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Abstract 

 

In this thesis work, the performance of uplink schedulers at the fixed WiMAX MAC layer has 

been considered. A new algorithm that adapts to changes, inherent in wireless environments, 

and heuristically optimizes the gains of uplink scheduling parameters has been designed. 

 

The strategy adopted by the algorithm is to do a trade-off between several network parameters 

that define the operations of the Base Stations (BS) and Subscriber Stations (SS) and is able to 

find the mean throughput at the MAC interface with each SS in all instances. This is in a bid to 

maximize the throughput of the uplink packets from the several disparate contending users of 

the BS at all times. 

 

The performance of this adaptive WiMAX Uplink algorithm has been evaluated using OPNET 

Modeler. Results indicate that the algorithm is primed to meet the demands of its users and 

improves QoS in case of various wireless network perturbations. 
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1. Introduction 

 

In recent times, the Broadband Wireless Access (BWA) industry has grown significantly due to 

appealing features such as ease of installation, rapid deployment, high scalability, lower main-

tenance and investment cost.  Another important added value is that service preferences of 

BWA are always geared towards satisfying end users. However, as the industry flourished, 

competitions among service providers become tougher. 

 

Hence, it is essential to provide outstanding services by ensuring that the diversifying require-

ments of different application are satisfied in the best possible way. Therefore, in order to 

achieve mass adoption and large scale deployment of BWA systems, there must be support for 

efficient Quality of Service (QoS) for real time and high bandwidth applications such as video 

streaming, video conferencing and Voice over IP (VoIP) [1]. 

 

One such BWA system, the IEEE 802.16 standard, also known as WiMAX (Wireless Interopera-

bility for Microwave Access), supports QoS architectures that include priority scheduling and 

queuing for bandwidth allocations designed to make the systems more efficient. One of the de-

fining parameters of QoS measurements is proper scheduling of data packets. In any communi-

cation system, packet schedulers strive to lessen congestion and thus prioritize traffic on basis 

of its importance.  

 

WiMAX has undoubtedly emerged as the most promising leading technology for broadband 

connection in wide area networks. Its light infrastructure makes it very cheap and easy to dep-

loy and thus WiMAX becomes an effective solution to the last mile wireless connection problem 

which include multipath fading, environmental factors (such as heavy rains), interference and 

varying SLA demands amongst a host of other problems. It is especially effective for rural areas 

where wired infrastructures are difficult to install. 
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The basic WiMAX structure consists of one Base Station (BS) and one or several Subscriber Sta-

tions (SS). The communication flow from BS to SS is called downlink (DL) traffic while from SS to 

BS is called uplink (UL) traffic. 

 

There are two main types of architectures in WiMAX, namely:  

• Point to Multipoint (PMP), and 

• Mesh architecture. 

 

PMP consists of a BS that serves all the SSs within its range. However communication does not 

take place primarily between SSs as they have to establish communication through the BS. The 

BS acts as a network gateway and deals only with setting up and managing the connections 

whenever a request is made by the SS. However, if communications between SSs have to be 

made, then the mesh architecture is formed. 

 

In the mesh architecture, a tree network topology is possible as the architecture allows connec-

tion over several hops. As a consequence of PMP allowing only single hop transmission and 

having lower signaling overhead than mesh mode, the mesh and the PMP architectures are in-

compatible [2].   

 

Scheduling algorithms implemented in the BS deal with both UL and DL traffic. Same scheduling 

algorithm can be used for both UL and DL but in some cases, separate algorithms are imple-

mented for the UL and DL traffic. A Call Admission Control (CAC) procedure handles the traffic 

load delivered by the SSs. 

 

The responsibility of the CAC is to allow an SS into the network if its minimum QoS requirement 

is satisfied while the QoS of currently connected SSs will not deteriorate. It is worthy to note 

that the performance of a scheduling algorithm for UL traffic mostly depends on the CAC pro-

cedure.  
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Packet scheduling refers to a decision process used for choosing which packets should be ser-

viced or dropped. Traffic control and adequate data transfer are achieved through negotiating 

QoS requirements after which, the SSs requirements are satisfied by using Time Division Dup-

lexing (TDD) or Frequency Division Duplexing (FDD) schemes. 

 

At the beginning of each DL transmission, each SS determine its allocated sub-frame width by 

decoding the DL map message as well as the UL sub-frames width are decoded from the UL 

map messages. For both TDD and FDD modes, the BS transmits the map messages at the begin-

ning of each DL sub-frame. 

 

In wireless networks, the provisioning of QoS is handled at the Medium Access Control (MAC) 

layer as a result of the unpredictability and highly variable nature of wireless infrastructures 

when compared to wired networks [3]. 

 

1.1 Problem Statement 

The IEEE 802.16-2004 standard [3] has defined a framework of four scheduling services: 

(i) Unsolicited Grant Service (UGS), 

(ii) Real time Polling Service (RtPS), 

(iii) Non real time Polling Service (NrtPS), and 

(iv) Best Effort (BE). 

 

In addition, the IEEE 802.16e-2005 standard [4] introduced a new scheduling service called Ex-

tended real time Polling Service (ErtPS) which builds on the efficiency of UGS and RtPS.  

 

1.1.1 Unsolicited Grant Service 

The UGS generates fixed size data packets at a designated time interval. It is designed to sup-

port real time data flows with periodic fixed size data packets, e.g., VoIP or Asynchronous 

Transmission Mode Cambridge Fast Ring (ATM CFR). 
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1.1.2 Real Time Polling Service 

 

The RtPS, similarly to UGS, generates fixed size data packets at a designated time interval. For 

RtPS flows however, periodic variable size data packets are always scheduled to be transferred 

by using for example the Movie Producer Expert Group (MPEG) media format. 

 

1.1.3 Non Real Time Polling Service 

 

For NrtPS flows with regular variable size burst are transferred via e.g. File Transfer Protocol 

(FTP), Hyper Text Transfer Protocol (HTTP) or ATM Guaranteed Frame Rate (ATM GFR). The ser-

vices supported are in most cases delay tolerant and transmission of minimum data rates is al-

lowed. 

 

1.1.4 Best Effort 

 

Services for this class may be handled when the network is relatively free of other services. It 

can always be scheduled for time when spaces are available for data transmission. For BE traf-

fic, no minimum service level is required. Examples of this type of traffic include User Datagram 

Protocol (UDP) and ATM Unspecified Bit Rate (ATM UBR). 

 

1.1.5 Extended Real Time Polling Service 

 

This service exists for real time traffic with variable data rate such as VoIP with silence suppres-

sion over the WiMAX network.  Although for ErtPS, service mechanism and its associated 

bandwidth request/grant for OFDM and OFDMA is specified in IEEE 802.16-2004 standards, this 

standard specification however do not include methods of scheduling traffics to meet QoS re-

quirements. There is no specification for packet scheduling mechanism for UL and DL flows that 

provide required QoS for most service applications. This area is in fact left open for vendors to 

implement based on the needs imposed by their specific service requirements. 
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Our area of interest in this thesis is to suggest a packet scheduling algorithm that provides QoS 

support to all service classes. 

 

1.2 Aim of the Thesis 

 

Our desire is to manage and maximize the utilization of the scarce and constantly changing 

wireless resources of WiMAX. We seek to develop a pseudo-intelligent algorithm which adapts 

constantly to changes inherent in the wireless environment and, at the same time, is able to 

heuristically enhance the gain of network parameters under most circumstances. 

 

We believe that the heuristic nature of this algorithm will enable the MAC layer to meet the 

QoS demands of users as enshrined in their Service Level Agreements (SLAs) at all times. In all 

instances, the strategy of our proposed algorithm will be to utilize a heuristic approach in find-

ing the mean throughput and average delay at all times. 

 

The aim of this approach is to be able to predict the saturation point of BS UL intake for dispa-

rate classes of SSs contending for BS UL resources at an instance, and thus be able to enhance 

the BS resources such as to satisfy the intending SSs. 

 

In instances when the wireless network will be relatively free, we intend to overload with more 

SSs, saturate the network, and adaptively find the average throughput and mean delay for 

those SSs. The algorithm we propose should be able to do a trade off of the existing network 

parameters and to find the mean throughput at all times. 

 

We believe that the MAC layer using this algorithm will be able to optimally adapt even to con-

stantly changing scenarios in the wireless network. 
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1.3 Thesis Outline 

 

The remaining parts of the thesis are organized as follows. 

 

Chapter 2 presents a detailed treatise of the IEEE 802.16 standards. The main focus is on the 

IEEE 802.16-2004 standard since this is the specification for PMP mode in WiMAX. The chapter 

also highlights the need of QoS in WiMAX.  

 

Chapter 3 provides a review of previous work done on this topic as well as the main design 

goals for our algorithm. 

 

Chapter 4 gives a presentation of the simulation results as well as a performance comparison of 

the disparate WiMAX service schedulers. 

 

Finally, Chapter 5 concludes this thesis and discusses some thoughts for future work that can be 

embarked on, based on our proposed algorithm and the information delivered by this report. 
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2. An Overview of WiMAX 

 

This chapter begins with a short treatise on the IEEE 802.16 standard evolution for WiMAX. 

Next, it describes by way of an exposé the characteristics of the physical (PHY) and the MAC 

layer of WiMAX. The chapter concludes by pointing out the need for constant QoS assessment 

and enhancement on WiMAX. The thesis work completely converges on IEEE 802.16-2004 stan-

dard; consequently, we shall focus more on the standard features provided by IEEE 802.16. 

 

2.1 A Brief Overview of IEEE 802.16  

 

In 1998, a group called IEEE 802.16 was formed specifically for developing an air interface stan-

dard for wireless broadband networks. The group’s initial task was to develop a Line of Sight 

(LOS) PMP BWA within the 10–66 GHz frequency band. 

 

As a result of this initial effort, the first standard was published in 2001 as the IEEE 802.16-2001 

standard. The PHY layer of the proposed standard was based on single-carrier Quadrature 

Phase Shift Keying (QPSK), 16-Quadrature Amplitude Modulation (QAM), or on 64-QAM [4]. 

 

The standard supports TDD and FDD data exchange techniques. Furthermore, differential QoS 

was provided for in the MAC layer. Many of the concepts related to the MAC layer were taken 

from the initially developed cable modem Data Over Cable Service Interface Specification 

(DOCSIS) standard [5]. 

 

In 2003, the IEEE 802.16 working group came out with an amendment to IEEE 802.16-2001. The 

amendment became known as the IEEE 802.16a-2003 standard which provides for new PHY 

layer specifications and enhances the MAC layer so that it is able to support multiple PHY layer 

specifications. This amendment allows PHY layer support to BWA in the 2–11 GHz frequency 

bands. 
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Its envelope of support encompasses both licensed and unlicensed bands.  It was aimed for Non 

Line of Sight (NLOS), PMP communication such as “last mile” broadband communication. In or-

der to deal with the issues existing in NLOS transmissions (e.g., multipath propagation) several 

new features were included such as: support for advanced power management techniques, in-

terference mitigation and coexistence techniques as well as support for Adaptive Antenna Ar-

rays (AAR). 

 

For LOS transmissions, single carrier modulation was used but for the NLOS scenarios, the 

OFDM and OFDMA techniques were introduced [3]. The standard provides also support for an 

optional meshing topology. Security concerns were given ample consideration in this version as 

many of the privacy layer specifications, optional in previous versions, became pivotal and 

mandatory. 

 

The various projects developed during the development cycle of the IEEE 802.16 standard are 

presented in the timeline diagram depicted in Figure 2.1. 

 

Through further clarifications, detailed system profiles for the 10–66 GHz frequency bands were 

added in IEEE 802.16-2001 and the resulting amendment was published in December 2002 as 

the IEEE 802.16c-2002 standard [6]. In this version, several errors and inconsistencies of the 

previous versions were also corrected. 

 

The two standards: IEEE 802.16-2001 and IEEE 802.16a-2003 along with IEEE 802.16c-2002 en-

joyed further revisions and consolidations in 2004. That led to the IEEE 802.16-2004 standard. 

The IEEE 802.16-2004 is also referred to as the Fixed WiMAX since it does not support mobility 

[6]. The standard supports P2P (Point to Point), PMP and optional mesh topology. 

 

The PHY layer for operational frequencies in the 10–66 GHz band was based on single carrier 

modulation and for frequencies below 11 GHz, it was based on three alternatives: OFDM, 

OFDMA and single carrier modulation [7]. 
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Nevertheless, the IEEE 802.16-2004 standard became known as the official standard for Wi-

MAX. 

 

 

 

 

 

 

 

 

 

 

 

Figure 2.1: Development of IEEE 802.16 
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Figure 2.2: WMAN architecture [9] 

 

As time progressed, the IEEE802.16e standard was approved as the official standard for mobile 

applications. It is an extension to IEEE 802.16-2004 geared such as to support mobile wireless 

broadband up to vehicular speeds in the licensed band greater than 6 GHz. The standard is also 

termed mobile WiMAX as it supports roaming for portable clients both within disparate service 

areas as well as between analogous service areas [8]. Figure 2.2 shows the general architecture 

of the wireless metropolitan area architecture while figure 2.3 depicts the IEEE 802.16 protocol 

stack. 

 

Q P S K 6 4 -Q A M1 6 -Q A M

C o n v e r g e n c e T r a sm is s io n S u b la y e r

P r iv a c y  S u b la y e r

C o m m o n  P a r t M A C  S u b la y e r

C o n v e r g e n c e S e r v ic e S u b la y e r
D a t a  L in k L a y e r

P h y s ic a l L a y e r

L in k L a y e r C o n t r o l  ( IE E E  8 0 2 .2 )

U p p e r  L a y e r s

Q P S K 6 4 -Q A M1 6 -Q A M

C o n v e r g e n c e T r a sm is s io n S u b la y e r

P r iv a c y  S u b la y e r

C o m m o n  P a r t M A C  S u b la y e r

C o n v e r g e n c e S e r v ic e S u b la y e r
D a t a  L in k L a y e r

P h y s ic a l L a y e r

L in k L a y e r C o n t r o l  ( IE E E  8 0 2 .2 )

U p p e r  L a y e r s

 

 

Figure 2.3: IEEE 802.16 protocol stack [10] 
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Sequel to IEEE 802.16-2004, the IEEE 802.16f-2005 standard was introduced as an amendment 

and defines a Management Information Base (MIB) for the MAC and PHY layer for fixed BWA. 

 

IEEE 802.16g-2007 chronicles the management plane procedures for both fixed and mobile 

broadband wireless systems and specifies management functions, interfaces, and protocol pro-

cedures [9]. 

 

 

 

Figure 2.4: WiMAX mesh topology [10] 

 

Recently, IEEE 802.16k-2007 has been introduced and it compliments IEEE Std 802.1D effort to 

support bridging of the IEEE 802.16 MAC layer [9]. A typical mesh architecture for WiMAX is 

shown in Figure 2.4 

 

A brief comparison between selected IEEE 802.16 family of standards is provided in Table 2.1. 

 

Table 2.1: Comparison of the IEEE 802.16 standards 

 IEEE 802.16-2001 IEEE 802.16-2004 IEEE 802.16e-2005 

Completion Dec 2001 June 2004 Dec 2005 

Frequency 10-66 GHz 2-11 GHz 2-11 GHz (fixed)       

2-6 GHZ (mobile) 

MAC architecture & P2P, mesh P2P, mesh P2P, mesh 
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application 

Fixed LOS Fixed NLOS Fixed and mobile NLOS 

Modulation QPSK, 16-QAM,   

64-QAM 

QPSK, 16-QAM, 64-QAM QPSK, 16-QAM, 64-QAM 

Multiplexing Burst TDM/TDMA Burst TDM/TDMA  

OFDMA 

Burst TDM/TDMA  

OFDMA 

Duplexing TDD and FDD TDD and FDD TDD and FDD 

Transmission Single carrier Single carrier 

256 OFDM 

2048 OFDM 

Single carrier 

 256 OFDM  

scalable OFDM 128,  

512, 1024, 2048 

Data rate 32-134.4 Mbps 1-75 Mbps 1-75 Mbps 

Air-interface Wireless MAN-SC WirelessMAN-SCa 

WirelessMAN-OFDM 

WirelessMAN-OFDMA 

WirelessMAN-HUMAN 

WirelessMAN-SCa 

WirelessMAN-OFDM 

WirelessMAN-OFDMA 

WirelessMAN-HUMAN 

WiMAX 

 implementation 

none 256 OFDM as  

Fixed WiMAX 

Scalable OFDMA as 

Mobile WiMAX 

    

 

2.2  IEEE 802.16 Architecture 

 

Basically, IEEE 802.16 architecture consists of one BS and several SSs. An SS can itself act as a 

client for data transfer to other SSs. Many other clients can be polled to a singular SS. The BS 

and the SSs are fixed stations; however the clients can support mobility features. The data 

transfer takes place between the BS and the SSs. 

 

However in PMP network, direct communication between the SSs is not allowed, which means 

that the BSs completely monitor all data transmission within the network. All the SSs must syn-

chronize with the BS in order to communicate. Transmission of data takes place through two 

channels. The UL channel is that through which the SS sends data to the BS and it is shared by 
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all SSs in the network. On the other hand, DL channel is used by the BS to communicate to all of 

its SSs. 

 

The system uses Time Division Multiple Access (TDMA) MAC protocol for data transmission. In 

TDM, the time is divided into frames. Each frame is separated by guard slots. Each frame is fur-

ther divided into uplink sub-frames and downlink sub-frames. Figure 2.5 and Figure 2. 6 show 

the MAC DL and UL arrangement. The uplink sub-frame has three periods: the ranging period, 

bandwidth contention period and data uplink period. The UL-MAP (Uplink Map) contains in-

formation about the duration of these periods as well as the time slots defined by BS for each 

SS to send data during the uplink sub-frame. 

 

The UL-MAP is broadcasted by BS during the beginning of each frame. After receiving the UL-

MAP message, the SS sends data only in the predefined slot. Transmission in the downlink 

channel is rather simple as the BS has all the information. Data packets are broadcasted by the 

BS and the data packets destined to a particular SS will be picked up only by that SS. 

 

 

Figure 2.5: The DL sub-frame [ 9] 
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Figure 2.6: The UL sub-frame [9] 

 

2.3  WiMAX PHY Layer 

 

The PHY layer of WiMAX is used for data transmission both in uplink as well as in downlink di-

rections. It is based on the IEEE 802.16-2004 and IEEE 802.16e-2005 standards and uses the 

OFDM and OFDMA principles. In reference to IEEE 802.16-2004 standard, the frequency band in 

the PHY layer is allotted between 2-66 GHz whereby 11-66 GHz is for NLOS situations and 2-10 

GHz caters for LOS transmissions. However, the frequency range defined by 11-66 GHz wave 

bands is not used for WiMAX [9]. 

 

OFDM is a multiple carrier transmission technique which is used for high speed bi-directional 

wireless data communication. OFDM manages to reduce the amount of bandwidth needed for 

data transmission by tightly compressing multiple modulated carriers while, at the same time, 

keeping the modulated signals orthogonal to each other in order to eliminate interference. 

OFDM is an elongation of the defining principles of the frequency division multiplexing (FDM). 

In FDM, signals coming from multiple transmitters are transmitted simultaneously in the same 
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time slot over multiple frequencies where each sub carrier (i.e., frequency range) is modulated 

separately to transfer different data streams. 

 

To avoid signal overlap, a guard band is placed between each sub carrier. However OFDM also 

uses multiple sub-carriers but due to its orthogonal properties (the peak of one sub carrier 

coincides with the null of an adjacent sub-carrier), there are no guard bands between sub-

carriers as those properties that may have resulted in interference have been eliminated. Fig-

ure 2.7 shows the OFDM carrier sturucture. 

 

 

Figure 2.7: OFDM carrier structure [9] 

 

There are three types of sub-carriers defined in OFDM, namely: 

• Data sub-carriers. 

• Pilot sub-carriers, used mainly for channel estimation and as reference frequencies in 

channel tracking. 

• Null sub-carriers, employed as guard bands or DC carriers. DC sub-carriers are used as 

centre frequencies and separators (guard bands). These are also reffered to as guard 

sub-carriers. They are used to keep the spaces between OFDM/OFDMA signals. 

 

However, in OFDMA, the multiple closely spaced sub-carriers are segmented into groups of 

sub-carriers wherein each group is regarded as a sub-channel. The sub-carriers that constitute 

sub-channels do not necessarily need to stay congruent location wise. Each sub-channel is sub-
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ject of subscriber stations as a result of channel conditions and data requirements. This condi-

tion is also referred to as sub-channelization. In the uplink, a transmitter may be assigned one 

or several sub-channels but in the downlink, the sub-channels are intended for the receiver. 

 

In Scalable Orthogonal Frequency Division Multiple Access (SOFDMA), used for mobile WiMAX, 

the dimension of scalability was introduced to OFDMA. It keeps constant sub-carrier frequency 

spacing across different channel bandwidths and ushers in a measure of scalability of the Fast 

Fourier Transform (FFT) size to fit to the channel bandwidth. Through the culture of keeping the 

sub-carrier frequency spacing constant, the complexity of smaller channels and performance of 

wider channels enjoys overall improvements. Consequently, the dividends of scalability is readi-

ly observable as small FFT size is allocated for smaller channels while more voluminous FFT size 

is given to wider channels. Figure 2.8 shows the OFDMA carrier structure. 

 

 

Figure 2.8: OFDMA carrier structure [10] 

 

The duo of TDD and FDD techniques are integral features of the IEEE 802.16-2004 standard. 

FDD must have two distinct channels uplink sub-frame transmission for the downlink sub-frame 

in the same time slot. Full and half duplex FDD are both supported by WiMAX but the main dis-

parity is that full duplex allows SSs to transmit and receive data simultaneously while in half 

duplex FDD, an SS can either receive or transmit data at a time. 
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However in TDD, a singular channel is needed to transmit uplink and downlink sub-frames at 

two distinct time slots. 

 

IEEE 802.16 offers a wide array of modulation and coding schemes. Modulation techniques 

such as QPSK, 16-QAM and 64-QAM are employed. Whereas, all these three techniques are 

compulsory for DL transmission, 64-QAM is optional for UL transmissions. The Forward Error 

Correction (FEC) coding with convolution codes enjoys much usage. In this scheme, 52 combi-

nations of modulation and coding schemes are used. These combinations are called burst pro-

files wherein the profile alternates on a burst to burst basis per link depending on the channel 

characteristic situation. 

 

The FEC block is a function of concatenated Reed Solomon (RS) code in the outer envelope and 

on the inner code contains convolution zero-terminating characters. Reed-Solomon outer en-

coding emanates from a standard RS (N, K, T) code. Optionally, there could be an interleaver 

between the Reed Solomon encoder and the Viterbi encoder. Convolution inner coding is based 

on the scheme shown in Figure 2.9 

 

 

Figure 2.9: Convolution encoder [6] 
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Table 2.2: IEEE 802.16 comparison of bit-rates for different modulation scheme 

 

 QPSK 16QAM 64QAM 

Channel width 

(MHz) 

Symbol Rate 

(Msym/s) 

Bit rate 

(Mbit/s) 

Bit rate 

(Mbit/s) 

Bit rate 

(Mbit/s) 

20 16 32 64 96 

25 20 40 80 120 

28 22.4 44.8 89.6 134.4 

 

Adaptive Antenna System (AAS) are beam formers. This technology enables antenna beams to 

be directed in the direction of the receiver. Also, while receiving, the beam focuses in the direc-

tion of the transmitting device. This reduces the possibility of interference from another trans-

mitting device as the beam focuses directly on two transmitting devices. Space Division Mul-

tiple Access (SDMA) can be employed with AAS to allow multiple SSs at different locations to 

receive and transmit at the same time over the same channel [9], [10]. 

 

The IEEE 802.16 supports four PHY specifications any of which can be used with the MAC layer. 

The four PHY layer defined are:  

• Wireless-MAN-SC (Single Carrier). This layer was defined in the original IEEE 802.16 spe-

cifications supports for frequencies beyond 11 GHz and requires LOS. 

• Wireless-MAN-SC. Has support for frequencies between 2 GHz and 11 GHz and PMP op-

erations. 

• Wireless-MAN-OFDM. The layer is defined in IEEE 802.16-2004 for PMP operations in 

NLOS conditions at frequencies between 2 GHz and 11 GHz. It incorporates 256 sub-

carriers with 200 being employed.  

Wireless-MAN-OFDMA. This layer is a 2048 FFT based OFDMA defined for PMP opera-

tions in NLOS conditions between frequencies of 2 GHz and 11 GHz. However in IEEE 

802.16e-2005, the layer has been updated and uses SOFDMA instead of OFDMA where 
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the FFT size is variable and can assume any of the values: 128, 512, 1024 and 2048. The 

variations in FFT size allows optimum operational implementation of the system over a 

wide array of channel bandwidths and wireless operations. 

 

2.4  WiMAX MAC Layer 

 

In general, the MAC layer in IEEE 802.16 is used to interlink higher layers with the PHY layer. It 

is fundamentally situated between the network layer and the PHY layer of the Open System In-

terconnect (OSI). 

 

The WiMAX MAC layer is divided into three sub-layers, closely interconnected with the PHY 

sub-layer as depicted in Figure 2.10 while Figure 2.11 specify the different components that ex-

ist at each MAC layer. The MAC sub-layers are as follows: 

• The service specific convergence sub-layer (CS) 

• The MAC common part sub-layer (MAC-CPS)  

• The Security sub-layer 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 2.10: MAC layer 
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Figure 2.11: Different strata of the MAC layer [10] 

 

2.4.1 Service-Specific Convergence Sub Layer 

 

Primarily, the function of the CS layer is to interlink and communicate with the upper layers. 

Data coming from the upper layers are mapped into MAC Service Data Units (SDU) (Figure 2.12) 

which is duly received by the MAC common part sub layer. Data from upper layer is received 

through the convergence sub-layer service access point (CS SAP). The MAC SDUs through MAC 

SAP are received by MAC-CPS. IEEE 802.16-2004 has defined two service specific convergence 

sub-layers for service mapping to and from the MAC layer. They are the Asynchronous Trans-

mission Mode (ATM) CS and Packet CS. ATM services make use of the ATM CS while Packet CS is 

used for IPV4, IPV6 and Ethernet. 

 

Overall, the functions performed by the CS layer include: 

• Accepting the higher Protocol Data Units (PDUs) for onward conversion to CS PDU.  

• Classify higher layer PDUs. 

• Ensure that CS PDUs are channeled to the appropriate MAC SAP.   

• If required, it does payload suppression  
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• Based upon received parameters from upper layers, it allocates bandwidth and also 

enables QoS. 

Higher layer 

SDU

MAC SDU
Higher layer

header

Packet  PDU   
PHSI

(optional)

H igher layer 

SDU

MAC SDU
Higher layer

header

Packet  PDU   
PHSI

(optional)  

Figure 2.12: MAC SDU [9] 

 

 

2.4.2 MAC Common Part Sub Layer 

 

Forms the core of the MAC layer and it is designed to support both PMP and mesh network ar-

chitectures. By default, the MAC layer of IEEE 802.16 is connection oriented which makes all the 

traffic, including connectionless services to be connection oriented. A 16 bit addressing scheme 

connection performs identification and allows for bandwidth requests while also paves way for 

mapping its QoS parameters. This 16 bit address functions as a primary address for all opera-

tions. 

 

According to IEEE 802.16-2004, each SS is defined by a 48 bit universal address, keeping in mind 

all the vendors and equipments tagged to the SS. Whenever the SS enters into a network it 

commands management connection for each uplink and downlink direction. The coefficient of 

this allotment is three (3). These management connections are the Basic connection, Primary 

management connection and the Secondary management connection respectively. 

 

The Basic connection serves to transmit short time MAC and radio link control (RLC) urgent 

messages. MAC management messages on the basic connection must never be fragmented or 
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packed as their functions are crucial and often constrained by time. Primary management con-

nection is used for transmitting longer, more delay tolerant MAC messages that deals with au-

thenticity and connection negotiation. These types of messages can on the other hand be 

packed or fragmented. Secondary management connection transfers messages such as Dynam-

ic Host Configuration Profile (DHCP), Trivial File Transfer Protocol (TFTP), Simple Network Man-

agement Protocol (SNMP), etc. 

 

 

 

The MAC common part sub-layer controls most of the MAC functionalities. Some of these are 

discusses in the following paragraphs. 

 

Channel Acquisition 

Whenever an SS is installed, the MAC protocol explores its frequency list by initializing a proce-

dure to find an operating channel. By the time SS synchronizes, MAC will periodically check the 

downlink and uplink channel descriptor messages which will inform about the modulation 

scheme employed on the channel to the SS. 

 

Negotiation and Ranging 

This is a process through which an SS transmit Ranging Request (RANG-REQ) packets to BS in 

the range contention slot in each frame until it acquires Ranging Response (RANG-RSP). The re-

sponse aids the BS to determine its distance relative to the SS. 

 

SS Authentication and Registration  

Authentication of MAC is based on the use of Public Key Infrastructure (PKI) technology which is 

based on X.509 digital certificates. In the same way through which every Ethernet interfaces 

comes with its own unique Ethernet MAC address, so also every 802.16 customer transceiver 

must include a built-in certificate for itself and another for its manufacturer. The reason for 

these certificates is to allow the customer transceiver to uniquely identify and authenticate it-

self back to the BS. The BS can then check to see if the customer transceiver is authorized to be 
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serviced. Once the customer is located in the MIB, the BS transfers an encrypted authorization 

key to the customer, through the customer’s transceiver public key. This authorization key  

forms the basis for encrypting and protecting all subsequent transmissions [7]. 

 

Bandwidth Grant and Request 

IEEE 802.16 uses two methods for bandwidth allocation: grant per connection and grant per 

subscriber. Through grant per connection, bandwidth is scheduled for each connection. On the 

other hand, bandwidth is allocated for each subscriber in grant per subscriber. The subscriber 

then distributes the bandwidth to its connected agents based on SLAs and service needs. 

 

SSs uses use Bandwidth Request (BR) headers to request bandwidth from the BS. Bandwidth 

can be negotiated for in two ways: piggybacking and contention. In piggybacking, bandwidth 

request is parceled with the UL data packets while in contention mode, the subscriber contends 

for a slot for sending bandwidth requests. Bandwidth solicited during piggyback is always in-

cremental. In this way, the BS adds the quantity of requested bandwidth requested to its cur-

rent permutations of the SS needs. Sometimes, SSs can piggyback bandwidth in an aggregate 

manner. In this way, the BS substitutes its current permutations of the bandwidth needs of the 

SS with the quantity of the bandwidth demanded. 

 

Frame Structure and MAP Messages  

IEEE 802.16 MAC offers support for both TDD and FDD frame structures. The CS maps different 

available services into the core common part sub-layer of the MAC. As discussed earlier, the 

two convergence sub-layers specified are the ATM CS and the Packet CS. As a reminder, the 

ATM sub-layer provides for transport of ATM connections across IEEE 802.16 platforms. The 

packet convergence sub-layers offers 3 basic modes:  

• IP Specific: offers support for IPv4, IPv6 and the IEEE 802.16a mobile IP variants. They are  

mainly used to ferry native IP frames.  

• IEEE 802.3/Ethernet (Specific Part): employed to ferry 802.3 Ethernet frames across IEEE 

802.16 sub-strata.  
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• IEEE Std 802.1Q-1998 VLAN (Specific Part): Employed to ferry 802.1Q VLAN tagged   

frames across IEEE 802.16 sub strata  

 

Additionally, the CS is also used to: 

• Make QoS decisions and oversee bandwidth allocations. 

• Maximize the utilization of the radio frequencies by ensuring transmission and reception 

of maximum effective bits. 

• Reconstruct header suppression to improve air-link efficiency. 

 

To ensure optimization, higher-layers PDUs are always encapsulated into the MAC SDUs. Some 

protocols have payload units that contain an 8-bit Payload Header Suppression Index (PHSI) 

egged on by the actual payload. Yet, other protocols map higher layer PDUs directly to the MAC 

SDU. A zero value in the PHSI will mean that no payload header suppression has been applied 

to the higher layer PDU. Otherwise, the index value identifies and determines suppression 

rules. Consequently, this index is mapped to an equivalent rules at the SS and BTS peers to 

make allowance for the reconstruction of suppressed information [8]. 

 

2.4.3 Core Architecture of PMP 802.16 MAC  

 

The IEEE 802.16 MAC protocol was intended to handle PMP BWA applications. It is equipped 

with a centrally located Base Transceiver Station (BTS) primed to simultaneously handle mul-

tiple independent sectors. On the DL, SSs data is multiplexed TDM wise. The UL is shared be-

tween several SSs in a TDMA fashion. 

 

In the MAC layer, all services, including de facto connectionless services, are mapped to con-

nections. This makes possible provisioning for a number of unique services including bandwidth 

request mechanisms. 
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Other core functions of the MAC include reserving additional connections for the following 

purposes: 

• Contention-based initial access. 

• DL broadcast transmissions as well as for indicating needs for SS bandwidth contention-

based polling. 

• Multicast as opposed to broadcast contention-based polling whereby SSs are urged to 

affiliate with multicast polling groups identified with multicast polling connections. 

 

MAC PDUs always begins with a fixed-length generic MAC header followed by the MAC PDU 

payload which, in most cases, consists of: 

• Zero fragments/payload.  

• Additional sub-headers and zero, 

• Additional MAC SDUs and/or associated fragments.  

 

There is a variation in the payload information length such that a MAC PDU (Figure 2.13) may 

represent a variable number of bytes. This variation allows the MAC to tunnel various higher 

layer traffic types minus knowledge of the bit patterns or formats of those messages. MAC 

PDUs may also envelope an optional Cyclic Redundancy Checksum (CRC). This oftentimes offers 

protection for the generic header and the ciphered payload.  

MAC header Payload (optional) CRC (optional)

m
s
b

ls
b

MAC header Payload (optional) CRC (optional)

m
s
b

ls
b

 

Figure 2.13: MAC PDU [10] 

IEEE 802.16 defines two MAC header formats. It includes the generic MAC header that begins 

each MAC PDU containing either data or MAC management messages. The second is the band-

width request header used when requesting for additional bandwidth. The single-bit Header 

Type (HT) field serves to distinguish the bandwidth request header and the generic formats. For 
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a bandwidth request header, the HT field should be set to one and set to zero for the generic 

header. Figure 2.14 shows the layout of the MAC header. 

 

Figure 2.14: Generic MAC header and bandwidth request header [9] 

 

Other fields included in the generic MAC header are as follows: 

• The EC (encryption control) bit which always indicates if a frame is encrypted. 

• The Type field which contains 6 bits always indicates what the payload presents.  

These include: 

o Bit 0, set when a grant management sub-header is available in the payload 

o Bit 1, set when a packing sub-header is available in the payload 

o Bit 2, set when a fragmentation sub-header is available the payload 

o Bit 3, set when an extension frame is appended to the fragmentation  headers 

o Bit 4, set when an ARQ feedback payload is contained within the frame 

o Bit 5, used only in IEEE 802.16a; it is set when a mesh sub-header is present 

o CRC, indicates the presence of the optional CRC at the end of the MAC PDU 

• The encryption key sequence (EKS) bits indicate which key was used in encrypting the 

frame. The privacy sub-layer permits overlapping keys such that keys can be updated 

without interrupting data flow. During an update, the EKS differentiates between 

new and old keys. 
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• The 11 bits LEN field signifies the number of bytes present in the MAC PDU which in-

cludes the CRC and the header thus limiting the length of the frame to a maximum of 

2047 bytes. 

• The CID has pointers that indicate the specific connection alluding to the MAC PDU 

which it services. 

• The 8 byte CRC of the HCS constitutes 5 bytes of the generic MAC header [11]. 

 

The fields indicated below are constituents of the bandwidth request MAC header: 

• EC bits, must be set to 0  

• BR field, indicative of the amount of UL bandwidth being requested.  

• The first 8-bit of the first 5 bytes of the bandwidth request header. It contains the 

HCS field which houses the CRC. 

• The value 0 can be attributed to the 6-bit Type field. It alludes to an incremental 

bandwidth request. If the value is 1, it indicates an aggregate bandwidth request. 

• CID field indicates the connection that requested the bandwidth. 

 

In IEEE 802.16, three types of MAC sub-headers may be present:   

• The grant management sub–header. Used by an SS to convey the need for bandwidth 

management needs to the BS. This is an ingenious way to attach a bandwidth request 

to the UL without the need to create and transfer a complete MAC PDU with all the 

MAC headers overhead and CRCs. 

• The fragmentation sub-header. Indicative of the presence and orientation in the pay-

load of any SDU fragment. 

• The packing sub- header. Indicative of the packing of multiple SDU fragments into a 

singular MAC PDU.  

 

The grant management sub-header can have two formats. One refers to unsolicited grant ser-

vice (UGS) connections, whereby the grants widths are implicitly known (Figure 2.15). A regular 

and data rate over a given connection is always approximately in tandem with the needs of the 
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transmitted data flow. The SS employs the slip indicator to inform the BS that the UL buffer ser-

vicing a particular flow is filled up. This is always a result of the fact that sometimes, the rate of 

arrival of the data is faster than the UL rate granted. The slip indicator is used to make solicit for 

more UL bandwidth grants. The Poll Me (PM) bit is used to request the BS to send a bandwidth 

poll. 

 

 

figure 2.15: Grant management sub-header - unsolicited grant service [10] 

 

For other scheduling services such as RtPS, nRtPS and BE, the header format shown in Figure 

2.16 is employed.  The piggybacked request is a 16-bit number indicative of the number of UL 

bytes of bandwidth being solicited for the service. It is an indication of the amount of UL band-

width needed by the service.  

 

 

Figure 2.16: Grant management sub-header - solicited grant service [10] 

 

In IEEE 802.16, several incoming MAC SDUs from the associated convergence sub-layers are 

formatted according to the protocols established by the MAC PDU format, possibly with frag-

mentation or packing, or a combination of both before transmission over one or a multiplicity 

of connections according to the directives of the MAC protocol. 
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Packing is the process in which multiple MAC SDUs are compressed into a single MAC PDU 

payload. Fragmentation on the other hand is the process in which a MAC SDU is divided into 

one or more fragments of MAC SDUs. Both of fragmentation and packing may be initiated by 

either a BS for a DL connection or a SS for a UL connection. For efficient use of bandwidth, IEEE 

802.16 employs simultaneous fragmentation and packing. 

 

The fragment sub-header (FSH) is used to signal that fragmentation is employed. FSH is always 

included at the upper end of the payload. Figure 2.17 shows a normal FSH. The Fragment Con-

trol (FC) bit is an indication of whether the fragment is the initial fragment of an MSDU. Should 

that be the case, then it commands a concurrent 10 bit indicator, the last fragment is 01 while 

a fragment in the middle is allocated 11. An FSH value of 00 means that the MAC SDU is not 

fragmented. The Fragment Sequence Number (FSN) increases by 1 bit for each MSDU fragment 

such that the receiver will be able to reassemble fragments accurately. 

 

 

Figure 2.17: Fragment sub-header [9] 

 

Figure 2.18 depicts the format of the packing sub header. Obviously, the first two fields are sim-

ilar to those of the fragment sub-header. Making use of the standard fragment descriptor for 

packing is an explanation for the need for a "no fragmentation" value for the 00 FC bits. Using a 

common factor for both fragmentation and packing sub-headers is a good idea since the packed 

MAC SDU may, after all, not be fragmented. 

 

Multiple packing sub-headers may be available in the MAC PDU, each of which may be followed 

by either a MAC SDU or a fragment of the same entity (i.e., MAC SDU). The length field (LEN) 
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aids the receiver to pinpoint the residence of the start of the next packing sub-header in the 

MAC SDU payload. 

 

 

Figure 2.18: Packing sub-header [9] 

 

After transmission, MAC PDUs are reconstructed back into the original MAC SDUs such that the 

format modifications processes embarked on by the MAC layer protocol are transparent to the 

receiving SS. IEEE 802.16 makes use of the dual applications of fragmentation and packing 

processes coupled with the bandwidth allocation process in order to maximize the utilitarian 

benefits of combining both attributes. Figure 2.19 is an illustration of the packing and fragmen-

tation in a MAC PDU transmission. 
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Figure 2.19: MAC PDU transmission [10] 

 

2.5 Quality of Service Provisioning in WiMAX 

 

Central to the idea of providing acceptable QoS to respective SS requesting for reliable services 

from the BS is the usage of a connection oriented protocol. The MAC layer makes use of connec-

tion oriented protocols to effectively manage contending SSs in its service area. Using this sce-
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nario, each traffic flow to the respective SS possesses its own connection. Albeit the fact that 

the IP at the network layer of the OSI is unreliable, the use of a connection oriented protocol at 

the MAC interface makes the interface pliable and ready for reliability conformance for most 

applications. 

 

2.5.1 Allocating Bandwidth 

 

This primarily depends on the type of scheduling services employed. It is a most pivotal index of 

QoS provisioning on WiMAX. Basically, the bandwidth request/grant mechanism can be seg-

mented into the following scenario. Initially, the BS requests via a broadcast (polling) message 

to all aspiring SSs and listens to the SS that responds to the broadcast request. 

 

An intending SS can, through the use of binary exponential back-off algorithm, contend for an 

UL bandwidth request opportunity. As a result, the BS responds to the requesting SS confirming 

the established handshake with a bandwidth requests response messages.  Consequently, the 

SS transmits its bandwidth size or needs to the BS. Subject to the BS approval, an allocation is 

made to the requesting SS thereby sending the bandwidth grant messages [12].  

 

2.5.2 QoS Provisioning Process 

To ensure QoS whenever a service flow is to be added, there must be available enough band-

width provision for the flow. Each SS aspiring to establish a communication link will merit a ba-

sic duplex communication channel with a specific connection ID (CID) number. Packets having 

different QoS parameters but the same CID number will be classified into the same group hav-

ing similar service flow (SF). Each SF will have an SF ID since there may exist more than one 

flow. Classifying packets on the basis of SF is done at the MAC CS sub-layer. This classification is 

presumed on the Type of Service (TOS) definition of each distinct IP packet. 

 

The bandwidth request message sent by the contending SS will be received at the BS, ensuring 

that the BS will allocate needed UL resources for the requesting SS. Request grants are handled 
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by the BS Admission Control Unit (ACU). The ACU will examine the amount of bandwidth avail-

able and subtract the requested bandwidth out of it; if the result is greater or equal to zero, 

then a grant is assured, else, the SS grant request is denied. 

 

The request is ushered into one of the five different classes of queue schedule (i.e., any of RtPS, 

NrtPS, ErtPS, BE or UGS). This means that bandwidth requests are subject to classification based 

on the schedule service type and as a result, the associated QoS parameters. It is the scheduling 

algorithm that determines the scheduling procedure; thereby, the scheduling algorithm is a 

most pivotal QoS defining entity of the UL negotiation. Afterwards, packets scheduled are uti-

lized to construct UL-MAP messages. UL-MAP messages are broadcasted at the start of each 

OFDM/OFDMA frame back to the connected SS. 

 

In adhering to QoS stratagems, all SSs are compelled to listen for broadcasted UL-MAP messag-

es and if any SS CID is addressed, then that particular SS can send its info in slots mentioned in 

the UL-MAP. 

 

This project purports to work on the UL scheduling algorithm. An adaptive heuristic algorithm 

will be designed that will further aid the ACU in maximizing the available BS resources taking 

the message priority and the BS capacity into consideration. The associated characteristics of 

each scheduling service class will be used adaptively in order to create an algorithm capable of 

assuring optimal throughput at all instance as this is a most desired factor that will, in a majori-

ty of cases, satisfy the SLA of each SS.    
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3. Scheduling Algorithms 

 

The need for differentiating between disparate packets on telecommunication networks was 

brought to the fore with the advent of packet scheduling as it is very much synonymous with 

bandwidth sharing. The need for packet scheduling and efficient bandwidth sharing has pro-

voked the injection of a lot of research efforts and time into these areas in the past decade. 

 

This chapter discusses related work that has been done within this topic. However, the focal 

point of the chapter will be the discussion of the design goals of the project. 

 

3.1 Traditional Scheduling Algorithms 

 

Basically, the First in First Out (FIFO) scheduling is the primary strategy for scheduling packets. 

The method works simply by accepting packets from all input links, en-queue the inputs on a 

first come first serve basis into a stack memory and afterwards, de-queue them to the output 

links on the order of arrivals at the input. It is deducible from the foregoing that FIFO views the 

issue of scheduling as less than important as all packets irrespective of their priority must follow 

the strict FIFO regime or orderliness. 

 

Some other well known scheduling algorithms include: Round Robin (RR), Weighted Round 

Robin (WRR), Weighted Fair Queuing (WFQ), Dynamic Time Sharing (DTS), Virtual Clock (VC), 

Generalized Processor Sharing (GPS), Delay Earliest Due Date (D-EDD), Jitters Earlier Due Date 

(J-EDD), etc [13]. 

 

3.2 Classification of Schedulers 

 

Some of the well known modes of schedulers’ classification include: 

• Classification based on Type of Service (TOS): major schedulers under this category in-

clude schedulers for BE services and those for guaranteed services. 
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• Classification based on type of guarantee provided: this includes schedulers that provide 

explicit guarantees for every session without an explicit delay guarantee and those with 

explicit bandwidth and delay guarantees. 

• Classification based on internal architecture: this includes sorted priority and frame 

based schedulers.  The former make use of a global variable called virtual time which 

always provokes an update whenever a packet arrives or a packet is serviced. The later 

utilizes time frames of fixed or variable lengths.  

 

3.1.2 Schedulers QoS Requirements   

 

Given a set of resource requests in a queuing system, a server uses a scheduling algorithm to 

decide which request to service next. Traffic schedulers are affected by two orthogonal compo-

nents: 

• Decisions regarding the order in which requests must be serviced. 

• Management of diverse service queues for the requested awaiting service. 

 

QoS can be thought of as a measure of performance for a communication system which reflects 

the quality of its transmission and the quality of the service rendered. Before QoS can be meas-

ured, networks must be designed to always be available. A measure of the quality of transmis-

sions is an aggregation of availability, loss, delays, throughput and jitter. 

 

Availability is defined as the fraction of time (in seconds) between an ingress and an egress 

point in the network. Throughput is the available user bandwidth between the input and output 

port. Delay is the measure of time that a packet utilizes to reach the end point of reception 

from the sending point. Loss is a measure of comparison between the total numbers of packets 

sent to the total number of packets received. It is measured as a percentage of dropped pack-

ets.  Jitter is the disparity between an end-to-end delay. 
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For instance, if a transmitted packet uses 20 ms to traverse two end points and another similar-

ly weighted packet uses 10 ms more than the first packet, then the delay variation is given by 

the 10 ms difference. 

 

The algorithm designer must be aware that the following questions must be properly dealt with 

during the design of the scheduler. 

- Number of priority levels: a misbehaving flow of higher priority may impact ne-

gatively on the performance of lower priority traffic. 

- Degree of aggregation of connections within a level: there should be one or sev-

eral state variables in order to ensure accurate description of all connections. 

- Service order within a level: should be carried out according to packet service 

tags. 

- Discipline at every level of priority: this will make for a work conserving server 

when there is lack of request to be serviced. Alternatively, absence of discipline 

could lead to no-work conservation a situation that could lead a server to remain 

idle even when there are requests to be serviced. 

 

In other to provide for QoS, scheduling algorithms must fulfill all or several of the following cri-

terions: 

- Fair sharing of overall system bandwidth. 

- System latency must be guaranteed. 

- Latency variations must be reduced. 

- The system must ensure replacements of dropped packets. 

- Allocation of minimum needed bandwidth per SS must be ensured [1]. 

 

Also, some of the indices of comparing the effectiveness of different scheduling algorithms in-

clude: 

- Flexibility: this include being able to accommodate different users with varying 

SLAs and thus different QoS needs. 
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- Fairness: according to [2], “if two flows are backlogged, the difference between 

their weighted throughputs is bounded”. Fairness is always based on the max-

min criterion which always tries to maximize bandwidth allocation on the basis 

of increasing demands. Different SSs should be serviced irrespective of the dif-

ferences in the distances from the BS. 

- Simplicity: is always desired as a result of the implementation cost and SS power 

considerations. Simple algorithms often result also in lower packet latency and 

speedier operations. 

- Link Budget and Utilization: link utilization is directly synonymous with income 

for the service provider. A good scheduling algorithm must be one that provides 

for profitable link utilization. 

- Protection: a good scheduler must provide for acceptable justice between an SS 

that complies with its SLA against another one that does not. An erring SS should 

in most cases be put in order through the mechanisms of the scheduler. An SS 

that behaves true to its SLA on the other hand should be amply rewarded. This is 

a very important criterion for ensuring correctness and reliability of the whole 

system. 

 

Voice Data QoS Requirements 

In designing QoS parameters for VoIP, the following needs must be kept on mind: 

• One way latency according to International Telecommunication Union (ITU) G. 114 spe-

cification should be not greater than 150 ms. 

• Jitter should be minimal. A less than 10 ms jitter condition is acceptable to allow for 

adaptive jitter buffers. An optimal jitter condition should always be desired. Maximum 

jitter on the network should be less than the network delay budget minus the main 

network delay [3]. 

• For high quality transmissions, losses should be confined to 0.25 % or less. 

• Between 21 and 106 kbps of guaranteed priority bandwidth is required per call. This 

mostly depends on codec, sampling rate and layer 2 overhead. A 50 bps (layer 2 over-
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head) per phone of guaranteed bandwidth is required for voice signaling traffic [1] [2] 

[14]. 

 

Video Data QoS Requirements 

Two main video traffic types are streaming and interactive video. A good example of streaming 

video is moving pictures while video conferencing is an example of interactive video. Since 

streaming videos are not delay sensitive, they have less stringent QoS requirements than inter-

active video which are time bounded and delay sensitive. 

 

Streaming video can contain valuable information such as multicast conferences and electronic 

learning products which sometimes leads to stringent SLAs. These are jitter insensitive as a re-

sult of buffering. Other, less important streaming video products such as entertainment videos 

can be consigned to periods of non-congestion and can be serviced at BE service times. 

 

For interactive videos, losses should be confined to less than 1% and the one way latency 

should be less than 150 ms. Jitter should be less than 30 ms. Video conferences include a G.711 

audio codec for voice, have the same loss, delay and jitter variations as voice but differ in the 

sense that traffic patterns for video conferences are a total departure from what is obtained 

with voice traffic. They also have highly variable sizes and packet rates. 

 

The sampling rates of the video streams constitute the video conferencing rates but this is not 

the actual video call bandwidth. In most cases, video conferencing traffic data is segmented in-

to 384 kbps sizes of video samples. All of UDP, RTP and IP headers must be appended to actual 

data and allowances for these must be made for it bandwidth provisioning. 

 

Since video conferencing sizes and packets vary, percentage of header overheads will also vary. 

Consequently, the absolute value overheads may prove difficult to calculate. 
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Table 3.1: QoS parameters for different traffic classes 

Service flows QoS specification Example applications 

UGS 

-Jitter tolerance 

-Maximum Latency Tolerance 

-Maximum sustained traffic rate 

VoIP 

ErtPS 

- Traffic priority 

- Maximum latency tolerance 

- Jitter tolerance 

- Maximum reserved rate 

- Maximum sustained rate 

VoIP with silence suppression 

RtPS 

- Traffic priority 

- Maximum latency tolerance 

- Maximum reserved rate 

- Maximum sustained rate 

MPEG, video and audio streams 

nRtPS 

- Traffic priority 

- Maximum reserved rate 

- Maximum sustained rate 

High bandwidth FTP, e-commerce 

BE 
- Traffic priority 

- Maximum sustained rate 
HTTP,SMS 

 

Specifically for streaming videos, the following criterion holds: 

• No more than 2% loss. 



39 

• Less than or not more than 5s latency which in most cases depends on the video appli-

cation buffering capabilities. 

• Non important applications such as entertainment applications are scheduled for BE 

slots. There is no significant requirement for jitters. 

• The encoding format and the video streaming rates are the delimiters for the guaran-

teed bandwidth requirements. 

 

3.2  Heuristic Scheduling Algorithms 

 

In [9], the authors follow a heuristic approach for proposing a QoS strategy. The strategy in-

cludes implementing Call Admission Control (CAC) for traffic of high priority in order to over-

come the problems of network resources starvation. Different contention mini-slots allocation 

strategies for low priority traffic were investigated. MAC delay and throughput rates were used 

as measures of weighting the efficiency of the algorithm for each specific service class.  The 

quality demands of each traffic classes were analyzed and used as inputs for this heuristic strat-

egy. The results indicate that effective scheduling can provide high service standards that could 

effectively rival other modern cellular networks. 

 

The WiMAX MAC protocol is connection oriented and each connection is identified by a 16 bit 

CID given to each SS at the culmination of the initialization procedure. Transmissions are di-

vided either through by FDD or TDD methods. In most cases, connections are multicast in the 

direction of the DL but unicast are also supported. The SSs use TDMA on the UL and a specific 

allocated time slot to transmit back to the BS. This indicates that connections from the SSs to 

the BS are always in unicast mode. Conclusively, CID plays an important identification role in 

the UL channels; this enables the BS to be able to identify the SS that sent the MAC PDUs in the 

DL direction. 

 

The WiMAX standard provides four features for enhancing its support for QoS. These are frag-

mentation, concatenation, piggybacking and contention. In addition to possible differentiation 
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among data streams, IEEE 802.16 provides four scheduling service flows which represent the 

data handling mechanisms supported by the MAC scheduler for data transport on each type of 

connection. The standard offers details of the SSs request upstream mini-slots functionality and 

the expected behavior of the BS upstream scheduler. 

 

The scheduler takes charge of UL bandwidth controls as a matter of distributing resources to 

flows for the purpose of maintaining quality. Piggybacking is used to obviate contention; it is a 

tool used in requesting for added bandwidth sent together with present data transmission. 

Concatenation is utilized in the MAC protocol to reduce packet overheads. During a transmis-

sion opportunity, several packets are added together with a single overhead. The work under 

review made use of the combination of concatenation with fragmentation to improve through-

put leading to better resource utilization. 

 

Another feature utilized to provide for better UL bandwidth management is the exponential 

back-off window algorithm as part of the contention period of the service flow of BE. Traffic 

priorities of the BE service is another parameter that can be modified from the WiMAX device. 

The authors use a modified DOCSIS module to create a robust OPNET environment. Exponential 

distribution of packets inter-arrival times and packet sizes were used to simulate an adequately 

realistic WiMAX environment completed with all the intrinsic improbabilities. 

 

In Figure 3.1, it is shown that for low traffic loads, there are lesser MAC delays of traffic that 

possess higher back-off values. This is a result of reductions in probabilities of collisions due to 

increases in the back-off start values. However there is a lack of significant difference for values 

of the back-off start windows from the value of 4 upwards. 
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Figure 3.1: MAC delay for BE services [11] 

 

This further leads to higher values in the contention periods whereas there is a decreasing 

probability of collision culminating in a lesser delay. Another observation is the fact that there is 

a lower saturation associated with higher values of the exponential back-off window. 

 

Figure 3.2: MAC delay for traffic priorities [11] 

 



42 

The outputs of Figure 3.2 are suitability features ideal for clients with SLAs requiring non-delay 

prone applications. At about 60% load, when queues are building up, it follows that delays will 

increase to very high values. 

 

Traffic priorities are features to be explored by WiMAX solution providers in improving MAC UL 

scheduling features. 

 

Figure 3.3: Upstream throughput – fragmentation and concatenation [11] 

 

With concatenation, several packets can be combined together into a singular UL data pack and 

sent to the BS thereby reducing overall overhead. Output relating to this phenomenon is shown 

in Figure 3.3. At the threshold of 3.3 Mbps, upstream throughput does not increase until frag-

mentation and concatenation are enabled. In this case, both mechanisms must be enabled be-

cause when fragmentation is disabled and concatenation enabled, will result in a large packet 

too big to be transmitted in a single MAP. 

 

Better utilization with lesser delays could be provided at high load scenarios if fragmentation 

and concatenation are used. In to have a realistic performance, 15% of total bandwidth must be 

allocated to UGS services due to their intrinsic nature [2]. 
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Figure 3.4: Upstream throughput – piggybacking [11] 

 

As shown in Figure 3.4, piggybacking does not offer significant difference in upstream traffic 

with low traffic conditions. If the loads are high, more frequent contention will results, if the 

piggybacking feature is disabled. When piggybacking is enabled, many more requests will be 

piggybacked with each data transmission. Also, in this regard, 15% of the total bandwidth val-

ues are occupied by UGS service. Higher loads transmissions can occur when piggybacking is 

enabled. 

 

When CAC is used, the upstream throughput is illustrated in Figure 3.5. This scenario was 

achieved with 15% (13 calls), 30% (25 calls), 40% (32 calls) and 50% (36 calls) UGS traffic; CAC 

strategy was put into use. The UGS traffic flows were generated at constant intervals. As it oc-

curs, too many UGS grants cannot be admitted in one MAP, such that at saturation, the UGS 

grants for UL do not perform well. 

 

When saturation does not occur, then the CAC can serve very well in protecting UGS flows from 

saturation. Overall upper limit of all service flow will be same in all cases [15]. 
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Figure 3.5: Upstream throughput – CAC [11] 

 

In [6], the authors proposed an efficient UL scheduling algorithm that can be used in IEEE 

802.16d/e systems for VoIP services in order to support as many voice users as possible without 

any modifications of the framework of the IEEE 802.16d/e system. Results show that the 

throughput of the proposed pseudo-intelligent algorithm is superior to the throughput of many 

other conventional algorithms in IEEE 802.16d/e system. 

 

In most cases, the UGS algorithm waste UL resources as the MAC interface will continually en-

force remittances of constant amount of bandwidth to the system. The proposed algorithm can 

solve the problems caused by this phenomenon and by the MAC overhead and access delay 

problems constantly encountered by RtPS. Primarily, the BS assigns UL resources to the SSs by 

considering voice state transitions of the SSs. In the proposed algorithm, the BS must be aware 

of the status of the voice state transition of the SSs. When using a voice codec with a voice ac-

tivity detector (VAD) or a silence detector (SD), the SS can deduce whether or not it is in ON or 

OFF state with the application of a VAD or SD in the higher layer. 
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For other additive operations, the IEEE 802.16d/e system MAC header has two reserved bits. 

We can utilize one reserved bit in this header for use in devising a method to inform the BS of 

the SSs voice state transitions. This reserved bit is defined as a Grant-Me (GM) bit. When the 

voice state of SS is ON, the SS sets the GM bit to 1, otherwise it sets the GM will be set to 0. 

 

Without the MAC overhead, using the conventional generic MAC header, the SS can effectively 

inform the BS of its voice state transitions. The BS always receives these generic MAC headers 

whenever the SS has data to transfer. The only exception is the process related to the request 

header of the IEEE 802.16d/e system. In order to acquire UL resources, using the proposed al-

gorithm, the bandwidth request header can be separately transmitted. 

 

As a rule of thumb, the GM bit duration is determined by the duration of the voice codec frame 

used in the SS as a result of the fact that voice data packets are generated according to the du-

ration of the voice codec frame. The BS controls the grant size provided to the SS by monitoring 

the GM bit. Below is an enumeration of the operation of the BS according to the GM bit trans-

mitted by the SS. 

 

When the GM bit is 0 

The SS acquires the minimum grant size from the BS. If the SS informs the BS of its voice state 

transition, then this minimum size should be sufficient. Whenever the GM bit is changed from 1 

into 0, the BS will at once assign a maximum grant size to the SS whose voice state is OFF. This 

however will result in a waste of UL resources. 

 

When the GM bit is 1 

In this regard, the BS assigns the maximum grant size to the SS. The assigned size should be suf-

ficient to send voice data packets. This maximum grant size is in most cases the same as the 

grant size allocated to the UGS algorithm in IEEE 802.16d/e systems. In case that the GM bit is 

changed, 0 into 1, the BS will then  assign a minimum grant size to the SS that has its voice state 
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on the ON status. Thus, the SS cannot send the voice packet using this grant size. The SS can, in 

this case, transfer the voice packet by using piggybacked requests of the grant management 

sub-header or bandwidth requests of the bandwidth request header.  

 

 

Figure 3.6: Throughput as function of SS [6] 

 

In Figure 3.6, results indicate that the throughput of the proposed algorithm is higher than 

many of other algorithms for the IEEE 802.16 d/e standard in the industry today. 

 

 

Figure 3.7: Resource utilization as function of SS [6] 
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Furthermore, Figure 3.7 indicates that the mode of resource utilization of the proposed algo-

rithm can support more users per flow in comparison with many other algorithms in the indus-

try [6]. 

 

In [4], there is an attempt at analyzing and developing a mathematical model that can be used 

to evaluate the performance of the contention based and delay tolerant applications in IEEE 

802.16 networks.  This attempt focuses on efficiently allocating the UL bandwidth resources; 

the basic goal is to optimize the performance with an efficient bandwidth allocation mechan-

ism. The results of analysis clearly specifies that a maximum UL throughput and minimum num-

ber of pending bandwidth request transmission can always be acquired by optimizing the con-

tention period size in a frame. The number of terminals in the network is also a determining 

factor of the optimal size. The  authors analyzed this relation in a later part of the paper [4]. 

 

[17] Presents a new and efficient scheduling architecture for supporting bandwidth and QoS 

relating to delay guarantees for both DOCSIS and IEEE 802.16. The designs goals of the authors 

are optimum network performance and simplicity. The developed architecture provide sup-

ports for various types of traffic including constant bit rate, variable bit rate (real-time and non 

real-time) and BE. The attempt introduces a new scheduling architecture for both DOCSIS and 

IEEE 802.16. There is a support for diverse QoS guarantees for disparate service flow types sug-

gested by both IEEE 802.16 and DOCSIS. There is support for tight delay guarantees for UGS 

traffic and minimum bandwidth reservations for NrtPS, RtPS and BE flows. 

 

It is worth to note that vendor-specific QoS parameters can also be used in DOCSIS and IEEE 

802.16. This means that users can also request QoS delay bounds for their RtPS and NrtPS ser-

vice flows. Providing such guarantees is feasible as the authors implemented a fair queuing al-

gorithm in their scheduler. The only criteria for easy implementation for UL at the MAC inter-

face are that there is a need for proper packet transfer policing at either CM or CMTS level. Un-

der varying load conditions there is provisioning for a dynamic mini-slots allocation scheme that 

should improve the performance of the proposed scheduling algorithm. 
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This property helps to speed the contention phase by providing extra bandwidth for contending 

packets, leading to a new, better and improved efficiency of the system overall. A resulting 

throughput loss which should not be severe will be mainly due to the fact that requested pack-

ets will be much smaller than the actually garnered data packets. This algorithm allocates fewer 

contention mini-slots as the load on the system increases [5]. 

 

[16] Presents a solution for the CAC problem in WiMAX networks based on measurements tak-

en about the real status of the network. The main features of the proposed solution are that 

the algorithm is only based on delay measurements and is independent in respect to the sche-

duling policy used in the BS. The OPNET simulator is used to show the effectiveness of the pro-

posed algorithm, as it allows the provisioning of a probabilistic QoS guarantee to RtPS flows 

admitted into the network, while at the same time, a deterministic QoS guarantee is provided 

to both UGS and NrtPS flows. The main drawback of the proposed algorithm is that it does not 

take into consideration jitter and packet loss constraints [16]. 

 

[7] Presents a multilevel priority collision resolution scheme coupled with adaptive contention 

window adjustment. The proposed collision resolution scheme separates and resolves collisions 

for different traffic priority classes such as delay sensitive and BE streams; this serves to provide 

for methods of achieving pre-emptive prioritizing. Alongside, a novel MAC scheduling mechan-

ism with a bandwidth allocation scheme is proposed to cater for multimedia data over DOCSIS 

networks. Simulation results indicate that delay performance and throughput was improved for 

the transmission of real-time Variable Bit Rate (VBR) traffic as compared to DOCSIS specifica-

tions. Also provided for is a schematic dynamic back-off window that can slate different back-

off window sizes for different priority queues. 

 

Efficiency of the scheme is achieved using priority ordering for contention access  scheduling 

with simulation result showing that the proposed method of prioritizing performs well and can 

meet different SLA demands. As a way of further improving QoS,  a novel scheduling service 
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class called the UGPS class is introduced along with a corresponding bandwidth allocation 

scheme that can provide support real-time VBR traffic. Simulation results to higher latency and 

throughput using this scheme [7]. 

 

In [8], the authors describe the performance of two different bandwidth request mechanisms 

which broadcast requests and piggyback. It was deduced that piggybacking performs better 

than the contention based broadcast bandwidth request. The OPNET modeler was used to eva-

luate the performance of piggyback requests. Different traffic models were used to evaluate 

the percentage of piggyback requests and their influence on the delay experienced by the net-

work. Network performance was deemed to have been better by using piggyback requests with 

large number of users and short packets inter-arrival times. By using piggybacking in the con-

tention based bandwidth request phase, large number of collisions, that can otherwise be 

avoided, was observed to have occurred. This is the only observable shortcoming of the pro-

posed system; however this inherent shortcoming was offset by the accrued benefits of the sys-

tem [8]. 

 

3.3 The Adaptive Heuristic MAC Layer UL Scheduler 

 

The foremost goal of this project is to manage and maximize the utilization of the scarce and 

constantly changing wireless resources of WiMAX during UL scheduling. As a result, an intelli-

gent algorithm was developed which will is able to adapt constantly to changes inherent within 

the wireless environment and optimizes the gain of network parameters under all circums-

tances heuristically. 

 

The heuristic nature of this algorithm enables the MAC to meet the QoS demands of users as 

enshrined in their SLAs at all times. In all instances, the adopted strategy is to utilize a heuristic 

approach in finding the mean level of the throughput and average delay at all times. In several 

instances, e.g., when the network is relatively free, we intend to overload with more SSs, satu-

rate the network, and adaptively find the average throughput and mean delay at that instance. 
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This is in a bid to deduce the number of SSs that a BS can conveniently handle in several in-

stances and also adjust the network parameters in order to optimize gain thereby satisfying 

most of the SLAs. The algorithm should be able to do a trade off of several network parameters 

and find mean throughput at all times. The MAC, using this algorithm will be able to adapt to 

constantly changing network scenarios and effectively service the contending SSs. 

 

In order to achieve these goals, the following IEEE 802.16 design tenets are considered in our 

proposed solution: 

• The UGS does not use piggybacking to demand for network resources. It only makes 

use of the GM bit which may be set to 1 or 0 according to its needs at all times. It is a 

request that the BS sends a bandwidth poll. It is intended that this property can be 

adjusted to satisfy the demands of the UGS traffic types pertaining to network capa-

bilities. 

• The RtPS, NrtPS, BE and ErtPS use piggybacking, fragmentation, concatenation and 

contention at all times to satisfy their UL and traffic demands. These properties can 

be manipulated to adjust the flow demands and to optimize the UL in several sche-

duled instances. 

• The Slip Indicator (SI) in the UGS is used to notify the BS that the UL buffer that ser-

vices a request is filled up as a result of an increasing arrival rate of the data to be 

sent against the granted uplink rate. UGS always use this to make additional UL 

grant demands. In addition, this can be used to adjust the demands of the UGS traf-

fic types to network capabilities at all times. 

• NrtPS can request for bandwidth using both unicast request and contention. 

• NrtPS, RtPS, ErtPS and BE can use piggyback bandwidth requests to demand for a 

reduction in grant size. 

• Intermediate priority queues such as NrtPS and RtPS can sometimes migrate to high 

priority queues to guarantee that their QoS demands are met. 
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• The BS might choose to save bandwidth by polling SSs that have UGS only when they 

have set the PM bit. 

  

3.3.1 Main Contribution 

 

The main contribution of this project will be the selective manipulation of the above parame-

ters in order to improve UL scheduling, leading in this way to improved QoS, and thus satisfying 

most SLAs. 

 

3.3.2 Possible Scenarios 

 

The intended algorithm should be able to adapt the network as each occasion demands to max-

imize throughput and reduce mean delay). 

 

The AHUS algorithm 

Set PM bit for UGS to 1 for all UGS traffic types and increase the number of UGS SSs geometri-

cally. Set concatenation for all SS of the traffic types RtPS, NrtPS, ErtPS and BE to reduce uplink 

overheads. 

 

Observe network average throughput and mean delay for equal number of SS of all traffic types. 

Note if the average throughput and mean delay improves positively and increase the numbers 

of SSs.  

 

If it improves, also increase the numbers of SS of other traffic types geometrically, does average 

throughput and mean delay remain the same? If yes, increase the numbers of SS for all traffic 

types until network saturation point is reached, this serves as a pointer in having an idea of the 

network capabilities. Once the upper limit of the network capabilities is deduced, then the asso-

ciated parameters can be heuristically adjusted to satisfy SLAs. 
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If the saturation point is not reached, then start to adapt by adjusting the concatenation, frag-

mentation, polling and contention modes of all traffic types. 

 

Decrease piggybacking and contention for all the BE traffic types (because of the lower need for 

QoS for BE traffics). Does it improve average throughput and mean delay? If no, decrease pig-

gybacking for NrtPS and ErtPS. If yes, set contention for BE to 1 and still piggybacking to zero for 

that scenario and take the average throughput and mean delay as the optimal values of SSs for 

all traffic types in this instance. 

 

If this does not stop the problem, start to decrease the number of SS for BE type by not increas-

ing geometrically. Average throughput increase? Mean delay better? If this increases the aver-

age throughput and mean delay, then stop the arithmetic reduction of the SS BE traffic type and 

take this point as the mean throughput of the whole network. 

 

If it does not improve the average throughput and mean delay, start to repeat procedures for 

traffics of NrtPS and ErtPS, then RtPS and UGS in that order. Repeat until an agreeable mean 

delay is achieved. 

 

The simulation of the proposed algorithm will be carried out using the OPNET modeler. It is be-

lieved that the proposed Smart Adaptive MAC Layer UL Scheduler will achieve better UL Sche-

duling that will satisfy most WiMAX SLAs. 
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4. The Adaptive Heuristic Uplink Scheduling Algorithm  

 

An important aspect of QoS to be considered is scheduling in an interference avoidance manner 

in order to minimize packet loss. QoS cannot be properly achieved without considering service 

priorities of the different flows, latency, bandwidth utilization and jitter requirements. Thus 

QoS makes for an active research area in IEEE 802.16 since appropriate scheduling mechanisms 

are not specified. 

 

 4.1 AHUS Design 

 

In designing the Adaptive Heuristic Uplink Scheduling Algorithm (AHUS), traffic delay, efficient 

bandwidth utility, flow priority and interference avoidance are parameters that dictates the na-

ture of the algorithm. AHUS schedules flows close to their deadlines, also traffic priorities vis-à-

vis the relative importance of the disparate flow types is the fulcrum of the modus operandi of 

the algorithm. 

 

The different flow priorities are granted as being either of Gold, Silver or Bronze status with  

UGS traffics being Gold, RtPS Silver, while NrtPS, ErtPS and BE occupies different priority strata 

of the Bronze class.  Flow slots are managed such that excessive bandwidth is not allocated to 

existing flows. If such happens, these slots are re-allocated to emerging SSs aspiring to be con-

nected to the BS. Flow needs are always based on their minimum rates of bandwidth need, and 

in case of resource availability, flows are able to transmit at the maximum requested rates. 

 

Given a number of flows that aspires to be scheduled, the start time is computed so that the 

flow will meet its deadline requirements. The start time is computed in the manner of [10] 

which defines start time (st) as: 

st = d – fs – kt1 

     t2 
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where st is the start time of an intending flow, d corresponds to the flow deadline, fs is the start 

of the next frame, k is the number of hops to the intended receiver, t1 is the propagation delay, 

t2 is the period occupied by each time slot. 

 

Using the expression above, the start time of slots attributable to UGS, RtPS and ErtPS flows 

could be established as a result of their latency requirements. Alternately, for BE and NrtPS that 

may not have excessively demanding latency requirements, the DL and UL end time will be con-

sidered as their start times. AHUS attempts to initially schedule free sub-channels and timeslots 

to the flows; also, it attempts to establish the upper limit of the bandwidth that can be sche-

duled for the flows. 

 

There are occasions when more than enough bandwidth has been allocated to an UL flow, e.g., 

UGS flows. These extra bandwidth requirements are detected and could be rescheduled for 

other flows in need. Timeslots for establishing links can be allocated by finding the interference 

free channels slots that are yet to be allocated. If the maximum bandwidth need of a flow is not 

fulfilled at the start of a frame, several trade-offs that include the disparate flow parameters 

are employed. If the bandwidth requirement is still unfulfilled, it portends that the flow may 

end up degrading the BS capabilities. In this case, such a flow is rejected and re-polled for 

another time slot. We will use this opportunity to schedule another flow that will have its UL 

requirements fulfilled and will not degrade the network. A full description of AHUS is provided 

in Appendix A. 

 

4.2 AHUS Implementation 

 

The most effective and versatile method of testing scheduling algorithms is to simulate them 

with real life data and conditions. However, this is a most demanding task as even a very 

minute portion of the design model might require weeks to be attuned in an original real life 

system. Inability to achieve a fully simulated system model may sometimes cause researchers 

to fail at some point. 
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The OPNET Simulator is a product of OPNET Technologies Inc. It is a Discrete Event (DES) Simu-

lator. It is bundled with several real life models of performing systems. For the OPNET type used 

in this simulation, an added WiMAX module has to be requested from the OPNET Technologies 

to be added to the existing OPNET simulator. 

 

The OPNET Modeler is made up of four editors: 

1. Project Editor: used to lay out the WiMAX network which is made up of SSs and wireless 

connections to the BS. 

2. Node Editor: used to edit nodes and to set attributes of each node. The functions are in 

form of processes. 

3. Process Editor: functions as Finite State Machines. 

4. Code Editor: Each state in the Finite State Machine is coded in either C or C++ program-

ming language. 

 

Eight nodes with different characteristics were connected to the BS. Initially, five nodes signify-

ing the different traffic classes were connected, the remaining three nodes were connected at 

different intervals until the network saturation point is reached. Table 4.1 presents the differ-

ent attributes of each node attached to the BS. 
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Table 4.1: Node priorities 

 UGS 1 UGS 2 UGS 3 RtPS RtPS ErtPS NrtPS BE 

Service Class 

Name 
Gold Gold Gold Silver Silver Silver Bronze Bronze 

Modulation & 

Coding 

16-QAM 

3/4 

16-QAM 

3/4 

16-QAM 

3/4 

16-QAM 

3/4 

16-QAM 

3/4 

16-QAM 

3/4 

16-QAM 

3/4 

16-QAM 

3/4 

Average SDU 

Size (bytes) 
1500 1500 1000 1400 1000 1500 512 512 

Buffer Size 256KB 64 KB 64 KB 64 KB 64 KB 64 KB 64 KB 64 KB 

ARQ Parameter Enabled Enabled Enabled Enabled Enabled Enabled Enabled Enabled 

PDU Dropping 

Probability 
10% 1% 1% 30% 30% 50% 80% 90% 

CRC Overhead Enabled Enabled Enabled Enabled Enabled Enabled Enabled Enabled 

HARQ Parameter Disabled Disabled Disabled Disabled Disabled Disabled Disabled Disabled 

Piggybacking Disabled Disabled Disabled Enabled Enabled Enabled Enabled Enabled 

Contention Low Low Low High (30) High (30) High (40) High (60) High (50) 

Request Retries Low Low Low High (30) High (30) High (40) High (60) High (50) 

Application De-

lay  Tracking 
Enabled Enabled Enabled Enabled Enabled Enabled Enabled Enabled 

Contention 

Ranging Retry 
Low Low Low High (30) High (30) High (40) High (60) High (50) 

 

Figure 4.1 and Figure 4.2 are the diagrams indicating the different OPNET specifications of 

each node attached to the BS. 
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Figure 4.1: UGS1 OPNET attributes specification 

 

Figure  4.2: RtPS OPNET attribute specification 
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Figure 4.3: UGS2 OPNET attribute specification 

 

 

Figure 4.4: UL traffic generation 
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It is worth to mention here that during the creation of the traffic flows, the call volume as more 

nodes were added to the traffic was 100000 Erlangs and the average call duration was 

3000000s per call. The voice flow duration was 3600000s (Figure 4.3 and Figure 4.4). The call 

volume that the BS can handle was specifically limited to the stated amount while the average 

call and voice flow durations were spiked up so that BS saturation point will be quickly attained. 

 

The simulation was run for 20 minutes. The graphs revealed that AHUS was able to adaptively 

find an appreciable throughput levels for all the UL traffic that the BS handles. 

 

4.3 AHUS Performance Evaluation 

 

Global delay rises in a sequential manner, the rise occurring approximately at every two    mi-

nutes interval (Figure 4.5). It is worthy to note that after every sequential rise, the algorithm 

enforces the network to adapt, thus a linear phase follows each upward overshoot (as it occurs 

in the time interval between 12:10pm and 12:12pm). 

  

 

Figure 4.5: Global delay for entire network 
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After the overshoot that occurs at 12:10pm, a linear phase ensued leading to another compul-

sory overshoot at 12:12pm and yet another at 12:15pm. The algorithm finally smoothens out 

the continuous overshoot at 12:15pm with no further noticeable sequential overshoot in global 

delay. This signifies the phase at which the algorithm stabilizes the continuous upward global 

delay. 

 

4.3.1 Global Load 

 

Conceptually, the global load is supposed to have shown an upward rise! The opposite is the 

case however as AHUS enforces the BS to handle almost all the requests and ranging activities 

simultaneously (Figure 4.6). 

 

Figure 4.6: Global load 

 

Initially, as all the five nodes demands for bandwidth, there is a directly noticeable upward drag 

on the load factor handled by the BS. The algorithm seemingly enforces the BS to handle all 

loads in a fair manner. Some loads however could not be accepted at time 12:02pm thus 
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prompting the SSs associated with these loads to again demand for bandwidth grants at time 

12:03pm. 

 

Note that there was a drastic fall in global load from time 12:03pm until an adaptive linearity 

and network stability was completely achieved at time 12:05pm. 

 

As opposed to most other algorithms proposed for UL scheduling, AHUS as a result of its adap-

tive nature, ensures that the network granted most bandwidth requests in the first few minutes 

of demands and contentions. This leads to a linear demand rate, less jitter and lower network 

drag. 

 

4.3.2 Global Throughput  

 

The algorithm also ensures that globally, throughput enjoys a fair amount of success!   Note-

worthy is the fact that there was an initial throughput drop but the throughput stabilizes almost 

at once and for the entire duration of the simulation (Figure 4.7). 

 

 

Figure 4.7: Global throughput 
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A better performance would have been for global throughput to enjoy a gradual rise as it hap-

pens in individual cases of each traffic class as was later observed, however, for the amount of 

bandwidth available as earlier indicated and the voluminous demand associated with the same, 

AHUS can be deemed to have enjoyed a fair amount of success in global throughput. 

 

4.3.3 BS Delay 

 

Seemingly, the BS delay dropped for every rise in global delay, but the adaptation and delay li-

nearity occurred at the same time in both cases. This portends that the sequential rises asso-

ciated with the global delay may have been due to initial ranging activities, contention and a 

host of other extraneous factors synonymous with the wireless environment (Figure 4.8). 

 

 

Figure 4.8: BS delay in servicing requests 
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4.3.4 BE Traffic Delay 

 

As a result of the low priority of the BE, the traffic experiences a progressive upward delay that 

contributed to the global delay experienced by the entire network. However, the algorithm still 

performs well in trying to stabilize the BE delay trend after each sequential rise (Figure 4.9). 

 

 

Figure 4.9: BE delay 

 

4.3.5  BE Throughput 

 

Due to low priority of the BE, its throughput which should have been upward was progressively 

downward although the down-trend occurs with a constant linear adaptation. It is noticeable 

that there is a cyclic upward trend only for this trend to cascade down and pick up again for an 

upward (Figure 4.10). 
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Figure 4.10: BE throughput 

 

As the network gets more cluttered, BE finds it more difficult to send packets across to the BS 

with most of its packets getting dropped (see Appendix A). However, AHUS still manages to 

maintain an upward trend each time only for the trend to nosedive. 

 

The downward cascade however was graceful, in most cases in a linear fashion. Generally, the 

throughput for BE is linear for the entire duration of the traffic exchange. The worst case scena-

rio would have been for the cascade to be in an exponentially decaying fashion. 

 

4.3.6 ErtPS Delay 

 

AHUS, while handling ErtPS traffic, was aware of the priority as it also happened in the case of 

BE traffic. In the last stage of ErtPS transmission however, there is a marked downward trend 

on the ErtPS delay as the algorithm finally arrests the almost linear upward trend. It is notewor-

thy to mention that the upward trajectory of ErtPS traffic is another contributor to the overall 

global delay (Figure 4.11). 
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Figure 4.11: ErtPS delay 

 

4.3.7 ErtPS Throughput 

 

The algorithm presented in Appendix A indicates that ErtPS has only a 50% probability of suffer-

ing data drops as opposed to the possibility of BE traffic having its entire data haul discarded. 

Thus, as opposed to only marginal increases in BE throughput as a result of its lower priority, 

ErtPS throughput increasingly rises after an initial exponential fall. 

 

Although the rise is not a smooth run, the increase however is consistent at an almost equal 

time interval (Figure 4.12). 
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Figure 4.12: ErtPS throughput 

 

4.3.8 ErtPS Queuing Delay 

 

The queuing delay enjoys an upward increment as there is a lesser contention and demand 

from other traffic classes as time progresses (Figure 4.13). 

 

 

Figure 4. 13: ErtPS queuing delay 
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4.3.9 NrtPS Delay 

 

The NrtPS delay increases almost exponentially as e result of its low priority although, globally, 

delay decreases. 

 

 

Figure 4.14: NrtPS delay 

 

However, the algorithm adapts and is able to stabilize and finally at about 12:15pm, there en-

sued a downward trend on the delay. This later stage signifies the saturation stage of the net-

work (Figure 4.14). 

 

4.3.10  NrtPS Throughput 

 

The NrtPS has basically the same configuration as the BE but with a higher request retries after 

rejections. This enables it to have better and incremental throughputs even though it initially 

suffered an exponential throughput decrement when the contentions and load traffic was high 

at the commencement of the simulation. 
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The higher request retry rate and lower probability of dropping compared with BE made the 

NrtPS to enjoy better incremental throughputs throughout the duration of the simulation (Fig-

ure 4.15). 

 

 

Figure 4.15: NrtPS throughput 

 

4.3.11  NrtPS Queuing Delay 

 

NrtPS queuing delay is almost linear as the adaptive algorithm controls the network. Noticeable 

is the fact that NrtPS, as a result of the priority allocated to it, enjoys a better queuing delay 

compared to BE and ErtPS (Figure 4.16). 
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Figure 4.16: NrtPS queuing delay 

 

4.3.12  RtPS Delay and Throughput 

 

Middle level priority (30% dropping probability), high SDU size (1400 KB), middle level conten-

tion (30) and middle level ranging request (30) compels AHUS to ensure that the BS delay ac-

ceptance of RtPS packets (Figure 4.17). 

 

 

Figure 4.17: RtPS delay 
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Figure 4.18: RtPS throughput 

 

This makes the delay to increase progressively as the network nears its saturation point. How-

ever, the throughput suffers as a result of this increasing delay. It (throughput) initially falls 

drastically as the load sizes mounted at the commencement of the simulation and thence suf-

fering a cyclic rise and fall as the network nears its saturation point (Figure 4.18). 

 

4.3.13  UGS Delay and Throughput 

 

Constant grants allotted to UGS and its high bandwidth needs in view of rising network traffic, 

makes UGS traffic to experience a slowly rising delay. AHUS succeeded in stamping out an ex-

ponential increment that should have happened in another scenario (Figure 4.19). 
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Figure 4.19: UGS delay 

 

The throughput on another hand is almost linear as the UGS enjoys a linear and constant 

bandwidth grant that correlates with its high priority and low PDU dropping probability. 

 

4.3.14  UGS Connection Delay  

 

The connection delay is zero and it is constant and linear even as the network traffic rises. This 

signifies that AHUS works well to cater for high priority traffic (Figure 4.20, Figure 4.21). 
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Figure 4.20: UGS throughput 

 

 

Figure 4.21: UGS connection delay 
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Figure  4.22: All traffic delay 

 

4.3.15.1 All Traffic Delay  

 

Comparison of all traffic delays shows that AHUS works well to minimize delay in view of differ-

ing priorities, ranging requests backoff window, contention, piggybacking, packet size and net-

work load. Although the global delay is generally high, AHUS works well to make it almost linear 

in individual case scenarios (Figure 4.22). 



74 

 

Figure 4.23: All traffic throughputs 

 

4.3.16  All Traffic Throughput  

 

AHUS also works well to stem downward throughput depreciation in all cases. Traffic of ex-

tremely high priorities and those with low QoS needs, e.g., BE enjoys almost a linear throughput 

for the entire duration of traffic flow while those with mid level priorities, e.g., RtPS enjoys a 

cyclic up and down rate albeit a non depreciating one (Figure 4.23).  
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4.3.17  Global Statistics on Addition of a SS  

 

A SS of the class UGS was added to the network (UGS2). Simulation shows that the throughput 

is still linear, the delay still rises although not exponentially and the load behavior was still simi-

lar to the first scenario. This signifies that AHUS handle the incidence of increased load in the 

expected manner. An adaptive superlative performance that yielded acceptable QoS output 

was observed. 

 

 

Figure 4.24: Global statistics on adding more load 

 

When the delay of the added UGS2 was individually compared with the former delays expe-

rienced by other SSs, it was observed that UGS 2 suffers no delay as it is a node of extremely 

high priority (1% dropping probability) and it has a small sized buffer that quickly fills (64 KB). As 

a result, UGS 2 will issue the GM bit more often than UGS 1 or any other node that exist on the 

network. Note in Figure 4.24 that for the first time, the traffic delay of any traffic type shows a 

clear cut downward trend when compared to other traffic types. AHUS succeeded once again in 

according this high priority SS the bandwidth and BS access needs that it deserves. 
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Figure 4.25: Delay comparison on adding a high priority SS 

 

There also exists a linear throughput for UGS 2 and UGS 1 signifying that AHUS does its work to 

adequately cater for the throughput of high priority traffics. The throughput behaviors of other 

traffic types are still maintained and it is similar to their initial behaviors. (Figure 4.25, Figure 

4.26) 
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Figure 4.26: Throughput comparison on adding a high priority SS 
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4.3.18  Global Statistics on Adding Two More SSs  

 

Addition of two more SSs of the UGS and RtPS (UGS3 and RtPS 2), i.e., Gold and Silver level traf-

fic sends the network into its saturation point! AHUS, on this occasion, shows an acceptable 

level of behavior. As a result of having reached an almost optimal level for all traffic types in-

itially, adding more SSs to the existing load may lead to dropped calls even for other high level 

SSs existing on the network. 

 

AHUS on this occasion chooses not to admit more traffic to the already burdened network. 

Note in Figure 4.28 and Figure 4.29 that the throughput of the newly added nodes RtPS2 and 

UGS3 follows an exponentially downward trend. This signifies that these new nodes failed to 

send packets across to the BS. It is observable that the status quo was maintained in the global 

statistics on Figure 4.27. This is due to the fact that the best of the network has been attained 

on the connection of the first six SSs. 

 

 

Figure 4.27: Global statistics on adding two more SSs 
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Figure 4.28: Throughput of new UGS3 

 

 

Figure 4.29: Throughput of new RtPS2 

 

Note that in Figure 4.29, RtPS2 and UGS 3 admissions were infinitely delayed as no output can 

be delayed on their respective delay graphs when compared to the display existing for the oth-

er traffic types. This also reflects on the global statistics in Figure 4.30. 
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Figure 4.30: Delay comparison for all traffic types after adding two more SSs 

 

Further details on several network statistics are available in Appendix B. 
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5. Conclusions and Future Work 

 

5.1 Conclusions 

 

The development of an efficient and up to date UL scheduler devoid of unnecessary ambiguity 

and complexity and that which provides superior QoS is of utmost importance to WiMAX net-

works. 

 

In this thesis work, an UL algorithm that adapts to changing network scenarios, establishing 

mean throughput of the BS-SS linkages has been studied. Results indicate that the algorithm in 

question due to its heuristic adaptation to network perturbations could be utilized in WiMAX 

MAC interfaces to satisfy the multifarious users SLAs’ inherent with the amorphous nature of 

the wireless networks. 

 

In deploying WiMAX networks, the last mile connectivity of SSs must always be considered. In 

intensive area of usage, such as military combat operations and in High Altitude Platforms 

(HAPs), reliability of the network backbone is oftentimes a crucial factor. As such, network solu-

tions must always be deployed with the worst case scenarios in mind. Delay factor, data dead-

lines, scarcity of call drops, mean throughput, low jitters and ample latency are to be given due 

considerations if such networks are to be deemed reliable. 

 

The Adaptive Heuristic UL Scheduler (AHUS) could be utilized to provide for most of these 

needs as it makes provisions for unforeseen situations whereby needed solutions may not nec-

essarily follow the norms or a rigid outline of solutions. Its real strength lies in its adaptive and 

heuristic properties. 
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5.2 Future Work  

 

A normal PC with 1.7 GHz processor, a 400 MHz FSB, a 2MB L2 cache and a 512 MB DDR2 

memory has been used for the OPNET simulations. This severely limits the numbers of SSs that 

were introduced as contenders for network resources. A better real life scenario should have 

included more than 200 SSs. With the limited capacity of the PC, this might take weeks of con-

tinuous simulation works and might have led to adverse effects on the PC memory! A more real 

life situation with more SSs needs to be simulated to further test the behavior of the AHUS. 

 

Furthermore, it may be more proper to write the codes in a programming language such as C++ 

and use batch scheduling to feed data to the OPNET Simulator. This is as opposed to the ma-

nual method used to feed data to the Simulator in the course of the thesis work. 

 

It has been reported that WiMAX IEEE 802.16 committee has introduced the IEEE 802.16m 

which aims for the provision of 16 Gps for nomadic SSs and 100 Mbps for mobile stations. The 

simulation work done presently with AHUS caters for fixed SSs. The veracity of AHUS may fur-

ther be established by subjecting it to mobile scenarios.  
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Appendix A: The AHUS Algorithm 

 

for each flow i in A do 

 

UGS 

   for each flowtype u in A do                   ( flowtype u is UGS traffic type) 

        

        initialize slotAlloc 

        slotAlloctype = Gold 

        bdwtAlloc u = SFS () 

        check UGS_UL_Buffer                    (UGS_UL_Buffer is temporary uplink storage for UGS type traffic) 

        

        if UGS_UL_Buffer = 1                      (UGS_UL_Buffer is filled)   

            then 

               set SI = 1                                     (SI is UGS Slip Indicator) 

               set grant me bit = 1 

               set flowHeaderConcant = 1    (flow Header Concatenation) 

        end 

 

         if UGS_UL_Buffer = 0 

             then 

                 set SI = 0 

                 set flowHeaderConcat = 0 

                 set poll me = 1 

          end 

      

    compare bdwtAlloc u with min bdwt needed 

    if bdwtAlloc u < min bdwt needed 

        then  

           set SI = 1                (SI can be used to adjust UGS demands to UGS needs and BS capabilities) 

           set grant me = 1 

           scheduled = scheduleflowextra 

     end 
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compare bdwtAlloc u with min bdwt needed 

if     bdwtAlloc u < min bdwt needed 

        then                       (this module serve to limit contention for other traffic except UGS at this instance) 

          set contention for flowtype b = 0                 (flowtype b is BE flowtype) 

          set contention for flowtype e = 0                 (flowtype e is ERtPS flowtype) 

          set contention for flowtype n = 0                 (flowtype n is NrtPS flowtype) 

          set unicastdemand for flowtype n =  0        (since NrtPS can use unicast demands sometimes) 

          set contention for flowtype r = 0                  (flowtype b is RtPS flowtype) 

                                                                                     (in order of increasing priorities) 

end 

 

compare bdwtAlloc u with min bdwt needed 

if     bdwtAlloc u < min bdwt needed 

       then              (this modules now serve to concatenate header grants for already established flows) 

       set concat for flowtype b = 1                 (flowtype b is BE flowtype) 

       set concat for flowtype e = 1                 (flowtype e is ERtPS flowtype) 

       set concat for flowtype n = 1                (flowtype n is NrtPS flowtype) 

     set concat for flowtype r = 0     (flowtype b is RtPS flowtype) 

end 

 

compare bdwtAlloc u with min bdwt needed 

if     bdwtAlloc u < min bdwt needed 

       then 

       set flowgrant u = 0 (cannot accept new flowtype u since it may lead to drop calls for existing flows) 

end 

      schedule = false 

  

else 

if     bdwtAlloc u >= min bdwt needed 

       set poll me = 1 

 compute      maxbdwt = maxbdwt – bdwtAlloc u 

update   maxbdwt 

compute  slotAlloc i = slotAlloc i – slotAlloc u 
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update     slotAlloc i 

 

Tag Extra slots 

Schedule = true 

makeTempSchedule Permanent 

 

if bdwtAlloc u >> min bdwt needed (if excessive grant is made to UGS while other traffic types lack) 

    set SI = 1 (UGS SI can be used to adjust UGS demands to suit network capabilities at all time ) 

    set unicast demand u =0 

    decrement  grantsize u 

end 

break; 

 

 

RtPS 

 

   for each flowtype r in A do                   ( flowtype u is RtPS traffic type) 

        

        initialize slotAlloc 

        slotAlloctyper = Silver 

        bdwtAllocu = SFS () 

 

if  (maxbdwt – bwAlloc r) < bwAlloc r 

 

check  

  if    flowtype u is available in contending SSs 

        slotAlloctype r = Silver 

        else 

       slotAlloctype r = Gold (intermediate priority queues e.g RtPS can sometimes migrate to high priority) 

       set grant me flowtype u = 0 

end 

       set concat for flowtype b = 1                  

       set concat for flowtype e = 1                  

       set concat for flowtype n = 1 
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compare bdwtAlloc r with min bdwt needed 

if  (maxbdwt – bwAlloc r) < bwAlloc r 

       set piggybacking for flowtype b = 0                  

       set piggybacking for flowtype e = 0                  

       set piggybacking for flowtype n = 0 

end 

 

compare bdwtAlloc r with min bdwt needed 

if  (maxbdwt – bwAlloc r) < bwAlloc r 

          set contention for flowtype b = 0                  

          set contention for flowtype e = 0                  

          set contention for flowtype n = 0                 

end 

 

compare bdwtAlloc r with min bdwt needed 

if  (maxbdwt – bwAlloc r) < bwAlloc r 

       then 

       set flowgrant r = 0 (cannot accept new flowtyper since it may lead to drop calls for existing flows) 

end 

      schedule = false 

 else 

if     bdwtAlloc r >= min bdwt needed 

       set bdwtAllocr = 1 

 compute      maxbdwt = maxbdwt – bdwtAlloc r 

update   maxbdwt 

compute  slotAlloc i = slotAlloc i – slotAlloc r 

update     slotAlloc i 

 

Tag Extra slots 

Schedule = true 

makeTempSchedule Permanent 
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ERtPS 

 

   for each flowtypee in A do                   ( flowtypen is NrtPS traffic type) 

        

        initialize slotAlloc 

        slotAlloctypee = Bronze 

        bdwtAllocu = SFS () 

 

if  (maxbdwt – bwAlloc e) < bwAlloc e 

 

check  

  if    flowtype u is available in contending SSs 

        slotAlloctype r = Silver 

        slotAlloctype e = Bronze 

        else 

       slotAlloctype r = Gold (intermediate priority queues e.g RtPS can sometimes migrate to high priority) 

       slotAlloctype e = Silver(NrtPS can sometimes migrate to high priority) 

       set grant me flowtype u = 0 

end 

       set concat for flowtype b = 1                  

       set concat for flowtype n = 1                  

        

compare bdwtAlloc e with min bdwt needed 

if  (maxbdwt – bwAlloc e) < bwAlloc e 

       set piggybacking for flowtype b = 0                  

       set piggybacking for flowtype n = 0                  

end 

 

compare bdwtAlloc e with min bdwt needed 

if  (maxbdwt – bwAlloc e) < bwAlloc e 

          set contention for flowtype b = 0                  

          set contention for flowtype n = 0                  

end 
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compare bdwtAlloc e with min bdwt needed 

if  (maxbdwt – bwAlloc e) < bwAlloc e 

       then 

       set flowgrant e = 0 (cannot accept new flowtypee since it may lead to drop calls for existing flows) 

end 

      schedule = false 

 else 

if     bdwtAlloc e >= min bdwt needed 

       set bdwtAlloc e = 1 

 compute      maxbdwt = maxbdwt – bdwtAlloc e 

update   maxbdwt 

compute  slotAlloc i = slotAlloc i – slotAlloc e 

update     slotAlloc i 

 

Tag Extra slots 

Schedule = true 

makeTempSchedule Permanent 

 

 

(This module ensures schedule efficiency and better computation time. It schedules flows close to their 

deadlines so that new flows with earlier deadline can be admitted if there is enough capacity. Delay requirement of 

each flow is thus satisfied) 

 

requiredbdwt = maxbdwt required by A 

 

For each link I in A do 

st = start time for link t  

  slotAlloc = 0 

  while st > framestart do 

  numfreeslots = locate freesubchannel (sl, t) 

  if (slotAlloc + freeslotavail) < totalmaxslots 

      then 

          slotAlloc = slotalloc + freeslotavail (increment slot allocation) 

          st = st-2; 
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      else 

       Add (totalmaxslot - slotAlloc) to temporary schedule 

       slotAlloc = totalmaxslots; 

       break; 

end 

  

update requiredbdwt 

 

end 

 

return requiredbdwt 

 



90 



91 

Appendix B: Network requirements and AHUS response 
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