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(ABSTRACT) 

 

 

Broadband wireless access (BWA) is a promising emerging technology. In the 

past, most BWA systems were based on proprietary implementations. The Institute of 

Electrical and Electronics Engineers (IEEE) 802.16 task group recently standardized the 

physical (PHY) and medium-access control (MAC) layers for BWA systems. To operate 

in a wide range of physical channel conditions, the standard defines a robust and flexible 

PHY. A wide range of modulation and coding schemes are defined. While the standard 

provides a framework for implementing link adaptation, it does not define how exactly 

adaptation algorithms should be developed.  

 

This thesis develops a link adaptation algorithm for the IEEE 802.16 standard’s 

WirelessMAN air interface. This algorithm attempts to minimize the end-to-end delay in 

the system by selecting the optimal PHY burst profile on the air interface. The IEEE 

802.16 standard recommends measuring C/(N+I) at the receiver to initiate a change in the 

burst profile, based on the comparison of the instantaneous the C/(N+I) with preset 

C/(N+I) thresholds.  This research determines the C/(N+I) thresholds for the standard 

specified channel Type 1. To determine the precise C/(N+I) thresholds, the end-to-end 



(ETE) delay performance of IEEE 802.16 is studied for different PHY burst profiles at 

varying signal-to-noise ratio values. Based on these performance results, we demonstrate 

that link layer ETE delay does not reflect the physical channel condition and is therefore 

not suitable for use as the criterion for the determination of the C/(N+I) thresholds. The 

IEEE 802.16 standard specifies that ARQ should not be implemented at the MAC layer. 

Our results demonstrate that this design decision renders the link layer metrics incapable 

of use in the link adaptation algorithm.  

 

Transmission Control Protocol (TCP) delay is identified as a suitable metric to 

serve as the link quality indicator.  Our results show that buffering and retransmissions at 

the transport layer cause ETE TCP delay to rise exponentially below certain SNR values. 

We use TCP delay as the criterion to determine the SNR entry and exit thresholds for 

each of the PHY burst profiles. We present a simple link adaptation algorithm that 

attempts to minimize the end-to-end TCP delay based on the measured signal-to-noise 

ratio (SNR).  

 

The effects of Internet latency, TCP’s performance enhancement features and 

network traffic on the adaptation algorithm are also studied. Our results show that delay 

in the Internet can considerably affect the C/(N+I) thresholds used in the LA algorithm. 

We also show that the load on the network also impacts the C/(N+I) thresholds 

significantly. We demonstrate that it is essential to characterize Internet delays and 

network load correctly, while developing the LA algorithm. We also demonstrate that 

TCP’s performance enhancement features do not have a significant impact on TCP delays 

over lossy wireless links.  
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Chapter 1 

 

1.  Introduction 
 

Amidst the rapidly growing demand for high-speed Internet access in the 

residential and small office sectors, and an equally fast paced growth in last-mile access 

technologies, broadband wireless access (BWA) has emerged as a promising solution. 

However, despite being capable of high-speed multimedia services and rapid flexible 

deployment, BWA has fallen short of becoming a cost-effective option in the market. A 

lack of standardization and the relatively harsh operating conditions provided by the 

wireless channel are probably the prime reasons for the slow growth in the BWA 

industry. 

 

Unlike their wireline counterparts, such as Digital Subscriber Line (DSL) and 

cable modem, the BWA industry players have been slow and reluctant to adopt a single 

common standard. Many vendors have promoted their own proprietary physical layer 

technologies to provide high data rate robust connections, while many others have stuck 

to employing more traditional modulation and coding schemes. Most link layer solutions 

available in the market are based on an array of different wireline standards, which have 

been modified to suit wireless deployment. Such uncoordinated efforts have not only 

caused confusion in the market, but have also resulted in higher costs and slower 

development of equipment. In an effort to resolve many of the issues arising due to the 
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lack of standardization in the BWA sector, the IEEE has formed a task group called the 

IEEE 802.16. 

 

The IEEE 802.16 task group recently published its WirelessMANTM air interface 

standard that standardizes the medium access control (MAC) and physical (PHY) layers 

for fixed BWA systems [WMAN02]. A significant aspect of this standard is that it tries to 

retain much of what is already in use in the market and only attempts to streamline the 

development process by recommending practices based on already widespread 

technology. Many proprietary BWA systems adapt the Data Over Cable System Interface 

Specification (DOCSIS) v. 1.1 MAC to operate in a wireless environment using 

quadrature phase shift keying (QPSK) and quadrature amplitude modulation (QAM) 

based PHY schemes. The WirelessMANTM air interface also uses the DOCSIS MAC 

over QPSK and QAM based PHY schemes.. It has been designed to address systems 

operating from 10 to 66 GHz. It standardizes a common DOCSIS-based MAC over a 

wide range of PHY options. The PHY supports various modulation and coding schemes 

to operate over this wide spectrum. In addition, IEEE 802.16 also defines a radio link 

control (RLC) layer enabling dynamic switching between PHY configurations. This 

allows the system to adapt to various physical channel impairments, such as rain fades 

and multipath. 

 

1.1 Link Adaptation Fundamentals 
 

The basic idea behind employing link adaptation techniques is to operate a link as 

efficiently as possible in the prevailing channel conditions by adapting certain 

transmission parameters. Every attempt is made to sustain a connection, even if a 

reasonable amount of compromise has to be made with the link quality. In most systems 

that employ link adaptation, this ultimately results in a tradeoff between link robustness 

and bandwidth efficiency. Link adaptation results in a net increase in link capacity, in that 

it permits the system to make the most out of a time varying channel, instead of always 

operating optimally for a worst-case channel. 
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There are three primary mechanisms by which a system could improve link 

robustness at the expense of overall bandwidth efficiency. Specific examples of past 

research incorporating these techniques are referenced in Section 2.2. 

 

• Adaptive modulation – The transmitter and receiver negotiate and decide upon 

the most bandwidth efficient signal constellation that can be used for the current 

channel condition. For M-ary QAM (M-QAM) and M-ary phase shift keying (M-

PSK) constellations, bandwidth efficiency and robustness are inversely 

proportional.  When the channel deteriorates, bandwidth efficiency is sacrificed 

and a more robust, lower order modulation scheme is chosen. 

 

• Adaptive forward error correction (FEC) – The system decides to add 

overhead to the transmitted data in the form of FEC code words. This again buys 

robustness at the expense of bandwidth efficiency. The level of FEC used is 

decided based on the channel conditions. Concatenated codes are used to achieve 

fine-grained control over the level of coding applied on the data. Under excellent 

channel conditions, the system may choose not to use FEC and achieve maximum 

bandwidth efficiency. 

 

• Automatic repeat request (ARQ) – Some systems adopt packet retransmissions 

at the link layer. Here, unacknowledged packets are assumed to be in error and are 

retransmitted. Retransmissions cause a reduction in overall throughput, but 

guarantee correct reception on subsequent trials. The system could switch ARQ 

on and off, depend on the channel conditions. Many systems use an optimal 

combination of FEC and ARQ, called Hybrid ARQ, to achieve maximum 

bandwidth efficiency. 

 

Typical link adaptation systems, group the above parameters in to “modes” or 

“profiles” and dynamically track a time-varying channel by switching between 

predefined profiles. 
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In addition to defining suitable operation modes based on the above listed 

transmission parameters, a link adaptation algorithm needs to define quantitatively the 

operation regions for each of these modes.  It also needs to define a suitable metric that 

serves as a link quality indicator. Many practical adaptation algorithms use signal-to-

noise ratio (SNR) ranges to define the operation regions for each mode. These SNR 

ranges are themselves chosen based on the metric chosen as the quality indicator. Typical 

quality indicators are bit error rate, frame error rate, end-to-end delay or throughput. For 

instance a link adaptation algorithm could build a look-up table of suitable SNR regions 

for each of the operation modes based on a delay minimization criterion. Once the table is 

ready, an operational system could simply measure the SNR and choose the mode that 

minimizes the end-to-end delay. 

 

1.2 Scope for LA in IEEE 802.16 
 

The WirelessMAN air interface standardizes systems operating over a wide range 

of the spectrum. Systems operating at especially high frequencies are susceptible to 

severe rain fades and require large fade margins. High data rate requirements make these 

systems susceptible to severe frequency selective fading due to multipath. The 

WirelessMAN air interface provides system designers with three different modulation 

schemes – QPSK, 16-QAM and 64-QAM. It also provides multiple coding schemes 

derived from combinations of GF(256) Reed-Solomon (RS) codes and rate 2/3 

convolutional codes. For very high levels of robustness, turbo product codes (TPC) are 

also included. This enables system designers to define suitable modes using the optimal 

modulation and FEC pairs for different channel conditions.  

 

In addition, the WirelessMAN standard also provides radio link control (RLC) 

functionality to enable dynamic switching between the various operation modes, on a 

per-user and per-time slot basis. The standard defines the necessary messaging and 

signaling framework that can accommodate link adaptation commands on both the 

forward and the reverse links. 
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The standard, however, does not specify the metrics that could be used to design a 

link adaptation algorithm. It does not specify the operation ranges for the various 

transmission modes either. This leaves enough room for equipment vendors and system 

designers to develop efficient link adaptation algorithms to ensure optimal performance. 

 

One interesting aspect of the IEEE 802.16 WirelessMAN standard is that it does 

not define an ARQ mechanism at the link layer. The most likely explanation for this 

omission is that the standard is defined for very wideband systems. It relies on adaptive 

modulation and FEC to combat the channel impairments. Past research has shown that, in 

high bandwidth systems, it is better to sacrifice some amount of bandwidth by employing 

lower order modulation schemes or by employing higher levels of FEC and thus avoiding 

excessive delays involved in implementing ARQ [Maho01]. The lack of ARQ at the link 

layer has some interesting effects on the behavior of the link level metrics. This has a 

substantial impact in the design of link adaptation algorithms and is elaborated in Chapter 

5. 

 

1.3 Research Objectives 
 

The objective of this thesis is to develop a link adaptation algorithm for the 

WirelessMAN air interface based on end-to-end delay minimization criterion. This 

involves studying, through simulation, the various PHY modulation and coding schemes 

under reference channel models. The bit-error-rate performance of the different PHY 

modes, form the input for simulations involving the study of the link layer and TCP layer 

metrics. This thesis establishes that link level metrics are not suitable for use as link 

quality indicators, and, therefore, cannot be used in developing link adaptation 

algorithms. Results of this study show that TCP delay reflects the deterioration in the 

channel quality, and is a suitable metric for the adaptation algorithm. TCP delay is used 

as the quality indicator and SNR operation ranges for typical PHY transmission modes 

are determined. A simple link adaptation algorithm is outlined for the WirelessMAN 

channel Type 1 based on minimization of TCP delay. The effects of network topology, 

TCP’s performance enhancement features and network traffic on the adaptation algorithm 

are also studied. The research objectives are discussed in greater detail in Section 4.1. 
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1.4 Document Overview 
 

This chapter has provided a background and a brief description of the 

methodology involved in developing a link adaptation algorithm. Specific research 

objectives have also been outlined. Chapter 2 outlines standardization in the BWA 

industry. It also presents a brief survey of literature in the area of link adaptation. TCP’s 

congestion control mechanism is also discussed to aid in the discussion of the results in 

later chapters. Chapter 3 describes the IEEE 802.16 PHY and MAC layers in greater 

detail and focuses on aspects of the standard that are significant to the research problem 

in hand. Chapter 4 describes the simulation models and the simulation methodology used 

in this study. The results and their significance are discussed in Chapter 5. An outline for 

the link adaptation algorithm is also presented. Chapter 6 summarizes the significant 

results and conclusions, and provides some direction for further research on this problem. 
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Chapter 2 
 

2.  Background 
 

Several aspects of modern BWA systems need to be addressed to provide the 

proper background for later chapters. This chapter briefly describes the BWA standards 

that precede IEEE 802.16 and attempts to draw a road map leading to the WirelessMAN 

air interface. The link adaptation techniques used in various fixed and mobile wireless 

systems are introduced to establish the motivation for link adaptation in IEEE 802.16. 

TCP’s congestion control mechanism is explained briefly to assist in the explanation of 

the results. 

 

2.1 Standardization in the BWA Industry 
 

The design of early BWA systems, especially Local Multipoint Distribution 

Service (LMDS) networks, was driven by the guidelines set for digital TV broadcasting 

and video-on-demand. These services required limited interactivity. Standardization for 

such systems was first initiated by the Digital Video Broadcasting (DVB) project 

conducted by the European Broadcasting Union. The DVB specifications were originally 

meant for satellite and cable networks. In a separate effort, the Digital Audio Visual 

Council (DAVIC) was formed to standardize LMDS and Microwave Multipoint 

Distribution System (MMDS) in addition to satellite and cable networks. Although DVB 



 8

and DAVIC started out as two separate standards, the European Telecommunications 

Standards Institute (ETSI) brought them together as DVB/DAVIC [Paol00].  

 

The DVB standard specifies QPSK modulation and a concatenated FEC scheme 

with a convolutional inner code and a Reed-Solomon (RS) outer code. The transmission 

frame is based on the Moving Picture Experts Group-2 (MPEG-2) transport data stream. 

DAVIC specifies 16-QAM in addition to QPSK and uses root raised-cosine filters for 

pulse shaping [Sari98]. The DAVIC standard specifies a time division multiple access 

(TDMA) MAC and uses frequency division duplex (FDD) to separate upstream and 

downstream channels. 

 

Researchers have used the DVB/DAVIC specifications in a project funded by the 

European Union called CABSINET, for wireless Internet access over LMDS [Maho01].  

Their results suggest the need for efficient link adaptation mechanisms to maintain TCP 

connectivity over error prone wireless links. Early commercial LMDS systems were 

based on the DAVIC standard [Nokia] [Nortel]. Many of the DAVIC based systems are 

no longer available. 

 

Another standard that has been recommended for used in LMDS is the Data Over 

Cable Service Interface Specification (DOCSIS). The DOCSIS standard specifies QPSK 

and 16-QAM modulation schemes in the uplink. The downlink uses 64-QAM and 256-

QAM. Reed-Solomon coding is used for FEC, and square-root raised-cosine filtering is 

used for pulse shaping [DOCSIS]. The DOCSIS MAC is a demand assigned multiple 

access (DAMA) TDMA with support for both fixed length Asynchronous Transfer Mode 

(ATM) protocol data units (PDUs) and variable length Internet Protocol (IP) PDUs. 

 

The DOCSIS standard has been identified as suitable for adoption in wireless 

point-to-multipoint (PMP) links in both military and commercial networks [Ales00] 

[Harris]. Here, again, the need for efficient link adaptation mechanisms has been stressed. 

 

While many BWA systems are formally based on the DAVIC or the DOCSIS 

specifications, many others use proprietary technologies [Proxim][Alvarion]. Although 
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such systems are generally incompatible with published standards, they often tend to be 

proprietary modifications of the same. Many proprietary systems use the same 

technologies that form the basis of the standards discussed above. Their physical layers 

tend to use combinations of QPSK, 16-QAM and 64-QAM for modulation. Reed-

Solomon codes are used widely for FEC. Almost all proprietary systems use some form 

of TDMA for medium access. 

 

Researchers at Virginia Tech designed and implemented a proprietary BWA 

system for rapid deployment in disaster areas [Bost02]. The technologies used in the 

physical layer were QPSK for modulation and Reed-Solomon and Turbo Codes for FEC. 

A simple TDMA scheme was used for medium access. This system also implemented an 

adaptive hybrid-ARQ scheme to optimize system performance [Eshl02]. 

 

A detailed study conducted by M. T. Ali et al. compares the suitability of DAVIC, 

DOCSIS and IEEE 802.14 for use in LMDS networks [Ali00]. It is shown that the 

smaller-sized contention slots in DOCSIS protocols provide a significant improvement 

for bursty traffic like the World Wide Web. It is also shown that DOCSIS can achieve 

substantially higher throughput for traffic with large request size and low contention load 

(batch-Poisson traffic). DOCSIS supports piggybacking for additional bandwidth request, 

thereby improving performance for traffic with high contention load and large request 

size. DOCSIS is also the only candidate that supports variable length PDUs, thus 

providing significant throughput advantage for traffic with variable-length packets 

[Ali00]. 

 

The IEEE 802.16 WirelessMAN air interface standard is based on the DOCSIS 

MAC [Eklu02]. Adopting DOCSIS clearly provides superior performance as a result of 

the factors listed above. It also permits shorter time-to-market and much lower cost of 

implementation since existing DOCSIS chipsets can be reused with minimal 

modifications. Like the other standards discussed above, IEEE 802.16 adopts QPSK and 

QAM modulation schemes and RS, convolutional and Turbo FEC schemes [Eklu02]. It is 

capable of delivering speeds of more than 100 megabits per second (Mbps). It specifies 

an RLC layer that performs link adaptation and enables link sustenance under harsh 
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operating conditions. Link adaptation permits optimal use of the capacity and maximizes 

coverage, thereby reducing the number of base stations and radio frequency (RF) carriers 

needed. IEEE 802.16 permits time division duplexing (TDD) in addition to FDD, 

enabling substantial spectrum savings and asymmetric variable data rate channels.  

 

The IEEE 802.16 standard has brought together all the enabling technologies to 

overcome numerous technical hurdles and is capable of promising low deployment costs 

and high revenue potential to service providers. The BWA industry has shown 

considerable interest the IEEE 802.16 standard as evidenced by the formation of the 

Worldwide Interoperability for Microwave Access (WiMAX) forum with intent to 

develop test specifications and work with the IEEE on implementing an 802.16 

certification program [WiMAX]. 

 

2.2 Link Adaptation 
 

Adapting the transmission parameters according to the variation in the channel 

can significantly improve the overall performance of a system. The fundamental 

parameters that can be adapted are modulation type and index, coding depth and ARQ. 

Many researchers have studied the various link adaptation strategies and have 

recommend efficient algorithms to improve system performance and capacity. Link 

adaptation has been accepted in many modern packet radio standards as a key solution to 

increase spectral efficiency. 

  

Adaptive modulation is described in [Gold97] and [Webb95]. These results 

clearly demonstrate that adaptive modulation improves the BER performance in wireless 

channels that suffer from fading and shadowing. Goldsmith and Chua propose a variable 

rate and variable power m-ary quadrature amplitude modulation (MQAM) technique and 

prove that using adaptive modulation can provide a 5 to10 dB gain over a fixed-rate 

system with only power control and up to 20dB gain over a completely non-adaptive 

system [Gold97]. Webb and Steele use star MQAM constellations and conclude that 

using an adaptive scheme for SNR > 25 dB results in a 5 dB improvement over non-

adaptive systems [Webb95]. In [Samp94], the authors propose an adaptive modulation 
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scheme for a TDMA based cellular personal multimedia communications system using 

QPSK, 16-QAM and 64-QAM. Their scheme achieves spectrum efficiencies that are 3.5 

times higher than baseline non-adaptive systems using QPSK with a 10% outage 

probability. 

 

In [Came99], the authors recommend using adaptive modulation, adaptive FEC 

and ARQ to optimize a link for maximum efficiency. They define “modulation gain” as 

the increase in capacity using a given modulation relative to that of binary modulation. 

Their results show that adaptive modulation with ARQ and no FEC performs better than 

the same system with FEC. For real time services, they recommend using FEC over 

ARQ. Britto and Bonnati analytically compare adaptive modulation, adaptive FEC and 

adaptive ARQ [Brit02]. They conclude that adaptive FEC schemes generally perform 

well in all signal-to-noise ratio (SNR) ranges, but are inferior to adaptive modulation 

when the SNR is very low. They propose a hybrid scheme involving both adaptive FEC 

and adaptive modulation, which performs better in all SNR ranges with regard to 

throughput and delay parameters. Akyildiz et al. propose an adaptive FEC scheme for 

wireless ATM networks using Reed-Solomon coding. Their results demonstrate 

significant performance improvements of up to 10-6 BER from 10-2 BER before coding 

[Akyi01]. Researchers have also demonstrated significant performance improvements in 

TCP’s throughput and delay when used over wireless links with FEC [Huan00]. 

 

Adaptive modulation and coding techniques are among the enabling technologies 

included in the standards for the Third-Generation (3G) wireless systems [Yang02]. In 

particular, 3G systems support adaptive schemes on the forward link that will achieve 

peak data rates of up to 5 Mbps. High Speed Downlink Packet Access (HSDPA) [3GPP] 

has been proposed for the Wideband Code Division Multiple Access (WCDMA) to 

achieve data rates of up to 10 Mbps [Naka02]. HSDPA recommends using two schemes 

for physical layer link adaptation. One is the adaptive modulation and coding scheme 

(AMCS), and the other is hybrid automatic repeat request (HARQ). In [Naka02], the 

authors propose a realistic and efficient method to adaptively control the threshold values 

for the HSDPA AMCS algorithm. Blogh and Hanzo propose improving the average 

throughput in the UTRA FDD system by employing adaptive QAM in conjunction with 
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adaptive antennas and multi-user detectors [Blog02]. Nanda et al. discuss in detail 

various rate adaptations possible in the different cellular communications standards as a 

result of adaptive modulation and coding [Nand00]. They discuss a wide range of 2G and 

3G standards including IS-95, IS-136, GPRS, EGPRS, CDMA 2000 and WCDMA.  

 

In [Gesb02], the authors discuss the various emerging technologies in the field of 

fixed BWA systems. They recognize adaptive modulation as a key feature in future BWA 

systems and stress the need for both robust modulation modes like BPSK and QPSK, and 

high data-rate modes such as 64-QAM. They also suggest that signal-to-noise-plus-

interference ratio (SINR) be used to determine the switching points between the various 

operating modes. Catreux, et al. introduce link adaptation techniques in the context of 

BWA systems and recommend different adaptation methods based on the channel state 

information [Catr02].  They recommend adaptation methods that use mean SNR, BER 

information and a combination of the two, to form the metrics that decide switching 

thresholds. 

 

In [Maho01], the authors use adaptive FEC and ARQ for the CABSINET project 

to improve TCP performance over LMDS. Their results show that while both techniques 

work, if there is sufficient bandwidth, it is better to use a strong physical layer technique 

to improve link robustness than to use link-layer ARQ. 

 

2.3 TCP over Wireless Links 
 

Transmission Control Protocol (TCP) is the most popular transport layer protocol 

used in data communication systems. It offers end-to-end connectivity and uses an 

acknowledgement mechanism to guarantee in-order delivery of a stream of bytes. It also 

uses retransmissions to recover from packet losses. These features free the application 

from having to worry about missing or reordered data and make TCP a reliable option 

useful in a wide range of applications. The increasing popularity of wireless networks has 

resulted in the use of TCP for reliable transport over wireless links. TCP was initially 

designed and tuned for the traditional networks comprised of wired links. As a result, any 

packet loss or delay experienced by TCP is assumed to be a result of congestion in the 
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network [Xylo01]. Wireless links are generally error prone and packet loss in wireless 

networks occurs due to the physical layer channel impairments. When TCP is used over 

wireless links, it fails to distinguish such a packet loss from the losses resulting due to 

congestion, and resorts to using its congestion control mechanism to recover from the 

situation. TCP reacts to packet losses by choking the system at its input in an effort to 

allow sufficient time for the buffers to clear. This behavior drops the system throughput 

drastically and has a detrimental effect on wireless networks, where the majority of 

packet losses are a result of channel errors [Xylo01]. 

 

TCP expects that the sender receive an acknowledgement (ACK) for every packet 

it sends. When a single packet is lost, the receiver acknowledges the last packet it 

received in sequence. The receiver continues to acknowledge this packet whenever 

subsequent packets arrive, and continues do so until a timer at the sender expires. Once 

this TCP time-out occurs, the sender resets its congestion window (CW) to unity. The 

TCP congestion window indicates the number of unacknowledged packets that can be 

present in the transmission pipe. It sets the upper limit on the number of packets the 

sender can transmit without receiving an acknowledgement from the receiver. After a 

time-out, the CW drops to unity and the sender transmits one packet and waits for the 

ACK. Up on receiving the ACK, the sender doubles the CW and transmits two packets. 

When it receives the ACK for these two packets in doubles the CW again. This doubling 

of the CW continues until the congestion threshold (CT) is reached, after which every 

ACK results in a unity increment of the CW. This process of dropping the CW to unity 

and gradually increasing it till the CT is called the slow start phase of TCP’s congestion 

control [Pete00] [Schi00]. Additive increase beyond the CT is called the congestion 

avoidance phase, which continues until a packet is dropped and the CW is reduced to 

unity again. It is this drop in the CW that forces a drop in link throughput and is 

unnecessary when congestion is not the reason behind the packet loss.  

 

In the period between a packet drop and the TCP time-out, the receiver 

acknowledges subsequent packets it receives by sending the ACK for the last packet 

received in sequence. These repeated acknowledgements for the same packet inform the 

sender of two things. Firstly, the packet subsequent to the one being repeatedly 
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acknowledged is probably lost, and secondly, the receiver is continuing to receive 

something from the sender [Schi00]. Therefore, this tells the sender that congestion was 

not the reason behind the packet loss and allows the sender to retransmit the lost packet 

before the TCP time-out occurs. This mechanism of retransmitting the lost packet before 

the time-out is called the fast retransmit stage of TCP’s congestion control. When a 

packet is dropped, in addition to performing fast retransmission, the sender’s  CW is set 

to half its original value and is allowed to grow by unity every time a packet gets 

acknowledged [Pete00]. Since the CW does not drop to unity every time a packet is lost, 

this method is less expensive with respect to drop in the throughput, than slow start. This 

improvement is called fast recovery and was first implemented in TCP Reno [Pete00]. 

Fast retransmit and fast recovery were added to TCP to avoid the drastic effects of TCP 

time-outs. It is important to point out that fast Retransmit and fast Recovery require that 

packets continue to be received at regular intervals albeit out of sequence, even after a 

packet loss.  If the congestion is severe and the receiver receives no packets, TCP will 

time-out and reduce the CW to unity. 

 

In wireless networks, TCP behavior depends on the error rate on the wireless link. 

In [Xylo01], the authors study TCP performance over error prone wireless links. In 

[Bala97] the authors classify and compare the various methods used to improve TCP’s 

performance over wireless links.  

 

The effects of TCP’s congestion control in IEEE 802.16 are explained in Chapter 

5. The interaction between TCP and the link layer protocol with regard to the congestion 

control mechanism is also shown in the results. 

 

2.4 Summary 
 

 This chapter has provided the necessary theoretical background and a review of 

related research in the area of link adaptation. The IEEE 802.16 standard retains much of 

the same PHY technologies that are already in use in the BWA industry. It specifies 

multiple modulation and FEC schemes and provides an RLC framework to enable 

dynamically switching between the different schemes. This chapter discussed several 
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instances where dynamic selection of modulation and FEC schemes provides substantial 

performance improvement in wireless systems. A brief discussion of TCP’s performance 

over wireless links was also provided. This research focuses of studying the IEEE 802.16 

standard and develops a LA algorithm for the WirelessMAN air interface. The next 

chapter discusses the IEEE 802.16 standard in greater detail. Chapter 5 discusses TCP’s 

performance over the WirelessMAN air interface and presents a LA algorithm that 

attempts to minimize ETE TCP delay. 
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Chapter 3 

 

3.  Technical Overview of the IEEE 802.16 

Standard 
 

In this chapter we present a technical discussion on the IEEE 802.16 

WirelessMAN air interface. The description presented here highlights the various 

significant aspects of the standard’s PHY and MAC layers. The standard is designed for 

use in a point-to-multipoint network topology where a base station (BS) transmits to 

multiple subscriber stations (SS) in a cellular coverage area. The Radio Link Control 

(RLC) functionality is also discussed briefly. 

 

3.1 Physical Layer 
 

The IEEE 802.16 PHY targets systems operating in the range of 10 to 66 GHz. 

Line-of-sight propagation paths are a practical necessity in such systems. The standard 

specifies single-carrier modulation schemes with FEC. The air interface supports both 

FDD and TDD operation modes. 
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3.1.1 Modulation 
 

 The standard supports three different modulation schemes. It supports higher 

order 16-QAM and 64-QAM schemes to maximize link throughput and also supports 

QPSK for robustness and reliability. While both QPSK and 16-QAM are mandatory on 

the downlink, the uplink need support only QPSK. Figures 1 through 3 describe the bit 

mapping of the three modulation schemes as shown in [WMAN]. These and all the other 

figures in this chapter are reproduced from the IEEE 802.16 standard document. 

 

 

Figure  3.1: QPSK Constellation, Adapted from [WMAN02] 

 
 



 18

 

Figure  3.2: 16-QAM Constellation (Gray coded), Adapted from [WMAN02] 

 

 

Figure  3.3: 64-QAM Constellation (Gray coded), Adapted from [WMAN02] 
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3.1.2 Forward Error Correction 
 

 The WirelessMAN air interface supports two mandatory FEC schemes: Reed-

Solomon only and Reed-Solomon concatenated with block convolutional code. The 

Reed-Solomon code is a systematic code generated from Galois Field, GF(256) with 

information block length K variable from 6 to 255 bytes. Its error correction capability T 

varies from 0 to 16 error bytes. The code generator polynomials are given by the 

following. 

 

Code Generator Polynomial:  

))...()()(()( 12210 −++++= Txxxxxg µµµµ , where µ = 02hex. 

 

Field Generator Polynomial: 

1)( 2348 ++++= xxxxxp  

 

The concatenated coding scheme uses an inner code derived from a rate 2/3, 4-state, 

nonsystematic, punctured convolutional code (7,5). The standard also supports turbo 

block codes as an optional FEC scheme. 

 

3.1.3 Baseband Pulse Shaping 
 

 Prior to modulation, the baseband signals are filtered by square-root raised cosine 

filters. The excess bandwidth factor a, is specified to be 0.25. The transfer function of the 

ideal square-root raised cosine filter is given as: 
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Here 
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f ==  is the Nyquist frequency. Pulse shaping in applied to both the 

uplink and the downlink signals. 

 

3.1.4 Baud Rates and Channel Bandwidths 
 

The IEEE 802.16 standard targets the large amount of spectrum potentially 

available for point-to-multipoint systems in the 10 to 66 GHz frequency range. Due to 

wide variations in the local regulations in the different regions, no frequency plan is 

specified in this standard. However, sufficient commonality exists to specify a default RF 

channel bandwidth for each major region. Channel bandwidths and baud rates for 

systems using square-root raised cosine filtering with a roll-off factor of 0.25 are listed in 

Table 3.1. 

 

Table 3.1: Channel Bandwidths and Baud Rates for a Roll-Off Factor of 0.25 

Channel 

Bandwidth 

(MHz) 

Symbol Rate 

(MBaud) 

Bit Rate 

(Mbps) 

QPSK 

Bit Rate 

(Mbps) 

16-QAM 

Bit Rate 

(Mbps) 

64-QAM 

20 16 32 64 96 

25 20 40 80 120 

28 22.4 44.8 89.6 134.4 

 

While channel bandwidths of 20 MHz and 25 MHz are typical in the U.S., 28 

MHz is the typical allocation in Europe. 

 

3.1.5 Propagation Models 
 

The IEEE 802.16 standard specifies three multipath propagation models as 

reference channels to be used in the development and evaluation of PHY designs such as 

equalizers. The standard also specifies that no further BER degradation should be 

expected when using these models. The channel model is specified as: 
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Here C1, C2, and C3 are the complex tap amplitudes and T1, T2, and T3 are the tap delays. 

The tap amplitudes are normalized to have unit energy. Table 3.2 lists the channel models 

[WMAN02]. B is the channel baud rate in MBaud and the resulting tap delays are in ns. 

For example, if B = 20 MBaud, then the resulting Type 2 tap delays are 0, 20 and 40 ns. 

 

Type 0 represents clear line of sight scenario. Type 1 and Type 2 represent typical 

deployment scenarios with multipath. While Type 1 has the direct path as its strongest 

received component, Type 2 is a non-minimal phase shift multipath channel with the 

delayed reflections being stronger than the line of sight component. 

 

Table 3.2: Propagation Models 

Propagation Model Tap Number Tap Amplitude Ci Tap Delay Ti 

Type 0 1 1.0 0 

1 0.995 0 Type 1 

2 0.0995 exp(-j0.75) 400/B 

1 0.286 exp(-j0.75) 0 

2 0.953 400/B 

Type 2 

3 -0.095 800/B 

 

 

3.2 Medium Access Control Layer 
 

As discussed in Section 2.1, the IEEE 802.16 MAC layer is similar to the MAC 

layer specifications in the DOCSIS standards. The MAC layer controls medium access on 

the uplink channel using a DAMA TDMA system. On the downlink, the BS transmits to 

the subscriber stations using time division multiplexing (TDM). The subscriber stations 

use TDMA on the uplink and transmit to the BS in their allotted time slots. 
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3.2.1 Basic MAC Mechanism and Framing 
 

Each SS is periodically granted transmission opportunities by the BS. The BS 

accepts bandwidth requests from the SSs and grants them time-slots on the uplink 

channel. These grants are made based on the service agreements, which are negotiated 

during connection setup. The BS may also earmark certain time slots on the uplink that 

are available to all SSs for contention. The SSs may use these slots to transfer data or to 

request for dedicated transmission opportunities.  

 

The standard uses frame sizes of 0.5, 1 or 2 ms. The uplink channel is divided into 

a stream of mini-slots. The system divides time into physical slots (PS), each with 

duration of four modulation symbols. A mini-slot comprises two PSs. A subscriber 

station that desires to transmit on the uplink requests transmission opportunities in units 

of mini-slots. The BS accepts requests over a period of time and compiles an allocation 

map (MAP) message describing the channel allocation for a certain period into the future 

called the MAP time. The MAP is then broadcast on the downlink to all subscriber 

stations. In addition to dedicated transmission opportunities for individual subscriber 

stations, a MAP message may allocate a certain number of open slots for contention-

based transmission. These transmission opportunities are prone to collisions. Collisions 

are resolved using the truncated binary exponential algorithm. 

 

The downlink frame is shown in Figure 3.4. The frame starts with a frame control 

section that contains the downlink MAP (DL-MAP) for the current downlink frame as 

well as the uplink MAP (UL-MAP) for a frame in future. The DL-MAP informs all SSs 

when to listen for transmissions destined for them in the current frame. The UL-MAP 

informs SSs of their transmission opportunities as a response to their dynamic bandwidth 

requests, or on the basis of prior service agreements. 
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Figure  3.4: Downlink Frame Structure, Adapted from [WMAN02] 

 
The downlink frame typically contains a TDM portion immediately following the 

uplink and downlink MAPs. This TDM portion carries downlink data for a SS using a 

negotiated burst profile identified by the Downlink Interval Usage Code (DIUC). Burst 

profiles and the DIUC are discussed in Section 3.4. The TDM portion may optionally be 

followed by a TDMA portion to allow better support for half-duplex SSs. 

 

The allocation MAP comprises information elements (IEs) that define the usage 

of particular time slots in the uplink. The IEEE 802.16 standard defines different IEs for 

different purposes. Request IEs define uplink intervals that can be used by SSs to request 

the BS for transmission opportunities. Initial maintenance IEs specify when new SSs may 

enter the network. Station maintenance IEs specify time intervals when SSs may perform 

ranging and power control. Data grant burst type IEs specify when SSs may transmit 

protocol data units (PDUs) on the uplink channel. 

 

The uplink frame comprises transmissions from different SSs based on the 

discretion of the BS uplink scheduler as indicated in the UL-MAP. The scheduler may 

also earmark time for initial maintenance and bandwidth requests in any given frame. 

This information is conveyed to the SSs by the corresponding IEs in the UL-MAP. The 

uplink frame also contains guard times in the form of SS Transition Gaps. These gaps are 

used by the BS to re-synchronize to different SS transmissions. A typical uplink frame is 

shown in Figure 3.5. 
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Figure  3.5: Uplink Frame Structure, Adapted from [WMAN02] 

 

3.2.2 Scheduling Service Classes 
 

The IEEE 802.16 MAC defines various scheduling service classes. Subscriber 

stations can establish connections using the scheduling service class most suitable for the 

application in use. Each SS negotiates its service agreements with the BS during 

connection setup. The BS uses these scheduling classes while allocating uplink 

bandwidth for the SSs. The various scheduling service classes defined in IEEE 802.16 are 

based on those defined in the DOCSIS 1.1 standard [Eklu02]. The scheduling service 

classes defined in IEEE 802.16 are Unsolicited Grant Service (USG), Real-Time Polling 

Service (rtPS), Non-Real-Time Polling Service (nrtPS), and Best Effort (BE) Service. 

USG pre-allocates periodic transmission opportunities to the SSs. This eliminates the 

overhead involved in the bandwidth request-grant process, making USG the ideal service 

class for E1/T1 backbone applications. The grant size is a system parameter negotiated at 

connection setup and is a part of the service agreements. Real-Time Polling Service 

ensures that SSs get periodic bandwidth request opportunities. The SSs can then request 

bandwidth from the BS. This service permits the SSs to transmit without contending for 

the uplink channel and is ideal for applications that periodically generate variable sized 

packets. It targets applications such as voice over Internet Protocol (VoIP), streaming 

audio and streaming video. Non-Real-Time Polling Service is designed for applications 

that need high bandwidth connections and are not delay sensitive, for example, bulk file 

transfers. Best Effort service targets best effort traffic where no throughput or delay 

guarantees are necessary. Here, the SSs are required to contend for transmission 

opportunities. The availability of contention opportunities is not guaranteed. The IEEE 

802.16 MAC also provides support for fragmentation and concatenation. 
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3.3 Automatic Repeat Request (ARQ) 
 

 The IEEE 802.16 standard specifies that ARQ should not be used on the air 

interface. As discussed in Section 2.2, researchers have demonstrated that if there is 

sufficient bandwidth available, it is better to use physical layer techniques to provide link 

robustness than to use link-layer ARQ. Although we have not found any documents or 

publications available in the public domain that might establish the motivation behind 

omitting ARQ in this standard, we gather that the following reasons were instrumental in 

this design decision [Eklu04]. 

 

1. IEEE 802.16 modems operate at very high data rates and it is reasonably complex to 

implement ARQ at such data rates. 

 

2. The line-of-sight channel at high frequencies is essentially bimodal. The channel is 

typically either very good, resulting in very few bit errors, or the channel is sufficiently 

bad that ARQ would not improve throughput significantly. The transition between these 

two states is also typically very steep. ARQ is most effective in this transition region, but 

in high frequency line-of-sight systems, this region is very small. 

 

3. ARQ is typically employed in wireless link protocols to overcome bit errors as a result 

of interference. Proper network planning can avoid situations where interference may 

result in bit errors. 

 

3.4 Radio Link Control 
 

To fully utilize the flexible and robust PHY, the IEEE 802.16 standard defines an 

equally flexible radio link control (RLC) [Eklu02]. In addition to performing the 

traditional functions, such as power control and ranging, the RLC is responsible for 

transitioning from one PHY scheme to another. Combinations of PHY modulation and 

FEC schemes used between the BS and the SSs are termed as downlink or uplink burst 

profiles depending on the direction of flow. In IEEE 802.16, burst profiles are identified 

using Downlink Interval Usage Code (DIUC) and Uplink Interval Usage Code (UIUC). 



 26

The RLC is capable of switching between different PHY burst profiles on a per-frame 

and per-SS basis. The SSs use preset downlink burst profiles during connection setup. 

Thereafter, the BS and the SSs continuously negotiate uplink and downlink burst profiles 

in an effort to optimize network performance.  

 

The standard recommends that each SS measure C/(N+I) as a metric to initiate a 

burst profile change when necessary. This metric defines the ratio of the received signal 

power (C) to the sum of the interference power (I) and the noise floor (N). Each SS is 

required to continuously measure C/(N+I) and explicitly request a change in the downlink 

burst profile if the metric exceeds or falls below preset threshold levels. The usage of 

burst profile thresholds is shown in Figure 3.6. 

 

 

Figure  3.6: Burst Profile Threshold Usage, Adapted from [WMAN02] 

 

A SS can request a change in the downlink burst profile by using range request 

messages (RNG-REQ) defined in the standard. The SS uses the initial maintenance or 

station maintenance intervals to transmit this message to the BS with the DIUC of the 

desired burst profile. The BS acknowledges the newly negotiated burst profile in the 

range response (RNG-RSP) message. The RLC provides the SS with the means of 

explicitly requesting a change in the downlink burst profile to tradeoff efficiency and 

robustness under different channel conditions. The SS can switch to a more energy 

efficient burst profile under good channel conditions and switch to a more robust burst 
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profile when the channel condition deteriorates. Transition to a more robust burst profile 

is shown in Figure 3.7. 

 

 

Figure  3.7: Transition to a More Robust Burst Profile, Adapted from [WMAN02] 

 

It is important to understand that the standard only defines the messaging 

framework to be used for link adaptation. An algorithm based on the measurement of 

instantaneous C/(N+I) is recommended as shown in Figure 3.6. However, the standard 

does not specify values for the switching thresholds. Our goal is to develop a simple 

algorithm to implement link adaptation using the framework defined by the standard. To 

develop the algorithm, the optimal C/(N+I) switching thresholds need to be determined, 

as indicated in Fig 3.6. Section 4.1 presents a detailed discussion on the precise 

objectives of this thesis. 

 
 



 28

3.5  Summary 
 

 This chapter presented a detailed discussion of the IEEE 802.16 standard. The 

discussion focused mainly on the PHY and MAC layer aspects that were significant in 

this thesis. Section 3.1 described the modulation schemes, the FEC schemes and the PHY 

channel models. These aspects of the standard were simulated using MATLAB. The 

MAC mechanism and the framing were discussed in Section 3.2. They were simulated 

using OPNET Modeler. The simulation model used in this study is described in greater 

detail in the next chapter. 
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Chapter 4 
 

4.  Simulation Model and Methodology 
 

This chapter discusses the simulation methodology employed by this research. As 

stated earlier in this thesis, our research focuses on developing a simple link adaptation 

algorithm for the IEEE 802.16 standard. This task involves defining a suitable 

performance metric as a link quality indicator and studying the performance of the 

different burst profiles supported by the WirelessMAN air interface.  

 

 In this research, resource constraints prohibited implementing and testing an IEEE 

802.16 prototype system. Therefore, simulation was chosen to be the primary tool 

throughout this study. This chapter discusses the assumptions made in designing the 

simulation model, the simulation model itself, and the simulation experiments. Where 

feasible, the simulation model is verified and the results validated. 

 

4.1 Objectives  
 

Our goal is to develop a simple algorithm to implement link adaptation using the 

framework defined by the standard. To develop the algorithm, the optimal C/(N+I) 

switching thresholds need to be determined, as indicated in Fig 3.6. To do this, we need 

to first define a metric to serve as a link quality indicator. This metric should reflect the 

variation in physical channel condition. Deteriorating physical channel conditions should 

clearly result in worse system performance with respect to this metric. Once we have a 
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suitable link quality indicator metric, we need to study the performance of the different 

burst profiles with respect to this metric. Variations in link quality for each of the burst 

profiles for varying C/(N+I) values should be determined. Based on these studies, we 

select suitable C/(N+I) thresholds for use in the LA algorithm. The metric defined in this 

thesis becomes the criterion for the selection of suitable C/(N+I) threshold values for the 

different PHY burst profiles. Since we are interested in determining the C/(N+I) 

thresholds at the SSs, we concentrate on evaluating the downlink performance alone. 

Also, since the LA algorithm proposed in this thesis is based on delay minimization 

criterion, the ETE delay is the link quality metric chosen for this study. In summary, the 

objective of this thesis is to answer the following research questions. 

 

1. What is a suitable metric that can serve as the criterion for selecting suitable 

C/(N+I) threshold values? Since the objective is to develop an LA algorithm that 

attempts to minimize ETE delay, 

 

(a) Is link layer ETE delay a suitable criterion? 

(b) Is transport layer ETE delay a suitable criterion? 

 

2. How do different PHY burst profiles perform with respect to the above criterion 

for different C/(N+I) values? What are the C/(N+I) threshold values for each of 

the PHY burst profiles? 

 

3. How sensitive are these C/(N+I) threshold values to delays on the Internet? 

 

4. How sensitive are these C/(N+I) threshold values to the different TCP 

performance enhancement schemes? 

 

5. How sensitive are these C/(N+I) threshold values to network load? 
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4.2 Assumptions 
 

Several assumptions were necessary to limit the scope of the problem while 

developing the simulation model. The objective behind making these assumptions was to 

keep the simulation complexity manageable while still meeting the research goals. This 

section briefly discusses the assumptions made in the modeling process. 

 

4.2.1 Wireless Link  
 

In this research we concentrate only on the downlink performance. Although this 

reduction of scope simplifies the simulation model, it does not affect the results that will 

ultimately form the adaptation algorithm. The uplink and the downlink are two separate 

connections and will be required to implement similar link adaptation algorithms at the 

SS and BS, respectively. While we study the downlink performance with different burst 

profiles, we assume that the uplink is essentially error free, operating using QPSK at high 

SNR values. 

 

4.2.2 Data Network 
 

This thesis involves four different experiments described later in Section 4.5. For 

the baseline experiment discussed in Section 4.5.1, the study of the effect of TCP 

performance enhancement schemes in Section 4.5.3 and the study of the effect of 

network load in Section 4.5.4, we assume that the network consists of a single cell 

involving a BS and a single SS. This setup, involving just the last wireless hop, is 

sufficient to study the performance of the burst profiles and determine the necessary SNR 

thresholds. However, exact algorithm implementation and the precise SNR entry and exit 

thresholds will vary largely based on the larger network topology, of which the wireless 

hop is just a single segment, since the delay on the wireline part can vary greatly. We 

study these delay effects in Section 4.5.2, and emphasize the need to consider the 

ultimate deployment scenario and QoS requirements while developing the algorithm. In 

this experiment the SS is connected to a remote server across the Internet. 
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4.2.3 Network Traffic 
 

To study the downlink, the simulations focus on keeping the downlink pipe full. 

The simulations assume that the BS hosts an File Transfer Protocol (FTP) server on 

which the SSs perform FTP “get” operations to download large files. It is assumed that 

the file server always has enough data to send on the downlink throughout the simulation 

run. In the experiment described in Section 4.5.2, when studying the topology effects, the 

FTP server is implemented across the Internet on a dedicated FTP server. Streaming 

video was used as the traffic profile while validating the simulation model. 

 

4.2.4 Network Connectivity 
 

All nodes in the network are connected at the start of the simulation and continue 

to remain connected throughout the simulation run time. 

 

4.3 Simulation Model 
 

The IEEE 802.16 WirelessMAN air interface was simulated using MATLAB 6.0 

and OPNET Modeler 8.1.C. While OPNET Modeler permits the implementation of 

physical layer details in the pipeline stages of the various supported physical media, it 

does not provide the degree of flexibility and the ease of development offered by 

MATLAB. In our simulation model, the PHY technologies and the multipath channels 

specified in the WirelessMAN air interface were simulated in MATLAB. The bit error 

rate (BER) results from these simulations were used in the error allocation stages of the 

OPNET Modeler pipeline to determine if a packet was in error. 

 

4.3.1 PHY Simulation Model 
 

The IEEE 802.16 PHY burst profiles were evaluated using baseband Monte-Carlo 

simulations developed in MATLAB. The simulator was designed to simulate three 

different modulation schemes, QPSK, 16-QAM and 64-QAM. A GF(256) Reed-Solomon 
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coder was also incorporated using MATLAB’s Communications Toolbox. The 

transmitter generated random bits of information from a uniformly distributed random 

variable. These bits are then grouped in symbols and are passed to the (255,k) RS coder 

in blocks of k symbols. The coded symbols are then mapped to the M-ary modulator’s 

constellation shown in Section 3.1.1. M takes the value of 4, 16 or 64 depending on the 

modulation type. 

 

The receiver incorporates an RS decoder and a simple Maximum Likelihood 

(ML) receiver implemented as a correlator. The receiver incorporates additive white 

Gaussian noise (AWGN) in the form of a normally distributed random variable with 

variance scaling. The variance of AWGN is given by [Fakh99] 
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Here, Ai is the waveform amplitude of each of the N samples in an information bit. n is 

the number of bits per symbol and r is the code rate. A sink implemented at the receiver 

compares the received information bits with the original transmitter generated version, 

and counts bit errors (if any). 

 

The propagation channel models discussed in Section 3.1.5 are implemented in 

the form of a three-tap FIR filter. Passing the information symbols through this channel 

filter results in the necessary amplitude and phase errors that are characteristic of the 

multipath. 

 

4.3.2 IEEE 802.16 Air Interface Model 
 

OPNET Modeler permits hierarchical design of network systems making 

simulations closely resemble real-life implementations [OPNE01]. At the topmost level, 

OPNET Modeler defines network level entities such as hosts and terminals. Each host’s 
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internal architecture is defined by the processors it contains. The operation of every 

processor in a host is defined in the form of a finite state machine (FSM) called the 

process model. The functionality of the process models is coded using a combination of 

the C or C++ language and built-in functions. 

 

As discussed in Section 2.1, the IEEE 802.16 MAC layer is largely based on the 

DOCSIS MAC. The simulation model developed to study the WirelessMAN air interface 

builds upon the DOCSIS process models included in the OPNET Modeler library 

[OPNE02]. One of the most important differences between the DOCSIS models and the 

IEEE 802.16 models is the physical medium used for network connectivity. While IEEE 

802.16 is a wireless system, DOCSIS uses a wire line bus topology. 

 

4.3.2.1 Network Level Entities 
  

 At the network level, two network devices were developed, the Base Station (BS) 

and the Subscriber Station (SS). Each BS was designed to connect to multiple SSs and, 

also, to an external server, either directly or via the Internet cloud. Figure 4.1 depicts a 

typical network deployment involving a single BS, eight SSs, the Internet cloud and a 

remote server. This network diagram shows the use of the BS and SS models in a typical 

deployment for Internet access. Here a single BS connects multiple SSs to a server 

connected across the Internet. This deployment shows the scaling capability of the 

models developed. Since the focus of this thesis is the wireless link between the BS and 

the SS, the model used to gather results involved a single BS and a single SS. This simple 

network design is shown in Figure 4.4. 
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Figure  4.1: Top Level Network Entities 

 

The BS is capable of generating or routing application level traffic based on 

various traffic profiles defined in OPNET Modeler. For the purpose of this study, FTP 

and streaming video were the two traffic profiles used. In both cases the SSs are the 

clients and connect to the BS to request data transfer on the downlink. The BS is capable 

of co-locating a server locally or connecting to a remote server. 

 

4.3.2.2 The Base Station 
 

At the start of the simulation the BS is responsible for broadcasting the 

Synchronization (SYNC) and the Uplink Channel Descriptor (UCD) messages to all the 

SSs. Upon the receipt of Range Requests (RNG_REQ) from the SSs, the BS responds by 

sending the Range Response (RNG_RSP) message on the downlink. Once the BS 

establishes a connection with an SS, it transmits the MAP message informing the SS of 

its transmission opportunities. The BS finite state machine is shown in Figure 4.2. 
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Figure  4.2: The Base Station Finite State Machine  

 

The Init state initializes the necessary state variables for the simulation run. All 

the statistics collected at the end of the simulation are declared and initialized in this 

state. This state is responsible for allocating memory for the data structures used during 

the simulation. 

 

The IEEE 802.16 MAC layer is integrated with the TCP/IP protocol stack 

provided with OPNET Modeler. For OPNET Modeler to recognize the IEEE 802.16 

MAC as a part of the TCP/IP stack provided in the simulation framework, the MAC 

process must subscribe to the simulation framework’s auto-addressing mechanism. It 

must receive interrupts and interface control information provided by the higher protocol 

layers on the downlink and must return the necessary interrupts and interface control 

information to the higher protocol layers on the uplink. These integration functions are 

performed in the Auto Address state shown in Figure 4.2. 

 

After integrating itself with the OPNET simulation framework, the BS sends the 

SYNC and the UCD messages on the downlink. The FSM waits in the Ranging state for 

RNG_REQ messages from the SSs participating in the simulation. The RNG_REQ 
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messages interrupt the BS and inform it of the SS’s address and QoS agreement. After the 

ranging process is complete the BS sends the MAP message to all the SSs on the 

downlink. 

 

The BS process waits for interrupts in the Idle state. It can be interrupted by 

arriving data on the uplink, when it transitions to the Data_Up state and forwards the data 

to the upper protocol layers. Data to be sent on the downlink is collected in a local buffer. 

The process transitions to the Data_Down state and sends data on to the wireless link 

upon receiving scheduled interrupts to send data on the downlink. The model is also 

capable of periodically sending out SYNC, UCD, and MAP messages on the downlink. 

They may be turned off to speed up the simulation. 

 

4.3.2.3 The Subscriber Station 
 

At the start of the simulation the SS waits for the SYNC and UCD messages to be 

sent by the BS on the downlink. The SS transmits the RNG_REQ message on the uplink 

informing the BS of its presence and its QoS requirements. The SS receives the MAP 

messages sent by the BS to determine its transmission opportunities in the uplink. Based 

on the contents of the MAP message, the SS process schedules self-interrupts that prompt 

it to send data from its local buffer. Figure 4.3 shows the Subscriber Station process’s 

finite state machine. 
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Figure  4.3: The Subscriber Station Finite State Machine  

 

The Pre-init state performs the integration of the MAC process with the OPNET 

Modeler’s TCP/IP simulation framework. This state acquires an address for the SS from 

the higher layers. The SS communicates this address to the BS during the ranging 

process.  

 

The Init state initializes the necessary state variables for the simulation run. All 

the statistics collected at the end of the simulation are declared and initialized in this 

state. This state is responsible for allocating memory for the data structures used during 

the simulation. 

 

The FSM transitions to the SYNC Arrival state upon receiving the SYNC 

message on the downlink. This informs the SS of the availability of the BS and its 

address. The arrival of the UCD message interrupts the SS process and forces it to 

transition to the UCD Arrival state. The SS transmits the RNG_REQ message on the 

uplink before transitioning to the UCD Arrival state. 

 

The process waits for the RNG_RSP message in the UCD Arrival state. Upon 

receiving the RNG_RSP message, the SS learns about the timing advance that it must use 
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while accessing the medium in the uplink frame. The SS uses this timing advance value 

to schedule its transmissions on the uplink such that the propagation delay is 

compensated for, and the transmissions are perfectly aligned at the receiver in the BS. 

 

The SS process waits for interrupts in the Idle state. It can be interrupted by data 

arrival from the BS on the downlink, when it transitions to the Data_Up state and 

forwards the data to the upper protocol layers. Data to be sent on the uplink is collected in 

a local buffer. The process transitions to the Data_Down state and sends data on to the 

wireless link upon receiving scheduled interrupts to send data on the uplink. The model is 

also capable of periodically receiving SYNC, UCD, and MAP messages on the downlink.  

 

4.4 Performance Metrics 
 

The following two performance metrics were critical in the design of the link 

adaptation algorithm and the performance evaluation of the various WirelessMAN burst 

profiles. While the signal-to-noise ratio is the measured quantity that will initiate a switch 

from one burst profile to another, the specific SNR thresholds will be determined using 

end-to-end delay as the criterion. 

 

4.4.1 Signal-to-Noise and Interference Ratio  
 

 The standard recommends that each SS measure the signal over noise and 

interference ratio C/(N+I) as a metric to initiate a burst profile change if necessary. This 

metric defines the ratio of the received signal power (C) to the sum of the interference 

power (I) and the noise floor (N). Each SS is required to continuously measure C/(N+I) 

and explicitly request a change in the downlink burst profile if the metric exceeds or falls 

below preset threshold levels. C/(N+I) is measured in dB and a higher value is considered 

better. 
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4.4.2 End-to-End Delay 
 

End-to-end (ETE) delay is defined as the average time between the source 

transmission and sink reception between peer layers. This study looks at ETE delays at 

the MAC and TCP layers. ETE delay is measured in seconds and a smaller value is 

considered better. 

 

4.5 Simulation Experiments 
 

A simple simulation experiment, termed the baseline experiment, was conducted 

to study the PHY burst profiles supported by the IEEE 802.16 standard.  The results of 

these simulations demonstrate that TCP delay is a suitable metric based on which we 

build the adaptation algorithm. In addition to this basic simulation experiment, we also 

conducted three other experiments to justify the choice of TCP delay as the algorithm 

metric, and to draw attention to significant deployment factors that need to be taken into 

account while developing the algorithm. We look at realistic Internet deployment and 

study the effects of delays in the Internet on the adaptation algorithm. We look at the 

effect of performance enhancement features supported by the TCP/IP stacks implemented 

in modern operating systems (OSs). Finally we look at the effect of network load on the 

adaptation algorithm. 

 

4.5.1 Baseline Experiment 
 

The baseline experiment used a BS and a single SS operating in a single cell 

environment. The purpose of this experiment was to evaluate the performance of the 

different PHY burst profiles on the WirelessMAN downlink. The top-level network 

model for the baseline experiment is shown in Figure 4.4. 
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Figure  4.4: Top Level Design for the Baseline Experiment 

 

The SS issues an FTP “get” command to the FTP server co-located at the BS. A 

combination of a modulation and a coding scheme was chosen for the downlink and the 

receiver signal-to-noise ratio was increased gradually. ETE delays at both the MAC and 

the TCP layers were noted for various signal-to-noise ratio values.  

 

The transport protocol chosen for this experiment is TCP Reno. Its widespread 

use in the research community and TCP Reno’s being the default implementation in BSD 

Unix and Microsoft Windows OSs, was the motivation behind this choice 

[deCa01][MacD01].  

 

 Table 4.1 lists the simulation parameters used and factors varied in this 

experiment. The simulation factors varied in this experiment are the channel model, the 

modulation schemes, FEC and SNR. The experiment involved running simulations for 

three modulation schemes on two different types of channels. FEC was another parameter 

that was turned ON or OFF. For each selection of channel, modulation scheme and FEC 

status, the SNR was varied according to the values listed in Table 4.1. At each SNR value 

the ETE delays were measured at the transport and link layers. 

 

The count of the number of SNR values considered in this experiment directly 

relates to the number of simulation runs performed. Each simulation was replicated at 

least thrice with different seeds for all 47 SNR values, totaling to at least 141 simulations. 

Due to high variability in simulations involving low SNRs, up to five replications were 

run as and when needed to ensure that the 95% confidence intervals were acceptable. Our 

attempt was to keep the width of the 95% C.I. to a value smaller than 15% of the average. 
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Table 4.1: Simulation Parameters and Factors for Baseline Experiments 

Simulation Parameter Value 

Uplink Symbol Rate 20 MBaud 

Downlink Symbol Rate 20 MBaud 

Duplex Mode FDD 

Scheduling Scheme UGS 

Transport Protocol TCP Reno 

Grant Size 1024 Bytes 

Traffic Model FTP Traffic on downlink. 

File size – 100 Kbytes 

Request Inter-arrival – 30 s 

Downlink Modulation QPSK, 16-QAM, 64-QAM 

FEC RS(255,240) ON, OFF 

Channel Models Type 0, Type 1 

SNR (dB) Channel Type 0 

QPSK, FEC OFF – 10, 11, 12, 13, 14 

16-QAM, FEC OFF  – 17, 18, 19, 20, 21, 22 

64-QAM, FEC OFF  – 23, 24, 25, 26, 27, 28 

 

Channel Type 1 

QPSK, FEC OFF – 11, 12, 13, 14 

QPSK, FEC ON – 9.5, 9.75, 10 

16-QAM, FEC OFF – 18, 19, 19.5, 20, 21, 22 

16-QAM, FEC ON – 16.5, 16.75, 17, 17.5, 18 

64-QAM, FEC OFF – 28, 30, 32, 34, 36, 38 

64-QAM, FEC ON – 25.5, 26, 26.5, 27, 27.5, 28 
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4.5.2 Internet Delay Effects 
 

The baseline experiments focus on demonstrating the suitability of TCP delay as a 

good indicator of the link quality. This leads us to develop a simple link adaptation 

algorithm. The purpose of this experiment is to study the dependence of the precise SNR 

switching thresholds on the network delays outside the WirelessMAN air interface. In 

this experiment we build upon the scenario described in the baseline experiment by 

studying a FTP download session between the SS and an FTP server connected across the 

Internet. Figure 4.5 shows the network design used for this experiment. 

 

 

Figure  4.5: Top Level Design to Study Topology Effects 

 

 In this experiment we study the performance of a single burst profile (64-QAM 

with no FEC) by varying the delay in the Internet. The simulation factors in this 

experiment are the Internet latency values and the SNR values. For each Internet latency 

value the SNR is varied as listed in Table 4.2. At least three replications are performed 

for each SNR value. Where the variability in the measured quantity is high, up to five 

replications are performed to improve the 95% confidence intervals of the results. 

Therefore, since four Internet delay values are simulated for six different SNRs, a total of 

at least 72 experiments were performed. 

 

 

 

 

 

 

 



 44

Table 4.2: Simulation Parameters and Factors for the  

Study of Internet Latency Effects 

Simulation Parameter Value 

Uplink Symbol Rate 20 MBaud 

Downlink Symbol Rate 20 MBaud 

Duplex Mode FDD 

Scheduling Scheme UGS 

Transport Protocol TCP Reno 

Grant Size 1024 Bytes 

Traffic Model FTP Traffic on downlink. 

File size – 100 Kbytes 

Request Inter-arrival – 30 s 

Downlink Modulation 64-QAM 

FEC OFF 

Channel Model Type 0 

SNR (dB) 23, 24, 25, 26, 27, 28 

Internet Latency (ms) 100, 500, 1000, 5000 

 

4.5.3 Effect of TCP’s Performance Enhancement Features 
 

TCP implementations on commercially available OSs have matured over the 

years motivated primarily by the ever-increasing delay-bandwidth product supported by 

broadband Internet connections. Several performance enhancement schemes have been 

proposed over the years to improve the throughput of TCP connections. The now 

widespread TCP Reno proposed fast recovery, which was one of the earliest mechanisms 

to improve throughput after a segment loss in a TCP connection [Schi00]. As discussed 

in Section 2.3, fast recovery maximizes throughput by avoiding the slow start phase of 

the congestion control mechanism, except during connection setup. 

 

To capitalize on broadband Internet connections, the IETF standardized the 

process of dynamic window scaling in RFC 1323 [Jaco92]. This scheme permits the TCP 

sender to negotiate a receive window size of up to 1 GB as opposed to the standard 
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window size of 64 KB [deCa01][Jaco92]. With significantly larger window sizes a TCP 

implementation can achieve high throughput. At least window size is no longer the 

limiting factor in achieving high throughput. 

 

The problem with such large windows is that a single segment error can force the 

sender to retransmit the whole window of unacknowledged segments, which also is 

significantly larger than in TCP Reno. These wasteful retransmissions drop the 

throughput significantly. The IETF proposed selective acknowledgement (SACK) in RFC 

2018 [Math96], to prevent such wasteful retransmissions resulting from the use of large 

windows [deCa01][Math96]. In SACK enabled TCP, the receiver selectively informs the 

sender about the specific segments that were lost. The sender retransmits only the 

segments that are reported lost, rather than the whole window. This substantially 

improves throughput when used in conjunction with Dynamic Window Scaling. 

 

 In this experiment we study the effect of these TCP performance enhancement 

mechanisms on the design of the link adaptation algorithm. We use 64-QAM without 

FEC as the PHY burst profile and change the transport protocol. The network design used 

in this experiment is shown in Figure 4.4. The simulation parameters used in this 

experiment are listed in Table 4.3. The simulation factors in this experiment are the 

transport protocol and the SNR values. For each transport protocol used, simulations are 

run for six different SNR values as listed in Table 4.3. At least three replications are 

performed for each SNR value. Where the variability in the measured quantity is high, up 

to five replications are performed to improve the 95% confidence intervals of the results. 

Therefore, with four different TCP schemes and six different SNR values, a total of at 

least 72 simulations are run.  
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 Table 4.3: Simulation Parameters and Factors for the Study of Effects due to  

TCP Performance Enhancement Features 

Simulation Parameter Value 

Uplink Symbol Rate 20 MBaud 

Downlink Symbol Rate 20 MBaud 

Duplex Mode FDD 

Scheduling Scheme UGS 

Grant Size 1024 Bytes 

Traffic Model FTP Traffic on downlink. 

File size – 100 Kbytes 

Request Inter-arrival – 30 s 

Downlink Modulation 64-QAM 

FEC OFF 

Channel Model Type 0 

SNR (dB) 23, 24, 25, 26, 27, 28 

Transport Protocol TCP Reno 

TCP Reno + SACK 

TCP Reno + Window Scaling 

TCP Reno + SACK + Window Scaling 

 

 

Most modern OSs such as Microsoft Windows (9x, 2000, Me), Solaris (2.7 or 

later) and Linux (2.1 kernel or later) implement TCP Reno and support both SACK and 

dynamic window scaling [deCa01] [MacD01]. These options are implemented such that 

users can switch them on or off. Rather than look at specific operating systems, we look 

at the features that form the basis of these implementations. 
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4.5.4 Effect of Network Load 
 

We study the dependence of the link adaptation algorithm on the network load by 

varying the file sizes downloaded from the FTP server. Here again we use 64-QAM with 

no FEC as the PHY burst profile. The network design used in this experiment is shown in 

Figure 4.4. The simulation parameters used in this experiment are listed in Table 4.4. The 

factors varied in this experiment are the FTP traffic profile and the SNR values. At least 

three replications are performed for each SNR value. Where the variability in the 

measured quantity is high, up to five replications are performed to improve the 95% 

confidence intervals of the results. Since two different traffic profiles are considered for 

six different SNR values, a total of at least 36 different simulations are run. 

 

Table 4.4: Simulation Parameters for the Study of Effects due to Network Load 

Simulation Parameters Value 

Uplink Symbol Rate 20 MBaud 

Downlink Symbol Rate 20 MBaud 

Duplex Mode FDD 

Scheduling Scheme UGS 

Grant Size 1024 Bytes 

Traffic Model FTP Traffic on downlink. 

Downlink Modulation 64-QAM 

FEC OFF 

Channel Model Type 0 

SNR (dB) 23, 24, 25, 26, 27, 28 

Network Load Request Inter-arrival – 30 s, File Size = 100 KB 

Request Inter-arrival – 10 s, File Size = 500 KB 
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4.6 Simulation Verification and Validation 
 

In this section we discuss the methods used to verify and validate the simulation 

model used in this research. Verification is the process of determining whether a model 

functions correctly. Verification ensures that there are no errors in the program written to 

simulate the system under study. It also checks if the simulation model behaves like the 

real system would. Validation, is the process of determining how closely and accurately 

the model replicates the target system. A simulation is generally validated using real 

system measurements, intuition or theoretical analysis. In this research, the simulation 

models were validated using intuition and theoretical results. 

 

4.6.1 Model Verification 
 

The TDMA scheme employed in the simulation model was verified by simulating 

a simple network with four subscriber stations and a single BS. The traffic profile 

simulated consisted of FTP “put” operations, where the SSs try to upload large files on 

the FTP server co-located at the BS. This scenario essentially keeps the uplink pipe full. 

The scheduling scheme used in the network is UGS with a grant period of 0.1 ms every 

10 ms. Figure 4.6 shows the channel status on the uplink. The four SSs transmit during 

their allotted time slots and the rest of the frame shows no activity. 

 

 

Figure  4.6: Operation of the TDMA Scheme in the Uplink 
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 Under low load and low BER conditions, the throughput at the SS should attain 

the constant bit-rate traffic load generated at the BS in the downlink. To verify this, a 

simple experiment was performed involving a single BS and a SS. The BS hosted a video 

conferencing server and streamed video frames on the downlink using UDP as the 

transport protocol. Figure 4.7 clearly shows that the throughput almost exactly follows 

the load curve.  

 

 

Figure  4.7: UDP Load and Throughput under Low Load and Low BER Conditions 

 

4.6.2 Model Validation 
 

The lack of access to prototype IEEE 802.16 systems prevents accurate validation 

of the simulation model using real world measurements. Therefore, validity of throughput 

and end-to-end delay cannot be demonstrated exactly. However, it is possible to make 

simplifications to the mechanics of the simulation and approximately validate some basic 
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simulation results. Also, trends in simulation results can be observed and compared 

against expected system behavior. 

 

The end-to-end delay at the MAC layer was determined using a constant bit rate 

UDP traffic source in the BS. The UDP source generated packets of size 1500 bits and 

transmitted them on the downlink using UGS. The BS transmitted to the SS for a duration 

of 0.1 ms, once every 10 ms. For a downlink data rate of 40 Mbps, the service rate of the 

system can be approximated as: 

 

Lm
C

=µ  

 

 Here µ is the service rate. C is the capacity of the link. L and m are the packet size 

and the number of transmission opportunities, respectively. We have the service time τ, 

 

0.00375s
40000000

1001500
=

×
=τ  

 

 Therefore, the service time is approximately 0.00375 s. Figure 4.8 shows the end-

to-end delays observed at the MAC and transport layers at the SS. At high SNR values 

the MAC delay approaches 0.00377 s. The delay values at both the MAC layer and the 

transport layer remain constant as SNR drops from 28 dB to 23 dB. This is expected 

since neither the MAC layer nor the transport layer, which in this case is UDP, 

implements ARQ. Packets are neither buffered nor retransmitted. Therefore, the end-to-

end delay observed at the SS is updated only when packets are received successfully. All 

successfully received packets experience the same delay in the network. 

 

 While the end-to-end delay remains constant irrespective of the SNR on the 

downlink, the downlink throughput deteriorates with a drop in the SNR. This is a direct 

result of packets being dropped at lower SNR values and is clearly expected. Figure 4.9 

shows the drop in throughput with decreasing SNR. 
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Figure  4.8: End-to-end Delay vs. SNR 

 

 

Figure  4.9: UDP Throughput vs. SNR 
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4.6.3 Validating the PHY Models 
 

The PHY modulation schemes simulated in this research were validated by 

comparing simulated and theoretical BER curves. Figure 4.10 shows the theoretical and 

simulated BER performance curves for QPSK, 16-QAM and 64-QAM. 

 

 

Figure  4.10: BER vs. SNR Curves for the PHY Modulation Schemes  

in an AWGN Channel 

 

The RS coder/decoder incorporated in the PHY simulations was implemented 

using MATLAB’s Communication Toolbox [MATL00]. The PHY simulations 

implemented a GF(256) RS(255,240) FEC code. The error correction capability of the RS 

code is given by [Skla01],  
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Here t is the number of errors the RS code can correct, n is the code word length and k is 

the data block size. The RS(255-240) code can correct any combination of up to 7 symbol 

errors. Table 4.5 verifies the error correcting capability of the RS(255,240) code. 

 

Table 4.5: Error Correction Capability of the RS(255,240) Code 

Number of 

Errors 

Status 

4 Passed 

5 Passed 

7 Passed 

8 Failed 

 

4.7 Simulation Pilot Runs 
 

A simulation pilot run was conducted for each of the experiments discussed in 

Section 4.5, to determine the necessary and sufficient simulation runtimes so that the 

results are collected only when the simulation had reached a steady state. The simulation 

should be allowed to run long enough to recover from the effects of initial conditions and 

any transient behavior at the start of the simulation.  

 

Figure 4.11 shows the result of a pilot run for the baseline experiment. The 

average link layer ETE delay is plotted as a function of simulation time. This simulation 

used 64-QAM as the modulation scheme, operating on a Type 0 channel at an SNR of 

27dB, with FEC turned off.  From the figure it is clear that the simulation reaches steady 

state at approximately 3.5 hours of network time. It was therefore decided that 

simulations be run for at least four hours of network time. 

 

Figure 4.12 shows the result of a pilot run, for the study of the effects of Internet 

latency on the LA algorithm. This simulation used 64-QAM as the modulation scheme, 

operating on a Type 0 channel at an SNR of 28dB, with FEC turned off.  The latency in 

the Internet was chosen to be 5000 ms. From the figure it is clear that the simulation 



 54

reaches steady state at approximately 3.5 hours of network time. It was therefore decided 

that simulations be run for at least four hours of network time. 

 

 

Figure  4.11: Simulation Pilot Run for the Baseline Experiment 
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Figure  4.12: Simulation Pilot Run for the Study of Effect of Internet Latency 

 
 

Figure 4.13 shows the result of a simulation pilot run, for the study of the effects 

of TCP’s performance enhancement features on the LA algorithm. This simulation used 

64-QAM as the modulation scheme, operating on a Type 0 channel at an SNR of 28dB, 

with FEC turned off. The TCP scheme used in this pilot run is TCP SACK + window 

scaling. From the figure it is clear that the simulation reaches steady state at 

approximately 3.5 hours of network time. It was therefore decided that simulations be run 

for at least four hours of network time. 

 



 56

 

Figure  4.13: Simulation Pilot Run for the Study of Effect of TCP Schemes 

 

Figure 4.14 shows the result of a simulation pilot run, for the study of the effects 

of network load on the LA algorithm. This simulation used 64-QAM as the modulation 

scheme, operating on a Type 0 channel at an SNR of 28dB, with FEC turned off. The 

traffic profile used is FTP, with a file size of 500 KB and an inter-request time of 10 s. 

From the figure it is clear that the simulation reaches steady state at approximately 3.5 

hours of network time. It was therefore decided that simulations be run for at least four 

hours of network time. 
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Figure  4.14: Simulation Pilot Run for the Study of Network Load 

 

4.8 Summary 
 

This chapter presented the simulation methodology used throughout this research. 

The simulation model was discussed in detail. The simulation models used in this study 

were verified and validated. This chapter also discussed the simulation experiments that 

led to the results and related discussion in the next chapter. The focus of this study was 

on developing an adaptation algorithm to minimize end-to-end delay. The performance 

metrics required in the design of the algorithm were also introduced. 
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Chapter 5 
 
 
5.  Results and Analysis 
 

 This chapter presents the simulation results and analysis. The first section presents 

the results of the PHY layer simulations that form the input for the study of higher layer 

performance metrics. Next, the results from the baseline experiment are presented. The 

discussion that follows explains the reasons behind selecting TCP delay as the link 

quality indicator in our adaptation algorithm. A simple link adaptation algorithm that 

minimizes ETE delay is presented for the Type 1 channel.  Results from the study of 

Internet latency effects, TCP performance enhancements, and network load are presented 

and analyzed. The source data for all the plots in this chapter are presented in Appendix 

A, where the results are tabulated along with their 95-percent confidence intervals. 

 

5.1 PHY Performance Results 
 

The objective behind simulating the PHY burst profiles in MATLAB was to study 

their BER performance under different channel conditions. Figure 5.1 shows the 

performance of 64-QAM modulation and the RS(255,240) code in the presence of 

multipath. It is clearly seen that the performance of 64-QAM in the Type 1 multipath 

channel is almost the same as in the Type 0 (AWGN) channel up to a SNR of almost 15 

dB. This is because the bit errors below 15 dB are primarily due to AWGN noise at the 

receiver. Above 15 dB, interference due to multipath reflections dominates and 
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deteriorates the performance of 64-QAM in the Type 1 channel. Figure 5.1 shows the 64-

QAM BER curves under Type 0 and Type 1 channels separating after 15 dB. Employing 

FEC improves the BER performance in the Type 1 channel by almost 9 dB at bit error 

rates of 10-5. 

 

 

Figure  5.1: BER performance of 64-QAM, RS(255,240) Code in Channel Type 1 

 

 The observations made in Figure 5.1 are repeated for 16-QAM and QPSK in 

Figures 5.2 and 5.3, respectively. Multipath interference starts dominating in the case of 

both 16-QAM and QPSK from the SNR of about 13 dB. Both 16-QAM and QPSK also 

gain considerably from FEC in the Type 1 multipath channel. While 64-QAM gains the 

most from FEC, QPSK gains the least. The reason behind the difference in the extent of 

improvement observed in the three modulation schemes is the signal constellation. QPSK 

has equally spaced symbols and is the most resilient to phase rotations due to multipath. 

16-QAM and 64-QAM have complex multi-level constellations. These constellations 

suffer significantly more under multipath. 64-QAM clearly gains more from FEC than 

16-QAM. 
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Figure  5.2: BER performance of 16-QAM, RS(255,240) Code in Channel Type 1 

 

Figure  5.3: BER performance of QPSK, RS(255,240) Code in Channel Type 1 
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 The spectral efficiency of the three modulation schemes, with and without FEC 

for a block size of 1500 bits is shown in Figure 5.4. Spectral efficiency is presented in 

many different ways in the literature. The spectral efficiency presented here is derived 

using the relation [Cart02][Heat02],  

 

mrp n
e )1( −=η  

 

Here pe is the bit error rate, n is the number of bits in the block or packet, m is the number 

of bits per symbol and r is the code rate. 

 

 

Figure  5.4: Spectral Efficiency of PHY Burst Profiles 

 

In this research, the performance of the PHY burst profiles is studied in Type 0 

and Type 1 channels only. The Type 2 multipath channel discussed in Section 3.1.5 is a 

non-minimal phase multipath channel with the delayed reflections being stronger than the 

line of sight component. The purpose of specifying such a reference channel in the 

standard is to aid in the development of robust equalizers for IEEE 802.16. Incorporating 
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the Type 2 channel and a receiver equalizer will only add more variables in this study and 

will have no significant effect on the adaptation algorithm developed for the other two 

channels.  Figure 5.5 and Figure 5.6 show the effect of the Type 1 and Type 2 channels 

on the 16-QAM constellation at an SNR of 30 dB. It can be seen that the phase errors 

introduced by the Type 2 channel are far more severe that those introduced by the Type 1 

channel. From these figures it is clear that strong equalization is required for receivers in 

the Type 2 channel. The ‘¤’ symbol denotes the transmitted signals and the ‘×’ symbol 

denotes the received signals. 

 

 

Figure  5.5: 16-QAM Constellation in the Type 1 Multipath Channel 
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Figure  5.6: 16-QAM Constellation in the Type 2 Multipath Channel 

 

5.2 Baseline Experiment Results 
 

 The intent of the baseline experiment was to study the performance of the 

different PHY burst profiles over the channel models discussed in Section 3.1. These 

performance results should help identify suitable metrics to serve as the link quality 

indicator in the link adaptation algorithm. The network design shown in Figure 4.4 was 

used in this experiment. The performance of the different burst profiles was studied by 

varying the SNR in the downlink. The metrics observed were the end-to-end (ETE) delay 

at the link layer (MAC) and the TCP layer. 

 

 The observed link layer delays are plotted in Figure 5.7. The figure plots the ETE 

link layer delay for 64-QAM, 16-QAM and QPSK in the Type 0 channel. The highest 

delays are experienced by QPSK which operates at a data rate of 40 Mbps. 64-QAM 

operates at a data rate of 120 Mbps and suffers the least delays. All three curves generally 

demonstrate an increase in ETE link layer delay with increasing SNR. An increase in the 

SNR metric implies fewer errors in the detection of the received symbols and, therefore, 
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better performance in general. However, the fact that ETE link layer delay increases with 

better reception conditions on the wireless link is counterintuitive. 

 

 

Figure  5.7: End-to-end Link Layer Delay in Channel Type 0 

 

 This anomaly, observed in all three curves, can be explained by carefully 

analyzing the interactions between the MAC and transport layers. The transport layer 

protocol used in the baseline experiment was TCP Reno. TCP’s congestion control 

mechanism was discussed in Section 2.3. The TCP at the sender reduces the congestion 

window (CW) by half after every packet drop. It then resumes with its congestion 

avoidance phase, where the CW size increases by unity with every successful 

acknowledgement. This drop in the CW and its subsequent gradual increase allows the 

link layer buffers time to empty their queue. Every packet released by the TCP sender, 

encounters a small or near empty queue and, therefore, records a small queuing delay. 

Since link layer queuing delay is a significant part of the ETE link layer delay, the latter 

also drops. 
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 Consider for instance, 64-QAM’s ETE link layer delay curve from Figure 5.7. As 

the SNR drops from 28 dB to 25 dB, errors on the wireless link gradually increase 

forcing reduction in the CW at the sender and resulting in the emptying of the link layer 

queues. This causes the gradual drop in the link layer delay from 28 dB to 25 dB.  Figure 

5.8 shows the drop in CW over a 40 s session at different SNR values. As the SNR drops, 

the CW does not grow to large values and suffers from more frequent size reductions. 

While the CW drops once at around 38 s on a link operating with an SNR of 28 dB, it 

drops frequently on a link operating with an SNR of 26 dB. 

 

 

Figure  5.8: Effect of SNR on TCP Reno’s Congestion Window Size  

 

In Figure 5.7, when the SNR drops to 24 dB, TCP Reno’s fast recovery, 

mechanism performs frequent retransmissions of the unacknowledged packets in the 

congestion window. This causes a slight increase in the link layer queue size and, 

therefore, results in a slight increase in the link layer ETE delay.  

 

 Further reducing the SNR to 23 dB causes frequent packet drops due to high bit 

error rate. Packet drops become so frequent that the sender is unable to receive any 
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acknowledgements before the TCP retransmissions time out. Fast retransmit with fast 

recovery fails to sustain the session and TCP times out. This forces the CW to drop to 

unity and enter slow start. The link layer buffers are emptied and incoming packets see no 

queuing delay. This caused the sudden sharp drop in the ETE link layer delay at an SNR 

of 23 dB. A similar trend is observed in the ETE link layer curves of QPSK and 16-QAM 

PHY burst profiles. 

  

 It is important to mention that the link layer behavior results because IEEE 802.16 

does not support ARQ at the link layer. Any packet offered by the sender’s TCP is 

merely queued and forwarded on the wireless link. Packets are not buffered in the link 

layer. Therefore, the link layer cannot respond to any packet drops on the wireless link.  

The end-to-end delay statistics collected at the link layer do not reflect the fact that a 

packet successfully received might have undergone a certain number of retransmissions.  

 

 In summary, the anomalous trend observed in the link layer delay curves is the 

result of the lack of link layer ARQ and the complex interaction between TCP’s 

congestion control and the link layer queues. 

 

 While the IEEE 802.16 MAC does not implement ARQ, TCP does. End-to-end 

TCP delay plotted in Figure 5.9 reflects the behavior one would normally expect. For all 

three burst profiles, a decrease in the SNR results in an increase in the TCP delay. Below 

a certain value of SNR, the TCP delay increases exponentially and the link can no longer 

be sustained. For instance, if the quality of service (QoS) agreements dictate that a link 

must operate with TCP delays less than 1 s, the 64-QAM burst profile must be exited 

when the SNR drops below 27 dB. TCP delay results for QPSK at SNR values greater 

than 14 dB are not presented due to the prohibitive simulation run times needed to count 

significant errors under such low BER conditions. For the same reason, TCP delays plots 

for 16-QAM and 64-QAM are plotted only for SNR values up to 22 dB and 28 dB, 

respectively. However, it is expected that the trend in TCP delay does continue to hold 

and the tail end delay values become progressively smaller. The number of data points in 

each of the three curves is small. Therefore the precise SNR at which the TCP delay 

increases sharply may not be exactly congruent with the points plotted in Figure 5.9. 
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However, it is important to understand that the suitable operation region for each burst 

profile is the flat part of the curve. It is advisable that a system should not be operated too 

close to the SNR value where the TCP delay increases drastically. 

 

 

Figure  5.9: End-to-end TCP Delay in Channel Type 0 

 

It is clear from Figures 5.7 and 5.9 that TCP delay is the only end-to-end delay 

metric that truly reflects the physical channel condition. Given a certain permissible delay 

value for the wireless link, the TCP delay plot, such as Figure 5.9, will determine which 

burst profile to use for a given SNR measurement. For instance, the results from Figure 

5.9 can be recorded as a look-up table that returns the optimal burst profile for a given 

permissible delay and measured average SNR. For decreasing measured SNR values 

from 28 dB to 11 dB, the algorithm will recommend a switch from 64-QAM to 16-QAM 

below 26 dB. A second switch from 16-QAM to QPSK will be recommended if the SNR 

were to drop below 20 dB. 

 

The following code listing provides an outline of a simple implementation of the 

LA algorithm in the form of a C language routine. The function LA_Procedure takes 
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currentSNR as the input argument and returns DIUC, the DIUC code of the PHY burst 

profile that should be used on the downlink. This algorithm compares the current SNR 

value to the various SNR entry thresholds for each burst profile. These SNR thresholds 

are determined apriori based on the QoS agreement defined in terms of guaranteed 

maximum TCP delay not to be exceeded. It should be noted, that if the code listing 

compares currentSNR with SNR entry thresholds of the different burst profiles in the 

decreasing order of their spectral efficiencies, the algorithm will always return the most 

spectrally efficient scheme that meets the QoS guarantees. 

 

DIUC LA_Procedure (float currentSNR) 

{ 

 if  (currentSNR ≥ BrustProfile_1_Entry_Threshold) 

  return BurstProfile_1_DIUC; 

 

 else if  (currentSNR ≥ BrustProfile_2_Entry_Threshold) 

  return BurstProfile_2_DIUC; 

 

 else if  (currentSNR ≥ BrustProfile_3_Entry_Threshold) 

  return BurstProfile_3_DIUC; 

 

 else  (currentSNR ≥ BrustProfile_4_Entry_Threshold) 

  return BurstProfile_4_DIUC; 

 

} /* End of LA_Procedure */ 

 

It is important to understand that TCP delay is only the link quality indicator used 

to build the adaptation algorithm. In a real world implementation, TCP delay will form 

the a priori knowledge in a look up table. The radios that employ this algorithm will 

measure SNR and query this look up table. TCP delays will not be monitored in an 

operational system for the purpose of link adaptation. It is also important to understand 

that this algorithm is based on TCP delay minimization criterion. It may not 

automatically maximize throughput. For instance in Figure 5.9, all the burst profiles 
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perform satisfactorily at an SNR of 28 dB. The algorithm must then use throughput or 

spectral efficiency information such as in Figure 5.4, to choose the most efficient burst 

profile. Since IEEE 802.16 does not implement ARQ, the only means of improving link 

robustness is to either switch to a more robust modulation scheme or to increase the FEC 

code rate. Both methods will decrease the spectral efficiency in proportion to the decrease 

in the resulting throughput. It is, therefore, sufficient to consider spectral efficiency when 

selecting from more than one PHY burst profiles that minimize TCP delay. 

 

5.3 A Simple Algorithm for the Type 1 Channel 
 

  The baseline experiment results discussed in the previous section established TCP 

delay as suitable metric to indicate link quality. In this section the baseline experiment is 

repeated with six different burst profiles on a Type 1 multipath channel. These results are 

then integrated into the guideline template presented for burst profile threshold usage as 

shown in Figure 3.6. 

 

 ETE TCP delays for 64-QAM and 64-QAM with RS(255,240) are presented in 

Figure 5.10. The corresponding data points are presented in Table A.10 and Table A.11. 

Assuming that the QoS guidelines require the ETE TCP delay to be no greater than 2 s, 

the minimum entry threshold for 64-QAM should be 36 dB. The mandatory exit 

threshold for 64-QAM should be at 34 dB. The minimum entry threshold for 64-QAM 

with RS(255,240) should be 27.5 dB and the mandatory exit threshold should be 27 dB. 

 

 ETE TCP delays for 16-QAM and 16-QAM with RS(255,240) are presented in 

Figure 5.11. The corresponding data points are presented in Table A.12 and A.13. ETE 

TCP delays for QPSK and QPSK with RS(255,240) are presented in Figure 5.12. The 

corresponding data points are presented in Table A.14 and A.15. Entry and exit 

thresholds for each of these burst profiles are noted and presented below in Figure 5.13. 
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Figure  5.10: End-to-end TCP Delay for 64-QAM in Channel Type 1 

 

Figure  5.11: End-to-end TCP Delay for 16-QAM in Channel Type 1 
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Figure  5.12: End-to-end TCP Delay for QPSK in Channel Type 1 
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Figure  5.13: Sample Burst Profile Threshold Usage for Channel Type 1 

 

 Once the SNR thresholds are determined, the code listing presented in Section 5.2 

can be used to dynamically select the most spectrally efficient, yet robust, PHY burst 

profile. The following code listing demonstrates the use of the SNR thresholds 

determined by training the algorithm. 

 

DIUC LA_Procedure (float currentSNR) 

{ 

 if (currentSNR ≥ 36 dB) 

  return 64-QAM; 

 

 else if (currentSNR ≥ 27.5 dB) 

  return 64-QAM, RS(255,240); 
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 else if (currentSNR ≥ 21 dB) 

  return 16-QAM; 

 

 else if (currentSNR ≥ 17.5) 

  return 16-QAM, RS(255,240); 

 

else if (currentSNR ≥ 13) 

  return QPSK; 

 

 else 

  return QPSK, RS(255,240); 

 

} /* End of LA_Procedure */ 

  

5.4 Effect of Network Delay 
 

 The results discussed thus far were based on the baseline experiment, which 

focused on the WirelessMAN air interface in isolation. In this experiment, the 

performance of the air interface is studied when operating as a part of the whole Internet.  

The intent of this experiment was to understand the sensitivity of the link adaptation 

algorithm to the delays in the Internet. In this experiment, 64-QAM was used on the 

downlink and the SNR was varied. The network design shown in Figure 4.5 was used and 

the experiment was repeated for different values of Internet latency. 

 

 Figure 5.14 shows the ETE link-layer delay for different Internet latencies. The 

lower Internet latency values of 100 ms and 500 ms result in similar performance, while 

the high latency values of 1000 ms and 5000 ms perform alike. As the SNR deteriorates 

from 28 dB to 23 dB the curves for lower Internet latency values show a clear drop in 

ETE delay. 
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Figure  5.14: End-to-end Link Layer Delay for Different Internet Latencies 

 

This observation is attributed to the phenomenon explained earlier. A drop in 

SNR increases packet errors in the wireless link. As a result of these errors, TCP at the 

sender times out and drops the TCP Reno congestion window size. This chokes the 

system at the sender and allows the link layer queues to empty. Every subsequent packet 

permitted into the link layer by the TCP sender experiences smaller queuing delays and, 

therefore, results in lower ETE link layer delays. This behavior continues until around 25 

dB. Below this value TCP Reno’s retransmissions as a result of its fast recovery 

mechanism become significant. These retransmissions increase the link layer queue size 

slightly, resulting in a slight increase in the ETE delay at SNR values between 23 dB and 

25 dB.  

 

 The ETE delay curves for the higher latency values show a different behavior 

with decreasing SNR. Unlike the low latency results, these curves result in nearly 

constant ETE delays for all SNR values. Under good channel conditions, at SNR values 

around 28 dB, the link layer delays are lower than the low latency case. This happens 

because large latency in the Internet results in smaller link layer queues in spite of the 
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reasonably good SNR on the wireless link. The high latency ETE delay curves also show 

a slight increase with the onset of TCP Reno’s fast recovery at SNR values between 23 

dB and 25 dB.  

 

 

Figure  5.15: End-to-end TCP Delay for Different Internet Latencies 

 

 The ETE TCP delay for different Internet latency values is shown in Figure 5.15. 

The curves demonstrate similar trend irrespective of the Internet latency. However, the 

TCP delay is significantly higher for higher Internet latency, even for high SNR values. 

Here Internet latency only adds to the already high TCP delays resulting from dropped 

packet in the wireless link. Since the ETE TCP delays under good channel conditions 

vary largely with Internet latency, it is important to carefully characterize latency in 

typical network deployments while developing the link adaptation algorithm. While the 

trend in TCP delay remains exactly the same irrespective of Internet latency, the absolute 

values of delays at different SNRs are different. The exact SNR entry and exit thresholds 

will depend upon the typical network latency and the QoS requirements. The exact SNR 

thresholds will have to be determined by developing simulation models that reflect actual 
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deployment scenarios and by studying TCP delay performance with realistic worst-case 

Internet latencies. 

 

5.5 Effect of TCP’s Performance Enhancement Features 
 

It is important to understand the effect of TCP’s performance enhancement 

features on the link adaptation algorithm. In this experiment, 64-QAM was used on the 

downlink and the SNR was varied. The experiment was conducted with different TCP 

schemes operating on both the BS and the SS. Figure 5.16 shows the ETE link layer 

delay observed at the SS for the different TCP schemes. 

 

 

Figure  5.16: End-to-end Link Layer Delay for Different TCP Performance 
Enhancement Schemes 

 

At an SNR of 28 dB, the bit error rate on the link is sufficiently low and packets 

are rarely dropped. Under such conditions, all TCP variations perform reasonably well 

and deliver similar throughput. As a result, the link layer buffer sizes are comparable in 

all of these schemes, thereby resulting in roughly the same end-to-end link layer delays. 
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TCP with dynamic window scaling (WS) is expected to perform the best under 

completely error-free conditions since it allows the receive window size to grow up to 1 

GB. However, at an SNR of 28 dB, occasional errors force the WS algorithm to restrict 

the window size and deliver a performance comparable to the other TCP schemes. As the 

SNR deteriorates, the number and the frequency of packet drops increases, forcing the 

TCP fast recovery mechanism to perform frequent retransmissions. When a packet gets 

dropped, TCP Reno and TCP WS retransmit every packet sent since the lost packet. This 

results in wasteful retransmission and fills up the buffers in the link layer. TCP SACK 

and TCP SACK+WS selectively retransmit the lost packets alone. Thus the link layer 

queues are relatively smaller when these forms of TCP are used. Therefore, the ETE link 

layer delay is smaller for the schemes using SACK. This trend continues as the SNR 

decreases and the number of packet dropped increase. However, as this trend continues 

into the SNR region below 24 dB the delay curves of all TCP flavors re-converge. This 

happens because the SACK-based schemes no longer benefit from selective 

retransmissions, since almost every packet is in error. 
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Figure  5.17: Comparison of Congestion Window Growth in 

TCP Reno and TCP with Window Scaling 

 

In Figure 5.16, the ETE link layer delay curves of SACK and SACK+WS overlap 

because both schemes rely on selective acknowledgements. The delay curves of TCP 

Reno and TCP with WS coincide because packet errors on the link prevent the receive 

window size from growing to very large values. Figure 5.17 shows the CW size for TCP 

Reno and TCP with WS at 28 dB. The WS mechanism does attempt to scale the window 

size to large values initially. But the first packet error brings down the window size and 

subsequent packet drops prevent the window size from growing again. In Figure 5.17, the 

CW size in the WS scheme grows till about 35 seconds. At that time a packet drop brings 

down the window size to the window size in TCP Reno. Thereafter, the channel 

conditions force TCP with WS to perform exactly like TCP Reno. 

 

Figure 5.18 shows the ETE TCP delay for the different forms of TCP.  Since 

errors on the wireless link ultimately dominate the performance of each of these schemes, 

their TCP delays almost coincide throughout. The effect due to the different link-layer 

queue sizes for different TCP schemes has little impact on the ETE TCP delay. 
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The results discussed in this section clearly show that on lossy wireless links, TCP 

delay is almost the same irrespective of the performance enhancement features 

implemented. These performance enhancements fail to have a significant impact when 

the channel error rate increases. 

 

 

Figure  5.18: End-to-end TCP Delay for Different TCP Performance  

Enhancement Schemes 

 

The link adaptation algorithm based on minimizing ETE TCP delay can be 

expected to be relatively insensitive to TCP performance enhancement features. 

However, it is certainly advisable to consider the TCP scheme in widespread use while 

developing the algorithm in order to improve the accuracy of the profile switch 

thresholds. 
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5.6 Effect of Network Load 
  

 The intent of this experiment is to study the effect of varying load on the link 

adaptation algorithm. In this experiment the network design shown in Figure 4.4 is used 

with 64-QAM as the downlink burst profile. The downlink SNR is varied and the TCP 

delay is measured. The experiment is repeated for two FTP traffic profiles: a file size of 

100 KB with an inter-request time of 30s, and a file size of 500 KB with and inter-request 

time of 10s. Figure 5.17 shows the ETE TCP delay for different file sizes. 

 

 

Figure  5.19: End-to-end TCP Delay for Different Size Files 

Downloaded from the BS 

 
 Downloading the larger file with a shorter inter-request period results in higher 

TCP delays. This is a direct consequence of increasing the load on the downlink. The 

buffers throughout the downlink path are offered greater load and, therefore, result in 

more delay. It is clear from these results that it is important to characterize the expected 

load on the network while developing the link adaptation algorithm. 
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5.7 Summary 
 

 This chapter presented the results from the simulation experiments conducted in 

this research. The baseline experiment results demonstrate that link layer ETE delay is 

not suitable for use as a link quality indicator. ETE TCP delay is found to be well suited 

for use in developing the link adaptation algorithm. ETE TCP delay is used to develop a 

simple link adaptation algorithm for the IEEE 802.16 specified Type 1 multipath channel. 

The SNR thresholds of the link adaptation algorithm were found to be sensitive to 

Internet latency and network load. They were found to be relatively insensitive to the 

performance enhancement features implemented in TCP. 
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Chapter 6 
 

6.  Conclusions and Suggested Future Research 
 

 In this chapter we conclude this thesis with a summary of the research and the 

significant results. We also suggest directions for future research related to the work 

reported here. 

 

6.1 Significant Results and Conclusions 
 

The key contribution of this research was the development of a simple link 

adaptation algorithm for the IEEE 802.16 standard. This research developed an algorithm 

that attempts to minimize end-to-end delay on the WirelessMAN air interface. Simulation 

was the methodology used to investigate appropriate parameters for the link adaptation 

algorithm. The simulation models could be used for future research projects in this area. 

 

IEEE 802.16 does not support ARQ in the MAC layer. Our results show how this 

design decision effects the development of the adaptation algorithm. We explain the 

cross-layer interactions between the physical, MAC and transport layers that render the 

ETE link layer delay metric incapable of reflecting physical wireless link condition. Our 

results clearly show that ETE link layer delay decreases with a decrease in SNR on the air 

interface. This counterintuitive behavior at the link layer is explained by TCP’s 

congestion control mechanism. We show the effect of SNR on the TCP congestion 
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window and explain how a variation in the congestion window affects queuing delays in 

the link layer, thereby varying the ETE delay. ETE TCP delay is shown to reflect the 

physical channel deterioration and is proposed for use as the link quality indicator. Our 

results show how buffering and retransmissions at the transport layer cause ETE TCP 

delay to rise exponentially below certain SNR values. ETE TCP delay is used to develop 

a simple link adaptation algorithm for the IEEE 802.16 specified Type 1 multipath 

channel. We present a simple C language routine to demonstrate the usage of SNR 

threshold values in our LA algorithm. 

 

We also test the LA algorithm’s SNR thresholds for sensitiveness to Internet 

latencies, TCP performance enhancement schemes and network load. Our results show 

that Internet delays have a significant impact on the ETE TCP delays and therefore 

considerably impact the selection of accurate SNR thresholds for the LA algorithm. As 

the delay on the Internet increases, the ETE TCP delay increases considerably.  Figure 

5.15 shows the drastic increase in ETE TCP delay when the latency in the Internet is as 

high as five seconds. Such high latencies force the SNR thresholds to higher values in 

order to maintain the same QoS delay guarantees.  

 

Increasing network load has similar impact on the TCP delays and also results in a 

considerable shift in SNR thresholds. Higher network loads add queuing delay to the 

various queues throughout the network and ultimately result in higher ETE delays. Figure 

5.19 shows the effects of increasing network load on ETE TCP delay. Increasing network 

load forces SNR thresholds to higher values for the same QoS guarantees. Our results 

clearly show the need to accurately characterize Internet latencies and network load 

before developing the algorithm.  

 

The SNR thresholds are observed to be fairly insensitive to the TCP performance 

enhancement features. ETE TCP delays for different TCP schemes are shown in Figure 

5.18 and are observed to overlap very closely. The TCP enhancement features 

implemented in the modern operating systems are designed to achieve higher throughputs 

in wireline networks. They fail to perform any better than TCP Reno when operating over 

wireless links. Our results show how the congestion window size in TCP with window 
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scaling, drops to the window sizes in TCP Reno, and never increases to the high values as 

expected in a wireline system. Over lossy wireless links the different TCP schemes 

perform alike, thereby eliminating the need to specifically characterize the algorithm for 

different operating systems. 

 

6.2 Suggested Future Research 
 

This research demonstrates the cross-layer interaction between the various 

protocol layers and the wireless medium. The area of cross-layer research is a challenging 

one and has a significant role to play in the design of wireless communications systems in 

the coming years. We suggest the following three tractable research problems for future 

work in this area. 

 

Dynamic Link Adaptation – It would be interesting to incorporate the link 

adaptation algorithm proposed in this research in a simulation involving dynamic 

channels where DIUC messages are exchanged to change burst profiles on the fly. 

 

PHY Aware Scheduling – IEEE 802.16 supports many different scheduling 

mechanisms. They are discussed briefly in Section 3.2. It would be interesting to study, if 

and how these scheduling schemes can be used to optimize performance over error-prone 

wireless channels. 

 

Cost of ARQ Implementation – It would be interesting and worthwhile to 

develop simulations and test cases to understand the tradeoff between ARQ 

implementation costs and improved robustness. 
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Appendix A 
 

 

Table A. 1: MAC Delay vs. SNR  

 
 
 
 
 
 
 
 
 

 

Table A. 2:UDP Delay vs. SNR  

 
 
 
 
 
 
 
 
 

 

Table A. 3: UDP Throughput vs. SNR  

 
 
 
 
 
 
 
 
 

SNR (dB) BER Average MAC Delay (s) 95% C.I. (s) 
23 5.9889E-04 3.9290E-03 2.5000E-05 
24 1.5842E-04 3.8470E-03 4.3000E-05 
25 3.0401E-05 3.7930E-03 7.0000E-06 
26 3.8985E-06 3.7750E-03 1.0000E-06 
27 3.0122E-07 3.7770E-03 1.0000E-06 
28 1.0000E-08 3.7770E-03 1.0000E-06 

SNR (dB) BER Average UDP Delay (s) 95% C.I. (s) 
23 5.9889E-04 7.1970E-03 7.9100E-06 
24 1.5842E-04 7.1834E-03 7.0000E-07 
25 3.0401E-05 7.1812E-03 0.0000E+00 
26 3.8985E-06 7.1775E-03 4.0100E-07 
27 3.0122E-07 7.1774E-03 9.0000E-08 
28 1.0000E-08 7.1774E-03 7.0000E-08 

SNR (dB) BER Average UDP Throughput (s) 95% C.I. (s) 
23 5.9889E-04 1.6758E+04 1.1906E+03 
24 1.5842E-04 7.1232E+05 1.4068E+04 
25 3.0401E-05 2.9408E+06 4.9246E+04 
26 3.8985E-06 3.9964E+06 6.5163E+04 
27 3.0122E-07 4.1627E+06 6.7711E+04 
28 1.0000E-08 4.1774E+06 6.7910E+04 
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Table A. 4: Link Layer Delay vs. SNR for 64-QAM in Channel Type 0 

 
 

 
 
 
 
 
 
 

 

Table A. 5: Link Layer Delay vs. SNR for 16-QAM in Channel Type 0 

 
 
 
 
 
 
 

 
 
 

Table A. 6: Link Layer Delay vs. SNR for QPSK in Channel Type 0 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 

SNR (dB) BER Average MAC Delay (s) 95% C.I. (s) 
23 5.9889E-04 5.1185E-06 3.7570E-07 
24 1.5842E-04 1.0824E-05 7.6800E-07 
25 3.0401E-05 9.0484E-06 1.1244E-07 
26 3.8985E-06 9.5428E-06 7.4450E-08 
27 3.0122E-07 9.7528E-06 1.2773E-08 
28 1.0000E-08 9.8164E-06 1.6712E-08 

SNR (dB) BER Average MAC Delay (s) 95% C.I. (s) 
17 5.7951E-04 8.7240E-06 9.2360E-07 
18 1.4318E-04 1.7048E-05 1.5470E-07 
19 2.5220E-05 1.5245E-05 1.9650E-07 
20 2.9041E-06 1.5524E-05 7.5400E-07 
21 1.9598E-07 1.5781E-05 3.2280E-08 
22 6.7545E-09 1.5971E-05 2.5900E-08 

SNR (dB) BER Average MAC Delay (s) 95% C.I. (s) 
10 7.8270E-04 1.6720E-05 3.0100E-06 
11 1.9399E-04 3.9203E-05 2.9340E-06 
12 3.4303E-05 3.4948E-05 4.2670E-07 
13 3.9692E-06 3.6621E-05 3.0330E-07 
14 2.6951E-07 3.6972E-05 4.9420E-08 
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Table A. 7: TCP Delay vs. SNR for 64-QAM in Channel Type 0 

 
 
 
 
 
 
 
 
 
 

Table A. 8: TCP Delay vs. SNR for 16-QAM in Channel Type 0 

 
 
 
 
 
 
 
 
 
 

Table A. 9: TCP Delay vs. SNR for QPSK in Channel Type 0 

 

SNR (dB) BER Average TCP Delay (s) 95% C.I. (s) 
23 5.9889E-04 2.57E+03 1.0136E+02 
24 1.5842E-04 1.5552E+02 2.1897E+01 
25 3.0401E-05 3.2989E+00 7.7440E-01 
26 3.8985E-06 1.0928E+00 2.4540E-01 
27 3.0122E-07 6.0850E-01 1.2270E-01 
28 1.0000E-08 5.4280E-01 1.1180E-01 

SNR (dB) BER Average TCP Delay (s) 95% C.I. (s) 
17 5.7951E-04 7.9736E+02 8.1771E+01 
18 1.4318E-04 1.0793E+02 1.7532E+01 
19 2.5220E-05 2.7671E+00 6.1950E-01 
20 2.9041E-06 9.1000E-01 1.8780E-01 
21 1.9598E-07 5.6890E-01 1.1350E-01 
22 6.7545E-09 5.3200E-01 1.1150E-01 

SNR (dB) BER Average TCP Delay (s) 95% C.I. (s) 
11 1.9399E-04 3.2451E+02 3.8038E+01 
12 3.4303E-05 4.6853E+00 9.0610E-01 
13 3.9692E-06 1.1244E+00 2.1030E-01 
14 2.6951E-07 6.8220E-01 1.2119E-01 
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Table A. 10: TCP Delay vs. SNR for 64-QAM in Channel Type 1 

 
 
 
 
 
 
 
 
 

 

Table A. 11: TCP Delay vs. SNR for 64-QAM with RS(255,240) in Channel Type 1 

 
 
 
 
 
 
 
 

 
 

Table A. 12: TCP Delay vs. SNR for 16-QAM in Channel Type 1 

 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
 
 

SNR (dB) BER Average TCP Delay (s) 95% C.I. (s) 
28 5.2222E-04 2.5667E+03 1.0975E+02 
30 2.1875E-04 2.3029E+02 1.1189E+01 
32 9.8890E-05 8.7774E+00 4.3100E-01 
34 3.7780E-05 2.2918E+00 8.5600E-02 
36 1.2220E-05 1.4939E+00 2.7300E-02 
38 3.3300E-06 1.3910E+00 3.8000E-03 

SNR (dB) BER Average TCP Delay (s) 95% C.I. (s) 
25.5 5.0000E-04 2.3975E+03 1.0211E+02 

26 1.7130E-04 1.9220E+02 2.7263E+01 
26.5 6.1000E-05 1.1058E+01 2.5763E-01 

27 2.1400E-05 2.6896E+00 6.2340E-01 
27.5 5.0000E-06 1.0314E+00 2.4200E-01 

28 9.2900E-07 6.1890E-01 1.3340E-01 

SNR (dB) BER Average TCP Delay (s) 95% C.I. (s) 
18 4.1667E-04 2.1833E+02 2.2668E+01 
19 1.0833E-04 4.0780E+01 4.0741E+00 

19.5 5.5000E-05 1.1749E+01 2.2123E+00 
20 2.6875E-05 2.5540E+00 6.4360E-01 
21 5.0000E-06 1.7817E+00 2.2160E-01 
22 7.0000E-07 1.0496E+00 2.2240E-01 
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Table A. 13: TCP Delay vs. SNR for 16-QAM with RS(255,240) in Channel Type 1 

 
 
 
 
 
 
 
 

 

Table A. 14: TCP Delay vs. SNR for QPSK in Channel Type 1 

 
 
 
 
 

 
 

 

Table A. 15: TCP Delay vs. SNR for QPSKwith RS(255,240) in Channel Type 1 

 
 
 
 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

SNR (dB) BER Average TCP Delay (s) 95% C.I. (s) 
16.5 5.2600E-04 3.7934E+02 3.4712E+01 

16.75 2.0430E-04 2.4228E+02 2.7038E+01 
17 5.5700E-05 9.3315E+00 2.0157E+00 

17.5 6.7500E-06 1.0940E+00 2.5400E-01 
18 1.0000E-06 7.7200E-01 1.8810E-01 

SNR (dB) BER Average TCP Delay (s) 95% C.I. (s) 
11 1.5000E-04 3.6786E+02 3.2989E+01 
12 4.0000E-05 6.0448E+00 1.2743E+00 
13 5.0000E-06 1.0596E+00 2.3150E-01 
14 2.5000E-06 1.0314E+00 1.9000E-01 

SNR (dB) BER Average TCP Delay (s) 95% C.I. (s) 
9.5 5.0000E-04 1.5484E+02 4.1772E+01 

9.75 7.0000E-05 1.3796E+01 3.1259E+00 
10 3.7100E-06 1.1041E+00 2.2009E-01 
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Table A. 16: ETE Link Layer Delay vs. SNR for Internet latency = 100ms  

 
 
 
 
 
 
 
 
 

 

Table A. 17: ETE Link Layer Delay vs. SNR for Internet latency = 500ms  

 
 
 
 
 
 
 
 

 
 

Table A. 18: ETE Link Layer Delay vs. SNR for Internet latency = 1000ms  

 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
 
 

SNR (dB) BER Average MAC Delay (s) 95% C.I. (s) 
23 5.9889E-04 1.5364E-05 6.9000E-08 
24 1.5842E-04 1.5154E-05 2.9365E-07 
25 3.0401E-05 1.4671E-05 4.6720E-08 
26 3.8985E-06 1.4702E-05 3.8055E-08 
27 3.0122E-07 1.6539E-05 3.9904E-08 
28 1.0000E-08 1.7360E-05 4.2000E-08 

SNR (dB) BER Average MAC Delay (s) 95% C.I. (s) 
23 5.9889E-04 1.54E-05 6.40E-08 
24 1.5842E-04 1.52E-05 6.10E-08 
25 3.0401E-05 1.44E-05 2.60E-08 
26 3.8985E-06 1.46E-05 1.17E-07 
27 3.0122E-07 1.67E-05 1.77E-07 
28 1.0000E-08 1.74E-05 2.00E-08 

SNR (dB) BER Average MAC Delay (s) 95% C.I. (s) 
23 5.9889E-04 1.51E-05 1.51E-07 
24 1.5842E-04 1.51E-05 1.10E-07 
25 3.0401E-05 1.42E-05 4.30E-08 
26 3.8985E-06 1.36E-05 2.80E-08 
27 3.0122E-07 1.35E-05 2.30E-08 
28 1.0000E-08 1.35E-05 1.70E-08 
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Table A. 19: ETE Link Layer Delay vs. SNR for Internet latency = 5000ms  

 
 
 
 
 
 
 
 

 
 

Table A. 20: ETE TCP Delay vs. SNR for Internet latency = 100ms  

 
 
 
 
 
 
 
 

 
 

Table A. 21: ETE TCP Delay vs. SNR for Internet latency = 500ms  

 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
 
 

SNR (dB) BER Average MAC Delay (s) 95% C.I. (s) 
23 5.9889E-04 1.4620E-05 2.5200E-07 
24 1.5842E-04 1.4665E-05 2.0300E-07 
25 3.0401E-05 1.4082E-05 4.7000E-08 
26 3.8985E-06 1.3370E-05 5.2000E-08 
27 3.0122E-07 1.3019E-05 6.0000E-08 
28 1.0000E-08 1.2933E-05 1.4100E-07 

SNR (dB) BER Average TCP Delay (s) 95% C.I. (s) 
23 5.9889E-04 1.7977E+03 1.5183E+02 
24 1.5842E-04 4.3481E+02 2.8485E+01 
25 3.0401E-05 3.1752E+01 2.9412E+00 
26 3.8985E-06 1.2024E+01 1.3993E+00 
27 3.0122E-07 8.5302E+00 1.0450E-01 
28 1.0000E-08 7.8707E+00 3.7300E-02 

SNR (dB) BER Average TCP Delay (s) 95% C.I. (s) 
23 5.9889E-04 2.1991E+03 1.9403E+02 
24 1.5842E-04 6.2281E+02 2.6467E+01 
25 3.0401E-05 6.0294E+01 2.1127E+00 
26 3.8985E-06 2.8522E+01 1.0982E+00 
27 3.0122E-07 1.6415E+01 2.4640E-01 
28 1.0000E-08 1.5507E+01 1.8000E-02 
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Table A. 22: ETE TCP Delay vs. SNR for Internet latency = 1000ms  

 
 
 
 
 
 
 
 
 

 

Table A. 23: ETE TCP Delay vs. SNR for Internet latency = 5000ms  

 
 
 
 
 
 
 
 
 

 

Table A. 24: ETE Link Layer Delay vs. SNR – TCP Reno 

 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
 
 

SNR (dB) BER Average TCP Delay (s) 95% C.I. (s) 
23 5.9889E-04 2.5958E+03 2.1634E+02 
24 1.5842E-04 1.0327E+03 4.4290E+01 
25 3.0401E-05 1.8179E+02 3.6344E+00 
26 3.8985E-06 7.1207E+01 1.6356E+00 
27 3.0122E-07 5.5258E+01 8.2890E-01 
28 1.0000E-08 5.3285E+01 6.4550E-01 

SNR (dB) BER Average TCP Delay (s) 95% C.I. (s) 
23 5.9889E-04 3.8775E+03 3.4975E+02 
24 1.5842E-04 2.6122E+03 7.9655E+01 
25 3.0401E-05 8.0984E+02 1.5399E+01 
26 3.8985E-06 3.3516E+02 7.2371E+00 
27 3.0122E-07 2.5112E+02 3.3343E+00 
28 1.0000E-08 2.4624E+02 2.8759E+00 

SNR (dB) BER Average MAC Delay (s) 95% C.I. (s) 
23 5.9889E-04 1.52E-05 3.33E-07 
24 1.5842E-04 2.04E-05 3.80E-08 
25 3.0401E-05 1.97E-05 3.80E-08 
26 3.8985E-06 2.03E-05 2.40E-07 
27 3.0122E-07 2.19E-05 1.52E-07 
28 1.0000E-08 2.20E-05 2.90E-08 
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Table A. 25: ETE Link Layer Delay vs. SNR – TCP SACK 

 
 
 
 
 
 
 
 
 

 

Table A. 26: ETE Link Layer Delay vs. SNR – TCP Window Scaling 

 
 
 
 
 
 
 
 
 

 

Table A. 27: ETE Link Layer Delay vs. SNR – TCP SACK + Window Scaling 

 
 
 
 
 
 
 
 
 

 

 

 

 

 

 

 

SNR (dB) BER Average MAC Delay (s) 95% C.I. (s) 
23 5.9889E-04 1.48E-05 3.49E-07 
24 1.5842E-04 1.98E-05 1.04E-07 
25 3.0401E-05 1.78E-05 1.30E-07 
26 3.8985E-06 1.91E-05 1.30E-07 
27 3.0122E-07 2.13E-05 1.74E-07 
28 1.0000E-08 2.20E-05 3.00E-08 

SNR (dB) BER Average MAC Delay (s) 95% C.I. (s) 
23 5.9889E-04 1.48E-05 3.48E-07 
24 1.5842E-04 2.04E-05 4.30E-08 
25 3.0401E-05 1.97E-05 4.50E-08 
26 3.8985E-06 2.05E-05 2.46E-07 
27 3.0122E-07 2.19E-05 1.74E-07 
28 1.0000E-08 2.20E-05 2.90E-08 

SNR (dB) BER Average MAC Delay (s) 95% C.I. (s) 
23 5.9889E-04 1.49E-05 3.20E-07 
24 1.5842E-04 1.99E-05 1.05E-07 
25 3.0401E-05 1.78E-05 1.31E-07 
26 3.8985E-06 1.91E-05 1.30E-07 
27 3.0122E-07 2.13E-05 1.73E-07 
28 1.0000E-08 2.20E-05 3.00E-08 
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Table A. 28: ETE TCP Delay vs. SNR – TCP Reno 

 
 
 
 
 
 
 
 
 

 

Table A. 29: ETE TCP Delay vs. SNR – TCP SACK 

 
 
 
 
 
 
 
 
 

 

Table A. 30: ETE TCP Delay vs. SNR – TCP Window Scaling 

 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
 

SNR (dB) BER Average TCP Delay (s) 95% C.I. (s) 
23 5.9889E-04 2.4222E+03 2.0234E+02 
24 1.5842E-04 2.6489E+02 1.4923E+01 
25 3.0401E-05 9.0916E+00 3.9380E-01 
26 3.8985E-06 2.3425E+00 9.1500E-02 
27 3.0122E-07 1.5175E+00 3.9300E-02 
28 1.0000E-08 1.3956E+00 8.5000E-03 

SNR (dB) BER Average TCP Delay (s) 95% C.I. (s) 
23 5.9889E-04 2.3975E+03 9.2828E+02 
24 1.5842E-04 2.3327E+02 1.1908E+01 
25 3.0401E-05 6.1974E+00 3.9850E-01 
26 3.8985E-06 2.1232E+00 7.8900E-02 
27 3.0122E-07 1.4992E+00 3.0900E-02 
28 1.0000E-08 1.3904E+00 3.7000E-03 

SNR (dB) BER Average TCP Delay (s) 95% C.I. (s) 
23 5.9889E-04 2.3975E+03 9.2828E+02 
24 1.5842E-04 2.3029E+02 1.1189E+01 
25 3.0401E-05 8.7774E+00 4.3100E-01 
26 3.8985E-06 2.2918E+00 8.5600E-02 
27 3.0122E-07 1.4939E+00 2.7300E-02 
28 1.0000E-08 1.3910E+00 3.8000E-03 
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Table A. 31: ETE TCP Delay vs. SNR – TCP SACK + Window Scaling 

 
 
 
 
 
 
 
 
 

 

Table A. 32: ETE TCP Delay vs. SNR – File Size = 500 KB 

 
 
 
 
 
 
 
 

 

Table A. 33: ETE TCP Delay vs. SNR – File Size = 100 KB 

 
 
 
 
 
 
 

 
 
 
 
 
 
 
 
 
 
 

SNR (dB) BER Average TCP Delay (s) 95% C.I. (s) 
23 5.9889E-04 2.4913E+03 8.9244E+02 
24 1.5842E-04 2.3327E+02 1.1908E+01 
25 3.0401E-05 6.1974E+00 3.9850E-01 
26 3.8985E-06 2.1232E+00 7.8900E-02 
27 3.0122E-07 1.4992E+00 3.0900E-02 
28 1.0000E-08 1.3904E+00 3.7000E-03 

SNR (dB) BER Average TCP Delay (s) 95% C.I. (s) 
24 1.5842E-04 1.2162E+03 8.2299E+01 
25 3.0401E-05 1.8263E+01 3.3492E+00 
26 3.8985E-06 4.7883E+00 9.7150E-01 
27 3.0122E-07 3.0584E+00 7.1730E-01 
28 1.0000E-08 2.6428E+00 6.2270E-01 

SNR (dB) BER Average TCP Delay (s) 95% C.I. (s) 
24 1.5842E-04 1.5552E+02 2.1897E+01 
25 3.0401E-05 3.2989E+00 7.7440E-01 
26 3.8985E-06 1.0928E+00 2.4540E-01 
27 3.0122E-07 6.0850E-01 1.2270E-01 
28 1.0000E-08 5.4280E-01 1.1180E-01 
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