportional to both the data rate demand and 

delay bound restriction. The higher the priority of the traffic is, the lower the data rate it needs 

and the longer is the delay bound, less stringent, that can be tolerated. As the priority goes lower, 

the demand on throughput increases and so does the delay bound. Examples of traffic types 

covered by this scenario range from telemetry data collection where the amount of data sent is 

not high which consequently means it needs less throughput and is the case for the delay as the 

data is not as time critical as in voice and live traffic, to Video on Demand (VoD) traffic but that 

does not have QoS agreement as the priority it will be assigned is the lowest, such as YouTube 

and Netflix VoD. 
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6.3.3 Experiment 1: Simulation Results and Analysis 
Following are the results and analysis of the four aforementioned scenarios using experiment 1 

setup described previously. 

6.3.3.1 Scenario 1 Results Analysis 

As shown in Figure 6.6(d), the average delay per sub queue for the first scenario is highest for 

EDF followed by FDAS and least for WFQ. The overall utilization for the queuing system, given 

that the transmitter has 200kbps capacity, is about 147%. The excess traffic is about 50% of the 

output bandwidth which in temporal terms means a backlog of packets for about half a second. 

As WFQ fairly distributes bandwidth among contending sub queues, so on average any subqueue 

packet will be facing a delay equivalent to the aforementioned 50% anytime backlog. This is 

indeed with the assumption that the packets whose deadlines have passed are dropped once the 

deadline is passed to avoid long unnecessary delays for packets that will be definitely garbled by 

the receiver. As priority gets involved in this scenario, so the higher the priority is, the more is 

the allocated bandwidth and consequently the lower the delay per packet per sub queue which 

can be observed in Figure 6.6 (b). But, delay bounds per sub queue are not taken in consideration 

when scheduling with WFQ which means that actual packet delay will be proportional to its 

allocated priority rather than its preset delay bound limits.  

On the other hand, EDF shows the highest average delay per sub queue. This is attributed to 

the fact that EDF keeps favoring packets ending soonest at the expense of all other traffic packets 

regardless of their priority or bandwidth requirements. This discriminatory sub queue treatment 

increases the delay of sub queue packets close to the delay bound of each sub queue. FDAS 
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fairly allocates bandwidth among contending packets, with priority taken in consideration such 

as in WFQ, as long as the queuing delay of individual packets are within their delay bound 

limits. Once the queuing delay of individual packet exceeds its delay bound, FDAS gives priority 

treatment to the about to expire packet and send it first in a similar fashion to what EDF would 

do. For this reason, the average delay per sub queue for FDAS sets in between both WFQ and 

EDF. Also the standard deviation for FDAS is higher of about .36 second compared to WFQ 

with 0.3 second. This shows that despite FDAS is fairly allocating bandwidth but it also treats 

time critical traffic differently trying to accommodate its delay bound. 

  

  
Figure 6.6: Scenario 1: queuing delay 

In terms of throughput, WFQ tries to allocate bandwidth equally considering the priority of the 

sub queues. For this reason and due to the fact that WFQ does not consider delay bound while 
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scheduling packets and that F0 has the lowest delay bound in this scenario, this flow will not 

have a chance to transmit F0 at all as by the time the scheduler has some time to schedule the 

packet, the packet will have zero delay tolerance left and will be dropped as shown in Figure 

6.7(b). Flow F1 will less severely face the same problem and will not reach its maximum 

bandwidth allocation due to the dropping of some of its packets which will bring it lower than F2 

that will have the highest share of output throughput among all contenders. The rest of flows just 

have shares proportional to their priorities as expected specially that their delay bounds are 

relaxed and do not cause any severe dropping as in F0 or F1. FDAS, Figure 6.7 (a), will try to 

remedy F0 demanding time critical packets through its delay adaptive mechanism. This resulted 

in higher bandwidth than the 0kbps in WFQ but it is still much lower the demanded bandwidth. 

F1 on the other has benefited from this preferential FDAS treatment and was able to achieve and 

exceed its allotted bandwidth taking advantage of the bandwidth left over and wasted by F0 due 

to its stringent delay bound requirements. The rest of the flows are allocated bandwidth 

according to their priority, as normal. EDF scheduling, Figure 6.7 (c), prefers F0 and F1 due to 

their demanding timing and causes all other flows to expire and drop. This resulted in F0 and F1 

getting almost all requested bandwidth, around 60 and 40kbps consecutively, while the rest 

getting almost none. Again, this shows how FDAS preferentially treats time critical flows 

compared to WFQ while ensures bandwidth allocation fairness compared to EDF.  
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Figure 6.7: Scenario 1: output throughput 

Finally, we will discuss the dropping rate for packets that have their deadlines passed. Figure 6.8 

(b) shows how WFQ drops all packets for flow F0 even before they get a chance to be scheduled 

for transmission with a dropping rate of 65kbps equivalent to the arrival rate. It also drops about 

20kbps of flow F1 which agrees with the conclusion made above about the throughput of F1 

being lower than F2 due to its more stringent delay requirement and severe dropping rate. This 

brings F1 throughput down to the difference between the arrival rate of about 57kbps and the 

dropping rate of 20kbps which is the throughput we recorded in previous Figure 6.8 (b). The 

remaining flows, whether FDAS or WFQ scheduled, experience much less dropping rate than F0 

and F1 due to their relaxed delay bounds and lower arrival rates. EDF, Figure 6.8 (c) highest 

dropping rate goes to the flows in the middle in terms of delay requirements and arrival rate. This 
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is manifested in the highest dropping rate for flows F2 and F3 followed by the rest. The reason 

behind this is that fact that EDF favors time critical flows such as F0 and F1 and treat them 

preferentially to ensure meeting delay bound goals. Meanwhile, flows with least priority, F5,F6 

& F7, all are less delay demanding with much lower arrival rate which in turn result in less 

dropping as they arrive slower and can tolerate longer delays. 

  

 
Figure 6.8: Scenario 1: packet drop rate for deadline violation 

6.3.3.2 Scenario 2 Results Analysis 

Compared to the previous scenario, we can spot a difference in the average delay per sub queue 

as shown in Figure 6.9. EDF remained the same at about 0.62 second per sub queue. WFQ 

decreased slightly from 0.5 to 0.46 second per sub queue. While FDAS decreased more 

significantly from 0.58 to 0.29 almost half its value in scenario 1. The drop of the average 
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queuing delay could be attributed to the fact that F2, F3 and F4 are of medium priority as well as 

medium delay bounds compared to other flows. For this reason, higher priority flows, such as F0 

and F1, as well as shorter delay bounds flows, such as F5, F6 &F7, will receive better share of 

the network resource causing their queuing delay to drop below that of WFQ. This is due to the 

hybrid behaviour of FDAS that treats priority flows in a way similar to WFQ and time critical 

flows in a way similar to EDF. The result is an overall drop of the average sub queue delay 

compared to both EDF and WFQ. 

WFQ goes by priority when scheduling as usual but the delay bounds for the highest priority 

flows, F0 F1 F2, are the longest opposite to the previous scenario. This resulted in much less 

dropped packets and the throughput is almost equal to the arrival rate. 

 

Figure 6.9: Scenario 2: average queuing delay 
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Once the three highest priority flows receive their throughput share and consume about 172kbps 

of the total 200kbps available, the remaining throughput will be barely sufficient to 

accommodate the lowest priority two flows throughput requirements. This is due to the fact that 

the three medium flows have a relatively high arrival rate and short delay bounds which the 

scheduler cannot accommodate without missing their delay bounds given that the highest priority 

have already consumed most of the available bandwidth. In EDF, F0 and F1 receive less 

throughput than in scenario 1 due to the fact that their delay bounds became longer. F2 receives 

more throughput as its delay bound is shorter than the previous two. The rest are almost 

receiving zero throughput despite their short delay bounds. This could be attributed to the fact 

that EDF selects the soonest to expire without factoring in the transmission time of the packet 

which in this scenario is largest for the flows with shortest delay bounds. So, by the time the flow 

packet, large in size, soonest to expire is scheduled for transmission it will take long time to send 

causing all previous same flow packets to miss their deadlines and get dropped. Finally Figure 

6.10, FDAS decreases the throughput assigned to some flows relative to what was assigned in 

WFQ and increases the throughput of other flows with short delay bounds in their attempt to 

meet their deadline goals. I.e. decreasing F2 throughput from 50kbps in WFQ to 29kbps and 

increasing F5 from almost zero to 24kbps.  



 

167 

 

Figure 6.10: Scenario 2: output throughput 

With respect to dropping rate as shown in Figure 6.11, as expected for FDAS we found that F2 

increased while F5 decreased confirming what we implicitly concluded previously about FDAS 

throughput. In the case of EDF, again the flows with medium priority values will face the highest 

dropping while the two lowest and two highest priority flows will face the least packet dropping 

rate. The reason is not attributed to the priority but actually to the delay bound upon which EDF 

builds its scheduling scheme. The highest priority flows have smaller packet with higher arrival 

rate and will be easily squeezed among other flows, while the lowest flows have the shortest 

delay bounds and will favored by default using EDF algorithm. 
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Figure 6.11: Scenario 2: packet drop rate for deadline violation 

6.3.3.3 Scenario 3 Results Analysis 

Both WFQ and FDAS exhibit fair behavior toward all flows except the two lowest priority ones 

F6 and F7. All other flows experience queuing delays in a range less than 0.15 second. F7 

experience 1.2 in both cases while F6 experience 1 second and 0.6 in WFQ and FDAS 

respectively. The reason is that FDAS tries to use the available delay tolerance available in other 

flows to enhance the queuing delay of F6 and get it well below its delay bound target of 1.05 

second. Figure 6.12 shows that EDF is the highest in average queuing delay as it always tries to 

schedule the soonest to expire resulting in all flow packets actual delay very close or more than 

its delay bounds. WFQ is better in the average while FDAS shows the lowest possible average 

delay. 
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Figure 6.12: Scenario 3: queuing delay 

Both WFQ and FDAS show the same behavior, as in Figure 6.13 (a), because both provide all 

flows from F0 to F5 with almost their requested throughput almost equal to their arrival rate. F6 

and F7 are the most demanding in terms of arrival and requested throughput but as they are of 

the lowest priority and the also the longest delay bounds so the two scheduling mechanism, fair 

priority-based and delay schedulability-based, will not give any preferential treatment to these 

two flows and consequently will receive the lowest possible throughput compared to the rest 

making both FDAS and WFQ almost identical for this scenario. EDF on the other hand, Figure 

6.13 (b), prefers and assigns the time critical first three F0->2  flows almost all their requested 

throughput then tries to allocate as much throughput as requested to the following two flows 

F3&4 while the rest will be left with almost no bandwidth to use. 
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Figure 6.13: Scenario 3: throughput 
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Figure 6.14 shows the drop rate where FDAS and WFQ show almost identical numbers. EDF’s 

drop rate per flow is proportional to the flow’s own delay bound where the longer is the delay 

bound the higher is the drop rate 

 

 

Figure 6.14: Scenario 3: packet drop rate 
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6.3.3.4 Scenario 4 Results Analysis 

Both WFQ and FDAS exhibit identical queuing delay proportional to their flow priority. 

Queuing delay of EDF, on the other hand, is inversely proportional to their delay bound. In this 

scenario, the flow priority is inversely proportional to its delay bound restriction and the arrival 

rate. For this reason, FDAS will not change the scheduling order of WFQ as to accommodate 

delay bound of the lowest priority time demanding flows with fast arrival rates will totally 

breach fairness offered by fluid fair scheduling. In addition, WFQ does already meet all flows 

delay bounds and accordingly there is no need for FDAS to enhance beyond that by using 

schedulability testing. Figure 6.15 shows that EDF exhibits the highest average delay per sub 

queue as it schedules packets close to their delay bounds while both FDAS and WFQ shows 

almost identical average of much less than EDF. 

 

Figure 6.15: Scenario 4: queuing delay 
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Again both FDAS and WFQ show identical throughput allocation which is able to allocate all 

required throughput to flows F0 to F5, partial throughput to F6 and almost none to F7. Again 

priority traffic with lower arrival/throughput but longer delays were given priority and assigned 

available bandwidth while the more throughput and time demanding less priority flows got the 

leftover throughput. EDF will try to assign the shortest delay bound flows first. F7 and F6 are of 

shortest delay bounds but they also have the largest packet size so by the time they get a chance 

to be transmitted there will be a long lineup from other flows smaller size packets awaiting 

transmission and getting closer to their deadline causing F6 and F7 to get more packets delayed 

and dropped. This ended up in F6 and F7 starving while the rest of the flows receive throughput 

somewhat proportional to their delay bounds. Finally, FDAS and WFQ drops the lowest priority 

flow F7 almost completely and the second lowest F6 significantly while EDF drops all F6 and F7 

while dropping rate for the rest of the flows is proportional to their delay bounds which agrees to 

our finding in the throughput discussion above. 

6.3.4 Experiment 2: Results and Analysis 
Here, we will explain different scenarios simulation results for the second experiment. 

6.3.4.1 Average Queuing Delay vs. no. of Flows 

In scenario 1, Figure 6.16 (a), we notice that the average delay per flow is the lowest for FDAS 

for smaller number of flows per session. As the number of flows increases, the three schedulers 

start to approach each other within a range of about 0.1 seconds from one another. At lower 

number of flows per session, both WFQ and EDF favour more demanding flow packets in terms 

of bandwidth/priority and delay bound, respectively. When the number of flows is small and 
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there is some room between more demanding flow packets to fit the less demanding flows, so 

FDAS will try to interleave those lower flow packets within the higher demanding packets 

causing the overall queuing delay to be less than both EDF and WFQ. As the number of flows 

increases with more demanding flows and given that in scenario 1 all three performance 

parameters are proportional to each other, this means that the factors upon which the three 

schedulers prioritize and allocate traffic, which are priority and delay bound and bandwidth, are 

proportional to each other making their decision of which flow packets to choose next aligned 

and in harmony as the number of flows increases and consequently queuing delay encountered to 

be almost equal among the three. 

In scenario 2, Figure 6.16 (b), FDAS and WFQ are of higher queuing delay compared to 

EDF. The reason is delay bound budget is now inversely proportional to both priority and 

bandwidth requirements. EDF will prioritize all time sensitive traffic regardless of other factors 

but fortunately the time sensitive traffic in this case is also the traffic of lowest bandwidth 

requirements that means scheduling them will not contradict with more bandwidth demanding 

traffic flows. FDAS is still slightly better than WFQ for fewer flows per session but they both 

perform similarly as the number of flows increases beyond 10 flows per session.  

In scenario 3, Figure 6.16 (c), EDF is higher than both WFQ and FDAS which both exhibits 

the same queuing delay regardless of the number of flows involved. As priority is proportional to 

the delay restriction but inversely proportional to bandwidth requirement, so the shorter delay 

bound and higher priority flows are of lowest bandwidth demand. FDAS and WFQ will act the 

same because WFQ will favor those of high priority while FDAS favors flows with high priority 
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and short delay bounds which are both the same flows in this scenario. The distribution of the 

available bandwidth will be inversely proportional to the priorities which means the highest 

priority will likely get all their bandwidth requirement and will not be delayed while the lowest 

will receive whatever is left bearing in mind that their delay bounds is longer which will not 

make FDAS assign them any special treatment apart from what WFQ has already done. EDF on 

the other hand will only favour flows with shorter delay bounds at the expense of those with 

longer delay bounds but which come at much faster rate causing those faster flows to starve for 

bandwidth and consequently become quite behind and delayed over time. Finally, Figure 6.16 (d) 

shows scenario 4 which is no difference from 3 except that EDF exhibits much longer delays 

because shorter delay bound flows are now of faster arrival rate and will conquer the channel at 

the expense of more flows with slower arrival rate than in the previous scenario. 
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Figure 6.16: Average queuing delay vs. no. of flows 

6.3.4.2 Average Bandwidth vs. no. of Flows 

In all four scenarios in Figure 6.17, average bandwidth per flow will be the same. The reason is 

that we do not drop flow packets but rather just relax some flow packets for the sake of 

expediting other flow packets based on the FDAS criteria. The three schedulers are all work 

conserving scheduler which simply means that the scheduler will be kept busy as long as there 

are packets to be transmitted. This means that the entire output bandwidth will be consumed but 

the only difference is the distribution of this bandwidth among the contending flows which will 
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differ from one scheduler to another. The average though will stay the same as what is deducted 

from flow will be added to the other flow and the average will remain the same given that no 

packets are dropped over the period of simulation. 

 

Figure 6.17: Average bandwidth per flow vs. no. of flows 

6.3.4.3 Average Delay Violation vs. no. of Flows 

In scenario 1, Figure 6.18 (a), and as in the previous average delay section, FDAS outperforms 

both EDF and WFQ for lower number of flows of less than 10 flows. Here the delay violation is 
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the least for FDAS and this can be manifested in the delay violation of the flows belonging to the 

schedulable subset which experience less delay and preferential treatment compared to the rest of 

the flows. FDAS tries to reorder the flows taking advantage of the available delay budget in the 

delay tolerant flows for the sake of the delay intolerant flows. This way it reduces the overall 

violation by distributing the remaining delay budgets among contending dynamic flows as 

scheduling process goes along. As the number of flows increases, the three schedulers will 

approach one another except for the schedulable subset flows that will still be noticeably lower 

in FDAS attempt to keep the violation as close to zero as possible for this subset. 

In scenario 2, Figure 6.18 (b), EDF has a lower violation compared to FDAS and WFQ 

average delay. The reason, as explained in the delay section, is the fact that priority and delay 

bound is inversely proportional which makes WFQ prioritizes flows with high priority and 

arrival rate but longer delay budget at the expense of slower arrival flows with shorter delay 

budget. This causes violation for a larger number of lower priority flows with strict delay bounds 

compared to EDF which prioritizes the strict delay flows with slower arrival rate and then assign 

the remaining bandwidth to the lower priority faster arriving flows. FDAS tries to mitigate this 

shortcoming in WFQ by accelerating some of the flows belonging to the schedulable subset 

which can observed in both the FDAS curve that is mostly less than WFQ and also in the 

schedulable subset curve which is always below zero and close to EDF manifesting its dynamic 

behavior that tries to dynamically adapt between fluid flow and delay sensitive scheduling 

depending on the nature of the mixture of sessions’ encompassing flows.  
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In scenario 3, Figure 6.18 (c), delay bound and priority are proportional which again makes 

both EDF and WFQ to act similarly and prioritize the same set of high priority and low delay 

bound flows. FDAS will act exactly similar to WFQ due to the same fact and that there is no 

reason for preferential treatment for the rest of the flows that are not either high in priority or low 

in delay bound. The schedulable subset delay violation is higher than the overall average. The 

reason is that FDAS and WFQ are acting the same way as we mentioned and consequently the 

schedulable subset is not receiving any special scheduling treatment but rather receives 

scheduling similar to the rest of the flows proportional to their delay bounds and priority. This 

makes the overall violation as well as the schedulable subset violation always below zero which 

justifies that no special treatment was required to be done by FDAS as the deadlines are already 

met for most of the flows during the simulation period. 

In scenario 4, Figure 6.18 (d), delay bound is proportional to the arrival rate and so EDF will 

prioritize those flows which are arriving fast at the expense of the rest of slower flows. This 

means larger number of slower high priority flows will get delayed for the sake of faster flows of 

lower priority. WFQ will fulfill most the delay bounds and so FDAS will act similarly. 
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Figure 6.18: Average queuing delay violation vs. no. of flows 

6.3.4.4 Average Bandwidth Violation vs. no. of Flows 

In the first two scenarios, Figure 6.19 (a) (b), average bandwidth violation per flow is the same. 

The reason again is that we do not drop flow packets but rather just relax some flow packets for 

the sake of expediting other flow packets based on the FDAS criteria. In the last two scenarios, 

Figure 6.19 (c) (d),  though FDAS and WFQ are experiencing a slightly better violation 

compared to EDF. This is due to the fairness of WFQ and FDAS that tries to allocate bandwidth 

to some of the flows even if they are of lower priority to avoid starving those flows for the sake 
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of higher priority ones. This behaviour is not present in EDF which might let some flows with 

short delay bound to conquer the channel at the expense of longer delay bound flows. This 

causes the slight difference in the last two scenarios. Again the three schedulers are all work 

conserving schedulers which will be kept busy as long as there are packets to be transmitted and 

the distribution among the contenders will differ from one to another. The schedulable subset 

will be around or below zero as the number of flows increases in order to keep the delay of the 

constituent flows below their delay bounds.  

 
Figure 6.19: Average bandwidth violation vs. no of flows 
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6.3.4.5 Average Queuing Delay Schedulable vs. Overall Flows  

In all four scenarios, FDAS tries to accommodate the schedulable subset requirements and 

reduce its overall delay. In scenario 1, Figure 6.20 (a), where the three schedulers are functioning 

similarly due to the proportionality of delay bound, arrival rate and priority, FDAS selects the 

schedulable subset in such a way that minimizes its constituent flows’ delays compared to the 

entire sessions’ average delay.  

In the second scenario, Figure 6.20 (b), both FDAS and WFQ are close to each other while 

EDF is significantly better overall for the reasons explained in sections 6.3.4.1 and 6.3.4.3. 

Though the overall average FDAS is higher than EDF as it tries to ensure fairness, in a similar 

fashion like in WFQ, but when it comes to the schedulable subset it tries to imitate EDF 

schedulability and bring the schedulable subset average delay close to EDF as shown in the 

figure. 

In scenario 3, Figure 6.20 (c), FDAS fluctuates between following the schedulability 

scheduling and fluid flow scheduling. Sometimes it is closer to WFQ and sometimes to EDF in 

an attempt to bring the schedulable subset flows as close as possible to their own delay bounds 

regardless of the rest of the flows and the resultant overall average queuing delay. 

In the last scenario, Figure 6.20 (d), WFQ now is the lowest average delay and consequently 

FDAS kept behaving in a similar way to WFQ rather than EDF in order to keep the schedulable 

subset average the lowest possible and closer to the shorter of both scheduling schemes, which in 

this scenario WFQ as opposed to EDF in the second scenario. 
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Figure 6.20: Schedulable subset FDAS queuing delay vs. all flows' average delay 

6.3.4.6 Average BW Schedulable vs. Overall Flows  

In all four scenarios in Figure 6.21, we can see that schedulable subset is always given a 

preferential treatment and received a higher average bandwidth compared to the overall average 

of any of the individual schedulers. This is due to the same reasons explained in previous 

sections. 
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Figure 6.21: Schedulable subset FDAS bandwidth vs. all flows' average bandwidth 

6.4 SUMMARY 

In this chapter, we introduced explained its functionality and operation of our fair and delay 

scheduler (FDAS) which exhibits a comprehensive dynamic capability in achieving fairness in 

allocating and distributing transmission bandwidth among contending flows meanwhile fulfilling 

the delay constraint requirements of the more demanding flows and balance between the two 

goals. It achieves this by adaptively blending the fluid flow weighted fair scheduling to achieve 
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fairness with the delay schedulability testing in one dynamic scheduling mechanism. We also 

derived the mathematical optimization problem that should govern the ceil on the maximum 

theoretical performance that any scheduling algorithm could achieve given a specific set of QoS 

requirements of the session’s traffic flows mixture.  

We carried out the mathematical modeling in order to determine the complexity of different 

algorithms involved in the implementation of our scheduler. We also proposed methods for 

decreasing the overall complexity by cutting off certain unnecessary calculations for a branch of 

flows combinations that could be ignored as unneeded. Finally, we ran a simulation for four 

different scenarios in which the QoS specifications of different constituent flows proportionality 

will vary from one scenario to another to reflect different possible real life scenarios. The 

simulation has shown how FDAS in specific flows setup outperformed both EDF and WFQ and 

in other scenarios it was on par with either one of them depending on which is performing better. 

Regardless of the scenario and the FDAS overall performance, FDAS was always successful in 

choosing the highest priority schedulable subset and allocate scheduler resources to it in a way 

that meets the subset’s flow members QoS requirements better than other flows regardless of 

which scheduler is employed to schedule them. This has proved the dynamic adaptive behaviour 

of FDAS that it was originally designed to perform in order to take advantage of both scheduling 

schemes in its attempt to meet the two contradicting goals of meeting bandwidth requirements of 

some flows while not exceeding the delay bound restrictions of other flows. FDAS was able to 

provide preferential treatment to certain packets and override the fair fluid scheduling of WFQ to 

accommodate the delay bounds of sometime critical packets. At the same time, it did not overdo 
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the schedulability testing and allocation to the extent that totally voids the fairness in virtual 

finish time scheduling. When scheduling, FDAS takes into consideration the priority of the 

flows, their arrival rate and delay bounds. Hence, it tries to maximize both throughput fair 

allocation to each and every flow and meeting their deadlines. When fully achieving both goals 

is not possible, then it tries to find the priority subset that could be allocated its fair amount of 

bandwidth and meet their deadline goals. With respect to the remaining flows, it tries to allocate 

the remaining bandwidth fairly among them according to their priority settings and meet the 

deadline by dropping more packets and meet deadlines for the surviving ones. 

The next chapter will summarize the contributions of our research and explore possible 

venues for future research. 
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CHAPTER 7: CONCLUSION AND FUTURE WORK  

In this thesis, we tackled the problem of QoS provisioning in future networks and applications. 

Everyday new type of applications, networks, paradigms emerge paving the way for completely 

new areas of information sharing and communication. The existing dependence on such 

applications and networks, such as our smart phones, tablets etc, as well as the speculated 

reliance on future technologies and networks, such as IoT, M2M, augmented reality, wearable 

networks and devices etc, will dramatically change not only the way we live but also the way 

that the information is being handled. Billions of devices are to become connected when IoT and 

M2M spread and become a daily reality. Devices might vary from simple temperature 

monitoring sensors with no time critical nature and low information content to wearable heart 

rate monitoring sensors that are critical and should be handled with stringent QoS commitments. 

Also the nature of existing networks, such as 4G and UC, necessitate the need for the capability 

of handling sessions that might have participants that might belong to a widely diverse set of 

applications, services and networks.   

Despite a wide range of platforms, standardization and scheduling schemes exist to handle 

QoS provisioning in a whole world of scenarios, but to our knowledge no single proposition is 

capable of handling the existing as well as the speculated increasing complexity of this entire 

world of diverse QoS requirements. Also most of the available work is network or context 

dependent and cannot be generalized to a heterogeneous scenario in which participants belong to 

diverse interconnected networks and using a different sets of demanding applications which 

might not necessary require the same level of QoS service to be provided. Having said that, our 
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research targeted the development of a QoS provisioning framework that is particularly capable 

of providing the service quality ti the level that is acceptable to all session’s participants in such 

a way that maximizes satisfaction of individual participants while maximizing the overall 

utilization of the available network resource, typically the bandwidth of scheduler’s output 

channel, to bring it closer to the theoretical maximum achievable given the combination of  QoS 

requirements by different session participants. In the next section we will summarize the 

contributions of our framework. 

7.1 RESEARCH CONTRIBUTIONS 

We introduced a complete framework with the following components: 

1. QoS classification: by examining and comparing most relevant network level 

classifications, ITU-T and IEEE standardizations, existing established application level 

traffic classification and existing network and application traffic commercial codecs we 

introduced eight QoS classes that can match most of the real time, to the best of our 

knowledge, that traverses our today’s networks and that can still accommodate emerging 

real time with similar QoS demands. The classification took into account the objective 

QoS essential parameters such as throughput, delay and error rate. It also considers 

subjective quality of experience measures such MOS to define and create a borderline 

between classes to differentiate what is acceptable and what is not in terms of how the 

customer is perceiving the session quality. Those classes form 8 distinct 3d rectangular 

areas in the three dimensions space with delay, bandwidth and error rate axes. 
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2. QoS Mapping and Adaptation: flows arrive with specific QoS parameters and they need 

to be treated in such a way that guarantees they receive the quality they requested. There 

are two different situations that might happen. Either, the flow arrives by itself without 

recognizing a session that might belong to. In that case, our mapper will check its 

parameters and compare it to each of the eight classes that were previously explained. 

The closest class to this flow will become its QoS class of choice and will inserted in the 

corresponding queue for subsequent scheduling by our scheduler. In the other case if the 

flow belongs to a recognized session, then the rest of participants have to be first 

identified in order to determine their QoS requirements as well. Our mapper considers the 

QoS of all participants and calculates the agreed upon weighted average of the entire 

session QoS parametric requirements. This QoS point of consensus will be used next to 

find to which class this session should belong. Once the session is assigned to one of our 

eight QoS classes then any newly arriving packet will be allocated to the specific class to 

which this session has been allocated. This means that all packets will be collectively 

queued to the same queue in the subsequent scheduling by our QoS FDAS scheduler. 

3. Fair and Delay Adaptive Scheduler (FDAS): queue schedulers normally have certain 

objective to achieve such maximize overall throughput, temporal fairness, max-min or 

min-max the bandwidth fairness allocation among flows, minimizing overall queuing 

delay, eliminating queue and de-queue delay jitter, prioritize certain high priority flows, 

prevent any flow from starving for bandwidth, utilizing varying transmission channel 

condition and minimizing the buffer overruns and consequently overall packet drops. 
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Research in this specific area is extensive and varies significantly according to the 

specific application area in which the scheduler is to be deployed. Active queue 

management, traffic shaping and policing are all traffic engineering mechanisms that can 

also help in managing misbehaved traffic in their way to the queues to smoothen the 

flows and make them easier for handling by scheduler in order to meet their QoS 

requirements.  

Schedulers normally try to achieve one of the previously mentioned goals but to 

achieve multiple goals simultaneously then the employment of more than traffic 

management technique becomes necessary. For instance, CBWFQ is Cisco’s 

implementation for WFQ and is widely deployed in today’s networks routers and 

switches. CBWFQ is a combination of three different traffic management mechanism 

namely WFQ scheduling, WRED active queue management and Low-Latency priority 

Queuing (LLQ). In order to achieve a specific preferential treatment and guarantee a set 

of QoS requirements for a specific set of incoming flows then there is a cumbersome 

configuration that have to be performed on the router or switch to specify the criteria of 

matching and then to setup each of the three traffic engineering mechanisms mentioned 

to work in harmony to meet the requested QoS of all the flows. This is in one router or 

switch and this process has to be performed and synchronized on all the routers from the 

source to destination. WFQ achieve throughput fairness but has a high worst-case delay 

index which is also not equally distributed among all the flows. Some flows might 
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encounter higher delays than the others and there is no specific method of ensuring a 

specific maximum delay per specific queue.  

EDF is, on the other hand, delay aware and driven so that it prioritizes all contending 

based on their remaining delay budget in order to expedite those that are about to expire 

over the rest of the pending packet. EDF though is not fair in allocating bandwidth and 

some flows with long delay bounds might starve for bandwidth for the advantage of other 

flows with strict delay budgets. Variants of both EDF and WFQ scheduler exists that try 

to overcome their fairness and delay intolerance respectively. But, none of those variants, 

to the best of our knowledge, can fulfill both goals of bandwidth fairness and delay 

commitment simultaneously. Variants like DO-WFQ tries to improve WFQ worst case 

delay index (WDI) while maintaining the same worst case fairness index (WFI) of WFQ  

but still it doesn’t specifically meet individual flows QoS requirements but rather it tres to 

improve the overall delay for all flows as a whole. Also variants of EDF try to solve the 

starvation problem but achieving the fairness wasn’t really addressed.  

In light of what we mentioned, Our framework introduced fair and delay scheduler 

(FDAS) which as its name implies tries to balance between the two goals of achieving 

weighted throughput fairness and meeting individual flows QoS requirements. It takes 

advantage of WFQ virtual clock mechanism to tag flow packets as they arrive to establish 

an initial fair schedule for transmission that tries to achieve fairness through emulating 

the fluid flow GPS scheduling. This schedule as we mentioned doesn’t guarantee delay 

bounds and might while trying to maintain fairness cause violations to individual flow 
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packets critical deadlines. To solve this, our framework utilizes the schedulability testing 

employed by delay sensitive schedulers to determine the level of schedulability of the 

incoming flows. Depending on the overall utilization of the system and schedulability of 

the constituent flows, the scheduler will decide how to proceed next and its operation will 

vary from re-ordering the flow packets to meet their deadlines to extensive schedulability 

subset calculation and delay shifting and relaxation to fulfill the highest priority subset 

requirements while not starving or neglecting the lower priority ones. Fairness and 

deadline satisfaction will greatly depend on which stage our FDAS finds its schedulable 

subset and the amount of re-ordering performed which in turn depends on the inherent 

QoS requirements of the session constituent flows, different parameters proportionality, 

statistical distribution and priorities of different flows.  

A linear maximization problem of the maximum theoretically achievable 

performance satisfaction is solved to determine whether the extra work to be done by 

FDAS is worthwhile doing in comparison to what is already achieved by either WFQ or 

EDF. If theoretical maximum exists that exceed current figures achieved by other 

schedulers then, after finding the schedulable subset, the scheduler tries to interleave the 

highest priority subset packets between other lower priority packets in order to fulfill 

their delay requirements at the expense of the lower priority packets by either relaxing 

those lower priority packets within their allowable delay bound limits or even beyond 

these limits if this is the only way to meet the schedulable subset QoS goals. Fairness, 

delay commitment and overall session satisfaction will greatly depend upon where 
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exactly in this process the scheduler stops its operation and achieves its practically 

possible best performance.  

While trying to interleave schedulable subset packets among rest of flow packets, the 

scheduler solves a maximization problem to choose the next candidate packet for 

swapping. This maximization problem is similar to the travelling salesman problem in its 

attempt to find the right set of candidates among all pending packets but the problem 

reduces the set candidates to only those that could physically be swapped with while not 

violating the schedulable subset packet’s own delay bound. 

4. Schedulability Factor (SF): in order to choose among all possible combinations of 

different incoming flows and instead of examining every possible combination for 

schedulability which would be computationally expensive for real time traffic, we 

introduced the a new parameter that should represent the level of schedulability that a 

specific flow is exhibiting. SF calculation reflects the schedulability of flow by factoring 

in different crucial ratios that affect schedulability such as Delay bound to inter arrival 

time, inter arrival time to packet transmission time and finally delay bound to packet 

transmission time. The higher is SF, the more is the likelihood that the flow is not the 

cause of the session’s non schedulability and consequently the higher is the chance that if 

we include it in our next flow subset combination testing then it is not going to cause 

non-schedulability compared with other flows with lower SF. By calculating SF for all 

incoming flows and sorting them ascendingly, we can start with the lowest number of 

conforming flows and add flows to the subset combination according to the SF order until 
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we reach a combination at which any additional flows will certainly cause schedulability 

violation. SF is calculate only once at the arrival of any packet belonging to the specific 

flow class queue and will not be calculated at departure as the calculation has already 

been done at its arrival. 

7.2 FUTURE WORK 

The number of applications and types of emerging traffic flows are increasing day after day. 

Investigating the possibility of having a dynamic classifier that can understand the traffic 

inherent features and categorizes them into a number of clusters each representing all flows with 

homogenous set of QoS requirements could be a venue for further research. Determining the 

adequate number of QoS classes to be fed to the mapper and classifier as well as the exact 

algorithm, K-nearest neighbour or neural networks etc, is an important topic to be investigated in 

any dynamic classification future research. In terms of the mapper and adapter, we employed 

Euclidean distance to determine the association between the incoming packet and any of the 

classes. If the classification becomes dynamic instead of the static that we introduced then the 

boundaries between dynamic classes will be changing over time and not be linearly separable 

decision boundary hyper planes as the case in our framework. This in turn means that the use of 

Euclidean distance to the centroid of the class volume might not be adequate for such 

complicated and dynamic scenario and consequently more elaborate class assignment algorithms 

should be employed. The boundaries creation should also be supervised and not allowed to be 

created in such a way that complicates the following scheduling stage which in turn affects its 

own and the overall framework efficiency. Relationship between the classification boundaries 
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and the corresponding scheduling efficiency should also be looked into. Finally, for the 

scheduler the computational complexity could be brought down significantly by considering 

other versions of WFQ that are developed to simplify the virtual clock tagging and reduce the 

complexity associated with its computation, such as WF2Q and SCFQ. 
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