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Abstract— Wireless networks are generally less efficient 

and unpredictable compared to wired networks, which make 

QoS provisioning a bigger challenge for wireless 

communications. The evergreen demand for fast delivery of 

large volumes of data is one of the challenging task for 

wireless communication technology. WiMAX  is a wireless 

broadband solution that offers a rich set of features with a 

lot of flexibility in terms of deployment options and 

potential service offerings. Its main objective is to provide 

quality with cost effectiveness. But Delivering QoS is more 

challenging for mobile broadband than for fixed. The time 

variability and unpredictability of the channel become more 

acute, and complication arises from the need to hand over 

sessions from one cell to another as the user moves across 

their coverage boundaries. WiMAX to provide high-speed 

access to the Internet where the transmission control 

protocol (TCP) is the core transport protocol. Unlike 

routing, where packets are relayed hop-by-hop toward their 

destination, TCP actually provides reliable end to-end 

transmission of transport-level segments from source to 

receiver. As TCP was designed for wired networks it 

considers that all packet loss in the network is due to 

congestion. Wireless medium is more exposed to 

transmission errors and sudden topological changes. So in 

this thesis work, we investigate the effects of subscriber’s 

mean speed on the performance characteristics of three 

representative TCP schemes, namely TCP-New Reno, 

Westwood and Cubic, in WiMAX network environment, 

under the conditions of correlated lossy links, route failures 

and network congestion using ns2. 
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I. INTRODUCTION 

WiMAX technology is presently one of the most promising 

global telecommunication systems. Great hopes and 

important investments have been made for WiMAX, which 

is a Broadband Wireless Access System having many 

applications: fixed or last-mile wireless access, backhauling, 

mobile cellular network, telemetering, etc. WiMAX is based 

on the IEEE 802.16 standard, having a rich set of features. 

This standard defines the Medium Access Layer and the 

Physical Layer of a fixed and mobile Broadband Wireless 

Access System. WiMAX is also based on the WiMAX 

Forum documents. The first version of the IEEE 802.16 

standard appeared in 2001. The first complete version was 

published in 2004. There was evidently a need for wireless 

broadband much before these dates.  

Date Description 

Dec. 2001, 802.16 

10–66.GHz; line-of-sight 

(LOS); 2–5 km; channel 

bandwidth values: 20, 25 and 

28 MHz 

Jan. 2003, 802.16a 
2-11 GHz; non-line-of-sight 

(NLOS) 

Oct. 2004, 802.16-2004 

Revises and consolidates 

previous 802.16 standards; 

replaces 16a and 16; 5–50km 

7 Dec. 2005, 802.16 

approves 802.16e 

amendment of 802.16-

2004 

Mobility; OFDMA (SOFDMA) 

Table 1: Main IEEE 802.16 documents 

 Many companies had wireless broadband 

equipment using proprietary technology since the 1990s and 

even before. Evidently these products were not 

interoperable. With the arrival of the 802.16 standard, many 

of these products claimed to be based on it. This was again 

not possible to verify as WiMAX/802.16 interoperability 

tests and plugfest started in 2006. These products were then 

known as pre-WiMAX products. Pre-WiMAX equipments 

were proposed by manufacturers often specialising in 

broadband wireless. The performances of pre-WiMAX 

systems are close to the expected ones of WiMAX, whose 

products should start to appear from the second part of 2006. 

The main features of IEEE 802.16/WiMAX technology are 

the following: 

 (Carrier) frequency <11 GHz. For the moment, the 

frequency bands considered are 2.5 GHz, 3.5 GHz 

and 5.7GHz. 

 OFDM. The 802.16 is (mainly) built on the 

Orthogonal Frequency Division Multiplexing 

(OFDM) transmission technique known for its high 

radio resource use efficiency. 

 Data rates. A reasonable number is 10 Mb/s. 

Reports have given more ambitious figures going 

up to 70 Mb/s or even 100 Mb/s. These values 

would be for a very good state of the radio channel 

and for a very small cell capacity, making these 

values too optimistic for the moment. 

 Distance. Up to 20 km, a little less for indoor 

equipments. 

II. INTRODUCTION TO WIMAX 

The term wireless broadband generally refers to high-speed 

(minimally, several hundred kilobits per second) data 

transmissions occurring within an infrastructure of more or 

less fixed points, including both stationary subscriber 

terminals and service provider base stations. This is distinct 

from mobile data transmissions where the subscriber can 

expect to access the network while in transit and where only 

the network operator’s base stations occupy fixed locations. 

Broadband wireless, as it is today, is properly a competitor 

to optical fiber, hybrid fiber coax (the physical infrastructure 

of most cable television plants), DSL, and, to a much lesser 

extent, broadband satellite. The demand for broadband 



Enhancing Quality of Service over 802.16 Network Using Variants of TCP 

 (IJSRD/Vol. 3/Issue 01/2015/040) 

 

 All rights reserved by www.ijsrd.com 152 

connectivity from urban homes is growingrapidly, but this 

cannot be met effectively by existing wired technologies. 

WiMAX has the potential to providewidespread Internet 

access that can usher in economic growth, better 

educationand health care, and improved entertainment 

services. WiMAX can be describedas a framework for the 

evolution of wireless “broadband” rather than a static 

implementation of wireless technologies. Due to the trend 

toward mobile applications,WiMAX has a promising future. 

Low networkinvestment costs and non-line-of-sight 

operation over licensed or non-licensedradio spectrum make 

WiMAX an attractive technology. The IEEE 802.16 BWA 

network standard applies the so-called Open Systems 

Interconnection (OSI) network reference seven-layer model, 

also called the OSI seven-layer model. The protocol layers 

defined in WiMAX/802.16 is shown in figure 1. 

 

Fig. 1: Protocol layers of the 802.16 BWA standards. 

 The Medium Access Control (MAC) Layer 

supports a primarily point to-multipoint (PMP) architecture, 

with an optional mesh topology. The MAC Layer is 

structured to support many physical layers (PHY) specified 

in the same standard. In fact, only two of them are used in 

WiMAX. The protocol layers architecture defined in 

WiMAX/802.16 is shown in Figure 1. It can be seen that the 

802.16 standard defines only the two lowest layers, the 

PHYsical Layer and the MAC Layer, which is the main part 

of the Data Link Layer, with the LLC layer very often 

applying the IEEE 802.2 standard. The MAC layer is itself 

made of three sublayers, the CS (Convergence Sublayer), 

the CPS (Common Part Sublayer) and the Security Sublayer. 

WiMAX, like Wi-Fi, uses unregulated radio frequency 

spectrum, but unlike Wi-Fi, it does not require line of sight 

and is not limited to a dozen or so clients per access point. 

WiMAX can deliver ultra-fast Internet access over many 

miles. WiMAX comes in two varieties, fixed wireless and 

mobile. The fixed version, known as IEEE 802.16d (2004), 

was designed to be a replacement or supplement for 

broadband cable access or DSL. 

 
Fig. 2: IEEE 802.16 fixed deployment scenario. 

 
Fig. 3: IEEE 802.16 mobile deployment scenario. 

 Thus, the two standards are generally knownas 

fixed WiMAX and mobile WiMAX. WiMAX is designed to 

run in licensedbands of spectrum. It is a more innovative 

and commercially viable adaptation of a technology already 

used to deliver broadband wireless services in proprietary 

installationsaround the globe.  

III. WIMAX NETWORK ARCHITECTURE 

The mobile WiMAX end-to-end network architecture is 

based on an All-Internet Protocol (IP)platform, all packet 

technology, and no circuit switch telephony. The end-to-end 

architecture makes the greatest possible use of IETF and 

IEEE standards and protocols along with the adoption of 

commonly available standard equipment. The open IP 

architecture gives network operators great flexibility when 

selecting solutions that work with legacy networks or that 

use the most advanced technologies, and in determining 

what functionality they want their network to support. 

Mobile WiMAX adds both the mobility and multiple-input 

multiple-output (MIMO) functionalities to the IEEE 802.16-

2005 standard. It is one of two standards adopted by the 

WiMAX forum with the other one being the IEEE 802.16-

2004. Mobile WiMAX network architecture mainly has 

threev components. These include the access services 

network (ASN), the core services network (CSN), and the 
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application services (AS) network. Fig. 4, illustrates the 

interconnection of these networks. 

 
Fig. 4: WiMAX network architecture. 

A. Access Services Network (ACN): 

The ASN is the access network of WiMAX and it provides 

the interface between the user and the core service network. 

Mandatory functions as defined by the WiMAX forum 

include the following:  

 Handover. 

 Authentication through the proxy authentication, 

authorization, and accounting (AAA) Server. 

 Radio resource management. 

 Interoperability with other ASN’s. 

 Relay of functionality between CSN and mobile 

station (MS), e.g., IP address allocation 

B. Base Station (BS): 

The cell equipment comprises the basic BS equipment, radio 

equipment, and BSlink to the backbone network. The BS is 

what actually provides the interface between the mobileuser 

and the WiMAX network. The coverage radius of a typical 

BS in urban areas is around 500–900m [6]. In rural areas the 

operators are planning cells with a radius of 4 km. This is 

quite a realistic number now and quite similar to the 

coverage areas of GSM and UMTS high-speed downlink 

packet access (HSDPA) BSs today. Deployment is driven 

either by the bandwidth required to meet demand, or by the 

geographic coverage required to cover the area. Based on 

the cell planning of other previous technologies, urban and 

suburban segments cell deployment will likely be driven by 

capacity. Rural segment deployment will likely be driven by 

the cell radius. For BTS systems, the emphasis is more on 

performance than on cost and size, although there still is an 

interest in low cost because WiMAX is a new deployment. 

C. ASN Gateway: 

The ASN gateway performs functions of connection and 

mobility management and inter service provider network 

boundaries through processing of subscriber control and 

bearer data traffic. It also serves as an Extensible 

Authentication Protocol (EAP) authenticator for subscriber 

identity and acts as a Remote Authentication Dial-In User 

Service (RADIUS) client to the operator’s AAA servers. 

IV. RELATED WORK 

Georgi Kirov [1],focuses on the different congestion control 

mechanisms implemented by the Transmission Control 

Protocol (TCP). The author presents an experimental 

estimation of the TCP control algorithms: Slow-Start and 

Congestion Avoidance without Fast Retransmit, Tahoe that 

includes Fast Retransmit and Fast Recovery, and Reno using 

a modified version of the Fast Recovery. The TCP 

performance analysis is based on different scenarios of the 

network simulation with low percentages of the packet loss. 

The results for Reno are slightly better than Tahoe. The 

advantage of the Reno algorithms in comparison with Tahoe 

one is when packet loss is detected, the window size is 

reduced to one half of the current window size and the 

congestion  avoidance, but not slow start is performed. 

 K. Tsiknas et al. [2], evaluate through simulations 

the performance characteristics of various TCP schemes 

namely -TCP New Reno, Vegas, Veno, Westwood and BIC,  

in WiMAX networks, by taking into account the effects of 

wireless channel errors, link congestion in both forward and 

They also suggest  Binary Increase Adaptive Decrease 

(BIAD) paradigm will be benefited by both the quick 

window expansions of BIC and by the appropriate window 

adaptations of Westwood, thus offering in overall a better 

performance in WiMAX networks. 

 P. Omprakash et al. [3], focused on how TCP will 

be serviced by WiMAX, and what are the issues that are still 

open and can be used to increase the performance of the 

service. First it was reviewed the throughput of TCP tahoe 

against time. Then, the TCP variants were compared by 

respective throughput against time.Some of the flavors of 

TCP congestion control are loss-based, high-speed TCP 

congestion control algorithms that uses packet losses as an 

indication of congestion; delay-based TCP congestion 

control that emphasizes packet delay rather than packet loss 

as a signal to determine the rate at which to send packets. 

The authors compared three TCP variants, namely Tahoe, 

New Reno and Vegas were On the basis of throughput, 

round-trip time (RTT) and packet loss ratio. While all the 

TCP variants achieve similar throughput, they do so in 

different ways, with different impacts on the network 

performance. The adverse effects of TCP window auto-

tuning is identified in this environment and demonstrate that 

on the downlink, congestion losses dominate wireless 

transmission error. Several issues were revealing for this 

WiMAX-based networks, including limited bandwidth for 

TCP, high RTT and jitter, and unfairness during remote 

login, VoIP, and video streaming. 

 F. Furqan Doan et al. [4], propose a mechanism 

namely WiMAX Fair Intelligent Congestion Control 

(WFICC) to avoid congestion at the base station. WFICC 

ensures that the traffic is scheduled in such a way that the 

base station output buffer operates at a target operating 

point, without violating the QoS requirements of 

connections. A detailed simulation study is performed in ns-

2 to evaluate the effectiveness of proposed algorithm to 
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meet the QoS requirements of different Class of Services 

(CoSs). The results have shown that the proposed WFICC 

algorithm enables the base station to avoid congestion and 

ensures the provision of QoS of different Class of Services 

(CoSs) in terms of throughput, fairness and packet delay. 

 Tarik Anouari et al. [5] investigate the 

performances of the most common VoIP codecs, which are 

G.711, G.723.1 and G.729 over a WiMAX network using 

various service classes and NOAH as a transport protocol. 

Voice Over Internet Protocol is a promising new technology 

which provides access to voice communication over internet 

protocol based network, it becomes an alternative to public 

switched telephone networks due to its capability of 

transmission of voice as packets over IP networks. 

Therefore VoIP is largely intolerant of delay and hence it 

needs a high priority transmission. protocol . To analyze the 

QoS parameters, the popular network simulator ns-2 was 

used. Various parameters that determine QoS of real life 

usage scenarios and traffic flows of applications is analyzed. 

The objective is to compare different types of service classes 

with respect to the QoS parameters, such as, throughput, 

average jitter and average delay. 

 Parab et al. [6], had discussed that TCP is being 

used as a highly reliable end-to-end protocol for transporting 

applications. TCP was originally designed for wired links 

where the error rate is really low and actually assumed that 

packet losses are due to congestion in the network. But TCP 

performance in wireless networks suffers from significant 

throughput degradation and delays. TCP uses congestion 

control and avoidance algorithms which degrades end-to-

end performance in wireless systems. In this, we have 

analyzed the performance of TCP variants, which were 

designed to improve performance in wireless networks. An 

ns-2 based simulation analysis of TCP Tahoe, TCP Reno, 

TCP New Reno, TCP Sack, TCP Vegas and TCP New 

Jersey is done. The effect of Random Packet Loss Rate and 

mobility on the TCP variants was studied. Experimental 

studies show that TCP Vegas performs better than the other 

variants. We have analyzed the performance of the 

important TCP variants like TCP Tahoe, TCP Reno, TCP 

New Reno, TCP Sack, TCP Vegas, and TCP New Jersey in 

wireless environment. From this analysis we found that TCP 

Vegas is better than any other TCP variant in case of 

increasing Random Packet Loss as well as in case of 

increasing mobility. 

 Md. Shohidul Islam et al. [6], focuses on analysis 

of eleven variants-Tahoe, Full-Tcp, TCP-Asym, Reno, 

Reno-Asym, Newreno,  Newreno-Asym, Sack, Fack, Vegas 

and Vegas-RBPas source and five- TCPSink, TCPSink-

Asym, Sack, DelAckand Sack1-DelAck as destination, 

implemented in NetworkSimulator (NS-2). Performance of 

TCP versions indicates how they respond to various network 

parameters-propagation delay, bandwidth, TTL (time to 

live), RTT (round trip time), rate of packet sending and so 

on. Such analysis is immensely in need to be aware of which 

TCP is better for a specific criterion, wherefrom an 

appropriate one will be selected in respective network to 

optimize traffic goal. 

 Kun Tan Jingmin et al. [7] propose a novel 

Compound TCP (CTCP) approach, which is a synergy of 

delay-based and loss-based approach. In CTCP, we add a 

scalable delay-based component into the standard TCP Reno 

congestion avoidance algorithm (i.e., the loss-based 

component). Many applications require fast data transfer 

over high speed and long distance networks. However, 

standard TCP fails to fully utilize the network capacity due 

to the limitation in its conservative congestion control (CC) 

algorithm. Some works have been proposed to improve the 

connection’s throughput by adopting more aggressive loss-

based CC algorithms. These algorithms, although can 

effectively improve the link utilization, have the weakness 

of poor RTT fairness. Further, they may severely decrease 

the performance of regular TCP flows that traverse the same 

network path. On the other hand, pure delay-based 

approaches that improve the throughput in high-speed 

networks may not work well in an environment, where the 

background traffic is mixed with both delay-based and 

greedy loss-based flows. The sending rate of CTCP is 

controlled by both components. This new delay-based 

component can rapidly increase sending rate when network 

path is under-utilized, but gracefully retreat in a busy 

network when bottleneck queue is built. Augmented with 

this delay-based component, CTCP provides very good 

bandwidth scalability with improved RTT fairness, and at 

the same time achieves good TCP-fairness, irrelevant to the 

windows size. 

V. PROPOSED METHODOLOGY 

In this section, we present the performance evaluation of 

various TCP variants under  based on traffic generators like 

FTP under higher offered load network scenario based on 

varying mean speed of subscriber’s nodes using NS-2. 

Simulations are performed for different TCP varients 

namely TCP-Compound, TCP-Westwood and TCP-CUBIC 

under varying mobility rates of subscriber’s stations in a 

multihop WiMAX network environment. The impact of 

mobility rates of subscriber’s stations on the performance of 

these TCP-variants is shown with the help of graphs in 

terms of packet delivery ratio, end-to-end delay, throughput 

and normalized routing load. 

A. Simulation and Results: 

In this work, main aim is to simulate and analyze 

performance of three TCP-variants under varying mobility 

rate over WiMAX environment. Simulations are done 

considering a network of 50 mobile nodes placed randomly 

within 1600×1600 m
2 

area. File Transfer Protocol (FTP) 

data sessions among randomly chosen 25 subscriber nodes 

with base station are used. However, during this data 

transfer process, all nodes will operate in the background for 

providing the necessary support to the ongoing 

communication process in the network. Each simulation is 

executed for 150 seconds. The subscriber nodes are 

considered to be mobile and simulations are performed by 

varying their mean speed.  

B. Network Simulator – NS2: 

Network Simulator (Version 2), widely known as NS-2, is 

simply an event-driven simulation tool that has proved 

useful in studying the dynamic nature of communication 

networks. NS-2 is a discrete event simulator targeted at 

networking research. It provides substantial support for 

simulation of TCP routing and multicast protocols over 

wired and wireless networks. It consists of two simulation 
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tools. The network simulator (NS) contains all commonly 

used IP protocols. The network animator (NAM) is use to 

visualize the simulations. NS-2 fully simulates alayered 

network from the physical radio transmission channel to 

high-level applications. Simulation of wired as well as 

wireless network functions and protocols (e.g., routing 

algorithms, TCP, UDP) can be done using NS-2. In general, 

NS-2 provides users with a way of specifying such network 

protocols and simulating their corresponding behaviors.Due 

to its flexibility and modular nature, NS-2 has gained 

constant popularity in the networking research community 

since its birth in 1989.NS-2 consists of two key languages: 

C++ and Object-oriented Tool Command Language (OTcl). 

While the C++ defines the internal mechanism (i.e. a 

backend) of the simulation objects, the OTcl sets up 

simulation by assembling and configuring the objects as 

well as scheduling discrete events (i.e., a frontend). The 

C++ and the OTcl are linked together using TclCL. Mapped 

to a C++ object, variables in the OTcl domains are 

sometimes referred to as handles. Figure 5 shows, for the 

data flow of one time simulation in ns-2, the user input an 

OTcl source file, the OTcl script do the work of initiates an 

event scheduler, sets up the network topology using the 

network objects and the plumbing functions in the library, 

and tells traffic sources when to start and stop transmitting 

packets through the event scheduler. And then, this OTcl 

script file will be passed to ns-2, in this view, we can treat 

ns-2 as Object-oriented Tcl (OTcl) script interpreter that has 

a simulation event scheduler and network component object 

libraries, and network setup module libraries. And then the 

detail network construction and traffic simulation will be 

actually done in NS-2. After a simulation is finished, NS 

produces one or more text-based output files that contain 

detailed simulation data, and the data can be used for 

simulation analysis. Trace analysis is done using 

perl/awk/tcl. 

 
Fig. 5: Data flow for One Time Simulation 

Parameter Value 

Simulation time 150 Sec 

Simulation area 1600m x 1600m 

Quality of Service Omni antenna 

No. of nodes Best Effort 

TCP Varients TCP-Tahoe, Reno, Westwood 

Modulation & Coding BPSK 1/2 

Traffic FTP 

TCP segment size 1024 bytes 

Cyclic prefix 1/4 

Frame duration 20 msec 

Mean speed 10, 20, 30 and 40 

Table 2: Salient Simulation Parameters 

C. Results and Analysis: 

In this work, we have used four performance matrics namely 

throughput, average end to end delay, packet delivery ratio 

and routing overhead, to evaluate and analyse the 

performance of TCP-newreno, westwood and cubic under 

different mean speed scenarios. 

1) Throughput: 

 
Fig. 6: Throughput versus mean speed. 

2) Packet Delivery Ratio (PDR): 

PDR also known as the ratio of the data packets delivered to 

the destinations to those generated by the CBR sources. This 

metric characterizes both the completeness and correctness 

of the routing protocol. 

 
Fig. 7: PDR versus mean speed. 

3) Average End To End Delay: 

Average End to End delay is the average time taken by a 

data packet to reach from source node to destination node. It 

is ratio of total delay to the number of packets received.  
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Fig. 8: Average delay versus mean speed. 

4) Normalized Protocol Overhead/ Routing Load: 

Routing Load is the ratio of total number of the routing 

packets to the total number of received data packets at 

destination. 

 
Fig. 9:  Routing load versus mean speed. 

 From the results obtained, we can conclude that 

TCP cubic has a higher performance than other TCP 

variants. The real-time nature of TCP-Cubic keeps the 

window growth rate independent of RTT, which keeps the 

protocol TCP friendly under both short and long RTT paths. 

VI. CONCLUSION AND FUTURE WORK 

It is a well-known fact that TCP can experience significant 

performance degradation during hand-off, if multiple packet 

droppings, packet re-ordering or exorbitant hand-off delays 

occur. We have shown that the reaction on packet droppings 

and re-ordering is very much related to the implemented 

TCP version. Different TCP versions react with different 

types of behavior.  In addition, from the perspective of 

transport layer, we believe that TCP will be on top of the 

routing protocols for reliable data transmission. Since TCP 

has its variants, namely TCP-Compound, TCP-Westwood 

and TCP-CUBIC, we performed the comparison of TCP-

Compound, TCP-Westwood, and TCP-CUBIC under 

different mobility condition. Through simulation, we noted 

that TCP throughput decreases significantly when node 

movement cases link failures, due to TCP's inability to 

recognize the difference between link failure and 

congestion. From the view of throughput, average delay and 

packet delivery ratio, TCP CUBIC and TCP- Westwood are 

the best congestion control scheme out of selected TCP 

variants. However, from the view of average delay, TCP-

Compound shows better results than TCP cubic. From this 

analysis, we found that selection of TCP-CUBIC is better 

than other two TCP variants in case of increasing Random 

Packet Loss as well as in case of increasing mobility. 
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