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ABSTRACT 
 

The purpose of this thesis is to evaluate and analyze the performance of RED (Random Early 

Detection) algorithm and our proposed RED algorithm.  As an active queue management 

RED has been considered an emerging issue in the last few years. 

 

Quality of service (QoS) is the latest issue in today‟s internet world. The name QoS itself 

signifies that special treatment is given to the special traffic. With the passage of time the 

network traffic grew in an exponential way. With this, the end user failed to get the service 

for what they had paid and expected for. In order to overcome this problem, QoS within 

packet transmission came into discussion in internet world. 

 

RED is the active queue management system which randomly drops the packets whenever 

congestion occurs. It is one of the active queue management systems designed for achieving 

QoS.  

 

In order to deal with the existing problem or increase the performance of the existing 

algorithm, we tried to modify RED algorithm. Our purposed solution is able to minimize the 

problem of packet drop in a particular duration of time achieving the desired QoS. An 

experimental approach is used for the validation of the research hypothesis. Results show 

that the probability of packet dropping in our proposed RED algorithm during simulation 

scenarios significantly minimized by early calculating the probability value and then by 

calling the pushback mechanism according to that calculated probability value. 

 

Keywords:  Congestion Control, TCP, Random Early Detection, 
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1 INTRODUCTION 

1.1 The Internet 

The internet is a network of networks, a world-wide network of millions of 

devices. These devices include millions of desktop computers, UNIX based 

workstations, routers and servers on which information is stored or retrieved for using. 

In spite of these typical network devices, there are many more things that are 

connected to the internet today which includes personal digital assistants, mobile 

phones, cell phones sensing devices, security systems and many others. In this 

complex connectivity of devices, all these devices may be called either hosts or end 

systems. All these end systems are connected by communication links like coaxial 

cable, copper wire or fiber optics. These physical communication links transmit data 

with different rates. The information is transferred by communication links from one 

end system to another end system. The links are indirectly connected to each other 

through intermediate switching devices called packet switches. In the internet, the 

chunk of information transferred through these links is known as packet and the links 

are called routes or paths. The internet uses the technology of packet switching that 

allows multiple communicating end systems to share a common path [1].  

1.2 The Internet Model 

The architecture of internet consists of two models i.e. OSI (Open system 

international) model and DOD (department of defense) Model. Both models describe 

about layering architecture of the internet referred as IP protocol layering [2]. 

1.3 The Internet Communication Architecture 

The OSI model describes the layered model of internet protocol. The overall 

communication architecture of the layered model is described as follows. 

The internet architecture puts most of its complexity on edges of the network. In 

the layered architecture, the application layer message is passed to the transport layer 

called as a packet. The transport layer receives this packet from application layer and 

adds some more information like header information of transport layer which is then 

used by the receiver side transport layer. This application layer packet together with 

header information constitutes transport layer segment. This segment is then passed to 

the network layer which includes its own header information such as source and 

destination addresses. This transport layer segment together with network layer header 

information constitutes network layer datagram. Finally this network layer datagram is 

passed to the link layer which also includes its own link layer header information to 

the datagram and forms a link layer frame. This process of encapsulation can be more 

complex when a large message of application layer is sub-divided into multiple 

transport layer segments which then be received by network layer into its equivalent 

network layer datagrams. These equally datagrams are transferred to its equal link 

layer frames. At the receiving end, all these segments, datagrams and frames are re-

assembled into a single segment, datagram and frame respectively [3].                                                                                                                        

1.4  Switching Technologies 

There are currently two fundamental technologies behind the internet that are 

circuit switching and packet switching technologies. The main difference between 

these two technologies is the reservation of resources. In circuit switching technology 

[4], all the network resources are reserved between the two end systems. All the 

conventional public switched telephone networks use this technology in which both 

ends establish a separate connection before communication starts. Whereas in packet 

switching technology the network resources are not reserved between the two end 
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systems in which the network traffic uses the resources on demand and uses queues for 

transmission. 

1.5 Circuit Switching 

The circuit switching functionality is described in figure 1.1 below.  In figure, 

there are four circuit switches that are interconnected by four links. The number of 

connections depends on the number of circuits attached to these links. If there are n 

circuits attached to the communication link, then there will be n simultaneous 

connections. The communicating entities in the figure are directly connected to these 

switches. When two communicating entities want to communicate, the network 

establishes a dedicated end to end connection between these two hosts. Therefore, if 

one communicating entity A wants to send packets to another communicating entity B, 

then the network must first reserves one circuit on each of these two links [4].  

 

   

 

 

   
 

 

 

 

 

 

 

 

Figure 1. 1: Circuit Switching 

 

1.6 Packet Switching 

All the communication occurs by using packet switching technology in the 

internet. In networking, the source breaks the long message into smaller parts called 

packets. These packets are then transferred to the destination end system via 

communication links [34]. The packet switching mechanism can be understood by 

figure 1.2 below. In the figure, there are two hosts A and B sending packets to host C 

[35]. 

The packet switching technology works on store and forward mechanism which 

maintains queues for arriving packets, therefore the queuing delays and packet loss 

occur. So we can conclude that best effort service delivery of internet cannot provide 

guaranteed delivery of its packets to the destination. For guaranteed delivery, best 

quality of service is needed. The different quality of service mechanisms has been 

defined in internet today. All of these mechanisms shall be discussed in the next 

chapter. 

               

  

 

 
 

 

 

 

 

 

Figure 1. 2:Packet Switching store and forward mechanism 
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1.7 Routing in Internet 

One of the most and critical aspects of internet design is its routing. The routing 

functions are performed by routers just as switches in packet switching technology. As 

it is discussed above, the switches are responsible for sending and receiving packets 

within packet-switching network similarly the routers are responsible for sending and 

receiving IP datagrams thorough out the internet. The protocols used for routing these 

IP datagrams are called routing protocols. The routing decisions are made by routing 

algorithms like link state and distance vector algorithms [6]. In public internet, the 

routing decisions are based on some form of least cost criteria. 

1.7.1 Routing Schemes in Internet 
There are two routing schemes in internet that are 

 Fixed Routing 

 Adaptive Routing 

1.7.1.1 Fixed Routing 

In fixed routing scheme, a single permanent route is configured for each pair of 

source and destination nodes. In fixed routing, routes are fixed and can only be 

changed if the topology of internet is changed [24]. 

1.7.1.2  Adaptive Routing 

In this scheme if the conditions in the internet are changed, then routes for forwarding 

datagrams are also changed. In virtually all the internet, adaptive routing scheme is 

used [25]. 

1.8 Administrative Zones 

As internet is a big network of millions of networks, it is divided into many 

administrative authorities. For example a single network is administered by a single 

administrator, an ISP is administrated by a single group or a company and a group of 

multiple ISPs is termed as autonomous system which is also organized by a single 

organization. An autonomous system usually comprises one or more countries or there 

may be more than one autonomous system in a single country [7]. The routing within 

autonomous systems is termed as intra-autonomous system routing and the routing 

between two different autonomous systems is termed as inter-autonomous system 

routing. 

1.8.1 Intra-Autonomous System Routing 

The routing mechanism within autonomous system is called intra-autonomous 

system routing. The protocols used for intra-autonomous system routing are called 

interior gateway protocols. The current routing protocols are RIP (routing information 

protocol) and OSPF (open shortest path first) protocol [8].  

1.8.2  Inter-Autonomous System Routing 
The routing mechanism between two or more different autonomous systems is 

called inter-autonomous system routing. The protocols used for inter-autonomous 

system routing are called exterior gateway protocols. The current routing protocol 

between two different autonomous systems is called BGP (Border gateway protocol) 

[9].    

1.9  Types of Inter-Autonomous Systems 

The whole internet topology is an inter-connection of autonomous systems. There 

are three types of autonomous systems that are: 

 Transit autonomous systems. 

 Stub autonomous systems. 
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 Multi-homed autonomous systems. 

1.10  Internet’s Delivery Service Models 

The default packet delivery service model for internet is best effort and whole the 

internet architecture works on this model. But for some special traffic, guaranteed 

delivery service models are provided in the internet with quality of service. Each of 

these models is discussed below. 

1.10.1 Best Effort Service Model 

In the internet only single service is provided which is known as best effort 

service. All the traffic in the internet is treated equally. The first come first serve 

mechanism is used to process all the traffic. Internet growth has increased very much 

during last two decades which puts extra burden on its default service model. With the 

passage of time, the functionality of  best effort service model becomes unable to 

provide timely delivery to the network traffic specially its performance greatly 

decreases regarding time sensitive traffic like voice and video traffic [26]. Some 

important problems like congestion, queuing delay, un-timely delivery of packets and 

even packet loss have put bad effects on this mechanism.  
Congestion occurs in this model if the rate of arriving packets is more than that of 

sending rate. Queuing delay occur if the number of arriving packets have to wait for a 

long time in the output buffer and packet discard occur if the output buffer becomes 

full and arriving packet does not find any place to wait. Packet discard is serious issue 

in almost all service models. To get rid of this behavior is one of the core issues of this 

thesis report. Hence issue of quality of service (QoS) arises to improve the service 

quality, a great research has done on this field and numerous service models have been 

introduced to provide guaranteed service to deliver the network traffic. All these 

guaranteed service models have been developed to support some specific type of 

traffic. Organizations have to made special service level agreements for secure and 

reliable delivery of their traffic. Still there do not exist any service model which 

provides best quality of service to all the traffic in the internet. A proposal named “A 

framework for QoS-based routing in the internet” has been presented in RFC 2386. 

1.10.2  Guaranteed Service Model 
In guaranteed service model, guaranteed delivery to its network traffic is provided. 

In this service model, issues like congestion, queuing delay, un-timely delivery and 

packet loss there does not exist. For guaranteed delivery of network traffic, a special 

service level agreement is made which specify the level of quality of service [27]. 

Numerous models exist for guaranteed quality of service in internet today which 

provides different levels of quality of service. All of these models will be discussed in 

detail and then evaluated with respect to best quality of service in the next chapter. 

1.11 The issue of QoS 

Quality of service is defined as providing special treatment to some special traffic 

as compared to other network traffic in the internet. Quality of service is a 

differentiation between different flows or different aggregates in the network and to 

decide who will get good service and who will not. 

The internet was designed to provide best effort delivery service in which all the 

network traffic is treated as equal. But with the passage of time when network traffic 

grows, congestion occurs and the delivery of packets becomes slow down. Secondly, 

due to tremendous increase in traffic and specially the advancement of multimedia 

traffic over internet, the current internet protocol and its services become inadequate. 

To overcome this problem, an issue of quality of service has been greatly discussed. 

Quality of service refers to the performance metrics. The important metrics are 

throughput, packet loss, latency and jitter [28]. 
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1.12 QoS Models 

As we discuss above that there are two service models in the internet i.e. best 

effort and guaranteed service. For achieving guaranteed service, the internet 

engineering task force (IETF) has proposed and recommended two architectures that 

are integrated services architecture and differentiated services architecture.  

1.12.1 Integrated Services Architecture 

Integration architecture mainly focuses on resources reservation along the path 

from source to the destination. Different protocols for reservation have been developed 

so far like RSVP, RTP and RTCP [29]. 

1.12.2 Differentiated Services Architecture 

Differentiated services architecture mainly focuses on traffic scheduling along the 

path from source to the destination. Different models under this architecture are 

scheduling, policing, labeling and dropping mechanisms [30]. In this thesis report, we 

are going to evaluate all the models of both differentiated and integrated services 

architectures in terms of QoS. The detailed information about all the models is 

provided in chapter 2. 

1.13 Why QoS 

QoS in internet is the hottest topic of today because of greater demand of voice 

and video over IP. For achieving QoS, especially in real time traffic (voice and video), 

a lot of research is currently on the way to solve the problem. The available 

frameworks for solving this problem are two architectures (Integrated and 

Differentiated Services) as proposed and recommended by IETF (Internet Engineering 

Task Force). 

Quality of service is defined as providing special treatment to some special traffic 

as compared to other network traffic in the internet. Quality of service is a 

differentiation between different flows or different aggregates in the network and to 

decide who will get good service and who will not. 

The issue of Quality of service (QoS) was first raised by some organizations 

dealing with sensitive or real time data. The technology was designed in order to avoid 

delay and packet loss for sensitive data and especially for multimedia traffic such as E-

commerce, video conferencing and video on demand. In today‟s internet service, 

multimedia traffic can only be transferred on network where provision of QoS is 

guaranteed that is why; QoS is one of the major features of today internet technology. 
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2 BACKGROUND 

2.1 QoS Background 

Quality of service belongs to guaranteed service model of the internet. In other 

words, guaranteed service is provided to the customer‟s application requirement which 

is transparent to end users. The service is provided by some application or host or may 

be by some router within the service provider in which all the network layers 

cooperate from top to bottom to assurance the required best service as agreed in 

service level agreements. Quality of service can also be defined as differentiation 

between packets for the purpose of special treatment as compared to other packets in 

the internet. 

In 1970, the internet (development of packet switching) was designed to transfer 

text files between nodes located at different places. The advent of packet switching 

over circuit switching was considered a great advancement for text data transmission 

like text files and email. This transmission model of internet uses best effort service for 

the delivery of packets and was considered equal to circuit switching capability, but 

with the passage of time, due to the advancement of voice and video over internet 

protocol, the best effort service model is now considered as inconsistent and unreliable 

delivery service model which does not meets the needs of end user requirements. To 

meet these requirements, different delivery service models have been proposed with 

quality of service provision which provides service as required by end users. Quality 

of service varies from model to model but is an important factor in each service model. 

Network quality of service is referred to the ability of a network to provide best 

service as compared to other underlying networks for example ATM (Asynchronous 

transfer mode), local networks and SONET. Quality of service is considered as a 

measure of how well it does its job regarding transmission of time sensitive data 

between source and destination. This measure of quality of service is specified in 

service level agreement which is a contract document between end user and service 

providers. 

2.2 IP Quality of Service 

IP based networks provide best effort delivery service model which does not 

provide guaranteed delivery of data packets. In IP best effort model, the arrival 

confirmation of data packets is the responsibility of internet protocol. In this 

mechanism, TCP is responsible for the re-transmission of data packets if any packet is 

not delivered which is considered as effective. Quality of service largely based on 

priorities because different traffic aggregates are combined together over a common 

transmission infrastructure. In IP mechanism, the priority of traffic is based on two 

things that are specific flow labeling and then network mechanisms who can act on 

these labeling. The main objective of quality of service in IP networks is to provide 

selectable service responses which are differentiated from best effort service model. 

2.3 The Architecture of QoS 

The generic architecture for quality of service provision needs following 

components. 

 For QoS within single network, queuing, scheduling and traffic shaping features are 

required. 

 A signaling technique is required for coordinating quality of service between 

different networks. 

 Policing mechanism and management functions are required for network traffic 

control across the networks. 
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The main theme of quality of service architecture is to manage all the complexity 

regarding transmission on end nodes instead on the network. The issue of complexity 

varies from vendor to vendor and on the demand of end users. Sometimes it becomes 

better to manage all the complexity at end nodes and sometimes it requires on network 

systems like routers. One may assume that all the complexity should be handled on the 

network router because router is responsible for sending traffic on best route through 

the network, others may think that the QoS techniques may not considered as 

appropriate on network routers instead on edge routers. So for best service especially 

for real-time voice traffic, it is necessary to consider the functionality of both the edge 

router and the network router. The edge routers perform functions like packet 

classification, admission control and configuration management whereas the network 

routers performs functions like congestion control, management and avoidance.  

2.4 General Elements for QoS Architecture 

In quality of service architecture, important elements include principles, 

frameworks, specification and mechanisms for end to end service [10]. 

2.4.1 QoS Principles 

There are five principles that are considered as generalized for any quality of 

service architecture [31].  

 Integration principles 

 Separation principles 

 Transparency principles 

 Asynchronous resource management principles 

 Performance principles 

2.4.2 QoS Specification 

In quality of service specification, all the requirements and management policies 

are concerned because in specification, end users specify what they want instead of 

typical mechanisms that have been developed. For specification, following key 

elements are considered [32]. 

 Flow synchronization 

 Flow performance 

 Level of service 

 Management policy 

 Cost of service 

2.4.3 QoS Mechanisms 

Quality of service mechanisms are designed according to end user specification. 

There are two types of quality of service mechanisms that are static and dynamic. In 

static mechanisms, we deal with quality of service provision already provided whereas 

in dynamic mechanism, quality of service control and management is described as 

needed by end user. There are three generic mechanisms for quality of service that are 

provision mechanisms, control mechanisms and management mechanisms. 

2.4.3.1 Provision Mechanisms 

 The provision mechanism consists of three components as follows [31]. 

 Network resource reservation protocols. 

 Quality of service mapping. 

 Network traffic admission control. 

2.4.3.2  Control mechanisms 
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Control mechanisms provide control over different flows of traffic. The level of 

control is defined during quality of service provision phase. Following are 

fundamental traffic control mechanisms [31]. 

 Flow shaping 

 Flow scheduling 

 Flow policing 

 Flow control 

 Flow synchronization 

2.4.3.3 Management Mechanisms 

Management mechanism ensures the contract of quality of service. Following 

elements are included in this mechanism [31]. 
 QoS monitoring 

 QoS maintenance 

 QoS degradation 

 QoS signal 

 QoS scalability 

2.5 Categories of QoS 
According to internet engineering task force standardization, there are two main 

categories of quality of service that are integrated services (reservation based) and 

differentiated services (prioritization). 

2.5.1 Reservation 

This category of quality of service provides the robust integrated service 

communications infrastructure for audio, video real-time and classical data traffic. 

Resource reservation protocol RSVP provides mechanism for this. The detailed 

functionality of resource reservation protocol is provided in section 7 [33]. 

2.5.2 Prioritization 

This category of quality of service is developed to support various types of 

applications and specific business requirements. In this category, network traffic is 

classified and the bandwidth of the network resources is utilized according to 

bandwidth management policy. Differentiated services use this prioritization 

mechanism. 

2.5.3 Per Flow QoS 

In this category, an individual flow is considered for specific quality of service 

requirement between source and destination and is uniquely identified by source and 

destination addresses. It is also identified by network protocol, source port number and 

destination port number. Combinations of two or more flows known as flow aggregate 

is also consider for typical quality of service provision. 
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3 PROBLEM STATEMENT 
Due to tremendous increase in traffic and specially the advancement of multimedia 

traffic over internet, the current internet protocol (IPv4) and its services become 

inadequate. To overcome this problem, an issue of quality of service has been greatly 

discussed .Quality of service is defined as providing special treatment to some special 

traffic as compared to other network traffic in the internet. Quality of service is a 

differentiation between different flows or different aggregates in the network and to 

decide who will get better service and who will not. 

 

Random early detection (RED) uses proactive packet discard mechanism for better 

quality of service. Our focus is to study the RED model very sensitively and find out 

the solution in such a way that it will enhance the performance of the RED i.e. 

minimize the packet drop. 

 

3.1 Aims 

Our aim is to study and analyze the RED model and then proposing a new model 

to find out the solution which can solve the problem of packet dropping to minimum as 

compared to RED. 

 

3.2 Objectives 

As we said earlier that RED uses proactive packet discard policy in order to 

achieve the better quality of service. In RED, router explicitly discards packets before 

the output buffer completely fills. It might be possible that this behavior of RED really 

cause disturbance in achieving the better quality of service. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

The objective of this research is to evaluate the performance of RED under the 

simulative environment. The simulation tool used is NS-2. Few research questions are 

being taken into thoughts in order to reach to the solution. We propose our own 

algorithm “Proposed RED” which will improve the performance of the RED than it 

really do at current. 

 

 

3.3 Research Questions 

 What is improved performance in proposed RED algorithm? 

 

THmax 

 

THmin 

Discard with probability Pa 

 
Do not discard 

 
Discard 

Figure 3. 1: RED model 
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 Why pushback mechanism is used for achieving QoS in Proposed RED Model? 

 

 On what parameters, you can compare the probability of packet drop between RED 

and Proposed RED? 

 

3.4 Expected Outcome 

The overall intention of this master thesis is to accumulate the knowledge gained 

through the literature review on RED and propose our own model on it (RED) which 

will have the better performance than the original RED. Simulation will validate the 

result and clears the concept. 

3.5 Research Methodology 

According to Dr. Deryck D. Pattron “Research Methodology is defined as a highly 

intellectual  human activity  used in the investigation of nature and matter and deals 

specifically with the manner in which data is collected, analyzed and interpreted.”[52]. 

Different research approaches exists in order to achieve some goal like experiments, 

surveying, conducting some interviews or questionnaires from some specific 

stakeholders. In general term, there exist two main approaches that are quantitative and 

qualitative [53]. 

 

The main concern of quantitative research approach is to examine and analysis of 

results generated by some experiments, surveys or simulation. All the research 

questions that we mentioned above can easily be understood after conducting 

simulation i.e. quantitative study of the problem [53]. 

 

The qualitative research approach gathers an in-depth understanding about the 

behavior and the reasons for that behavior. In contrast with quantitative approach, the 

qualitative approach is done in natural real environment. The strategies associated with 

qualitative research approach are biography, narrative research, phenomenology, 

grounded theory and case study [53]. 

 

As computer networking is a wide spectrum branch of computer science and 

therefore there are wide range of activities associated with it like understanding 

computer network architecture, network traffic engineering, traffic measurements and 

the emerging activity of Quality of Service in network traffic [54]. So the first part of 

our thesis focuses on detailed study regarding QoS. In this part all the current QoS 

models have been discussed by considering all the available sources like IEEE, ACM 

digital library and books available on the topic. After reviewing all the literature 

regarding QoS, we evaluate all the current models and concluded that packet dropping 

and scheduling are the key issues in almost all the models. 

 

After evaluation, we have proposed our own algorithm and model in order to solve 

the key issues. A lot of research is currently under way for optimizing quality of 

service of network traffic. So, in this thesis report, we also tried to take part in this 

current issue by proposing our own model. Simulation is widely used quantitative 

approach for validation of network related research problems. We validated our 

proposed model by using NS-2 simulation tool (open source) which is widely used in 

universities and R&D organizations for network traffic measurements and analysis. 

 

In this thesis report we used both qualitative and quantitative approach. At first we 

studied the existing literature review regarding the RED model. This is necessary in 

order to understand the fundamental issues in the research area.  
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Figure 3. 2: Steps involved during Research 

 

3.5.1 Problem analysis/ study of available resources-Qualitative Approach 

In order to understand the overall theme of the research area, it is necessary to 

have the effective study on those areas. Related works on related fields also helps in 

better understanding of the area on which he/she is conducting the research. For the 

literature review, articles are mainly accessed from IEEE Xplore and ACM digital 

library. Other than this Google scholar search engine was the main source for finding 

variety of resources. After the literature review, we identified that RED algorithm 

discards packet for achieving the quality of service. The main concept behind our 

thesis is to find the room for improvement in the RED model. 

 

3.5.2 Simulation-Quantitative method 

To validate our research problem, we design two simulation scenarios in NS-2 

(network simulator-2). Both the original and the proposed RED models are evaluated 

in the same simulation environment and both are executed for the same interval of 

time as well. The metrics on which the performance can be measured is time and 

packet drops per second. After the completion of the simulation, analysis is done and 

then finally a conclusion is drawn. 

 

3.5.3 Results/ Conclusion-Implementation 

 The packet dropping behavior of RED and the proposed RED is completely 

different. The packet dropping scenario in the original RED is more than the proposed 

RED which validates our study. 

3.6 Validity threats 

There always exist some potential threats to every research. The most important 

threats include internal and external validity threats, statistical conclusion validity 

threats and construct validity threats [53]. 

 

3.6.1 Internal Validity Threats 

Internal validity threats may vary from one research problem to the other problem. 

But according to study the internal validity threats can be defined as “The factors that 

cause interference in the investigator„s ability to draw correct inference from the 

Problem Analysis 

Simulation 

Proposed Model 

Identification of problem Study of available resources 

Results 
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gathered data are known as internal validity threats” [53].  Internal validity threats may 

be confounding, maturation, testing, instrumentation, statistical regression, selection 

and subject mortality threats [55]. 

In our thesis, the main factors for internal validity threats may be controlled 

environment i.e. simulation and the technical skill set or capability of the people who 

are doing research.  

To overcome the threats stated above, we ensure to equip us with all the technical 

skills that required for this research. We got familiar with the core issues of network 

traffic engineering, performance evaluation and latest developments in the core issue 

of QoS in network traffic. We can validate the simulation results by comparing it with 

real physical network results. 

 

3.6.2 External Validity Threats 

External validity is the generalized inferences in scientific studies which normally 

based on experimental studies. Threats to external validity are an explanation of the 

possibility of how much you might be wrong in making some generalization. All the 

threats to external validity interact with independent variables like aptitude treatment 

interaction, situation, pre-test, post-test effects and reactivity[53]. 

In our thesis, the main factor for external validity threat is the successful 

implementation of our proposed model in real physical internet because it seems very 

difficult without the cooperation of global authority. We can overcome this threat by 

implementing our proposed model in a small physical network which should at least 

consist of two small office networks and a router. In this way we can compare and 

validate our research as we have done in NS-2 simulator. 
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4 LITERATURE REVIEW 

4.1 Current QoS Models 
As it is discussed above that there are two main categories of quality of service. 

All current models of today for quality of service belong to one of these two 

categories. These models are based on different mechanisms like resource reservation, 

bandwidth management, policing, marking, scheduling, shaping and dropping. In the 

rest of this thesis report, each of these models are discussed in detail and then 

evaluated with respect to best quality of service which is one of the core issues of this 

thesis. The current models (Section 4.2 to 4.8) are discussed in detail for qualitative 

analysis: 

 Resource Reservations 

 Scheduling Mechanisms 

 Policing Mechanism 

 Labeling Mechanism 

 Dropping Mechanism 

4.2 Resource Reservations 
Resources reservation mechanism is one of the best models for quality of service 

that provides reservation setup and control to enable the integrated services and is 

intended like circuit switching emulation on IP networks [11]. The principle 

background functions for resource reservation are reservation protocol, admission 

control, management agent and routing protocol. 

4.2.1 Reservation protocol 

For resources reservation, a protocol is used in routers and in end systems for 

reserving resources for a particular flow. It is used for maintenance of information 

regarding specific flow at end systems and at routers along the path of the flow. The 

reservation protocol is also used to control the database which is used by packet 

scheduler to determine the specific service. 

4.2.2 Admission control 

The admission control function of reservation protocol determines if sufficient 

resources are available for requesting QoS flow. If the resources along the path are 

available for requested quality of service, then the admission control function of 

reservation protocol admitted the flow otherwise it denied. 

4.2.3 Management agent 

The management agent of reservation protocol manages the traffic control 

database for setting admission control policies. 

4.2.4 Routing protocol 

It manages the best route along the path with the help of routing database and 

determines destination address for each flow. 

4.2.5 Protocols for QoS 

In integrated services architecture, there are currently different protocols for 

resource reservations like RSVP, RTP and RTCP. 

4.3 Scheduling Mechanisms 
Scheduling mechanism is an important component of integrated services 

architecture at the routers [14]. There exist many scheduling mechanisms for achieving 

quality of service. All of these have some advantages and drawbacks. The default 
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mechanism implemented in today‟s internet is FIFO or first come first serve model. 

All the scheduling mechanisms are discussed in detail and then be evaluated according 

to best quality of service in sub-sequent sections which is one of the core issue of this 

thesis report. The following mechanisms are discussed and evaluated. 

 FIFO (First in first out) 

 Fair queuing 

 Bit round fair queuing 

 Weighted fair queuing 

 Priority queuing 

4.3.1 First in First out (FIFO) 

In traditional internet, routers used first in first out queuing discipline which is also 

known as first come first serve at each output port. At output queue, packets wait for 

transmission if the link is currently busy in transmitting another packet and if there is 

no space to accommodate the arriving packet, then that packet is simply discarded. The 

packet discard policy of this queuing mechanism does this job of packet discard. The 

FIFO discipline selects packets for output queue for transmission in the same order in 

which the packets arrived at output queue [15]. 

 

 

  

             

   
 

Figure 4. 1: FIFO mechanism. 

 

4.3.2 Fair Queuing (FQ) 

To overcome some of the above drawbacks in FIFO, fair queuing mechanism is 

proposed [16]. In conventional FIFO mechanism, only one queue is maintained for all 

sources of traffic. Suppose if three different sources of traffic want to traverse over a 

single network, then only one queue for all these traffic sources will manage to pass 

the traffic to that network. Whereas in fair queuing mechanism each separate queue is 

maintained for each different traffic sources. In this mechanism, each arriving packet 

from a typical source is accommodated in a particular queue and then all these queues 

are serviced in round robin fashion by taking one packet from each queue at regular 

time intervals. It can also be termed as load balancing mechanism. 

 
Packet 
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Figure 4. 2:Fair queuing in round robin fashion 

4.3.3  Bit Round Fair Queuing (BRFQ) 
The problem of un-equal distribution of bandwidth in fair queuing is solved in bit 

round fair queuing. In this mechanism, instead of passing one packet per round, one bit 

from each packet is passed at each round. In this way the problem of un-equal 

distribution of bandwidth is solved and so the longer packets will not get advantage on 

bandwidth capacity over smaller packets. In this mechanism, if suppose there is N total 

bandwidth, then each of the queue in this scenario will receive 1/N of the total 

bandwidth. This approach is also known as processor sharing. 

4.3.4 Weighted Fair Queuing (WFQ) 

This mechanism introduces generalized processor sharing (GPS) mechanism over 

processor sharing (PS) as in bit round fair queuing. In this mechanism, individual 

packets are transmitted instead of individual bits from each queue at each round as in 

fair queuing but in this mechanism; each class of traffic receives a differential amount 

of service in any interval of time. More specifically for equal distribution of bandwidth 

capacity among all the queues, each class is assigned a specific weight. Under 

weighted fair queuing, suppose a class i will be granted a weight Wi that will be equal 

to Wi/ΣWj. where ΣWj is the total weight of all the queues in that scenario. 

4.3.5 Quality of Service Support in WFQ 

Weighted fair queuing provides a uniform and appropriate quality of service to 

network traffic. Suppose there is one link with speed 1 and the guaranteed rate for 

transmission on link 1 is .5 and suppose the guaranteed rate for other 9 links is .05. It is 

supposed that flow 1 on link 1 sends 10 packets and all other 9 flows send one packet 

at time 0. Under FIFO mechanism, each packet will be transmitted from each flow but 

under weighted fair queuing, all the 10 packets of flow 1 will be transmitted at time 0 

and after that all the other 9 flows will transmit one packet at time 0. This is because of 

equal weight distribution among all the flows. Weighted fair queuing plays a central 

role in achieving quality of service which is available in today‟s router products. 

4.4 Drawbacks in Scheduling Mechanisms 
 

 

Table 4. 1:Drawbacks in Scheduling Mechanism 

Sr. no. Mechanisms Drawbacks 

1 FIFO The major drawback is packet discard in this mechanism. 

Equal treatment of ordinary and time sensitive packets 

Delay (larger packets get better service than smaller 

packets) 

 

Multiplexed output 

 

process 

Flow 1 

Flow 2 

Flow 3 
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2 Fair Queuing 

 

Unable to differentiate between packets of higher priority 

and lower priority. All the packets are serviced equally in a 

round robin fashion [17]. 

Another serious drawback in fair queuing is unequal 

distribution of bandwidth resources. 

Packet dropping problem is same as in FIFO discipline 

3 BRFQ The problem of un-equal distribution of bandwidth is 

solved in bit round fair queuing but the problem of how to 

achieve quality of service by priority is not solved in this 

mechanism. 

Packet dropping problem is same as in fair queuing 

discipline as well. 

 

 

4.5 Priority Queuing 
For achieving quality of service, time sensitive packets require higher priority for 

transmission over other packets. The problem of priority is solved in priority queuing 

mechanism. In this pattern of scheduling mechanism, the packets of higher and lower 

priority are marked and separated into different queues at output port. The priority 

level is mentioned in packet header for example in ToS (Type of service) field of IPv4. 

The transmission of packets is done in round robin fashion. The packet from higher 

priority queue is transmitted first before the packet from lower priority queue and the 

packets from same priority classes are transmitted in FIFO manner. 

Suppose we have two different queues with different priority at output port. 

Suppose packets with numbers 1, 3 and 5 are of higher priority and packets 2, 4 and 6 

belong to lower priority queue. First of all packet 1 arrive and begins transmission but 

during the transmission, packets with numbers 2 and 3 arrive and are queued for 

waiting into their respective queues. After the transmission of packet 1, packet with 

number 3 will be selected for transmission instead of packet with number 2 because 

packet 3 has higher priority than that of packet 2. After the transmission of packet 3, 

then packet 2 will be selected for transmission. In this mechanism, packets with higher 

priority are transmitted before the packets with lower priority [18]. 

 

                                      

                          

 
 

                                                                                   Low priority queue 

 

 

 

 

 

Figure 4. 3: Priority queuing mechanism 

4.6  Policing Mechanism 
Policing is a monitoring of network traffic in such a way that the ingress hosts can 

experience a promised traffic characteristics. Policing mechanism is also used to 

achieve some specific goals by limiting the traffic rate to some specified value. 

Policing is typically a mechanism to protect the network resources from congestion or 

against some malicious behavior. There are currently two models for policing 

mechanism that are. 

 Token bucket model 

 Leaky bucket model 

Process 

High priority queue 
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4.6.1 Token Bucket Model 

In this mechanism, a pre-determined amount of tokens are placed in a bucket to 

represent the specified capacity of network traffic in order to achieve quality of 

service. When one packet is transmitted, one or more tokens are used according to the 

size of packet. The token bucket algorithm is also used more effectively for regulating 

long term average transmission rate [19]. It also handles the burst of traffic. The 

transmissions of data packets continue until all the tokens in the bucket are consumed. 

When the tokens in the bucket are finished, then the transmission of packets is delayed 

or it may be discarded due to congestion. The re-transmission of packets starts as soon 

as the bucket is re-filled [16]. This model controls the transmission rate to a specified 

value. The token bucket parameters are bucket rate, bucket depth, and peek rate. 

4.6.1.1  Drawbacks in Token Bucket Model 

The token bucket model is a meaningful model for traffic characterization. The 

probability of packet discard increases as the token supply in the bucket exhausted. 

Like all other mechanisms disused so for, token bucket model also has possibility of 

packet discard. How to get rid of packet discard in all mechanisms is one of the core 

issues of this thesis report. A proposed model for this mechanism is also presented in 

next chapter. Figure below shows the models before passing and after passing the 

packets from the bucket. 

      

 (After) 

 

 

(Before)       

 

 

 

 

 
 

 

 

 

 

 

 

 

 

 

Figure 4. 4: Token bucket mechanism before and after packet transmission 

 

4.6.2 Leaky Bucket Model 

Leaky bucket model is also a policing mechanism for network traffic for achieving 

quality of service. It is also used to control the network traffic and is implemented as a 

single server queue with constant service. Unlike in token bucket model which can 

accept burst of traffic, the leaky bucket allowed only fixed amount of traffic to the 

network. Fixed packets are leaked from the bucket and are injected to the network. 

Any excess traffic has to wait in a bucket and if the rate of incoming packets into the 

bucket is much more than the leaked packets to destination network, then the bucket 

will discard the excess packets after maximum bucket size has been filled [20].  

Like token bucket model, leaky bucket also has the probability of packet discard. 

Although, leaky bucket is considered a good model because a fixed amount of traffic is 

injected into the legitimate network. In this way, a network experiences a constant 
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traffic rate and hence meets quality of service with required level. The probabilities of 

packet discard increases with the increasing rate of incoming packets into the bucket. 

The problem is solved by proposing a model in next chapter. Figure 3.5 below shows 

the model of leaky bucket. 

   

 

 

  

 

 

 

 

 
 

 

 

 

 

 

 

 

 

Figure 4. 5: Leaky bucket model 

 

4.7 Labeling Mechanism 
Until now, different levels of quality of service are discussed for different users. 

Routing protocols provide explicit quality of service whereas mechanisms like 

scheduling, policing and dropping provide implicit service to their users. However 

none of the quality of service protocol or mechanisms for far discussed above 

addresses the performance issues. The issue of how to improve the overall throughput 

and delay characteristics of an internet is solved by MPLS which is a promising effort 

for providing quality of service support in ATM networks. MPLS (Multiprotocol label 

switching) technology is a combined solution of IP and ATM technologies.  

The internet engineering task force IETF setup MPLS working group in 1997 for 

developing a common standard in response to different efforts made by companies like 

Cisco Systems and IBM in IP switching field. The working group issued its first 

standard in 2001 with specifications provided in RFC 3031. According to this RFC, 

MPLS reduces the per packet processing time at IP routers. Also MPLS provides new 

capabilities like quality of service support, traffic engineering, virtual private networks 

and multiprotocol support. 

4.7.1 Quality of Service Support 

In conventional internet, connectionless service cannot provide quality of service 

as connection oriented service. MPLS proposed a connection oriented service and 

provides reliable quality of service to the network traffic [21]. It provides quality of 

service specifically aimed to the followings. 

 It decreases the probability of packet dropping as compared to other mechanisms 

 Increases service reliability by removing congestion at ingress routers. 

 It provides sufficient service to high priority packets without affecting other network 

traffic. 

 It greatly fulfills the customer needs regarding performance measurements. 

 It can offload the traffic from congested route. 

Network 

Unregulated 

flow 
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flow 
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4.7.2 Traffic Engineering Support 

MPLS has the ability to define routes dynamically, planning network resources 

and network utilization optimization. These abilities of MPLS are termed as traffic 

engineering. The ordinary internet routing protocol such as OSPF enable routers to 

change the route dynamically to given destination on packet by packet basis for 

reducing the load. This mechanism can react to congestion in a very simple manner but 

cannot provide quality of service support. Whereas, MPLS on the other hand not only 

aware of individual packets but also the flows of packets in which each flow require a 

certain amount of quality of service. Secondly during congestion, MPLS can change 

the paths intelligently. It changes the paths on flow by flow basis instead on packet by 

packet basis [22]. 

4.8 Dropping Mechanism 
Packet discard is considered a bad think in internet quality of service mechanism 

because due to lost or out of order delivery of packets, TCP has to re-submit the 

missing packets which is an extra burden and which sufficiently deduces the 

performance measurements like quality of service support. All the mechanisms 

discussed so far in previous sections uses an approach of implicit packet discard. No 

proactive packet discard policy is adopted by any of the mechanisms discussed so far 

in above sections. 

The mechanism random early detection (RED) presented in this section uses an 

approach of proactive packet discard for achieving quality of service goals. 

4.8.1 Random Early Detection 

Random early detection uses proactive packet discard mechanism in order for 

better quality of service. In this mechanism, router explicitly discards packets before 

the output buffer completely fills [25]. This mechanism can be implemented in any of 

the above mechanisms discussed so far for better quality of service. It normally works 

on a single queue. As it is thought that packet discard is considered a bad thing in 

different architectures, therefore before going into its details, the motivation and 

objective of RED model is presented. 

4.8.2 Motivation for RED 

When congestion occurs on a network, then routers discard packets which are a 

signal to TCP connection to slow down the rate of transmission for this source, so that 

the congestion can be reduced. As discussed in all mechanisms in previous sections, 

packet dropping has a very bad effect on performance because lost packets must be 

retransmitted which adds a significant load on the network and delay occur on TCP 

flows. The problem can be more serious if a large burst of traffic arrives and queues 

are filled up and a great number of packets are dropped, this will cause a dramatic drop 

in network traffic which may causes many TCP connections to slow down its rate of 

transmission. Due to many TCP connections set into slow start, the overall network 

performance will be underutilized. 

The solution for above problem is provided by RED model. In this mechanism, the 

event of congestion is determined before reaching at congestion point. At the point of 

anticipate, only one TCP connection is told to slow down its traffic rate. After that 

with the probability of increasing number of packets, another TCP connection may tell 

to slow down. In this way the TCP connections are gradually slow down to get rid of 

congestion instead of slowing down many or all of the TCP connection at the same 

time. In this mechanism, the performance of network will never be underutilized and 

so the probability of global synchronization will never occur. 

4.8.3 RED Algorithm 

The RED algorithm taken from [23] can easily be understood by figure 3.6 below. 

The following steps are used in this model. 
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Calculate the average queue size avg 

If avg < THmin 

queue packet 

else if THmin <= avg < THmax 

calculate probability Pa 

with probability Pa 

discard packet 

else with probability 1- Pa 

queue packet 

else if avg >= THmax 

discard packet 
 

 

 

 
 

 

 

 

 

 

 

 

 

Figure 4. 6: RED model algorithm 

 

The algorithm works by performing two steps each time a packet entered into the 

queue. When a new packet enters into the queue, the average queue length is 

calculated and then it is compared with two thresholds values THmax and THmin.  If the 

value of avg is less than THmin, then the packet is allowed to queue. If the value of avg 

is equal to or greater than THmax, then the congestion is assumed to its full potential and 

excess packet is discarded immediately. Finally if the value of avg is in between THmax 

and THmin, then it is a point where congestion might occur. At this point the probability 

Pa is calculated with respect to the value of avg. If the value of Pa is approaching to 

THmax, then the packet is discarded with probability Pa and if the value of Pa is not 

very close to THmax, then the packet is queued with probability (1 – Pa). 

4.9 Evaluation of QoS Models 
The best effort service model of the internet transmits network traffic in a single 

queuing mechanism with its best effort. The guaranteed service models provide 

guaranteed service to network traffic of a typical organization. The protocols for 

guaranteed quality of service provide guaranteed service to some special 

organization‟s traffic according to the service provided by those protocols. RSVP, RTP 

and RTCP all provide guaranteed service to their end users.  Although all these 

protocols are intended to support quality of service in internet and in private internets. 

These protocols are relatively complex to deploy for large scale volumes of traffic. 

They cannot be deployed over a big volume of internet. 

Different traffic conditioning mechanisms are presented for quality of service 

achievement with advantages and drawbacks. In scheduling mechanism, almost all the 

models have one common drawback of packet discard. Packet discard is considered an 

extra burden on the network because lost packets must have to retransmit again and 

due to this, significant delays occur on TCP flows [3].  

The second common drawback in all of the scheduling mechanisms is regarding 

the priority of time sensitive packets. In FIFO technique, all the packets from all the 

sources are treated equally without assigning any priority to time sensitive packets. 

Similarly with fair and weighted fair queuing, the priority is not taken into account and 
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all the packets of different classes at different queues are transmitted in a round robin 

fashion. The only difference between the two mechanisms is fair utilization of 

bandwidth. In fair queuing, there is no fair bandwidth utilization as more capacity goes 

to flows with larger packets whereas shorter packets are penalized. In priority queuing, 

the priority of different traffic classes is taken into account and the packets with higher 

priority are transmitted before the packets with low priority. The problem of priority is 

solved by priority queuing but the probability of packet dropping also exists in this 

mechanism as in all other mechanisms. There may be a significant delay in the queue 

with low priority packets if great number of higher priority packets or even big bursts 

of higher priority arrive one after another. The problem is solved by proposing a model 

in next chapter. 

In policing mechanism, two models are presented for quality of service 

achievement. In token bucket model tokens are discarded on packet arrival, whereas in 

leaky bucket model packets are discarded when the maximum size of bucket reaches 

its full capacity. Similarly, packets may be discarded like tokens in token bucket 

model, if there does not exist sufficient tokens in the bucket for that particular packet 

or even if the bucket is empty. The packet discard problem of both the models is 

solved by proposing a model in the next chapter.  

 

For reader to understand the above conclusion, we can summarize it as follows: 

 

 In scheduling mechanism, all the models have one common problem of packet 

discard. 

 Priority regarding time sensitive packets is another drawback in all the scheduling 

mechanisms. 

 In policing mechanism, packets are discarded when the maximum size of bucket 

reaches its full capacity. 

 In reservation model, different protocols are intended to support quality of service 

which is relatively complex to deploy for large scale volumes of traffic. 

 In queuing mechanism, packets with higher priority are transmitted before the 

packets with low priority which leads to significant delay in the queue with low 

priority packets if greater number of higher priority packets arrives one after 

another.  
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5 PROPOSED METHODOLOGY 

5.1 RED Variants 
Congestion is one the major problems in the network .There have been a lot of 

research in this section by different researchers. In order to prevent increasing packet 

loss and to provide a good network infrastructure and QoS, different active queue 

management algorithms have been developed. The general idea of active queue 

management is to inform the sender about the congestion so that the sender can lower 

the packet sending rate before the queue overflows and the packet loss. We would like 

to reflect the operation on few of these algorithms like Gentle Red, Random 

Exponential Marking, Adaptive Red, SRED, DRED and BLUE. Basically they 

describes about the queue size, drop probability and packet loss rate in these 

algorithms [36, 37]. 

 

5.1.1 Stabilized RED (SRED) 

 

SRED [38] primitively discards packet with a load dependent probability when a 

buffer in a router in the internet seems congested. We can say that SRED does this 

function by estimating the number of active connections or flows and buffer 

occupation. Unlike RED it does not depend upon the average queue length. Active 

flow in the queue is estimated by the simple form of list in the buffer called “Zombie 

list” [36, 38]. 

It consists of a count and a timestamp. The list consists of a source address, 

destination address, source port number and destination port number. The count starts 

with a zero and the timestamp is set to arrival time of the packet in the buffer. Now for 

every arriving packet, it is compared with the list in the Zombie, if the packet matches 

with one of the items in the list then it is considered as “Hit” and if it does not match 

then it is marked as “No Hit”. When Hit then the count is increased by 1 and the time 

stamp is set to the arrival of the packet in the buffer and when it is “No Hit”, then the 

flow identifier (source address, destination address) of the packet is overwritten with 

probability p over the Zombie chosen for the comparison. With probability 1-p.  

There is no change to the Zombie list.  

5.1.1.1 Dropping Probability in SRED 

The dropping probability for SRED depends upon whether there was a hit or not. It 

ensures that the drop probability increases when the buffer occupancy increases and, 

even when the estimate P (t) remains the same. In SRED, the dropping probability in 

relation to the queue size taken from [36] is calculated as:  

 
Equation 5. 1: SRED Equation 

 

 6/ if   0

 3/6/ if                      4/  

3/  if  

max

max

Bq

BqBP

BqBP

Psred

 
Where B = Buffer, Pmax = 0.15. 

 
The full SRED drop probability pzap is calculated by using psred (q), the hit 

frequency P (t) and the hit values as given below [38]. 
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5.1.2 Dynamic RED (DRED) 

DRED [39] has the simple feedback mechanism to discard the packet in the queue. 

The basic idea behind DRED is to stabilize the actual queue size keeping the 

utilization high and helping in controlling packet loss. When there is a huge amount of 

traffic flow than the DRED router buffer drops packet on an increasing rate. Aweya, J., 

Ouellette, M., and Montuno, D., Y. in their paper describe “DRED maintains the 

average queue size close to a predetermined threshold, but allows transient traffic 

bursts to be queued without unnecessary packet drop” [39]. The parameter on which 

the DRED operates is the average queue length (aql), throughput (T), average queuing 

dealy (D), packet loss probability (Ploss) and packet dropping probability (Dp). 

 

DRED depends upon fixed unit time (Ct). For each Ct, the current ql and the error 

signal Err (i) are computed in order to obtain Dp. The calculated Err (i) depends upon 

both the current ql and Tql (Target queue level). 

We can derive the equation in this form: 

 

Err(i)= ql(i) – Tql ..................(i) 

 

Based on Err (i), Filtered error signal can be detected as  

 

Fil(i) = Fil (i-1)* (1-qw) + Err(i)* qw   ...................... (ii) 

 

The capacity of DRED router buffer is denoted by K, the DRED control parameter 

(ε) is for controlling the feedback again Dp. 

 

Dp(i)= min {max(Dp(i-1)+ ε* Fil (i)/K,0),1}............[36] 

5.1.2.1  Dropping Probability in DRED 

Dropping probability (Dp) is adjusted only when the current ql is equal to or 

greater than the no-drop threshold (th) for keeping the high link utilization. In other 

words, there is no any drop for the packets when ql<th. We can say that DRED relies 

on the ql parameter in order to decide whether or not to drop the packets. 

DRED has the same packet dropping policy as in RED. It marks the arrival packet 

either by dropping it or by adding an explicit congestion notification (ECN) bit in its 

header [36]. 

 

5.1.3 BLUE Active Queue Management 

The key idea behind BLUE is managing the queue directly on packet loss and link 

utilization rather than average queue length as in RED. Blue maintains a single 

probability (Pm) which is used to drop or mark packet when they are in queue. If queue 

exceeds the buffer, i.e. if queue is dropping the packet in a regular basis, then BLUE 

increases the probability whereas if queue is less than the buffer, then (Pm) is 

decreased. 

Besides the marking probability, the two other parameters used by the BLUE are 

the freeze time and (d1, d2). Freeze time is the minimum time interval between two 

successive updates of (Pm) which helps in the change of the marking probability to 

take effect before the value is updated. The other parameter d1 and d2 determines the 

drop probability increased or decreased [40].  
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5.1.3.1  Dropping Probability in BLUE 

When the queue length exceeds the given buffer size at a specific time, then the 

BLUE experiences the packet loss with the increasing probability d1 and when the link 

is idle (queue length is small or even empty), then the probability of packet loss 

decreases by d2 [40].  

5.2 Dropping Probability in RED 
As we have discussed in the early chapter that the drop probability in the RED 

depends upon the average queue length, the elapsed since the last packet was drop and 

the maximum drop probability parameters. The RED drop probability in packet mode 

taken from [23] is calculated as: 

 

Pb = THmax (Avg – Thmin) / (THmax- THmin) 

Pb = Pb * PacketSize (P) / MaximumPacketSize 

Pa = Pb / (1- count * Pb) 

5.3 Proposed Models for QoS 
After evaluation of all the mechanisms discussed so far in chapter 4, it is 

concluded that packet discard and priority of time sensitive packets are two main 

issues which will be discussed in this chapter. Two models are proposed for these 

issues, one for packet dropping, termed as “Rate limiting model” and other for priority, 

termed as “Fair priority scheduler”. 

5.3.1 Rate Limiting Model  

In scheduling mechanisms, packets are discarded whenever congestion occurs. The 

packets are discarded by using packet discard policy of each of the queuing 

mechanism. In this proposed model, instead of packet dropping during congestion, the 

onset of congestion is to be determined by using modified RED algorithm. In RED 

model, proactive packet discard policy is used for getting rid of congestion. In 

modified RED algorithm, the event of congestion is to be determined before occurring 

and then by sending a signal to source to limit the traffic rate. Instead of proactive 

packet discard on seeing the probability of congestion, a signal will be raised to 

pushback mechanism at the source which then will negotiates to end system for 

limiting the rate [41]. 

5.3.2  Modified RED Algorithm 
The RED algorithm as discussed in chapter 3 is modified here. The modified 

algorithm also performs two steps each time when a new packet enters into the queue. 

The algorithm is as follows. 

Let suppose „avg‟ is the average queue size and let THmin and THmax are minimum 

and maximum threshold values set at output queue respectively and Pcount is a packet 

counter which increments by one each time a new packet is entered into the queue. Pb 

is the probability area where probability regarding sending signal to pushback 

mechanism is calculated. Let Tavg is the average rate of packet transmission to output 

queue and Rmin, Rnorm and Rmax are the respective values of the rates at which the 

packets are pushed back to the source. Figure 5.1 below shows all the elements in 

detail. 

Initializations: 

avg = 0 

Pcount = 0  

Calculate the average queue size avg 

If avg ≤ THmin 

queue packet 

increment Pcount by 1 
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else if THmin < avg < THmax 

calculate probability Pb 

Pb = avg - THmin  / THmax - THmin 

with probability Pb ∀ Pb Є (1→n - 1) 

queue packet 

increment Pcount by 1 

with probability Pb ∀ Pb Є n 

signal to pushback mechanism with value (Rmin < Tavg ) 

else if avg = = THmax 

queue packet 

increment Pcount by 1 

signal to pushback mechanism with value (Rnorm = =  Tavg) 

else if avg > THmax 

queue packet 

increment Pcount by 1 
signal to pushback mechanism with value ( Rmax >  Tavg) 

 

 

 

 
 

 

 

 

 

 

 

 

 

 

 

 

Figure 5. 1: Modified RED 

 

The proposed algorithm performs two steps each time a new packet is queued at 

output queue. First step is to compute the average queue length avg as soon as a new 

packet enters into queue and the second step is to compare the value of avg with 

threshold values set at output queue. The packet will be allowed to queue if the value 

of avg is less than or equal to the minimum threshold value at output queue and the 

value of Pcount will be incremented by 1. If the value of avg is in between the two 

threshold values set at the output queue, the probability Pb for onset of congestion is 

calculated as shown in above algorithm. The packet is allowed to queue if the 

probability value lies between 1 to n-1 i.e. Pb ∀ Pb Є (1→n - 1). A signal is sent to 

pushback mechanism with value Rmin < Tavg if the probability of congestion reaches to 

n (the maximum probability value). In this case the frequency at which the packets are 

pushed back to the source is lower than the frequency at which the packets are 

transferred to the output queue.  A signal is also sent with value Rnorm = = Tavg if the 

value of avg is equal to maximum threshold value set at the output queue. At this 

point, the frequency at which the packets are pushed back to the source is equal to the 

frequency at which the packets are transferred to the output queue. Similarly, the rate 

or the frequency at which the packets are pushed back to the source will be greater 

than the rate at which the packets are transferred to the queue if the value of avg is 

more than the maximum threshold value at the output queue. 

In proposed modified RED model, the problem of packet discard has been solved 

by calculating the probability of the event of congestion and at the same time by 

sending the signal to pushback mechanism for limiting the rate to a specified value.  

THmax 

 

THmin 

Pb ∀ Pb Є (1→n - 1) 

 
Do not send signal 

 

Signal to pushback 

mechanism 

avg 

 

Rmin < Tavg 

Rmax > Tavg 
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5.3.2.1 Rate Limiter 

Rate limiter identifies the value for the rate at which the packets will be pushed 

back. The rate limiter is a pre-controlled algorithm that calculates the value by 

determining the rate at which the traffic is being transmitted. The value is computed by 

comparing the Pcount value with different threshold values set at output queue. Tavg is 

the specified rate at which the packets are being transferred to output queue. Rmin , 

Rnorm and Rmax are the respective rate limiter values calculated. (Rmin = Tavg/2) 

represents the value for the rate limiter which is half of the rate at which the packets 

are being transferred. Similarly (Rnorm = Tavg ) represents the value for the rate limiter 

which is equal to the rate at which the packets are being transferred and (Rmax = 2×Tavg) 

represents the value for the rate limiter which is double the rate at which the packets 

are being transferred. 

5.3.2.2  Pushback Mechanism  

 

It is a mechanism that is used to control the network traffic transmission rate [42]. 

In this mechanism, when an edge router receives message for limiting the rate to a 

specified value, then it negotiates to its adjacent upstream routers for limiting the rate 

and finally the message is delivered to the source host. The rate limiting decisions are 

based on the values of current conditions of congestion. In pushback mechanism, 

following steps are involved. 

 

 The event to invoke pushback 

 Sending pushback message upstream 

 Pushback propagation 

 Feedback message to downstream 

 Pushback refresh message 

  

5.3.2.3  Invoking Pushback 

Pushback is invoked automatically as soon as one of the rate limiter values Rmin , 

Rnorm and Rmax are calculated. The pushback message that is propagated upstream 

contains one of the values of Rmin , Rnorm or Rmax. In this mechanism, the edge router 

receives message and passes to its adjacent upstream routers for rate limiting which 

then gradually forwards the message to pushback mechanism which immediately limit 

the rate backward according to the value set to rate limiter [42]. 

5.3.2.4  Sending Pushback Message Upstream 

Before invoking pushback mechanism, the rate limiter first divides the rate limit 

value among upstream links if the network traffic is originating from multiple sources. 

The division is made according to the estimate value of traffic coming from each 

upstream link. The contribution of each link is also determined by calculating the 

value of traffic coming from each upstream link. Based on each link‟s contribution, 

links are classified as “contributing” or “non-contributing”. 

The pushback mechanism always concentrates rate limiting on links that are 

classified as “contributing”. The pushback request is not sent to links that are classified 

as non-contributing. The division of rate limiting among contributing links is 

according to the desired arrival rate value which is defined in one of three Rmin , Rnorm 

or Rmax value sets. Suppose we have three links each with capacity 2Mbps, 5Mbps and 

12Mbps that are contributing in sending traffic to output queue, and suppose the 

desired arrival rate from the contributing links is 10Mbps, and then the division of 

limits would be 2, 4 and 4 respectively among three links. After determining the limit 
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for each of upstream link, a pushback request message is sent to all the links which 

starts pushing back the packets according to the value specified in the message [42]. 

5.4 Pushback Message Propagation 
After determining the rate limit of each of the upstream link, a pushback message 

is sent to all the links. On receiving a pushback request, the router starts for limiting 

the rate according to the value specified in pushback message. The routers on each of 

the link then further propagate the message to upstream routers for further limiting the 

rate [42]. 

5.4.1 Feedback Message to Downstream 

As routers propagates pushback message to upstream routers for rate limiting, they 

also pass the pushback status message to their corresponding downstream routers for 

exchanging information regarding rate limiting. By examining the pushback status 

message, the routers along the path can decide whether to continue rate limiting or not 

[42]. 

5.4.2 Pushback Refresh Message 

The rate limiting process at upstream routers will stop if it does not receive refresh 

messages from downstream routers, because refresh messages enable the upstream 

routers about updated rate limit value [42]. 

5.5 Fair Scheduler Model  
The second issue is regarding the transmission of time sensitive packets. All the 

queuing mechanisms discussed so far in chapter 4 treat all the packets equally without 

taking care of priority of time sensitive packets. This problem is solved by priority 

queuing mechanism which transmits the packets in round robin fashion and transmits 

high priority packets before low priority packets. It transmits one packet from highest 

priority queue and then immediately moves to the next non empty queue with second 

higher priority and so on. In this fashion, the higher priority packets are passed before 

lower priority packets. 

There may be a significant delay in the queue with low priority packets if great 

number of higher priority packets or even big bursts of higher priority arrive one after 

another. This problem is solved by proposing fair scheduler model. 

Let Q1, Q2, Q3 …….. Qn are number of queues. Let Q1i, Q2j, Q3k………Qnn are 

the different traffic classes in different queues from highest to lowest priority order 

respectively and Qlen is the length of queue at each output port. Like RED model, 

average queue length avg is calculated each time a new packet is entered into queue. 

Suppose if there are n number of classes of traffic, then all the n queues with 

different traffic priority must be logically divide into n parts each with size equal to: q 

= Qlen / n and also there will be n threshold values on each of the output queue like 

THn, THn-1, THn-2…… THn-(n-1) each at equal distance q. The traffic classes like Q1i, 

Q2j, Q3k………Qnn will be transmitted according to THn, THn-1, THn-2…… THn-(n-1) 

threshold values respectively in round robin fashion. The algorithm can easily be 

understood by the figure 4.2 below. 

 

Process Q1: 

  Calculate average queue length „avg‟ for Q1 

If avg ≤ THn 

Continue packet transmission for Q1 until avg = 0 

else if avg >  THn 

avg = THn 

Continue packet transmission for Q1 until avg = 0 

Process Q2: 

Calculate average queue length „avg‟ for Q2 

If avg ≤ THn-1 
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Continue packet transmission for Q2 until avg = 0 

else if avg >  THn-1 

avg = THn-1 

Continue packet transmission for Q2 until avg = 0 

Process Q3: 

Calculate average queue length „avg‟ for Q3 

If avg ≤ THn-2 

Continue packet transmission for Q3 until avg = 0 

else if avg >  THn-2 

avg = THn-2 

Continue packet transmission for Q3 until avg = 0 

Process Qn: 

 

 

 

 

 

  

 

 

  

 

 

 

 

 

 

 

 
Figure 5. 2: Fair scheduler model 

 

The average queue length avg is calculated each time a new packet is entered into 

each of the queue. During processing on queue Q1, the average queue length avg is 

compared with highest threshold value THn. If the value of avg is less or equal to THn, 

then all the packets will be transmitted until the size of avg is equal to zero and if the 

value of avg is greater than THn, then the maximum packet transmission will not be 

more than the highest threshold value THn. 

The queues will be processed from highest to lowest priority in round robin 

fashion. During processing on each of the queue, same steps will be executed as stated 

for highest priority queue Q1 except the threshold values. At each queue, the maximum 

threshold value for packet transmission will be less than its preceding higher priority 

queue. 

In this mechanism, instead of transmitting large number of packets of higher 

priority during a time interval ΔT while experiencing a long delay for lower priority 

packets, a specified amount of  packets are calculated for transmission according to the 

priority value which is set as threshold value on each of the queue.  
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6 RESULTS 

6.1 QoS Optimization 
In this chapter, we tried to optimize the quality of service by implementing the 

proposed models discussed in previous chapters. After evaluating scheduling 

mechanisms in chapter 3, it is obvious that almost all the mechanisms experiences 

packet drop during congestion. Proposed RED algorithm in previous chapter can be 

used to avoid packet dropping behavior. The algorithm is also implemented in leaky 

bucket model to avoid packet dropping. The modified leaky bucket is then applied to 

fair scheduler model as discussed in previous chapter for rate limiting for achieving 

best quality of service. 

6.2 Modified Leaky Bucket Model 
The detailed description about leaky bucket is presented in previous chapter. 

Leaky bucket is a traffic policy for rate limiting. It is also used to control the network 

traffic and is implemented as a single server queue with constant service. Unlike in 

token bucket model which can accept burst of traffic, the leaky bucket allowed only 

fixed amount of traffic to the network. Fixed packets are leaked from the bucket and 

are injected to the network. Any excess traffic has to wait in a bucket and if the rate of 

incoming packets into the bucket is much more than the leaked packets to destination 

network, then the bucket will discard the excess packets after maximum bucket size 

has been filled.  

Like token bucket model, leaky bucket also has the probability of packet discard. 

Although, leaky bucket is considered a good model because a fixed amount of traffic is 

injected into the legitimate network. In this way, a network experiences a constant 

traffic rate and hence meets quality of service with required level. The probabilities of 

packet discard increases with the increasing rate of incoming packets into the bucket. 

This problem is solved by proposing a modified model for leaky bucket. In this model, 

a modified RED algorithm (discussed in previous chapter) is implemented as a single 

server queue for leaky bucket. The detailed description can easily be understood by the 

figure 6.1 below. 
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Regulated flow 
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n 
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Figure 6. 1: Modified leaky bucket 

 

The conventional leaky bucket was designed for achieving quality of service 

guarantees by injecting a limited number of packets to the destination network. As it is 

analyzed, like many other QoS mechanisms, the probability of packet discard increases 

if the transmission rate for incoming packets is more than the outgoing packets. In this 

case then the bucket will discard the excess packets after maximum bucket size has 

been filled. To overcome this behavior of packet discard, modified RED algorithm is 

implemented as a single server queue. In this mechanism, the bucket will never 

overflow and a limited number of packets will be placed in a bucket during any time 

interval ΔT. The algorithm in modified leaky bucket model will function as exactly as 

in modified RED model (discussed in previous chapter). 

The unregulated flow from source is queued in a bucket and a regulated flow is 

injected into the destination network. A signal is sent to the pushback mechanism if the 

packets exceed the maximum threshold value THmax, which then limits the sending rate 

according to the specified value in pushback message. 

6.3 Modified Leaky Bucket with Fair Scheduler Model 
The priority queuing mechanism was designed to achieve quality of service for 

time sensitive packets or for packets with higher priority as compared to other packets 

in the same flow. However the problem of long delay for lower priority packets has 

been solved by proposing fair scheduler model in previous chapter. Still the probability 

of packet discard problem exists in fair scheduler model if the sending rate for the 

source is more than the outgoing transmission rate. 

The service can be fully optimized by implementing modified leaky bucket 

policing mechanism (discussed above) at each of the output queue of fair scheduler 

model. In this way, the queues of each of the different traffic class will receive a 

specified amount of packets that will never exceed the maximum queue length Qlen.  

In this combined model, instead of injecting regulated traffic flow to the 

destination network, this regulated flow will be injected to the output queue. After 

classifying different priority packets at classifier, the appropriate packets are 

transmitted to modified leaky bucket. The bucket organize the traffic by executing 

modified RED algorithm in order to avoid packet discard as discussed in detail in this 

algorithm in previous chapter. Each regulated class of traffic is then injected to its 

appropriate queue which is then transmitted to destination network according to fair 

scheduler model in round robin fashion. 

The working of this combined model is shown in figure 6.2 below: 

 

 

 

  

  

 

 

 
 

 

 

 

 

 

 

 

 

Figure 6. 2: Modified leaky bucket with fair scheduler 
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6.4 Simulation 
Simulation is the process of developing a model of any system in order to 

understand the behavior and performance of the system through observation and 

experiment. It is mostly in a graphical format so that it would be easier for an 

individual to understand the response and the pattern of the system. “The purpose of 

simulation experiments is to understand the behavior of the system or evaluate 

strategies for the operation of the system. (Roger D. Smith, 1998) [43].  

6.4.1 Why Simulation 
Basically in order to understand the behavior of the large network, simulation has 

become one of the major tools. As through simulation we can figure out the drawbacks 

of the system and exactly what is the requirement of the current model on which one is 

working on.  Simulation tools like OPNET, NS-2 etc are currently used in today‟s 

networking environment because of their user friendly behavior. 

6.5 Network Simulator 2 (NS-2) 
NS-2 runs in LINUX environment. It is considered as the discreet event simulator 

and helps in designing and testing of new architecture and protocols in the networking 

research. It is mostly used in today‟s research area because of its support for multiple 

protocols and representing the detail of network traffic in a graphical representation. It 

also supports several algorithms in routing and queuing [44, 45]. 

NS-2 was started in 1989 in order to study the behavior of flow and congestion 

control schemes in packet switched data network. It is based on 2 languages C++ and 

OTcl interpreter. The interpreter is used to execute the command given by the users. 

As C++ is fast and robust, so because of its high efficiency and performance in the 

simulation, it helps the user to lose minimum packets and reduce the processing time. 

Whereas, the OTcl script fetched by the user helps in defining a particular network 

topology, the specific protocol and application which an individual wants to simulate 

and of course the output too [44, 45]. This can be explained by the figure below [46]: 

 

      

    

 

 

      
 

 

 

 

Figure 6. 3: process showing script interpretation 

 

The above figure shows that how OTcl script is processed with the TCL interpreter 

and NS simulator library C++ to give a valid result of the simulation on which an 

individual works. 

 

6.5.1 NAM in NS-2 

NAM is the network animator tool generated by the simulator itself. We can 

execute this file directly without including it in the Tcl script for the simulation which 

we are searching about [47]. This can be cleared from the figure (screen shot) 

presented below. 
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Figure 6. 4: result by the NAM in graphical mode 

6.5.2 Xgraph in NS-2 

From the name it is clear that it describe about the graphical representation of the 

result obtained from the simulation. The output files in the TCL script can be created 

by the user which in turn can be used as the parameter for Xgraph. This can be cleared 

from the figure (screen shot) below [47]. 
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Figure 6. 5: Xgraph 

6.5.3  OTcl and Tcl Programming 
Tcl stands for Tool Command Language. It is very simple language when its 

syntax is taken into consideration [45]. Some of the features of this language can be 

pointed below: 

 Fast development 

 Compatible 

 Easy and free to use 

Tcl is platform independent i.e. easily compatible with Win-32, UNIX, LINUX 

etc. It is closely integrated with windows GUI interface. All commands used in Tcl 

give error message if it is used incorrectly. Time-based and user-defined events are 

possible in Tcl. For any kind of operation, command is used and also everything can 

be redefined and overridden [48]. 

6.5.4 OTcl 

It is an object oriented extension of Tcl. It is used in NS-2 and usually execute 

under UNIX Environment. It is as extensible as Tcl and is also build in the Tcl syntax. 

It is a powerful object programming system [49]. 

6.6 NS-2 Simulation Scenarios 
We designed two simulation scenarios under LINUX environment for the 

validation of the research problem. For both the scenarios, we split the trace-file into 

four .dat files on the basis of packet receive (r), packet enqueue (+), packet dequeue (-) 

and packet drop (d). The respective files are: 

REDout.tr > receive.dat 

REDout.tr> enqueue.dat 

REDout.tr> dequeue.dat  

REDout.tr>drop.dat 

In both the scenarios, the data from trace-file is extracted by executing “awk” 

method of finish procedure in the simulator. The confidence interval is calculated by 

taking K = 1000000 arrivals with mean inter-arrival time of T = 8.0 seconds. 

6.6.1 Path Definition 

Before path setting, we first unpack the packages like tcl, tk, gcc and g++ and 

install them at /usr/local directory where as packages like build-essential, autoconf, 

automake and libxmu-dev are unpacked at /root/home/mustafa directory. Finally we 

unpack ns-allinone-2.34 at /usr/local directory with the command “sudo tar –jxvf ns-

allinone-2.34.tbz”. 

6.6.2 Setting Environment Variables (source ~/.bashrc) 

#LD_LIBRARY_PATH 
“OTCL_LIB=/home/mustafa/ns-allinone-2.34/otcl-1.13” 
“NS2_LIB=/home/mustafa/ns-allinone-2.34/lib” 
“X11_LIB=/usr/X11R6/lib” 
“USR_LOCAL_LIB=/usr/local/lib” 
“exportLD_LIBRARY_PATH=$LD_LIBRARY_PATH:$OTCL_LIB:$NS2_LIB” 
“:$X11_LIB:$USR_LOCAL_LIB” 
 
#TCL_LIBRARY 
“TCL_LIB=/home/mustafa/ns-allinone-2.34/tcl8.4.18/library” 
“USR_LIB=/usr/lib” 
“exportTCL_LIBRARY=$TCL_LIB:$USR_LIB” 
 
#PATH 
“XGRAPH=/home/mustafa/ns-allinone-2.34/bin:/home/mustafa/ns-allinone-2.34/tcl8.4.18/unix:/home/mustafa/ns-
allinone” “2.34/tk8.4.18/unix:/home/mustafa/ns-allinone-2.34/xgraph-12.1/” 
“NS=/home/mustafa/ns-allinone-2.33/ns-2.34/” 
“NAM=/home/mustafa/ns-allinone-2.33/nam-1.14/” 
“export PATH=$PATH:$XGRAPH:$NS:$NAM” 
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After setting the path and environment variables, we started the simulator by 

typing the command “source /etc/profile.d/ns2.sh” and validate it by typing “. 

/validate”. After 45 minutes of validation, we actually started to modify the .tcl, .h and 

.cc files as according to our proposed algorithm presented in chapter 4. 

6.6.3 Changes to .tcl, .h and .cc files 

 

6.6.3.1 .tcl 

In .tcl script file, we defined a new instance of trace-file called “mytrace” and open 

REDout.tr in write mode. As we are focusing on four classes of packets, therefore we 

split the trace-file into four .dat files each for packets received, dropped, enqueue and 

dequeue respectively during both the simulation scenarios.  

 

6.6.3.2 Format of Trace File 

The format of the auto generated trace file during simulation test is as follows: 

 
r 0.758892 0 2 ack 40 ------- 0 1.0 2.0 84 268 

+ 0.758892 2 0 tcp 592 ------- 0 2.0 1.0 169 278 

- 0.758892 2 0 tcp 592 ------- 0 2.0 1.0 169 278 

+ 0.758892 2 0 tcp 592 ------- 0 2.0 1.0 170 279 

- 0.759366 2 0 tcp 592 ------- 0 2.0 1.0 170 279 

r 0.760366 2 0 tcp 592 ------- 0 2.0 1.0 169 278 

+ 0.760366 0 1 tcp 592 ------- 0 2.0 1.0 169 278 

r 0.760839 2 0 tcp 592 ------- 0 2.0 1.0 170 279 

+ 0.760839 0 1 tcp 592 ------- 0 2.0 1.0 170 279 

d 0.760839 0 1 tcp 592 ------- 0 2.0 1.0 170 279 

r 0.764466 0 1 tcp 592 ------- 0 2.0 1.0 88 145 

+ 0.764466 1 0 ack 40 ------- 0 1.0 2.0 88 280 

 

Where, 

 $1, the first column indicates the packets received (r), enqueue (+), dequeue (-) and 

dropped (d).  

 $2, the second column is the transmission time in seconds. 

 $3 and $4 are the respective window sizes of source and destination nodes. 

 $5 is the traffic type i.e. “tcp” if packet is in queue and “ack” if acknowledgement 

received. 

 $6 indicates the burst of packets. 

 

In both the simulation scenarios, we split the trace-file into four .dat files by 

executing “awk” method of finish procedure. 
 

The “RENO TCP” sources and destinations are defined at both sides of the model 

and setting window size of 8000 packets i.e. (window_ 8000). Similarly, we set queue 

size to 100 between source and destination nodes and a constant packet size of 552 

bytes each i.e. (packetsize_ 552). The traffic type was FTP at all the sources. No 

changes were made in topology of the model in NAM.  

6.6.3.3 Setting Parameters in Tcl script 

The following parameters are defined in .tcl script file. 

 Bytes_: indicates weather the FTP traffic will be sent in bytes mode (false) or in 

packet mode (true). 

 Queue-in-bytes_: defines the average queue length in bytes that we defined it in our 

algorithm as “avg”. 
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 Thresh_: indicates the minimum threshold value set at the output queue, the default 

value is (thresh_ 100) that we defined as Thmin in our algorithm. 

 Maxthresh_: indicates the maximum threshold value set at the output queue that we 

defined as THmax in our algorithm. 

 Mean_pktsize_: defines the average packet size in bytes. 

 Q_weight_: is the weight factor in computing the average queue length. 

 Wait_: a parameter value which defines the minimum interval between dropped 

packets. 

 Gentle_: for best behavior of simulation scenarios, S. Floyed recommends gentlt_ 

parameters. In gentle_, the dropping probability varies from THmax to 1 as the 

average queue size varies from Maxthresh_ to the twice of Maxthresh_. The gentle_ 

parameter settings are as follows: 

 

Thresh_ = 5 

Maxthresh_ = 15 

Q_weight_ = 0.002 

6.6.3.4  .h and .cc files 

The red algorithm is available in ns-2 source code in files “red.h” and “red.cc”. In 

“red.cc” file, some dependent libraries like “queue.h” and “trace.h” are also included. 

The “queue.h” defines the queuing behavior whereas “trace.h” defines the trace file 

generated during simulation test which includes four types of packets i.e. packets 

received (r), dropped (d), enqueue (+) and dequeue (-) as we discuss above. 

For proposed algorithm, no changes were made in the files for queuing mechanism 

i.e. “queue.h” and “queue.cc”. For trace file “trace.h”, we split it into four .dat files in 

order to distinguish between different types of packets. The classes and methods that 

we modified in “red.cc” file are   

 REDClass() : TclClass(“Queue/ProposedRED”){}; 

 

Which is the path defined in Red class for Tcl script. The same path has to be 

modified in all the parameters in ns-default.tcl file into the directory /mustafa/ns-

allinone-2.34/ns-2.34/tcl/lib 

 REDQueue::calculate_p_new(){}; 

 

Which is the method for calculating the drop probability; the probability has 

calculated by comparing three conditions as according to our algorithm. Original 

parameters are taken directly from source code. 

Other methods in above code are “enque (*pkt)”, “estimator (Rmax, v_ave)” and 

“command (argc, argv)” which perform following functions: 

 enqueue(*pkt): is the method for queuing the packet 

 estimator (Rmin, v_ave): is the estimator value (Rmin, Rnorm, Rmax) calculated 

for pushback mechanism. 

 command (argc, argv): is the method for rate limiter. 

 

6.7 Scenario Results 
After setting all the paths and environment variables and after modifying the 

necessary code in all the respective files above, we are now ready to display the results 

for both the scenarios. 

6.7.1 Scenario 1 (RED) 

We run the simulation scenario 1 for ten minutes for RED algorithm. NAM shows 

the animation for simulation run (REDout.nam). During ten minutes of simulation, we 
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noted that after a big burst of packets drop, the dropping tends to slow down and after 

some time it continues to randomly drop packets throughout the simulation time. 
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Figure 6. 6: dropping of packets in the RED 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 
Figure 6. 7: Xgraph of RED 
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The above figure can be explained in terms of four legends like receive.dat 

(packets received), drop.dat (packets drop), enqueue.dat (packets in queue) and 

dequeue.dat (packets dequeue). The lines of these respective legends are clearly seen 

in different colors as red, green, blue and yellow respectively. The blue line shows that 

after a big burst of traffic, it gradually slows down and finally remains constant 

throughout the simulation time. 

The yellow line also behaves in the same fashion as blue but the burst of traffic is 

slow as compared to blue and then slowing down process is also less than the blue. As 

blue goes on peak and slows down also in a high rate but it‟s different in the yellow 

case. The packet dequeue is not as high as packet enqueue. 

The red line is almost similar to yellow. The behaving pattern is almost same in 

red and yellow case. The figure clearly shows that the lines almost collide with each 

other. 

Considering green, after a big burst of traffic, it gradually slows down and after 

some time it continues to randomly drop packets throughout the simulation time. The 

line is running just over the white line. The white line indicates the line for no packet 

drop at all (scale view: 0.0000). 

6.7.2  Scenario 2 (Proposed RED) 
We run the simulation scenario 2 for ten minutes for Proposed RED algorithm as 

well. NAM shows the animation for simulation run (REDout.nam). During ten minutes 

of simulation, we noted that after a small burst of packets, the dropping of packets is 

very rare. The NAM visualization during simulation process makes it clearer.  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 
Figure 6. 8: packet flow in the proposed RED. 
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Figure 6. 9: Xgraph of proposed RED 

 

The figure shows that the blue lines act accordingly as in case of RED but after a 

certain time interval, the three lines blue, yellow and red collide with each other. The 

behavior of all the three lines is almost similar as the RED. The most important thing 

to be noted is regarding the behavior of the green line (packet drop). After a certain 

burst of traffic, it almost coincides with the white line. This signifies that the packet 

loss probability is very very low when the simulation for the proposed RED is run.  

6.8 Dropping Comparison between RED and Proposed RED 
The packet dropping behavior of RED and the proposed RED is completely 

different. When we consider the RED, then we can easily identify that after a big burst 

of traffic, the packet dropping scenario gradually slows down. In the long run, it 

continuously goes on dropping the packet randomly throughout the simulation time.  

We compared statistics for both the models in table 6.1 below. We try to run the 

simulation in order to understand only the dropping pattern of the RED and analyze 

the results by looking at its graph. The graph below shows the RED dropping pattern. 

 

 

 
 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 



  39 

Figure 6. 10: dropping behavior of RED 

 

As we can see in the above figure, at the initial stage, the red line reaches up to 

280.000 and then it gradually slows down. The figure easily explains that when the 

line reaches somewhere in between 20.000 to 30.000, the dropping is still continuous. 

The line gradually moves in constant path. 

On the contrary, when the result of the proposed RED is considered, the initial 

behavior i.e. the dropping burst of packets is very small as compared to RED, but after 

this small burst, the dropping probability almost goes to zero. The figure below shows 

the behavior clearly. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 
 

 

 

 

 

 

 

 

 

 

 

 

Figure 6. 11: dropping behavior of proposed RED. 

 

As we can see in the above figure, after a small burst of dropping, the red line 

tends to approach towards the white line and after certain time interval it coincides 

with it until simulation run. The time and the packets drop are the two metrics on 

which the performance can be measured. 

 
Table 6. 1: Packet drop statistics for both scenarios 

 
Sr.no Time Interval 

in seconds 

Scenario 1 (RED) Scenario 2 (Proposed RED) 

Packet Dropping Probability 

1 0 – 10 280 (Initial big burst) 83 (Initial big burst) 

2 10 – 20 40 5 – 10 

3 20 – 30 35 0 – 5 

4 30 – 40  30 0 – 3 

5 >50 25  0 
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The above statistics clearly shows the difference at a glance. The main 

concentration is in the dropping of the packet of both RED and the Proposed RED. We 

compared simulation results for both the scenarios in table 6.1 above. During 10 

minutes of simulation time, we noted that during initial time interval from 0 to 10 

seconds, there is a big difference of initial burst of packets dropping between the two 

scenarios. Table also shows that during time interval from 10 to 20 seconds, the ration 

of the difference of packet dropping is almost same as during first time interval i.e.(0 - 

10) seconds. Similarly, we can conclude from the table that the results are almost same 

for the next duration of time.  

The most important thing to be noted is that after 50 seconds, in scenario 1, the 

dropping value remains constant until end of simulation time whereas in case of 

scenario 2, the dropping eventually stops and attains the value 0 until end of the 

simulation time. 

So, it is clear from results of simulation graphs for both the scenarios that during 

same time intervals, we noted a clear difference between the two models and therefore 

we can conclude that our proposed RED model out performs the RED model. 
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7 CONCLUSION AND FUTURE WORK 
Based on our simulation, we concluded that the probability of packet drop in 

Proposed RED is relatively less when compared to RED model. The RED simply 

discard the packets from the queue when buffer becomes congested. The RED 

algorithm after a big burst randomly drops packet throughout the simulation time as it 

is shown in table 6.1. The table 6.1 indicates that between time interval 0 to 10 

seconds, a big burst of packets has dropped suddenly but with the passage of time it 

slows down and after 50 seconds, it randomly drop packets at constant rate of 25 

packets throughout the rest of simulation time whereas in case of proposed RED, table 

6.1 indicates that between time interval 0 to 10 seconds, a big burst of packets attains 

highest value of 83 packets only. With the passage of time, dropping starts decreases 

and after 50 seconds, it becomes zero. So, it can be concluded that proposed RED out 

performs as compared to RED.   

With the increase in multimedia traffic like voice, high quality videos, VoIP etc, 

the networks are heavily loaded. So, instead of upgrading the bandwidth or other 

network equipments, the efficient method would be the proper implementation of QoS. 

An easy and simplex configuration in the router would almost upgrade the network 

performance.  

The simulation clearly showed the performance of proposed RED more better than 

the original RED algorithm, so if the proposed RED is been implemented in the 

present router than definitely it would enhance the network efficiency by less dropping 

the packets and giving excellent services for the users and developers of streaming 

media products when sending real time data over heavily loaded network. 

7.1 Answer to research questions 
 

 What is improved performance in proposed RED algorithm? 

We ran two simulation scenarios for RED and the Proposed RED. We collected the 

results from both the scenario which concluded that the packet dropping scenario in 

Proposed RED is less than the original RED. This research question is more clearly 

answered in section 6.8. 

 

 Describe the role of pushback mechanism in proposed RED? 

A signal is sent to pushback mechanism with value Rmin < Tavg if the probability of 

congestion reaches to n (the maximum probability value). In this case the frequency 

at which the packets are pushed back to the source is lower than the frequency at 

which the packets are transferred to the output queue This research question is more 

clearly addressed in section 5.3.2.   

 

 On what parameters, you can compare the probability of packet drop between RED 

and Proposed RED? 

The comparison is done between the RED and the Proposed RED. Time and the 

packet drops are the parameter on which the basic comparison can be done. We ran 

the simulation and concluded the results according to the packet drop during the 

simulation time. This research question can more be clearly answered in section 6.8. 

7.2 Result Summary 
 

 Active queue management (RED) 

 

As QoS is the latest issue of today in internet and a lot of research is currently 

underway in different R & D organizations. Many RFCs have been proposed so far 
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from different researchers but still IETF is not able to reach on some common 

conclusion. For this IETF proposed two architectures i.e. integrated services and 

differentiated services architectures. These architectures have different mechanisms for 

a verity of internet traffic that includes scheduling, policing, marking, shaping and 

dropping mechanisms. These mechanisms are designed to give some special treatment 

to some special traffic as according to service level agreement between service 

provider and end users. 

Active queue management is also one of the mechanisms for improving QoS. 

During qualitative study, we have worked on almost all the mechanisms and finally 

reach to a common problem of packet dropping. To solve the problem we proposed a 

new model in order to get rid of such problem. 

 

 

 Proposed RED 

 

After evaluation, we tried to optimize the RED model by proposing our own 

algorithm. The basic structure and architecture of the algorithm is same instead the 

method for calculating probability of packet drop. In order to get rid of dropping 

packets during congestion, we tried to calculate the probability of packet dropping 

before the event of congestion occur and then according to calculated probability 

value, we limit the traffic sources by early signaling to the pushback mechanism. As 

according to our proposed algorithm in chapter 5 section 5.3.2, three different values 

(Rmin, Rmax and Rnorm) for pushback mechanism are calculated in order to limiting the 

rate for traffic sources.  

So, the problem that was identified during evaluation was solved by proposing  

modified RED model, the problem of packet discard has been solved by calculating 

the probability of the event of congestion and at the same time by sending the signal to 

pushback mechanism for limiting the rate to a specified value.  

 

 Simulation study 

 

After finding the problem and proposing a new model to answer the question, we 

validated our research hypothesis by designing the simulation scenarios in network 

simulator (NS-2). A brief introduction about the simulation is provided in chapter 6 

section 6.4. After installing the necessary packages and setting the environment 

variables, we modified the respective .tcl, .cc and .h files. 

We designed two simulation scenarios under LINUX environment for the 

validation of the research problem. For both the scenarios, we split the trace-file into 

four .dat files on the basis of packet receive (r), packet enqueue (+), packet dequeue (-) 

and packet drop (d). 

In scenario 1, we run simulation script and noted that NAM starts dropping 

packets as well as the Xgraph shows the simulation results clearly. Similarly, in 

scenario 2, we run the respective modified script and noted that NAM starts dropping 

packets but it stops after small burst and also the Xgraph shows the results very 

clearly. 

  

 

7.3 FUTURE WORK   

7.3.1 Adopting in the Real Time Environment 

Provided the real time environment and resources, the proposed RED algorithm 

can be implemented in order to get the real time data. From this we can compare our 

simulation results whether it provides the similar results or not. 
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7.3.2 Other than FTP 

This algorithm can be implemented in different classes of network traffic other 

than FTP.  

 

7.4 Issues and Challenges 
Although we explored the RED, and found that it is not able to perform well when 

the congestion occurs in the network, the proposed RED is difficult to implement. As 

it was done totally with an academic intention it is difficult to implement in the market 

because almost all of the routers need to be upgraded which is really difficult in 

practice. The implementation of the algorithm may be complicated for some of the end 

users because of the complexity. The most important thing is that there is always 

drawback in any of the innovation however big or small project it is, there still remains 

the shortcoming i.e. the quality of service is a never ending process [51].  

7.5  Threats 
 

 Resource unavailability  
 

Although the proposed model has been successfully implemented and tested in 

network simulator 2 (NS-2), but in order to implement it in a real physical internet, it  

seems almost impossible without the cooperation of global authority. But it can be 

tested under a small personal network which comprises of multinational organization 

which includes routers and sub-networks but it also requires resources in order to test 

it.  

 Never Ending Process  
 

QoS is an ongoing hottest research topic of today; therefore all the internet 

community including IETF still agrees that QoS is never an ending process. Secondly, 

due to constant installation of new services and network equipment, new 

configurations might be difficult to handle, therefore QoS is considered as never 

ending process.  

 Assumptions and Constraints  
 

Before implementing this proposed RED model, it is important to highlight several 

assumptions and constraints for example:  

 The lack of cooperation for global authority.  

 There is need to support network resource sharing and network interconnection.  

 Due to complex and dynamic mapping of users to Ass.  

 

These above assumptions limit our proposed RED model space and therefore rise 

challenging technical issues. 
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