
2009:004 

M A S T E R ' S  T H E S I S

Development of a Low Complexity QoE
Aware Scheduling Algorithm for

OFDMA Networks

 Hankang Wang

Luleå University of Technology

Master Thesis, Continuation Courses
 Space Science and Technology 

Department of Space Science, Kiruna

2009:004  - ISSN: 1653-0187 - ISRN: LTU-PB-EX--09/004--SE



                                                                                 
 

 

 

 

Development of a Low Complexity QoE Aware 

Scheduling Algorithm for OFDMA Networks 
 

Hankang WANG 

 

University of Würzburg 

 Luleå University of Technology 

 Master of Science in Technology 

 

Examiners: 
Prof. Phuoc Tran-Gia  
Department of Distributed Systems (Informatik III) 
University of Würzburg 
 
Dr. Magnus Lundberg Nordenvaad 
Department of Computer Science and Electrical Engineering 
Luleå University of Technology 
 
Advisor: 
Dr. Dirk Staehle 
Department of Distributed Systems (Informatik III) 
University of Würzburg 

 
 

Würzburg, December 2008 

 

 



University of Würzburg             Abstract of the Master's Thesis 
Author: Hankang WANG 
Title of the thesis: Development of a Low Complexity Scheduling Algorithm for 

OFDMA Networks 
Date: December 2008  
Number of pages: 97 
 
Faculty: Institute for Informatik 
Department: Department of Distributed Systems 
Program: Master's Degree Program in Space Science and Technology 
 
Examiner:  
Prof. Phuoc Tran-Gia (University of Würzburg) 
Dr. Magnus Lundberg Nordenvaad (Luleå University of Technology) 
 
Advisor: Dr. Dirk Staehle (University of Würzburg) 
 
OFDMA is one of the most promising technologies to support the high speed wireless 
services. It is a multiple access scheme of current and near future terrestrial and 
satellite wireless technologies which is used in satellite communication or remote 
control for space robots or flights for cooperative work. A good resource scheduling 
scheme for OFDMA can overcome the packet losses due to varying nature of channel 
fading. In the IEEE 802.16 standards, the scheduling is left unspecified. However, it 
has significant impact on system performance and QoS. In this master thesis, we 
developed the low complexity frequency selective scheduler aware of the current 
instantaneous speech quality in terms of R-Score particularly combining different 
metrics like current channel quality and urgency of the packets in scheduling decision 
for OFDMA system. The schedulers are simulated by using Matlab and the 
performance of the different schedulers is compared in different overload scenarios 
ranging from light to severe. The simulative performance evaluation is performed at 
the example of VoIP transmissions over the IEEE 802.16 band AMC mode. 
 

Keywords: OFDMA, Scheduler, QoE, IEEE 802.16, WiMAX, R-Score, Scheduling 
Algorithm, Frequency-selective Scheduling, Band AMC 
 
 



Acknowledgment 

I would like to express my gratitude to my advisor Dr. Dirk Staehle not only for giving me 

the opportunity to work on such an interesting topic but also for his great support and his 

advices. Furthermore, I would like to thank all the professors, lecturers, and teach 

assistants in Spacemaster program. 

 

Looking back to these two years of my studies in Spacemaster program both in Germany 

and Sweden, I believe that it was a great life experience. All Spacemaster students made 

the stay and studies joyful and fascinating. I express my gratitude to all of Spacemaster 

students 

 

Finally, I am grateful to my family who supported me and encouraged me all these years. 

Also, I would like to thank my friends who always help me and support me. I truly believe 

that a significant part of my progress stems from their endless support, inspiration and 

affection. 

 

 

                                                           Hankang Wang 

Würzburg, December 2008 



I 
 

Contents 

1 Introduction…………………………………………………………………………………………….……………1 

2 Background and Basics…………………………………………………………………………….……………5 

2.1 OFDMA in space applications.............................................................................…...5 

2.2 Overview of WiMAX and IEEE 802.16 Standards…………..……………………………….6 

     2.2.1 Background on WiMAX and IEEE 802.16...............................................…...6 

     2.2.2 Features of WiMAX........................................................................................8 

2.3 The broadband wireless channels..........................................................................10 

  2.3.1 Pathloss..........................................................................................................11 

2.3.2 Shadowing.....................................................................................................12 

2.3.3 Fast Fading...................................................................................................13 

 2.4 Overview on OFDM and OFDMA...........................................................................14 

  2.4.1 OFDM review................................................................................................14 

  2.4.2 OFDMA review.............................................................................................18 

  2.4.3 Multiuser diversity and adaptive modulation and coding..........................20 

 2.5 Quality of experience in VoIP.................................................................................22 

  2.5.1 Quality of experience vs quality of service assessment................................22 

  2.5.2 Speech voice packets model and VoIP system.............................................23 

2.5.3 Methods for speech quality assessment......................................................24 

2.5.4 E-Model to estimate voice quality................................................................25 

2.5.5 Packets loss impairments and human perception.......................................28 

2.5.6 Time delay impairments..............................................................................30 

2.6 Summary................................................................................................................30 

3 Resource Allocation for OFDMA......................................................................................32 

 3.1 Slot and frame structure.........................................................................................32 

 3.2 Frequency diversity mode......................................................................................33 

  3.2.1 Downlink full usage of subcarriers...............................................................34 

  3.2.2 Downlink partial usage of subcarriers.........................................................35 

 3.3 Band AMC mode.....................................................................................................36 

 3.4 Related work of resource allocation.......................................................................38 

 3.5 Summary.................................................................................................................40 

4 Scheduler Implementation................................................................................................41 

 4.1 Challenges................................................................................................................41 

4.2 General algorithms.................................................................................................42 

4.3 Previous research results........................................................................................46 

4.4 System model.........................................................................................................49 

4.5 Packet scheduler implementation..........................................................................50 

 4.5.1 Scenario........................................................................................................50 

 4.5.2 Basic algorithm.............................................................................................51 

 4.5.3 Utility functions............................................................................................56 

 4.5.4 Priority sorting.............................................................................................59 



II 
 

 4.5.5 Bits loading mechanism...............................................................................61 

4.6 Summary.................................................................................................................65 

5 Performance Analysis.......................................................................................................66 

5.1 Experimental environments...................................................................................66 

5.2 Performance evaluation..........................................................................................71 

 5.2.1 Performance in ITU Pedestrian B Channel Profile......................................72 

 5.2.2 Comparison of PA and PB Channel Profile.................................................78 

5.3 Impact of velocity...................................................................................................82 

5.4 Impact of delay.......................................................................................................85 

5.5 Impact of combined velocity and delay..................................................................87 

5.6 Summary................................................................................................................88 

6 Conclusion.........................................................................................................................90 

7 Bibliography......................................................................................................................93 



1 
 

1 Introduction 

 

With the rapid development of our modern society and internet technologies, people have 

become to express much higher demands step by step to the wireless communication 

services and the quality of each service. When 3G communication services just came into 

our true life in some countries, even still an imaginary concept in some countries, 3G 

communication performances are already insufficient to meet the needs of future 

high-performance applications. In reality in early 2002, the next generation (4G) wireless 

communication technology is already a conceptual framework or a discussion point to 

address future needs of a universal high speed wireless network that will interface 

internet seamlessly. In past five years, some development was already achieved in core 

technologies and the international standardization work has started in 2008. The next 

generation wireless communication networks will support a variety of multimedia 

services with high speed downlink to satisfy human’s increasing expectation for wireless 

communication service. To support the high speed wireless services, the innovative 

technology orthogonal frequency division multiple access (OFDMA), also referred to as 

Multiuser-OFDM [1], is being considered as a one of the most promising modulation and 

multiple access techniques for next generation wireless communication networks [2]. 

OFDMA is the multiple access scheme of current and near future terrestrial and satellite 

wireless technologies like the IEEE 802.16 based WiMAX or the currently standardized 

UMTS Long Term Evolution (LTE) [2, 3, 4]. This scheme is also used in a satellite 

environment for communication with multiple terminals. Recently, OFDMA has come to 

be used for human support and particularly space explorations such as remote control of 

space robots for cooperative work. 

 

OFDMA is a new promising wireless access technology based on OFDM, which realizes 

multiple access by providing each user with a fraction of the available number of 

subcarriers. A key issue in high data rate transmission in wideband over multipath fading 

channels is to require the technique to be able to combat intersymbol interference. 

Orthogonal frequency division multiplex (OFDM) enables the base station to transmit 

data with a high bandwidth on a broad frequency band by separating it into multiple 

orthogonal subchannels on which data symbols are transmitted in parallel. In this way, 

OFDM divides the multipath fading channel into a number of parallel frequency 

dependent flat fading channels [5, 6]. By adding a cyclic prefix (CP) to each OFDM 

symbol, the inter-symbol interference can be avoided, which is a major problem in 

broadband transmission over multipath fading channels. Each subchannel can be 

modeled by its gain plus additive white Gaussian noise (AWGN) [7]. Besides the 

improved immunity to fast fading [8] brought by the multicarrier property of OFDM 

systems, multiple access is also possible because the subchannels are independent of each 

other. OFDMA, adding multiple access to OFDM by allowing a number of users to share 

an OFDM symbol, refers to a system where multiple users share a frequency band by 
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transmitting on different subsets of the orthogonal subcarriers simultaneously. In 

multi-user scenarios upon a multi-carrier system, a subcarrier under deep fading for one 

user may be of good quality for other users, spectral efficiency can be improved, or 

equivalently, transmit power can be reduced. This requires a dynamic subcarrier 

allocation or power allocation for improving system performance. Assigning subcarriers 

out of multiple frequency bands allows a scheduler to exploit frequency diversity as well 

as multiuser diversity in maximizing system performance. In previous research, to 

decrease the complexity and achieve an efficient solution for subcarrier and power 

allocation problem, this optimization problem is divided into two separate sequential 

optimization problems: subcarrier allocation and power allocation. The 

Largrangian-based scheme can achieve very good performance in power allocation [9], 

but it is not efficient and not suitable for real time applications due to its high complexity. 

The researchers have already done much work on power allocation for OFDMA network, 

and achieved good results. In [7], an optimal power allocation method has been proposed 

to achieve the proportional fairness and low complexity, and higher capacity of the 

system. In [9], an adaptive subcarrier allocation method is used to minimize the overall 

transmit power. In [1, 4], and non-iterative method and a low complexity dynamic 

allocation algorithm are used respectively to maximize data rates and spectral efficiency. 

Much research also has been done on subcarrier allocation problem by many researchers. 

 

Transmissions on a frequency-selective fading channel lead to different signal strengths 

both in the frequency and time domain. The base station may make use of this by 

applying concepts like adaptive modulation and coding (AMC), opportunistic scheduling, 

and frequency selective scheduling. AMC means that the base station adapts the data 

bandwidth to the channel quality by choosing the instantaneously best combination of 

modulation and forward error correction scheme. Opportunistic scheduling means that 

the base station makes use of the multi-user diversity when transmitting to several 

mobiles. In the scheduling decision the base station prefers receivers with a currently 

good channel. Frequency selective scheduling additionally makes use of frequency and 

multi-user diversity. The base station is aware of the channel quality of certain 

subcarriers for the different mobiles and tries to allocate users to those subcarriers with 

currently rather good quality. IEEE Standard 802.16 specifies two different types of 

modes to allocate subcarriers to subchannels: diversity mode and band AMC mode. These 

two modes are differentiated by the method how to form the subchannels by selecting 

subcarriers. There are two methods FUSC and PUSC in diversity mode. Full Usage of 

Subcarriers (FUSC), means that all the subcarriers are used for data transmission and 

shared by all the users in one sector, while Partial Usage of Subcarriers (PUSC) means 

that only parts of the subcarriers are used for data transmission and shared by all users in 

one sector. FUSC and PUSC have in common that subcarriers belonging to a subchannel 

are not adjacent but distributed over the entire frequency bandwidth, facilitating the 

frequency diversity effect over the frequency selective fading channel in the broadband 

OFDMA system. In this case, the channel quality of each subchannel is determined by 

taking the average SNR over all corresponding subcarriers. FUSC and PUSC take 

advantage of frequency diversity, in which a subchannel contains subcarriers in both 
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good and bad channel conditions which should compensate for each other. The diversity 

mode is appropriate to mobile application. In another alternative mode band AMC, the 

subchannels consist of a set of contiguous subcarriers. A band AMC subchannel must be 

constructed with a band denoted as a group of neighboring subcarriers, in which the 

subcarriers experience the same or at least similar channel quality, and a channel 

condition changes rather slowly, not incurring too much overhead for a Channel Quality 

Indication (CQI) report. It is better to use frequency selective scheduling in band AMC 

mode when the mobiles experience independent fading. There are already many results 

on subcarrier allocation problem in frequency diversity mode in previous research. If 

each subchannel is assigned to the user with best SNR subject to the subchannel and 

power distributed by water-filling, the system will achieve the maximum capacity, but 

lose fairness among the users. In [10], a low complexity suboptimal algorithm is used to 

achieve the good system capacity and assure the proportional fairness to each user. By 

exploiting the structure of the optimization problem and using a gradient-based 

scheduling framework, the solution of optimal and sub-optimal algorithms is given in [11] 

to achieve satisfied system performance. In [12], an efficient suboptimal solution is also 

proposed for the subcarrier allocation problem. In [9], the subcarriers are assigned 

adaptively to the users along with the number of bits and power level to each subcarrier 

to minimize the overall transmission power. In [13, 14], the multiple traffic classes 

scheduling solution is given to satisfy the quality of the different services. In [15, 16], 

different scheduling algorithms are proposed and evaluated to provide a QoS-guarantee 

for services. In [2], the overall maximum system throughput can be achieved with a 

band-AMC mode under the various system parameters. For this thesis work, we only 

focus on subcarrier allocation problem of the frequency selective scheduling based on 

Band AMC for OFDMA network, by including measurements of the instantaneous speech 

quality for scheduler decisions in a mobile environment in order to obtain the satisfactory 

QoE in a VoIP system. 

 

The challenge when designing a frequency selective scheduling scheme based on band 

AMC lies in the relatively short time for the decision. The objective of this thesis is to 

develop a low complexity algorithm and implement a frequency selective scheduler for 

OFDMA networks. This thesis work will propose a real time dynamic subcarriers 

scheduling algorithm for OFDMA downlink transmission. Knowing the channel state of 

all users at the base station, the subcarriers scheduling algorithm assigns subcarriers to 

the users in such a way that a certain quality metric is maximized. The quality metric can 

either be specified as a directly measurable objective metric like packet loss or jitter, or a 

derived subjective metric reflecting the quality that the user is expected to experience, 

like VoIP speech Quality of Experience (QoE). During each time slot the scheduling and 

resource allocation problem involves selecting a subset of users for transmission, 

determining the assignment of available subcarriers to selected users, and for each 

subcarrier determining the transmission power and the coding and modulation scheme 

(MCS) used. The higher level MCS will be selected for users with subchannels in good 

quality to carry more information in order to achieve better system capacity and the users 

with subchannels in bad quality will use lower level MCS to have robust performance. The 
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practical features of subcarrier management for the OFDMA system are carefully 

modeled within the analytical framework in the thesis work. Also, the analytical model 

and proposed subcarrier scheduling algorithm are validated through a simulation. The 

algorithm is simulated by using Matlab and the results of the performance of the 

proposed algorithm will be compared to other conventional sub channel allocation 

schemes. The simulative performance evaluation will be performed at the example of 

VoIP transmissions over the band AMC mode specified in the IEEE 802.16-2005e 

standard. 

 

An overview of this thesis is structured as follows: in Chapter 2, we discuss the 

background and basics of the thesis. The example and demonstration of space 

applications is given by using OFDMA in this chapter firstly. An overview of WIMAX and 

the IEEE 802.16e standard is given, and the feature of WiMAX is outlined. We introduce 

the principle of OFDMA, including the mechanism of OFDM. The broadband wireless 

channel is described in detail and the channel models are explained. We provide a basic 

discussion on the key two principles of multiuser diversity and adaptive modulation and 

coding in OFDMA system. The definition of QoE is presented and compared with QoS, 

and the implementation in the system simulation is addressed. In Chapter 3, the 

subcarrier allocation modes are explained, the principles and advantages of frequency 

diversity mode and band AMC mode are discussed in detail. The subchannel and band 

concept is introduced. Slot and frame structure concept is given, and system simulation 

configuration in the thesis work is depicted. In Chapter 4, we describe the challenges for 

the schedulers in OFDMA networks. The scheduler system model and the basic 

scheduling schemes are presented. We propose and implement several new schedulers 

combining different metrics for the scheduling decision. We introduce fragmentation in 

bit loading mechanism. In Chapter 5, the simulation environment is presented. We 

evaluate and analyze the performance of the different schedulers including the basic 

schedulers and the proposed schedulers in the situation of different capacity constraints 

with the impact of different parameters like mobile velocity and packet dropping 

threshold. In Chapter 6, the results of this work are summarized and the consequences 

are given.  
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2 Background and Basics 

 

OFDMA is a promising multiple access scheme for terrestrial and space wireless 

technologies. The example and demonstration of space applications is given by using 

OFDMA in this chapter firstly. We present an overview of WiMAX and IEEE 802.16 

standard. The background of WiMAX and IEEE 802.16 is described, and the feature of 

WiMAX is outlined. Afterwards, the broadband wireless channel is explained. The space 

propagation pathloss, shadowing, and fast fading are discussed and the calculation 

method in the system simulation is also mentioned respectively. Additionally, we cover 

the review of OFDMA and the basics of OFDM. The advantages and disadvantages are 

summarized. The principle of OFDMA is addressed and its features are presented. Then, 

we provide a basic discussion on the two key principles in OFDMA systems: multiuser 

diversity and adaptive modulation and coding. At last, the definition of QoE is given and 

compared with QoS. The assessment of speech quality in VoIP system is introduced 

including human perception. E-Model is used to evaluate the subjective quality. 

2.1 OFDMA in Space Applications 

OFDMA is a promising multiple access scheme of current and near future terrestrial and 

satellite wireless technologies like the IEEE 802.16 based WiMAX or the currently 

standardized UMTS Long Term Evolution (LTE). This scheme is also used in a satellite 

environment for communication with multiple terminals. Recently, OFDMA has come to 

be used for human support and particularly space explorations such as remote control of 

space robots for cooperative work. 

 

As shown in Fig 2.1, OFDMA scheme is used in operating a satellite communication 

system to provide coordinating multiple terminals communication with different services. 

Each of the multiple terminals in the satellite network can be considered as the 

coordinating user in terrestrial cellular communication. The terminals are synchronized 

and configured a frequency separation at the reception between a desired demodulated 

channel and transmissions on neighboring channels [17]. OFDMA is adopted in satellite 

environment to reduce narrowband interference, impulse noise, and signal degradation. 

The symbol timing of each of the satellite network’s multiple terminals is synchronized by 

utilizing a central clock which may be recovered from a reference downstream channel 

from the satellite. In [18], they proposed the system and methods for OFDMA 

communications over satellite links, particularly to satellite radiotelephone 

communications systems and methods. Based on OFDMA technology, a cellular 

architecture similarly used in conventional terrestrial cellular radiotelephone systems can 

be implemented in cellular satellite based systems and methods to provide multiple 

services like personal communication terminal service, personal digital assistants service, 

web browser, organizer, and a global positioning system service. In this system, a 
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radiotelephone may be referred to as a mobile terminal or a user terminal. However, 

there are some challenges in this system, such as differential delay in satellite spotbeam, 

which are considered and solved in patent [17, 18] by the proposed methods. 

 
Fig. 2.1 Satellite radiotelephone communications systems architecture based on OFDMA 

 

In space exploitations, OFDMA technology based IEEE 802.16 and WiMAX also can be 

used in space communication networks between multiple spacecrafts communication [19, 

20]. Multiple mobile or fixed robots or small spacecrafts are used to work cooperatively 

to exploit unknown environment in space, and OFDMA is a key technology used for 

communication between these objects. The robots or small flights can be considered as 

the mobile terminals, and the main flights or the lander on the planet can serve as the 

main communication station respectively for the small flights communication and 

multiple mobile robots communication [20]. OFDMA would be a promising access 

technology used in space applications in near future. 

2.2 Overview of WiMAX and IEEE 802.16 Standard   

Worldwide Interoperability for Microwave Access (WiMAX) is a wireless broadband 

technology, which supports point to multi-point (PMP) broadband wireless access. It 

allows high data rates over long distances, efficient use of bandwidth, and avoids 

interference almost to a minimum. In this section, we provide a brief overview of the 

emerging WiMAX solution and the IEEE 802.16 standard for broadband wireless. 

WiMAX is based on a very flexible and robust air interface defined by IEEE 802.16 group, 

which is an elegant and effective technique for overcoming multipath distortion. This 

presents the background and context necessary for understanding OFDMA network and 

set the stage for more detailed exploration to the scheduling problem in the thesis. Most 

of contents in this section are taken from [21]. 

2.2.1 Background on WiMAX and IEEE 802.16 

The IEEE 802.16 group was formed in 1998 to develop an air-interface standard for 

wireless broadband. Initially , they completed the development of the original standard 
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802.16 in December 2001 for wireless broadband system operating in 10GHz-66GHz 

frequency band, based on a single-carrier physical layer with a burst time division 

multiplexed (TDM) MAC layer. Thereafter, the IEEE 802.16 group completed 802.16a, an 

amendment to the previous standard which included NLOS applications in the 

2GHz-11GHz frequency band, and the physical layer used Orthogonal Frequency Division 

Multiplexing (OFDM). Orthogonal Frequency Division Multiple Access (OFDMA) was 

also included in MAC layer. The newer revisions IEEE 802.16-2004 produced in 2004 

replaced all prior versions and formed the basis for the first WiMAX solution. The early 

WiMAX solution based on IEEE 802.16-2004 focusing on fixed application, was referred 

as fixed WiMAX [3]. In December 2005, the IEEE 802.16 group completed and approved 

the IEEE 802.16e-2005 standard, an amendment to the IEEE 802.16-2004 standard, 

supporting mobile application. The IEEE 802.16e-2005 standard forms the basis for 

WiMAX solution with mobility support, is often referred as mobile WiMAX [4]. 

 

Table 2.1 Basic Data on IEEE 802.16 Standards [21] 

 802.16 802.16-2004 802.16e-2005 

Status 
Completed December 

2001 
Completed June 2004 Completed December 2005 

Frequency band 10GHz-66GHz 2GHz-11GHz 

2GHz-11GHz for fixed; 

2GHz-6GHz for mobile 

applications 

Application Fixed LOS Fixed NLOS Fixed and mobile NLOS 

MAC architecture 
Point-to-multipoint 

mesh 
Point-to-multipoint mesh Point-to-multipoint mesh 

Transmission 

scheme 
Single carrier only 

Single carrier, 256 OFDM 

or 2048 OFDM 

Single carrier, 256 OFDM 

or scalable OFDM with128, 

512, 1024, or 2048 

subcarriers 

Modulation 
QPSK, 16QAM, 

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

Gross data rate 32Mbps-134.4Mbps 1Mbps-75Mbps 1Mbps-75Mbps 

Multiplexing Burst TDM/TDMA 
Burst 

TDM/TDMA/OFDMA 

Burst 

TDM/TDMA/OFDMA 

Duplexing TDD and FDD TDD and FDD TDD and FDD 

Channel 

bandwidth 

20MHz,25MHz,28M

Hz 

1.75MHz, 3.5MHz, 7MHz, 

14MHz, 1.25MHz, 5MHz, 

10MHz, 15MHz, 8.75MHz 

1.75MHz, 3.5MHz, 7MHz, 

14MHz, 1.25MHz, 5MHz, 

10MHz, 15MHz, 8.75MHz 

Air-interface 

designation 
WirelessMAN-SC 

WirelessMAN-SCa 

WirelessMAN-OFDM 

WirelessMAN-OFDMA 

WirelessHUMAN 

WirelessMAN-SCa 

WirelessMAN-OFDM 

WirelessMAN-OFDMA 

WirelessHUMAN 

WiMAX 

implementation 
None 

256-OFDM as Fixed 

WiMAX 

Scalable OFDMA as Mobile 

WiMAX 
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We summarized the basic characteristics of the IEEE 802.16 standards in Table 2.1. The 

standards provide different design options. There are multiple choices for physical layer 

design: Wireless MAN-SCa, Wireless MAN-OFDM, and Wireless MAN-OFDMA, and also 

multiple choices for MAC layer architecture, duplexing, frequency band of operation. 

These standards offer various applications and deployment scenarios for system design. 

The WiMAX Forum reduced the scope of the standards and defined a smaller set of 

design choices for practical reasons of interoperability. From the IEEE 802.16-2004 and 

the IEEE 802.16e-2005 standards, the WiMAX Forum selected the subset of mandatory 

and optical physical layer and MAC layer features as a system profile. Currently, the 

WiMAX Forum has two different system profiles: the fixed system profile, OFDM PHY 

based on IEEE 802.16-2004 and mobility system profile, scalable OFDMA PHY based on 

the IEEE 802.16e-2005 standard. A particular instantiation of system profile specifying 

the operating frequency, channel bandwidth, and duplexing mode is defined as a 

certification profile. The WiMAX Forum has defined five fixed certification profiles and 

fourteen mobility certifications [21]. After the completion of the IEEE 802.16e-2005 

standard, the WiMAX group has focused their interest on developing and certifying 

mobile WiMAX system profiles based on the newer standard. All mobile WiMAX profiles 

will use scalable OFDMA as the physical layer and use a point to multipoint MAC at least 

initially. The IEEE 802.16-2004 and the IEEE 802.16e-2005 standard only specify the 

control and data plane aspects of the air-interface, and we can find some aspects of 

network management in the IEEE 802.16g. 

2.2.2 Features of WiMAX 

WiMAX is a wireless broadband solution offering various features with a lot of flexibility 

in terms of deployment options and potential service offerings. Some of the salient 

features are as follows [21]: 

 

OFDM-based physical layer: The WiMAX physical layer (PHY) is based on OFDM, 

which has a good performance to resistant multipath, and allows WiMAX to operate in 

NLOS conditions.  

 

Very high peak data rates: WiMAX supports very high peak data rates. Typically, we 

can have 74Mbps peak PHY data rate operating on a 20MHz wide spectrum, while 

respectively about 25Mbps and 6.7Mbps for the downlink and the uplink on a 10MHz 

wide spectrum. The peak PHY data rates can be achieved when high level Modulation and 

Coding Scheme is used, and higher peak rates can be achieved combined with other 

technique. 

 

Scalable bandwidth and data rate support: The scalable WiMAX physical-layer is 

specified in IEEE 802.16 standard. The data rates and FFT sizes can be easily scaled 

subject to channel bandwidth. This scalability allows users to roam in different networks 

with different bandwidth allocations. 
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Adaptive modulation and coding (AMC): WiMAX supports various modulation and 

coding schemes (MCS) and allows users to select appropriate MCS according to the 

channel condition. If the user has very good channel quality, this user will use higher level 

MCS and vice versa. It is an effective mechanism for achieving maximum system 

throughput. 

 

Link-layer retransmissions: WiMAX supports acknowledgment and automatic 

retransmission requests (ARQ) at the link layer in order to enhance connection reliability. 

 

Support for TDD and FDD: Both time division duplexing (TDD) and frequency 

division duplexing (FDD) are supported by IEEE 802.16-2004 and IEEE 802.16e-2005, 

as well as a half-duplex FDD, for a low-cost system implementation.  

 

Orthogonal frequency division multiple access (OFDMA): Mobile WiMAX uses 

OFDMA as a multiple-access technique based on OFDM, which realizes multiple access 

by providing each user with a fraction of the available number of subcarriers. This can 

take advantage of frequency diversity and multiuser diversity to significantly improve the 

system capacity.  

 

Flexible and dynamic per user resource allocation: Resource allocation is 

controlled by a scheduler in the base station, which allows bandwidth resources to be 

allocated in time, frequency, and space and has a flexible mechanism to convey the 

resource allocation information on a frame-by-frame basis. 

 

Support for advanced antenna techniques: The WiMAX allows to use 

multiple-antenna techniques. These schemes can be used to improve the overall system 

capacity and spectral efficiency by deploying multiple antennas at the transmitter and/or 

the receiver. 

 

Quality-of-service support: The WiMAX MAC layer has a connection-oriented 

architecture that is designed to support a variety of services. WiMAX MAC supports 

multiple users, with multiple connections per terminal with its own QoS requirement. 

 

Robust security: WiMAX supports strong encryption and the system offers very 

flexible authentication architecture to have a robust privacy. 

 

Support for mobility: The mobile WiMAX system has mechanisms to support secure 

seamless handover for mobile applications and power-saving mechanisms for handheld 

user devices.  

 

IP-based architecture: The WiMAX system supports an all-IP platform network, 

which allows end-to-end services to be delivered over IP architecture. 
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2.3 The Broadband Wireless Channels 

In this section we will discuss the characteristics of the signal transmission in broadband 

wireless channels. For simplicity, we only present downlink transmission from the base 

station to the mobiles, and it is similar to the uplink. In the practical broadband wireless 

channel, the received signals’ characteristics inevitably vary randomly during 

transmission before the signals arrive at the mobiles.  The signals propagate through the 

environments where they experience reflection, diffraction, and scattering caused by 

encountering obstructions, as shown in Fig. 2.2. Therefore, the received signals are 

synthesis signals by combining the various interference signals. As the mobiles move, the 

signals amplitudes will fluctuate randomly, resulting in signal fading. In this section we 

will describe three kinds of fading models, which affect the signals in wireless 

communication: pathloss, shadowing fading, and fast fading. The main contents in this 

section are from [21, 22]. 

 

Fig. 2.2 Transmitted signal propagation [23]. 

 

The average signal power varies as 1/(distance)n, n>2, n=2 being the free space path loss 

case. The average power of the far-field is a 1/d4 variation.  

 

The actual received signal power at the relatively long distances of many wavelengths is 

also varying randomly about the average power. Long term variations or fading about the 

average power is shadowing or log-normal fading. In these terms, the average value of the 

received power varying in typical range from 6 to 10 dB measured in decibels (dB), which 

follows a Gaussian or normal distribution centered about its average value, with some 

standard deviation. The power distribution is a log-normal distribution. Both path loss 

fading and shadow fading are often referred to as large-scale-fading varying at relatively 

long distances. 
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Short term multipath fading results in a Rayleigh/Rician fading, also called fast fading, 

small scale fading, and the signal power variations vary in a wavelength scale. There is 

large variation of measured signal over smaller distances in wavelengths. This fast fading 

variation in signal level with small scale is attributed to the destructive or constructive 

phase interference of many received signal paths. The power of the received signal due to 

multipath is often modeled as varying randomly according to a Rayleigh distribution in 

relative large cells. In small cells, this is modeled as Ricean distribution. 

 

The received signal by the mobiles is a synthesis signal involving path loss fading, 

shadowing fading and fast fading factors, which can be represented by putting these three 

phenomena together as shown in Fig. 2.3, and the received signal power can be 

represented as this formula in decibels (dB): 

 

              (2.1) 

 

Statistically, the received varying signal power Pr can be modeled as the following 

equation: 

10                              (2.2) 
 

The terms of 10 and  both are random variables representing shadow fading and fast 

fading respectively, whereas  representing inverse variation of signal average 

power with distance, and  and  are the receiver antenna gain and transmission 

antenna gain, whereas  is wavelength. Next, we present the three phenomena and the 

models respectively. 

 
Fig. 2.3 Propagation affects in wireless transmission. 

2.3.1 Pathloss 

In a free space transmission mode, the signal is transmitted to the receiver through free 

space without obstacle in the direct path. It is called a Line-of-Sight (LOS) channel. 

Assuming isotropic radiator is used, the propagated signal power expands a spherical 

wavefront, so the received signal power at distance d is always inversely proportional to 
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the sphere surface area, 4πd . We can have the precise free space pathloss formula easily, 

as follows: 

                                (2.3) 

Where  and  are received signal power and transmitted signal power respectively, 

and  and  are the receiver antenna gain and transmission antenna gain, whereas  

is wavelength. 

 

The terrestrial propagation environment is very complicated, not free space. The signal 

reflection by other obstacles leads to destructive or constructive interference of the 

received signal power. So there is an additional term  in Eq. (2.2). For free space 

transmission, 1  , and for a common two-way model, we have , k 

a constant. More generally, we have , n an integer, implying that signal 

power loss is more severe with distance in a terrestrial environment than in free space. 

Empirical models are often developed using experimental data to have a more accurate 

description for various propagation environment. The empirical path loss formula is one 

of the simplest and most common as shown in Eq. (2.4). 

                                  (2.4) 

This model groups all the various affects into two parameters: the path loss exponent α, 

and the measured path loss P  at a reference distance of d , which is often chose as 1 

meter [21]. P  should be a term measured, but it is often well approximated within 

several dB. In [22], they give a simple formula for model  as shown in Eq. (2.5). 

                            (2.5) 

Here, , , and  are all measured experimental factors with different value in 

different environments. 

 

In our simulation work, the location of each mobile updates continuously. First, we can 

get the distance between the mobiles and the base station. Then the path loss gain can be 

achieved by using the following simplified formula Eq. (2.6): 

 

 10 · · (d)                     (2.6) 

 

 is path loss constant, and  is path loss exponent, which are both the experiential data. 

The distance d is with km unit. There are different values under different environment. 

These measured typical values  147.0554 and  10 · 35.7435 will be used in 

Eq. (2.6), and then we obtain the path loss gain finally. 

2.3.2 Shadowing 

The pathloss model accounts for the distance dependent relationship between 

transmitted signal power and received signal power. Shadow fading account for the signal 
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power variations caused by the objects between transmitter and receiver. The term 

10  in Eq. (2.2) represents shadow fading, which is relatively slow and affects the 
received signal variations over relatively long distances in wavelength scale. With 

shadowing, the empirical pathloss formula becomes: 

χ                                  (2.7) 

We model the received power as a random process where χ is a shadow fading random 

variable. The mean of received signal power can be seen as the distance trend in path loss, 

whereas shadowing value χ causes a perturbation from that expected value. Shadowing 

typically has a correlation distance on the order of meters or tens of meters because 

shadowing is caused by macroscopic objects. The shadowing value χ is typically modeled 

as a lognormal random variable. 

 

χ 10 ,  ~ 0, σ                       (2.8) 
 

The shadow fading random variable χ expressed in decibels (dB) is a Gaussian random 

variable with zero mean and variance (σ deviation). 

 

Shadow fading is a very important affect in wireless communication because it causes the 

received SNR to vary dramatically over long time scale. Therefore the system design and 

base station deployment must account for lognormal shadowing to provide reliable high 

rate communication. Sometimes we can take advantage of shadowing, for example, the 

object can block interference. Generally it is detrimental to system performance because 

we are required more dB margin in system development. 

2.3.3 Fast Fading 

The wireless signal transmission experiences reflection, diffraction, and scattering which 

lead to three salient characteristics, path loss, shadowing, and fast fading or small scale 

fading being represented in Eq. (2.2). Path loss has affection on the relationship between 

average received signal power and the distance. Lognormal shadowing gives received 

power random variations. Pathloss and shadowing are large scale attenuation fading due 

to distance or obstructs, while fast fading is caused by receiving multiple versions of the 

transmitted signal referred to as multipath.  

 

Now, we will discuss the small scale fading, which is represented by Rayleigh/Ricean 

statistical model. Short term multipath fading results in a Rayleigh/Ricean fading, also 

called fast fading, small scale fading, and the signal power variations vary in a wavelength 

scale. There is large variation of measured signal over smaller distances in wavelengths. 

This fast fading variation in signal level with small scale is attributed to the destructive or 

constructive phase interference of many received signal paths, which leads to strong 

variation in the signal amplitude. These signal amplitude variations occur at small time 

scales due to the mobility of the mobiles. The signal often is split into components that 

arrive at distinct times, and the power of the received signal due to multipath is often 
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modeled as varying randomly according to a Rayleigh distribution in relative large cells. 

In small cells, this is modeled as Ricean distribution. 

 

The random multipath effect naturally occur Rayleigh distribution. In early wireless 

communication research in 1974, people have found that the measured results have a 

Rayleigh distribution. Actually, the received signal is the combination of multiple version 

of transmitted signal due to scattering or reflection by encountering the buildings and 

objects during transmission. Each of the signal components at the receiver has random 

variations in phase and amplitude because of scattering. In Fig. 2.3, every instantaneous 

power point on the shadowing fading curve is actually varying randomly due to the 

combination of multipath signals.  

 

The instantaneous received power obeys exponential distribution with the average value 

. The previous research results [24] show that the amplitude of the results by sum of as 

few as six sine-waves with independent random phases closely obeys Rayleigh 

distribution. Because of this reason, this six multiple paths model in macro cellular 

wireless systems is fairly accurate, which is also adopted in our system simulation with 

typical time delay factors. In microcellular systems, Ricean distribution model is more 

accurate. In these systems, the distance between transmitter and receiver is shorter. It is 

more possible that one of the multiple signal rays will arrives the receiver directly 

dominating the reception.  

2.4 Overview on OFDM and OFDMA 

The promising access technology OFDMA based on OFDM, also referred to as 

Multiuser-OFDM, is becoming the de facto technology in broadband WiMAX 

communication systems. The WiMAX physical layer is based on OFDM modulation 

method which mitigates multipath affects well. Mobile WiMAX adopts OFDM as multiple 

access technique which enables multiple users to be allocated different subsets of OFDM 

subcarriers. Thus, OFDMA makes use of frequency diversity and multiuser diversity to 

significantly improve the system capacity. In this section, we will present the basic 

overview to OFDM and OFDMA. The main contents of this section are from [21]. 

2.4.1 OFDM review 

OFDM Basics 

The OFDM technique is an elegant and popular method for overcoming the frequency 

selective fading, which is one of the challenges in wireless systems caused by multipath 

channel. The key concept of OFDM is to use the orthogonal subcarriers for sending 

several data symbols in parallel resulting in better spectral efficiency. OFDM is a special 

multicarrier modulation scheme which enables the base station to transmit serial high 

speed rate data stream on a broad frequency band by separating the high speed rate data 

stream into multiple parallel lower speed rate data streams and modulating these data 



15 
 

streams on separate subcarriers. By making the symbol time large enough so that the 

channel induced delays are insignificant to the symbol duration, the key problem in 

broadband transmission over multipath fading channel, the inter-symbol interference 

can be avoided or minimized. In high speed data rate transmission, the duration of the 

symbol is very small, which is inverse proportional to the data rate. By splitting the high 

speed data rate stream into multiple lower speed data rate streams, the symbol duration 

of each lower speed data rate stream increases, therefore, the delay spread in channel is 

only a small fraction in the symbol duration. 

 

OFDM is considered to be one of the most spectrally efficient multicarrier modulation 

schemes in broadband wireless communication. In the conventional FDM system, the 

whole frequency band is split into multiple nonoverlapping subcarrier channels which are 

separated with filters at the receiver. This method is simple but some interval space is left, 

as shown in Fig. 2.4. Thus, the spectral efficiency is low and the hardware complexity 

increases. In OFDM system, the subcarriers are selected to be orthogonal with each other 

over the symbol duration without the requirement to have nonoverlapping subcarrier 

channels to eliminate intercarrier interference. Consequently, OFDM has high spectral 

efficiency. The samples of the transmitted OFDM signals can be achieved by using an 

IFFT operation on the group of data symbols to be sent on orthogonal subcarriers. 

Similarly, the recovery of data symbols from the orthogonal subcarriers is obtained by 

using a FFT operation on received samples. 

         
a. Conventional FDM subcarriers configuration     b. OFDM subcarriers configuration 

 
c. OFDM signal in frequency domain 

Fig. 2.4 Position of subcarriers in frequency domain. 
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The time-frequency view of an OFDM signal is shown in Fig. 2.5, in which the subcarrier 

space and OFDM symbol period are shown. From this figure, we can see that even though 

the subcarrier signals are overlapping in the time and frequency domains, no mutual 

intercarrier interference occurs when the sampling is done at certain specific points in the 

frequency domain called as subcarrier positions. This is one of the important properties 

of OFDM signals which lead to high spectral efficiency as compared to conventional FDM. 

The granularities in time and frequency domain respectively are OFDM symbol period 

and subcarrier spacing. 

 

Fig. 2.5 Time-frequency view of OFDM signals [25]. 

 

We choose the first subcarrier to have a frequency which has an integer number of cycles 

to other subcarriers in a symbol period. The subcarrier spacing between two neighboring 

subcarriers is set to be ∆ / , which is also called subcarrier bandwidth. Where B is 

the frequency bandwidth equal to the data rate, and L is the number of subcarriers. This 

ensures that all subcarriers are orthogonal to each other over the symbol period. We can 

see that the OFDM signal is equivalent to the inverse discrete Fourier transform of the 

data sequence block taken L at a time. So the transmitted OFDM signal can be extremely 

easily implemented by IFFT (Inverse Fast Fourier Transform) and the received signal can 

be easily recovered by using FFT (Fast Fourier Transform). 

 

By adding a guard interval between OFDM symbols and making the guard interval larger 

than the expected multipath delay spread induced in channel, the inter-symbol 

interference(ISI) can be eliminated completely, which is a major problem in broadband 

transmission over multipath fading channels. However, adding a guard interval also 

implies that this increases the power wastage and decreases the bandwidth efficiency. 

 

When we design an OFDM system, we should carefully consider the size of the FFT to 

have a balanced tradeoff between the system complexity and protection against multipath 

and Doppler shift. A large FFT size would reduce the subcarrier spacing and increase the 

symbol time if the bandwidth is given. It is easier to protect against multipath delay 

spread, but the reduced subcarrier spacing makes the system more vulnerable to 
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intercarrier interference due to Doppler spread in mobile applications. When we consider 

an OFDM system, we should careful balance the competing influences of delay and 

Doppler spread.  

 

OFDM advantages for high speed transmission 

Low computational complexity: OFDM can be easily implemented using FFT/IFFT, 

and the computational complexity of OFDM is very low [21]. 

 

Good performance of degradation under excess delay: The performance of an 

OFDM system degrades gracefully as the delay spread exceeds the designed value. 

Adaptive modulation and coding technique can be used to provide fallback rates which 

are more robust against delay spread. This will take advantage of the available channel 

conditions. This is different to the abrupt degradation due to error propagation in 

single-carrier system when the delay spread exceeds the designed value. 

 

Use of frequency diversity: OFDM makes use of frequency diversity. A subchannel is 

composed of the distributed subcarriers in the frequency domain. Some of these 

subcarriers are with good channel condition, whereas some are with bad channel 

condition in deep fades. These can compensate for each other to offer robustness against 

burst errors caused by partial subcarriers. WiMAX also defines subcarrier permutations 

that allow researchers to exploit this. 

 

Based multiple access scheme: OFDM can be used as a multiple access scheme, 

where different subcarriers are shared by multiple users. OFDMA is a new promising 

wireless access technology based on OFDM, which realizes multiple access by providing 

each user with a fraction of the available number of subcarriers. 

 

Robust against narrowband interference: the narrowband interference can affect 

only a fraction of the subcarriers, so OFDM is relatively robust against narrowband 

interference. 

 

Coherent demodulation: Pilot-based channel estimation can be easily implemented 

in OFDM systems. It is suitable for coherent demodulation schemes that are more power 

efficient. 

 

OFDM disadvantages in high speed transmission systems: 

High PAPR: The problem associated with OFDM signals having a high peak-to-average 

ratio (PAPR) that causes nonlinearities and clipping distortion. This can lead to power 

inefficiencies. To alleviate the effects, numerous approaches have been pursued in 

[26-29].  

 

Susceptible to phase noise and frequency dispersion: OFDM signals are very 

susceptible to phase noise and frequency dispersion, and the design must mitigate these 

imperfections. This requires critically accurate frequency synchronization. 
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Slow power decay outside band: in Fig. 2.4, we can see that the power outside of the 

band degrade slowly, this decrease the power efficiency in system.  

2.4.2 OFDMA review 

The promising access technology OFDMA is already adopted in different broadband 

cellular wireless systems. The IEEE 802.16d and IEEE 802.16e standards use OFDMA 

technique in broadband systems. OFDMA is an access technology obtained by extending 

OFDM for multiple access. There are also other multiple access schemes can be combined 

with OFDM transmission, such as OFDM-time division multiple access (OFDM-TDMA). 

In OFDM-TDMA systems, time slots in multiple of OFDM symbols are used to separate 

the transmission of multiple users. This means all OFDM subcarriers are allocated to one 

user in some OFDM symbols, as shown in Fig. 2.6. 

 
Fig. 2.6 Time-Frequency view of OFDM-TDMA signal [25]. 

 

In OFDMA system, both time slots and frequency subcarriers are used to separate the 

multiple user signals both in time domain and frequency domain. The OFDM symbol and 

OFDM subcarriers are the finest allocation unit used to separate the transmission of 

multiple users in time domain and frequency domain. Thus, different OFDM symbols and 

different groups of subcarriers are assigned to multiple users for signal transmission. The 

time-frequency view of a typical OFDMA signal is shown for a case with 3 users in Fig. 2.7. 

From this figure, we can seen obviously that the users signals are separated both in time 

domain by using different OFDM symbols and in frequency domain by using groups of 

subcarriers. Therefore, both time components and frequency resources are used for 

multiple user transmission. 
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Fig. 2.7 Time-Frequency view of OFDMA signals in a case with 3 users [25]. 

 

OFDMA Subchannelization 

The subchannels are composed of groups of the available subcarriers. The physical layer 

in fixed WiMAX based on OFDM only has a limited form of Subchannelization in the 

uplink which allows the mobile users to use only parts of the bandwidth to transmit 

signals. This can improve the link budget which can be used to enhance range 

performance and improve battery life. Subchannelization in both uplink and downlink 

are allowed in mobile WiMAX in OFDMA physical layer. Subchannels are composed of 

the subcarriers allocated by the base station. The different subchannels may be allocated 

to different users in OFDMA system. The standards specify different subchannelization 

schemes based on how to allocate subcarriers. Subchannels may consist of the pseudo 

randomly distributed subcarriers all over the frequency band. This type of 

subchannelization schemes provide more frequency diversity and are particularly used 

for mobile application. On the contrast, subchannels may be constituted using the 

contiguous subcarriers on the frequency band, called band AMC scheme in WiMAX, 

which is particularly used in stationary or low-mobility application. By using band AMC 

scheme, the system loses frequency diversity, but band AMC allows the system to 

facilitate multiuser diversity, allocating subchannels to users based on their frequency 

response. Multiuser diversity can provide significant gains in overall system capacity, if 

the system strives to provide each user with a subchannel that maximizes its received 

SNR. The overall system capacity improves because of less overhead to report channel 

quality indicator. 

 

Scalable OFDMA 

WiMAX gives a scalable physical layer approach wherein the data rate is scaled easily 

according to the available channel bandwidth. The OFDMA mode supports this scalability, 

where the FFT size may be scaled based on the available channel bandwidth. For example, 

if the channel bandwidth respectively is 1.25MHz, 5MHz, or 10MHz, a WiMAX system 
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may use 128-, 512-, or 1,048 FFT size. This scaling may be done dynamically to support 

user roaming in different networks with different bandwidth. In a fixed WiMAX system 

with IEEE 802.16d, the FFT size is fixed at 256 or 2048. In a mobile WiMAX system with 

IEEE 802.16e, the FFT size is scalable from 128 to 2,048. The FFT size is adjusted 

according to the available bandwidth, so the subcarrier spacing is always constant to 

10.94kHz. This keeps the OFDM symbol duration fixed and makes scaling have a 

minimal impact on the system. A scalable design also keeps the costs low. The subcarrier 

spacing of 10.94kHz was chosen as a good balance between satisfying the delay spread 

and Doppler spread requirements for operating in mixed fixed and mobile environments. 

A subcarrier spacing of 10.94kHz implies that 128, 512, 1,024, and 2,048 FFT are used 

when the channel bandwidth is 1.25MHz, 5MHz, 10MHz, and 20MHz, respectively.  

 

2.4.3 Multiuser Diversity and Adaptive Modulation and Coding 

In OFDMA system, the subcarrier allocation and power distribution should be based on 

channel quality such that we will achieve maximum system throughput. Multiuser 

diversity and adaptive modulation and coding scheme enable high performance in 

OFDMA systems. Selecting a user or several users having good channel quality leads to 

multiuser diversity gain. Adaptive modulation and coding can facilitate higher data rates 

by using high level modulation and coding scheme when the channel is in good condition. 

Next we will provide some basic discussion about multiuser diversity and adaptive 

modulation and coding. 

 

Multiuser diversity 

The main motivation for adaptive subcarrier allocation in OFDMA systems is to exploit 

multiuser diversity. In multiple user OFDMA systems, the subcarriers experience 

Rayleigh fading which leads to independent channel gain to each user depending on their 

location. Multiuser diversity can be used advantageously by allocating subchannel with 

good channel condition to the corresponding users which leads to improve the system 

performance like high data rates.  

 

As the number of user increases, the probability of getting a large channel gain improves, 

[21]. This increased channel gain improves the system capacity. The multiuser diversity 

gain improves as the number of users increases in the system. In a WiMAX system, the 

multiuser diversity gain will generally be reduced by averaging effects, such as spatial 

diversity and the need to assign users contiguous groups of subcarriers. The gains from 

multiuser diversity are considerable in practical systems. In this section we consider only 

the multiuser diversity gains in terms of system capacity. However, in some cases, the 

largest impact from multiuser diversity is on link reliability and overall coverage area. 

 

Adaptive modulation and coding 

Adaptive modulation and coding is adopted in WiMAX systems in order to take 

advantage of fluctuations in the channel quality. When the channel is good, high level 
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modulation and coding scheme is used to achieve high data rate. When the channel 

quality is poor, low level modulation and coding scheme is adopted to transmit lower data 

rate in order to improve the robust data transmission and avoid excessive dropped 

packets. Lower data rates can be achieved by using low level modulation and coding 

scheme, such as a small constellation QPSK, and low-rate error-correcting codes, such as 

rate 1/2 convolutional or turbo codes. The higher data rates are achieved with large 

constellations, such as 64 QAM, and less robust error-correcting codes such as 3/4 rate 

convolutional, turbo, or LDPC codes. In all, 52 configurations of modulation and coding 

types and rates are possible. We only use 7 types of burst profiles in the system 

implementation as shown in Fig. 2.8.  

 
Fig. 2.8 Throughput versus SNR for AMC. 

 

A large range of spectral efficiency could be achieved possibly. This allows the throughput 

to increase as the SNR increases following the trend promised by Shannon’s formula 

C log 1 SNR . Here, the lowest level modulation and coding scheme is QPSK with 

coding rate 1/2 convolutional codes, and the highest is the burst profile with 64 QAM and 

rate 3/4 convolutional codes. The achieved throughput normalized by the bandwidth is 

defined in Eq. (2.9): 

1 /                      (2.9) 

 

Where BLER is the block error rate,  is the coding rate, and M is the number of points 

in the constellation. For example, 64 QAM with rate 3/4 codes achieves a maximum 

throughput. Here, we only consider the ideal case with perfect channel information and 

no consideration of retransmission. In practice, there is always delay and imperfect 

channel estimation or error in channel information. WIMAX systems protect the 
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feedback channel with error correction to deal with imperfect channel estimation or error 

in feedback channel. In OFDMA systems, each user is allocated a block of subcarriers 

having a different set of SNR. Then, the transmitter can determine the optimum 

modulation and coding strategy and transmit power based on the channel SNR. 

2.5 Quality of Experience in VoIP 

The simulative performance of the scheduling algorithms will be evaluated at the example 

of VoIP transmissions based on Quality of Experience (QoE), and the scheduling decision 

is also made by combining the metric of continuous QoE measurements. The definition of 

QoE is given in the following section, which has much distinction with Quality of service 

(QoS). QoS expresses the objective speech quality which attempts to measure speech 

service objectively. While QoE represents the degree of overall subjective acceptability by 

users and it involves subjective human perception. There is a tight interdependence 

between QoE and QoS, and QoE is a function of QoS which can be expressed by mapping 

the physical parameters into users perceptive scale. As the overall objective is to evaluate 

the performance of scheduling algorithms by assessing VoIP QoE levels, the VoIP system 

and speech voice packets model also are addressed in later sections. Each of components 

in VoIP system has potential impact to the overall speech quality perceived by users. 

Then two methods for speech quality assessment is briefly introduced related to QoE, and 

the most popular methods of this kind of method is the E-Model, which will be presented 

in detail in next section. Speech voice quality perceived by a user of a VoIP connection 

suffers from two types of time-varying degradations particularly characteristic of VoIP: 

packet loss and jitter. According to human native perception, human perceive a quality 

change rather continuously than instantaneously. A two alternative state packet loss 

behavior is defined to calculate packet loss impairment based on E-Model in the system 

simulation. Time delay impairment evaluation method is also addressed briefly 

integrated with packet loss impairment in order to evaluate the performance of 

scheduling algorithms. The perceived speech quality including human perception subject 

is predicted in the system simulation based on E-Model. In this section, most contents 

are from [30]. 

2.5.1 Quality of experience vs quality of service assessment   

The actual space for the definition of Quality of Service (QoS) is divided into two parts: 

subjective and objective. The customers define quality as the overall satisfaction based on 

subjective assessment in multiple dimensions while engineers tend to express quality in 

terms of physical and measurable parameters objectively. A general model divides QoS in 

three notions: intrinsic, perceived and assessed according to [31]. Intrinsic QoS (IQ) is 

purely technical and evaluates measured and expected characteristics expressed by 

network parameters like delay and loss. Perceived QoS (PQ) reflects user satisfaction in a 

particular service. Therefore, it is a subjective approach and the only method to 

ultimately capture it is to survey human subjects. Assessed QoS (AQ) extends the notion 
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of PQ to secondary aspects like service price, availability, usability and reliability. Each of 

the notions can be evaluated separately but they are tightly interdependent. Perceived 

QoS is a function of IQ and PQ is an element of AQ. The IETF, the ITU-T, and ETSI direct 

their focus on different definitions. The ITU-T recently released the Quality of Experience 

(QoE) framework Definition of Quality of Experience. An explicit distinction has been 

made between QoS and QoE in this definition. In this document, QoS expresses the 

degree of objective service performance, which attempts to objectively measure the 

service. QoE represents overall acceptability of an application or service, as perceived 

subjectively by the end of users. According to these definitions, QoS equals IQ while QoE 

equals AQ. It appears much more complicated for QoE due to involve humans, while QoS 

seems straight forward and is merely to measure physical parameters. However QoE is 

the ultimate measure and the interdependence between QoS and QoE is required to be 

exploited in order to obtain QoE in systems. This can be achieved from the characteristic 

of that QoE is a function of QoS, which can be expressed by mapping physical parameters 

to user ratings. This quality assessment method is called Instrumental Quality 

Assessment (IQA) [32], which is based on mapping measured parameters, like mapping 

delay or loss to a QoE scale, like the Mean Opinion Score (MOS). 

2.5.2 Speech voice packets model and VoIP system 

Speech voice signals are slowly varying continuous analog signal, which frequency 

components ranged to the lower 4kHz band. A speech signal alternates between talk 

spurts and silence periods because of linguistic structures. Talk spurts durations range 

from 300ms to 400ms averagely while silence periods range from 500ms to 700ms. 

Voice frames have 20ms length in voice over IP traffic generated by a G.711 codec. In our 

simulation work, the standard Exponential On/Off model is applied to model talk spurts 

and silence periods. Every user has a random initial condition to On/Off, and the mean 

sojourn time in On state is 300m and average Off 600ms [33]. Several other process 

steps are necessary in order to transit speech voice over a packet network. In Fig. 2.9, 

each single block represents a processing step, and the complete set makes a basic 

End-to-End VoIP system. 

 
Fig. 2.9 Basic component of a VoIP system. 
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Each process step of the VoIP system impacts the perceived speech quality by the listener. 

First, the analog speech voice signal is converted to digital signals. This process step is 

commonly assumed that it has little or none influence with respect to the overall voice 

quality. Before the digital signals enter the Voice Activity Detector (VAD), additive noise 

is reduced or canceled. The VAD cancels the transmission of silence and therefore 

influences the durations of talk spurts and silence periods. As mentioned before, the 

sojourn times of talk spurts and silence periods are in appropriately exponentially 

distribution with a tendency to longer tails [34], and the mean is completely controlled by 

the VAD sensitivity. VAD explicitly and implicitly influences speech quality by impacting 

on packet loss and its distributions. 

 

Talk spurts are encoded by one of voice codecs standardized by the ITU-T. The simplest 

and best known is Pulse Code Modulation (PCM), which is also the codec used in our 

research work. It is standardized by ITU-T and named G.711. This encoder produces a 

64kbps digital signal and implies some level of entropy due to it is the discrete 

quantization. This is the main reason of its inherent impact on speech quality. Then the 

digital signal is packetized into same sized packets. The continuous bit stream results in a 

periodic sequence of packet emissions for each talk spurt, where the packet length 

determines the period. In VoIP systems, a proper packet size is crucial to the overall 

efficiency, and the tradeoff has to be made between transport overhead and the actual 

payload. In system simulation, some VoIP requires to be fragmented and assigned band 

resource in scheduling, this should be considered that the bits number of fragments 

should be more than the head of each fragment. 

 

By using the common mechanisms, voice packets are transported over the IP network. 

They might be treated with priority by implementation in some network access segments. 

When reaching the Internet backbone, they most likely share the same fate as any other 

best-effort traffic [33]. Packets might be delayed, reordered, jittered, and some eventually 

dropped or received. It is obvious that this part of VoIP system potentially has the major 

impact on the overall quality. 

 

The speech bit stream is extracted from the packets once they arrive at the end of the 

system. The methods like sequence numbers, and algorithms like Forward Error 

Correction (FER) or Packet Loss Concealment (PLC) recover or mask it to some extent, 

are applied to identify lost information. In the next step, the modified bit stream is 

decoded depending on the deployed VAD, and some comfort noise is added. This is to 

account for the artificial silence introduced by the VAD, such that the absolute silence is 

being perceived by humans and is likely to be falsely interpreted. In the final step, the 

digital signal is re-converted into an analog one by D/A, and played out by a speaker 

device. 

2.5.3 Methods for speech quality assessment 

Speech transmission and the ultimate service quality depend on how the sound is 
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interpreted utterly by the communication participants. This concept is independent from 

how a voice service is implemented, either analog or digital, over a circuit-switched or 

packet network. Therefore, subjective speech quality assessment is the only appropriate 

quality assessment method for voice services. 

 

Subjective quality assessment involves surveying consumers. These methods are 

classified as auditory. In the experiment, a human listens to speech samples subject to 

varying impairment in space and time, and then records the perceived quality. Since 

human physiology varies between the participants, the result of an auditory method is 

highly individual. Human perception depends on spectral and temporal processing 

capabilities of the auditory system, on echoic, short-term, and long-term auditory 

memory. Furthermore, speech comprehension, intelligibility, and communicability 

contribute to the judgments as well. For instance, humans are able to restore missing 

sounds by way of analyzing context, a feature known as the ‘picket fence effect’ in analogy 

to a visual modality. 

 

Central to these auditory test methods is to determine how to scale ratings, such as 

absolute, relative, discrete or continuous. The well known MOS illustrated in Fig. 2.11 is a 

5-point Absolute Continuous Rating (ACR) scale. It expresses the average over a set of 

individual ratings obtained in a controlled experiment. It is frequently used in methods 

aiming at capturing time varying quality impairment by recording the instantaneous 

quality over time. As shown in next sections, time varying quality impairment plays a 

important role in speech quality assessment. 

 

There exist automated methods that evaluate speech quality on demand, in real-time and 

without human involvement. Instrumental Quality Assessment method is alternative to 

auditory tests. The principle of these methods is to correlate physical and measureable 

magnitudes with quality as perceived by a consumer. The correlation is complicated and 

too inconvenient to establish in practice. In recent advances, signal-based methods 

achieve accurate and reliable results based on the well-understood signal processing 

performed by human. Each of these methods compares a clean reference signal with the 

same signal after been processed by the system under test in experiments. At last, the 

estimated deviation is mapped to a rating scale. Like the 5-point ACR, this mapping is 

purely empirical and the result of a large number of auditory tests. The alternative to 

signal-based methods is parameter-based ones, which require instrumentally 

measureable magnitudes evaluated in a parametric model. The E-Model is the most 

popular method of this category [35]. The E-Model is treated in the following section. 

2.5.4 E‐Model to estimate voice quality 

In order to make the model assess quality under packet loss and time varying generally 

applicable to the planning of VoIP connections, the ITU-T’s E-model is used as the 

modeling framework [36]. The E-model for transmission speech quality was initially 

designed for planning public switched telephone networks. The E-model provides an 
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objective IQA method of assessing mouth-to-ear transmission quality of a telephone 

connection based on human perception and is intended to assist telecommunication 

service providers with network planning, resource control, and performance evaluation. 

The basic assumptions of the E-model are the additivity of different classes of 

impairments on a perceptual impairment scale. To this aim, the instrumentally 

measurable input parameters are transformed into the model’s perceptual quality scale 

that expresses the transmission rating factor R, noted R-score, denoting the 

psychoacoustic quality score. The R-score ranges from 0 to 100, with 100 reflecting the 

best possible quality. The E-model has the following components and is defined as: 

 

                             (2.10) 

 

In Eq. (2.10), R denotes the quality score, an additive and non-linear quality metric based 

on a set of impairment factors, namely R0, Is, Id , Ie, and A. It assumes that underlying 

sources of degradation can be transformed into particular scales and expressed by an 

impairment factor. These functional relations are found prevailingly empirical. The 

classes of degradation are: 

 

R0 is the transmission rating factor representing noise and loudness effects due to the 

basic environmentally inflicted signal-to-noise ratio, including all noise sources, like 

induced by reflections and interferences in rooms or line noise. 

Is is the simultaneous impairment factor summarizing all impairments that are 

simultaneous to the transmitted speech signal, like signal-correlated noise, PCM 

quantizing distortion, or Voice Activity Detector(VAD) hangover times. 

Id, the delayed impairment factor, stands for the impairments delayed to the speech 

signal, such as transmission delay or echo. 

Ie is the equipment impairment factor representing degradation due to information loss, 

which includes both terminal internal information loss like speech coding and also 

packets losses caused by lossy transport media like IP network. 

A is the advantage factor that quantifies the user’s advantage of access. It quantifies user’s 

tolerance with respect to quality degradation if these are perceived as inherent to a 

feature that otherwise increased system utility or convenience. Typically, consumers are 

more tolerant for degradations within a mobile network than for a fixed line. 

Degradations are conceived as a natural consequence of ubiquitous telephone access over 

radio interfaces [37]. 

 

E-model has originally been designed for network planning. In spite of its limitations of 

suitability for monitoring the speech voice quality of individual call, in its modified form, 

it also has been used to form the basis for VoIP network monitoring approaches [38], and 

has been widely used more generally for estimating VoIP quality [39, 40]. The E-model’s 

particular appeal is its simplicity. The main advantage over other modeling approaches 

lies in that it is applicable to a conversational situation, since it covers 

conversation-related effects such as echo or delay. In order to assess speech quality of a 

VoIP call, we simply have to measure parameters like delays and losses, map them into 
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degradation scales, and sum up all factors in order to yield the final score R. Apparently, 

central to the E-model is therefore degradation functions. According to the definition of Ie, 

there is a different function for each codec as they are differentially sensitive to packets 

losses. In Fig. 2.10, the equipment impairment factor Ie function is plotted with a simple 

4th order least square for packet loss over quality degradation for the G.711 codec. More 

these mappings are found in [32, 33, 41,]. 

 

Fig. 2.10 Non-linear relation between the packet loss ratio and the equipment 

impairment factor (Ie) [30]. 

 

Auditory tests commonly quantify speech quality based on an Absolute Continuous 

Rating (ACR) scale. ACR on 100-point is applied to the E-model too. The globally 

established ACR scale is the Mean Opinion Score (MOS) and a translation form R-score 

to MOS has been introduced resulting from extensive auditory tests. It can be found in 

ITU-T Recommendation [42] and is depicted in Fig. 2.11. 

 

Fig. 2.11 Mapping average user satisfaction (MOS) to the R-Score. 

 

The E-model with various modifications and setups was used in the work of numerous 

researchers. They discussed weaknesses and proposed their modifications. The foremost 

points are central on the additivity and packets loss processes of E-model in IP networks. 

It is far more complex than what is captured by simple loss ratios. As mentioned in 

section 2.2, we should consider psychoacoustic human perception. In the next section, we 

will discuss instationary quality distortion and human perception. 
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2.5.5 Packets loss impairments and human perception 

Speech quality is strongly influenced by information loss, so it is insufficient by 

measuring packet loss and mapping it to Ie. Particularly, the final speech quality is 

prevailingly determined by the packet loss distribution, if speech voice is delivered over 

IP networks by means of VoIP. Intuitively, single packet losses are always preferable over 

loss bursts. Furthermore, packet loss distributions themselves are frequently instationary 

over a call’s life time and instantaneous as well as ultimate quality assessment by humans 

exhibits strong correlation with this characteristic [32]. 

 

To account for this characteristic, we divide the packet loss process in periods with 

different loss behaviors, as proposed by Clark in 2001, and refined in [32, 33]. In our 

system simulation, we adopt the principles proposed by Clark and modified it for our 

purpose. The packet loss driven model is defined as two alternating states of microscopic 

loss behavior, loss gap and loss burst state, with respect to the distance of packet loss 

events. As shown in Fig. 2.12, a series of consecutive periods of different microscopic loss 

behaviors, like packet loss ratio and distribution, together form a macroscopic loss profile. 

According to Clark, the model remains in loss gap state as long as there is a minimum of 

16 successfully received packets between two loss events delta δ. Otherwise there is a 

transition from gap to burst. The idea behind staying in gap state under this condition is 

that modern loss recovery algorithms can deal with isolated packet loss relatively well. In 

case of a transition to burst state, the model remains in this state until 16 packets are 

successfully received between that latest and the previous loss event. In Fig. 2.12, Green 

stars represent VoIP packets and red arrows indicate packet loss events. The distance 

between them is delta δ. If δ is larger (smaller) than 16, the model is in gap (burst) state. 

Otherwise it changes from burst (gap) to gap (burst) state. In the event of a transition the 

impairment factor is calculated for the abandoned state. Over time, this leads to a series 

of Ie values. 

 

 
Fig. 2.12 A series of consecutive periods of different microscopic loss behaviors [30]. 

 

Upon the detection of any state transition, the loss ratio for the previous state is used to 

calculate the corresponding impairment factor Ie values, using the relation and function 

depicted in Fig. 2.10. Then a time series of Ie values with respect to states. But this Ie 

values can’t be used to compute R score directly because of human perception. There is 

another feature, inherent to human perception, which has been integrated in this model, 

the intuitive delayed perception of quality change.  
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Intuitively, humans would not immediately notice the instantaneous speech quality 

changes at some moment in time. Naturally, the listeners tend to perceive speech quality 

changes rather continuously and not instantaneously at state transitions. If the speech 

quality changes from good state to bad state at some moment, humans would not notice 

this change immediately. As time progresses, the listener would become progressively 

more annoyed or distracted by the impairment. As the results of some tests [43], we have 

the further distinction between the good to bad transitions and the bad to good 

transitions. Humans confirm a change from good to bad transition much faster than the 

other way. Generally, this feature can be described with an exponential function with 

specific time constants. So the perceived speech quality can be estimated from the 

instantaneous quality by assuming an exponential decay. Fig. 2.13 illustrates the 

instantaneous rating behavior of subjects in case of a loss profile as used in [44]. The 

expected rating denoted by solid line associates with both burst state and gap state. The 

dashed line indicates the delayed perception by humans as an exponential decay. 

 

Fig. 2.13 The picture shows the expected rating (solid line) associated with either loss or 

gap state. It also indicates the true, delayed perception (dashed line) by humans as an 

exponential decay or rise of the R-Score with respect to a state transition [45]. 

 

Ie,g and Ie,b are the impairment values associated with the loss levels during gap state and 

burst state . I1 is the estimated instantaneous impairment during a change from burst to 

gap condition, and I2 is the impairment at the change from gap to burst. With these 

parameters and the assumption of an exponential decay, I1 and I2 are expressed as: 

 , ,                              (2.11) 

, ,                              (2.12) 

Here, g and b respectively denote the sojourn times in gap and burst state.  is the time 

constant for the good to bad transition and  is the time constant for the bad to good 

transition. Typical values are 9  and 22  in [32]. Combining Eq. (2.11) and 

Eq. (2.12) yields an expression for I2 independent from I1: 

, 1 , 1                (2.13) 

Integrating the expressions of I1 and I2 leads to an average impairment level over a 

certain time: 
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 · , · , · · ,  

· 1 · , ,  

      · , · 1                          (2.14) 

The average gap and burst length,   and , as well as the average impairment levels ,  

and ,  can be estimated with the E-Model. The average impairment level  for a 

certain loss profile of certain length can be predicted by putting all these parameters in 

Eq. (2.14). Eventually, by replacing  in Eq. (2.10) with  and using proper values for 

the remaining parameters, the subjective quality for a single call can be evaluated by this 

parametric IQA method called Integral Quality by Time Averaging [32]. In next section, 

we will consider how to account for the delayed impairment factors  and the remaining 

parameters. 

2.5.6 Time delay impairments 

The effects of delayed impairment factors  are well known [46]. It is an important 

parameter in Eq. (2.10) to evaluate the speech quality and easily modeled. Delays of less 

than 177.3ms have a small effect on conversational difficulty whereas delays over 177.3ms 

have a larger effect. A simple delay model used in [47] is expressed: 

If delay <177.3ms, then 

0.024 ·  

Else, 0.024 · 177.3 /9 

Default values for E-Model parameters can be assumed, setting 94, an effective 

default value with respect to the inherent feature of the G.711 codec which was used in 

our work. For simplicity, the delayed impairment value  is set to a typical value 4 

in the system simulation, and assuming the worst case, we set A to zero. Combining all 

these factors and default values we set, the R score is determined from the expression 

below. 

90                                   (2.15) 

Where  can be estimated by Eq. (2.14), Eq. (2.15) is intended to more closely 

approximate the human perspective of quality. From Eq. (2.15), if one user doesn’t lose 

any packet in a call time, the packet loss impairment value  should be zero, and this 

user will have R-score 90 finally. With number of packets loss increasing, the loss 

impairment value  will increase, and then R-score will decrease below 90. In this 

thesis, the target is to try to achieve better R-score for every user based scheduling 

algorithms. 

2.6 Summary 

In this chapter, the basic necessary discussion of space applications using OFDMA is 

given. The basic overview of WiMAX and IEEE 802.16 standard is addressed, and the 
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feature of WiMAX is summarized. The challenge of broadband wireless channels is 

explained and the principle effects in broadband wireless channels are quantified and the 

statistical models are presented. Additionally, we cover the review of OFDMA and the 

basics of OFDM. The advantages and disadvantages are summarized. The principle of 

OFDMA is addressed and its features are presented. Then, we provide basic discussion on 

the two key principles in OFDMA system: multiuser diversity and adaptive modulation 

and coding. At last, we addressed the definition of QoS and QoE, and analyzed the 

distinction of the comparison between QoS and QoE. The assessment of speech quality in 

VoIP system is introduced including human perception. The basic principle of VoIP 

system is presented. The E-Model is used to evaluate the subjective quality to assess 

mouth-to-ear transmission quality based on human perception. The packet loss 

impairment scale and time delay impairment scale are evaluated, and then the subjective 

quality R score for a single call can be calculated by using the proper parameters. 
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3 Resource Allocation for OFDMA 

 

Resource allocation includes subcarrier allocation and power distribution. In this chapter, 

we mainly focus on subcarrier allocation problem referred as subchannelization. The 

IEEE 802.16e-2005 standard specifies the subchannel as a logical collection of 

subcarriers. The permutation modes determine the number and distribution of the 

subcarriers constituting a subchannel. In IEEE 802.16 standard, two permutation modes 

are specified as frequency diversity and band AMC modes. In frequency diversity mode, 

the subchannel is constituted with a group of pseudo randomly distributed subcarriers 

which provides more frequency diversity and is particularly used for mobile application. 

On the contrast, subchannels may be constituted by using contiguous subcarriers on the 

frequency band, called band AMC mode which is particularly used in stationary or 

low-mobility application. The subchannels with this mode lose frequency diversity but 

allow the system to exploit multiuser diversity, allocating subchannels to users based on 

their frequency response.  

 

In this chapter, we first address the concept and principle of slot and frame structure 

specified in IEEE 802.16 standards. The basic discussion on the principle and advantages 

of frequency diversity mode and band AMC is presented. FUSC and PUSC as variants of 

frequency diversity mode are described. The overview of the previous work results is 

studied and summarized.  

3.1 Slot and frame structure 

IEEE 802.16 standards specify the terms of slot and data region. Slot is the smallest units 

in physical layer resource that can be allocated to a single user in the time and frequency 

domain. This size of a slot is dependent on the subcarrier permutation mode. Each slot in 

band AMC mode is 8, 16, or 24 subcarriers by 6, 3, or 2 OFDM symbols. The contiguous 

collections of slots are assigned to a single user from the data region of the given user in 

the time and frequency domain. It is very critical to the system performance of a WiMAX 

system for allocating data regions to various users by the scheduling algorithms. A good 

scheduling algorithm should adapt itself to not only the required QoS but also the 

instantaneous channel and load conditions. To this thesis objective, we consider the 

scheduling algorithms for the required QoE. Scheduling algorithms will be discussed next 

chapter. 

 

In this section, we take most of contents from [3, 4, 21].IEEE 802.16e-2005 specifies both 

frequency division duplexing (FDD) and time division duplexing (TDD). The uplink and 

downlink subframes are transmitted simultaneously on different carrier frequencies in 

case of FDD, whereas the uplink and downlink subframes are transmitted on the same 

carrier frequency at different times in the case of TDD. The frame structure for TDD is 
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depicted in Fig. 3.1. The identical difference of the frame structures between FDD and 

TDD modes is that UL and DL subframes are multiplexed on different carrier frequencies 

in FDD mode. As demonstrated in Fig. 3.1, in IEEE 802.16e-2005 each DL subframe and 

UL subframe is divided into various zones by using a different subcarrier permutation 

scheme individually. The control messages in the beginning of each DL subframe provide 

the relevant information about the starting position and the duration of the various zones 

used in a UL and DL subframe. As shown in Fig. 3.1, the first OFDM symbol in the DL 

subframe is used for containing the DL preamble. The preamble includes much 

information of physical layer procedures, such as time and frequency synchronization, 

initial channel estimation, and noise and interference estimation. The frame correction 

header (FCH) is allocated in the next OFDM symbol, carrying system control information, 

such as the used subcarriers, the ranging subchannels, and the length of the DL-MAP 

message. The FCH is modulated and coded with low level scheme BPSK R1/2 to have 

maximum robustness and reliable performance at any position. Next to FCH are DL-MAP 

and the UL-MAP messages respectively. DL-MAP and the UL-MAP messages specify the 

data regions of the various users in the DL and UL subframes of the current frame. With 

these messages, each mobile station can identify the useful information for its use from 

the subchannels and OFDM symbols allocated in the DL and UL. Following the UL-MAP 

message, the base station also transmits the downlink channel descriptor (DCD) and the 

uplink channel descriptor (UCD) periodically. This contains more information about 

channel structure and the various burst profiles in the given base station. 

 

 
Fig. 3.1 Frame structure mapping [21]. 

3.2 Frequency diversity mode 

The standard specifies diversity modes including FUSC and PUSC to allocate subcarriers 

to subchannels. Full usage of subcarriers (FUSC), means that the mobiles in one sector 

share all subcarriers, whereas partial usage of subcarriers (PUSC) means that the mobiles 

in one sector only share a part of the subcarriers. FUSC and PUSC both belong to 
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diversity mode. In this mode, the subchannels are composed of the pseudo randomly 

distributed subcarriers over the entire frequency band, as shown in Fig. 3.2. This 

facilitates the frequency diversity effect over the frequency selective fading channel in the 

broadband OFDMA system. In this case, the channel quality of each subchannel is 

determined by taking the average SNR over all corresponding subcarriers. FUSC and 

PUSC make use of frequency diversity. The symbols assigned on the subchannels are with 

good and bad channel conditions that compensate for each other. 

 

 

Fig. 3.2 Diversity Subchannels. 

3.2.1 Downlink Full Usage of Subcarriers 

The OFDMA symbol structure consists of three types of subcarriers as shown in Fig. 3.3. 

These three types of subcarrier are data subcarriers for data transmission, pilot 

subcarriers for estimation and synchronization purposes, and null subcarriers for no 

transmission as DC subcarriers. 

Fig. 3.3 OFDMA symbol structure representation in frequency domain. 

 

All the data subcarriers are allocated to comprise the various subchannels in the scheme 

of DL FUSC. The IEEE 802.16 standards defines that each subchannel is composed of 48 

data subcarriers, which are distributed evenly throughout the entire frequency band by 

permutation mode, as depicted in Fig. 3.4. Firstly, the pilot subcarriers are allocated 

evenly over the frequency band. Then the data subcarriers are allocated onto the different 

subchannels which are determined by permutation schemes specified in IEEE 802.16 

standards [3, 4]. The pilot subcarriers are classified as two constant groups and two 

variables groups. In constant groups, the index of subcarriers would not change from one 
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OFDM symbol to next. In another group, the index of subcarriers changes in different 

OFDM symbols. The variable groups allow the receiver to estimate the channel response 

more accurately across the entire frequency band. This is very important in channels with 

large delay spread. The IEEE 802.16 standards specify the various parameters related to 

the FUSC permutation scheme for different FFT sizes. 

 
Fig. 3.4 FUSC subcarrier permutation scheme [21]. 

 

Table 3.1 Parameters of DL PUSC Subcarrier Permutation [21]. 

 128 512 1024 2048 

Subcarriers per cluster 14 14 14 14 

Number of subchannels 3 15 30 60 

Data subcarriers used 72 360 720 1440 

Pilot subcarriers 12 60 120 240 

Left-guard subcarriers 22 46 92 184 

Right-guard subcarriers 21 45 91 183 

3.2.2 Downlink Partial Usage of Subcarriers 

In the case of DL PUSC all the subcarriers are first divided into six groups shown in Table 

3.1 [21]. Permutation of subcarriers to create subchannels is performed independently 

within each group, thus, in essence, logically separating each group from the others . In 

the case of PUSC, the data subcarriers and pilot subcarriers are allocated into clusters 

first. Each cluster is formed with 14 adjacent subcarriers over two OFDM symbols as 

shown in Fig. 3.5. There are 24 data subcarriers and 4 pilot subcarriers in each cluster. 

Then the clusters are permuted with a pseudorandom numbering scheme. Actually, the 

logical identity of the clusters is redistributed. After renumbering, the clusters are divided 

into six groups, with the first one-sixth of the clusters belonging to group 0, and so on. A 

subchannel is created using two clusters from the same group, as shown in Fig. 3.5. In 

PUSC, a given transmitter can be allocated all or only a subset of the six groups. The 

signals of the neighboring transmitters can be separated by using disjoint subsets of the 

six available groups. This enables a tighter frequency reuse at the cost of data rate. This 

scheme is referred to as segmentation. In this case, a base station with three sectors 

allocated two distinct groups to each sector can reuse the same frequency in all of them. 
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By using such a segmentation scheme, all the sectors in a BS can use the same RF channel, 

while maintaining their orthogonality among subcarriers. This OFDMA mode is very 

useful in a WiMAX system when the available spectrum is not enough. We can take 

advantage of frequency reuse in this case [3, 4, 21]. 

 

 

Fig. 3.5 DL PUSC subcarrier permutation scheme [21]. 

3.3 Band AMC mode 

Band AMC is an alternative subcarriers allocation mode in WiMAX system specified in 

IEEE 802.16 standards. Unique to the band AMC permutation mode, the entire 

frequency is divided into multiple subchannels which consist of a group of contiguous 

subcarriers over the entire frequency band. A band-AMC subchannel must be constructed 

with a group of adjacent subcarriers, as demonstrated in Fig. 3.6. 

 

 
Fig. 3.6 Band AMC subchannel. 

 

The neighboring subcarriers in the subchannels constructed with band AMC mode 
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experience the same or at least similar channel quality. It is better to use frequency 

selective scheduling in band AMC mode when the mobiles experience independent fading. 

Generally, this mode is appropriate to a fixed or low mobility environment, in which a 

channel condition changes rather slowly, not incurring too much overhead for a CQI 

report [2]. In contrast, the diversity mode is appropriate to mobile application, which 

suffers in every frame from channel variation. Band AMC mode loses frequency diversity 

in a large extent with this subcarrier permutation scheme. However, multiuser diversity is 

easily to be exploited. In the case of band AMC mode, a subchannel at any given time is 

assigned to the user with the maximum SNR in that subchannel, thus, this leads to the 

overall system throughput or capacity improves significantly by facilitating multiuser 

diversity. The simulation results in [2] show that the overall performance in a WiMAX 

system improves due to multiuser diversity. Because of the variation of the wireless 

channel, different users are assigned the subchannel with maximum SNR to the user. 

 

In band AMC permutation scheme, a bin is formed of nine continuous subcarriers with 

eight data subcarriers and one pilot subcarrier over one OFDM symbol as depicted in Fig. 

3.7 [21]. A subchannel always uses neighbored bins. A band AMC subchannel can consist 

of one bin over six consecutive symbols, two consecutive bins over three consecutive 

symbols or three consecutive bins over two consecutive symbols. Consequently, a 

subchannel consists of 24, 16, or 8 data subcarriers. Six contiguous bins within the same 

band comprise a band AMC subchannel. A slot related to a subchannel corresponds to a 

set of subcarriers over a certain number of OFDM symbols. A slot is one subchannel over 

two, three, or six OFDM symbols. A physical band consists of four rows of bins. For band 

AMC, a band is constituted with some adjacent bins in the frequency domain [3, 4, 21]. 

 

 
Fig. 3.7 Band AMC subcarrier permutation [21]. 
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3.4 Related work of resource allocation 

In this section, we study the results of previous related work in resource allocation 

schemes in OFDMA systems. This problem includes determining which users to schedule, 

how to allocate subcarrier to them, and how to determine the appropriate power level for 

each user on each subcarrier. However, the optimal solution for this problem is very 

computationally complex. To decrease the complexity and achieve an efficient solution 

for this problem, this optimization problem is divided into two separate sequential 

optimization problems: subcarrier allocation and power allocation. In the following, we 

study the related work of subcarrier allocation and power allocation. Mainly we focus on 

subcarrier allocation problem. 

 

In a wireless WiMAX system, a subcarrier under deep fading for one user may be of good 

quality for other users. In this case, spectral efficiency can be improved, or equivalently, 

transmit power can be reduced. This requires dynamic subcarrier allocation and power 

allocation to improve system performance. The maximum system capacity can be 

achieved if the subchannel assigned to the user with maximum SNR and power 

subsequently allocated by water-filling, but fairness among users can’t generally be 

achieved with such a scheme [10]. The optimal solution to this problem is 

computationally complex. In previous research, to decrease the complexity and achieve 

an efficient solution for subcarrier and power allocation problem, this optimization 

problem is divided into two separate sequential optimization problems: subcarrier 

allocation and power allocation. The Lagrangian-based scheme can achieve very good 

performance in power allocation [9], but it is not efficient and not suitable for real time 

applications due to its high complexity. The researchers have already done much work on 

power allocation for OFDMA network, and achieved good results. In [7], an optimal 

power allocation method has been proposed to achieve the proportional fairness and low 

complexity, and higher capacity of the system. In [9], an adaptive subcarrier allocation 

method is used to minimize the overall transmit power. In the proposed algorithm in [10], 

the subchannel allocation is first performed by assuming an equal power distribution, 

and then an optimal power allocation algorithm then maximized the sum capacity while 

maintaining proportional fairness. In [9], an iterative subcarrier and power allocation 

algorithm is proposed to minimize the total transmit power given a set of fixed user data 

rates and bit error rate requirements. In [48], the water filling algorithm is used to 

maximize the total capacity, but this loses fairness among the users. This problem is 

addressed in [49] by ensuring each user a minimum data rate. In [50], they consider a 

notion of fairness in the resource allocation algorithm to maximize the minimum user 

data rate. In [7], an algorithm is proposed to solve non-linear equations to maximize the 

total capacity subject to user rate proportionality constraints. In [1], the power allocation 

problem is linearized to achieve approximate rate proportionality.  

 

For subcarrier allocation problem, much effort has been done on scheduling and 

implementation by many researchers. Assigning subcarriers out of multiple frequency 

bands allows a scheduler to exploit frequency diversity gain as well as frequency selective 
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gain to maximize system performance. In [51], they derive a multiuser optimization 

algorithm to find an optimal subchannel allocation method. The suboptimal adaptive 

subchannel allocation algorithm with low complexity is proposed to achieve the similar 

performance as optimal subchannel allocation algorithm. In [1], a non-iterative method 

with relaxing strict user rate proportionality constraints is proposed. This low complexity 

dynamic subcarrier allocation algorithm without the restriction of high subchannel SNR 

can yield higher user data rates and spectral efficiency. In [10], the optimal solution of 

subchannel and power allocation problem is computationally complex and poses 

prohibitive computational burden at the base station, so they propose a suboptimal 

technique. The suboptimal subchannel allocation algorithm is to use the subchannels 

with high SNR as much as possible by each user. Lagrangian method is used in power 

allocation and Newton-Raphson methods [52] are used to solve the optimal problem. 

After power allocation, the overall maximum capacity is achieved and proportional 

fairness among users is maintained. This algorithm achieves about 95% of the optimal 

capacity in a two-use system while reducing the complexity from exponential to linear. 

 

It is commonly considered that frequency diversity gain is preferred to be used for mobile 

application. On the contrast, frequency selective scheduling gain is generally considered 

to be applied to stationary or low-mobility application, in which the channel condition 

changes slowly, not incurring too much overhead for a channel quality indication [2]. In 

[53], they give the quantitative analysis and the effect of user mobility is quantitatively 

analyzed in relation to a tradeoff between frequency diversity gain and frequency 

selective scheduling gain. In [53], the system model is assumed with sub bands available 

to a user. The scheduling decision is made based on the measurement of the channel gain. 

With mathematical analytical methods based on the system model, the capacity and its 

probability density function of one sub band can be derived. All sub bands are used 

without knowledge of channel information on a transmitter side within frequency 

diversity mode, so the average capacity and its PDF of the frequency diversity gain can be 

obtained with the mean of capacity of all sub bands. The outage capacity with frequency 

diversity gain is achieved from approximation method by applying the central limit 

theorem. The outage capacity with frequency selective scheduling gain is also derived 

with the analytical model. The numerical results show that the frequency diversity mode 

obtains a larger capacity than frequency selective mode if the time-correlation of a 

channel is greater than the given crossover value and we have the vice versa result if we 

have another situation. The crossover value is defined in Eq.18 in [53].  

 

In OFDMA systems, the overall system throughput can be improved by a band AMC 

mode that selects preferred sub bands to the users. In [2], an analytical model with 

various system parameters is proposed to evaluate the maximum system throughput 

achieved with band AMC mode. Order statistics [54, 55] have been applied to model the 

statistical features of band AMC multiuser diversity in OFDMA system. The maximum 

possible throughput of the band AMC mode in OFDMA system has been numerically 

evaluated for various system level parameters. The numerical results confirm that band 

AMC mode outperforms the diversity mode as long as sufficient feedback information for 
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channel quality indication is provided for the sub bands of all users. As specified in IEEE 

802.16e, the band AMC mode and diversity modes can be adaptively mixed in the same 

frame in order to maximize the overall system throughput. The concrete work on 

operating the two modes in the same frame is done in [56], and newly frequency division 

multiplex (FDM) is also proposed in this paper. In European patent application [57], they 

also proposed different methods to allocate band AMC region and frequency diversity 

region for combination of both two modes in the same frame. 

 

From [2], we know that the frequency selective mode improves the system throughput 

compared with the frequency diversity mode, but the frequency selective mode requires 

more overhead feedback bits. In order to comprise their tradeoffs, IEEE 802.16e 

proposed to construct a frame by multiplexing subchannels for both two modes in a time 

division multiplexing (TDM) manner [4]. In [56], the concrete work on operating the two 

modes in the same frame is given and the mixed modes in frame structure using 

frequency division multiplexing (FDM) is proposed, modeled, and analyzed. In this paper, 

they propose the preferred mode selection method and an adaptive user rate and 

transmit power allocation method in the system supporting the two modes either in TDM 

or FDM manner. The users select their own preferred mode using their channel 

parameters and report this information to base station. With the mode information, the 

base station classifies the users into band AMC group and frequency diversity group. 

Then the base station performs resource allocation using the channel quality information 

to have maximal system throughput. Because of high complexity of solve the equation for 

optimal resource allocation problem, a sub optimal algorithm is applied and iterative 

power and rate allocation method is used in system performance evaluation. From the 

numerical results, the proposed method with the mixed modes frame can reduce the 

feedback overhead with negligible performance loss compared with the only band AMC 

case, and the proposed FDM based mixed frame also has some benefit over TDM based 

one proposed by IEEE 802.16e. 

3.5 Summary 

In this chapter, we addressed the concept of slot and frame structure. Afterwards, we 

discussed two subchannelization modes: frequency diversity and band AMC modes. The 

principle and advantages of both modes are presented in detail. FUSC and PUSC as 

variants of frequency diversity mode are described. The related work of resource 

allocation is studied and summarized and the previous research results of band AMC are 

addressed. 
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4 Scheduler Implementation 

 

The basic approach for providing QoS guarantees in WiMAX is scheduling at the base 

station. An elaborate scheduling scheme is not defined in the IEEE 802.16 standards 

specification which leaves the developers flexibility to exploit their own alternative 

implementations. A good resource scheduling scheme can overcome the packet losses due 

to varying nature of channel fading.  

 

In this chapter, we describe the scheduling schemes and system implementation. We 

start with a description of the challenges for the scheduler in OFDMA. After that we 

outline the previous related work for scheduling in OFDMA system. In section 4.4, we 

present the scheduler system model. Additionally, we provide the basic scheduling 

schemes and we present the proposed scheduling algorithms introducing the utility 

priority function and priority sorting methods in scheduling schemes. At last, we address 

the bits loading mechanism with the proposed algorithm. 

4.1 Challenges 

The scheduling schemes are not specified in IEEE 802.16 standards, which gives 

researchers and venders more flexibility to exploit their own innovative procedures in 

OFDMA systems. The scheduling procedure includes determining which user to schedule, 

how to allocate subcarriers to them, and how to distribute the transmit power for each 

user on each subcarrier, and more selecting the traffic classes in multiple services 

application.  The objective of this thesis is to develop a low complexity algorithm and 

implement a frequency selective scheduler. The challenge lies in the relatively short time 

for the scheduling decision when designing a frequency selective scheduling scheme. The 

scheduling algorithms have to work for these procedures during each frame intervals, so 

a low complexity and efficient algorithm plays the important role in system performance. 

Generally, the scheduling algorithm that allocates the resource to the user experiencing 

the best channel gain for the service can achieve the maximum overall system throughput 

[14]. However, some users with the bad channel condition perhaps can’t obtain the 

system resource and may starve [59]. This results in unfairness across users. The 

Proportional fair (PF) scheduling algorithm [58] provides certain proportional fairness 

among users by using user’s ratio of the current channel status to average throughput. As 

scheduling metric, the PF scheduling algorithm maximizes long-term user throughput. 

However, MaxSNR and PF scheduling don’t support delay sensitive services like voice 

service and real time video since are not considered specific QoS parameters like 

maximum allowable delay and minimum throughput. Thus, these two algorithms can’t 

guarantee the QoS of real time services. The modified largest weighted delay first 

(M-LWDF) algorithm and the exponential (EXP) algorithm consider both maximum 

allowable delay and instantaneous channel status and can meet the delay requirements 
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[60, 61]. Nevertheless, it is difficult to find the optimal solution for each traffic service for 

M-LWDF and both M-LWDF and EXP can’t guarantee the play-out outage for video 

stream services. In some proposed scheduling rules, the urgency of scheduling and the 

efficiency of radio resource usage are also considered to determine scheduling priority of 

each user [62]. In practical systems, the queue buffer is not infinite [63], such that queue 

buffer overflow is possible. Therefore, for practical applications, a scheduling algorithm 

should be aware of the buffer status and packet characteristics as well as history service to 

guarantee certain fairness among users. Maybe the long-term channel status should also 

be concerned with scheduling policy to decrease the complexity of the scheduling 

algorithm and to reduce the overhead of informing users by keeping subcarrier allocation 

to the users fixed [64]. 

 

Consequently, a good scheduling algorithm should guarantee system performance by 

concerning various QoS parameters and lots of system performance factors as well as 

available radio resources in scheduling decision. Properly combining these parameters 

and factors in scheduling decision will result in good system performance. Besides the 

above mentioned parameters and factors in systems, the previous related work studied in 

Section 4.3 all failed to consider the subjective factor in system assessment and 

scheduling decision. The objective of this thesis work is to develop a low complexity QoE 

aware scheduling algorithm within band AMC mode for OFDMA networks. The 

subjective factor-human perception is involved in scheduling decision and is considered 

as the metric to evaluate the system quality. Therefore, when making scheduling decision, 

we should concern not only objective QoS parameters as well as radio resource, but also 

the subjective QoE parameter like R-score specified in Section 2.5. The scheduling 

algorithms involving subjective human perception will be addressed in later section and 

the performance analysis will presented in next chapter. 

4.2 General Algorithms 

We have addressed the challenges of scheduling algorithms in OFDMA systems in the last 

section. Now, in this section, we will discuss some possible resource allocation policies 

focusing on the approaches that attempt to balance the desire for high throughput with 

fairness among users. The resource allocation problem is usually formulated to solve a 

constrained optimization problem. This optimization problem is usually divided into two 

problems: minimize the total transmit power with a constraint to the user data rate [9, 65] 

and maximize the total data rate with a constraint on total transmit power [5, 66-68]. The 

first objective is appropriate for fixed-rate applications, such as voice, whereas the second 

is more appropriate for burst applications, such as data and other IP applications. In this 

section, we will present some general algorithms about resource scheduling policies. 

 

Maximum Sum Rate Algorithm 

The maximum sum rate (MSR) algorithm can achieve the maximum sum rate of all users 

given a total transmit power constraint [5]. If the objective is to obtain as much data as 

possible through the system, this algorithm is the optimal solution. We can achieve the 
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maximum sum system capacity if the total throughput in each subcarrier is maximized. 

Consequently, the maximum sum capacity optimization problem can be simplified to 

each subcarriers optimization problem. The maximum capacity is easily obtained when 

all available power is allocated to the users with the best channel state in that channel. It 

is a channel aware scheduling rule that allocates the resource to the user experiencing the 

best channel gains. This is referred to as greedy optimization. The optimal power 

allocation is processed with the waterfilling algorithm, in which more power is allocated 

to strong channels and less power allocated to weak channels [76, 77]. Hence the total 

sum capacity is maximized by summing up the rate on each of the subcarriers. With MSR 

algorithm, the users close to the base station with excellent channels will be allocated 

most of system resources and have good data rate [21]. The overall system throughput is 

maximized by the MSR algorithm. However, some users with bad channel condition will 

not obtain any system resource resulting in user starvation and will be extremely 

underserved by an MSR-based scheduling procedure. 

 

Maximum Fairness Algorithm 

As discussed above, the MSR algorithm may cause unfairness among users. Fairness can 

be defined in various ways. Two of the most popular criteria are Min-Max fairness and 

Kelly’s proportional fairness [69]. An alternative method, the maximum fairness 

algorithm [50] referred as a max-min problem is proposed to allocate the resources to 

users in order that the minimum user’s data rate is maximized. Since the target is to 

maximize the minimum data rate, the maximum fairness algorithm is referred to as a 

max-min problem consequently. Due to the concave objective function, the optimal 

subcarrier and power allocation is much more difficult to determine than in MSR 

algorithm. It is particularly difficult to find the optimal solution for subcarrier and power 

allocation problem. Therefore, as discussed in Section 3.4, low-complexity suboptimal 

algorithms are necessary, in which the subcarrier and power allocation are done 

separately. The general method is to allocate the equal power to each subcarrier initially. 

Then iteratively assign the available subcarrier to a low-rate user with the best channel 

gain on it [1, 50]. After completing the generally suboptimal subcarrier allocation, the 

power can be allocated optimally. This algorithm concerns system performance in terms 

of both the fairness achieved and the total throughput. The drawback of this algorithm is 

that the rate distribution among users is not flexible and the total throughput is largely 

limited by the users experiencing bad channel condition, while allocated with most of 

resource [21]. 

 

Proportional Rate Constraints Algorithm 

In broadband wireless communication systems, different users with multiple services 

require different specific data rates. The proportional rate constraints (PRC) algorithm is 

proposed to maximize the total throughput with the additional constraint of each user’s 

data rate proportional to a set of predefined system parameters . The 

proportional data rates constraint can be expressed in Eq. (4.1). 

                                (4.1) 
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The achieved data rate  can be represented as Eq. (4.2): 

∑ , 1 , ,
                       (4.2) 

Where K is number of users, L is number of subcarriers, ,  is the channel gain for user 

k in subcarrier l, ,  the transmit power allocated for user k in subcarrier l,  the 

AWGN power spectrum density, B the total transmission bandwidth, and ,  indicates 

if subcarrier l is used by user k. The advantage of this algorithm is that the arbitrary data 

rates can be obtained by changing the values of . The optimization problem of this 

algorithm is also very difficult to solve directly because it involves continuous variables, 

binary variables and the feasible set is not convex [21]. Similar to the MSR algorithm to 

reduce computational complexity, this optimization problem is also divided to the 

suboptimal problems in which the subcarrier and power allocation are done separately. 

The near optimal method is derived and outlined in [7, 10] and the low complexity 

implementation is developed in [1].  

 

Proportional Fairness Scheduling 

These three algorithms discussed above attempt to instantaneously achieve the total 

throughput, maximum fairness, or preset proportional rates for each user. An alternative 

algorithm could attempt to obtain these objectives over time. This would provide 

significant additional flexibility to the scheduling decision. The scheduler could simply 

wait for the user experiencing bad channel quality to get close to the base station before 

transmitting. The long-term channel condition is not concerned by the above discussed 

algorithm. The most popular scheduling algorithm for this type aspect is proportional 

fairness scheduling policy [70, 71], which maximizes the long-term user throughput 

relative to the average channel conditions, and satisfies fairness to certain extend. The PF 

scheduler is developed to make use of multiuser diversity while maintaining comparable 

long-term throughput for all users. Let  denote the average throughput for user k 

up to time slot t, and let  represent the instantaneous data rate that user k can 

achieve at time t. The parameter  controls the latency of the system. The latency 

increases with large , resulting in higher sum throughput. The latency decreases if  

is small because the average throughput values vary more quickly, at the expense of some 

throughput. The selected user is denoted as k , with the highest /  for 

transmission by scheduling decision. In the long term, this is equivalent to select the user 

with the highest instantaneous rate relative to its mean rate. The average throughput 

 for all users is then updated according to 

1
1       

1         
                 (4.3) 

The bad channels are unlikely to be selected for each user because the scheduler selects 

the user with the largest instantaneous data rate relative to its average throughput. The 

fairness can be improved by giving scheduling priority to the consistently underserved 

users. The PF scheduling algorithm can be extended to OFDMA systems by treating each 

subcarrier independently. This PF scheduling algorithm can maximize the long-term user 
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throughput while maintaining fairness to a certain extent [21]. However, this algorithm 

can’t support real time services such as voice and real time video streaming services. 

 

M-LWDF/EXP 

The Modified Largest Weighted Delay First scheduling algorithm is proposed to support 

not only real time services but also non-real time services. The objective is to maintain 

each traffic delay smaller than a predefined threshold value with probability [62]. The 

requirement of delay and throughput is defined as  and .  is 

the head-of-line packet delay for the queue i,  is the maximal allowable delay threshold, 

 is the maximum allowable probability of exceeding , and  is a preset minimum 

throughput threshold. In each time slot t, a user i is selected to serve the queue for which 

 is maximal.  is the channel capacity with respect to flow i, and  is 

an arbitrary constant, where /  , / , and  is the average 

channel rate with respect to flow i. By setting an appropriate value to parameter , the 

delay requirement can be satisfied. The M-LWDF scheduling algorithm is proposed to 

achieve optimal throughput. The key feature of this algorithm is that a scheduling 

decision depends on both current channel conditions and the states of the queues. The 

M-LWDF scheme considers both channel and queue states and can meet the delay 

requirements, while it is difficult to find the optimal  value for each traffic type [62]. 

 
The exponential rule is designed with similar structure as the M-LWDF scheme to offer 

both best effort service and delay sensitive service for different users. The difference is to 

include different weights for different types of services. The priority function [60] is 

characterized as following: 

 

                    (4.4) 

 

The  denotes the priority value of the ith user. Each  is fundamentally 

evaluated by the EXP rule including the delay of the head-of-line packet.  is the 

delay of the head-of-line packet in the queue for the ith user at the nth slot, and  is 

the supportable data rate of the ith user at the nth slot. The variable  is the average 

supportable data rate of the ith user. The parameter / ,  is the required 

maximum packet drop probability of user i, and  is the maximum head-of-line delay. 

Where  is defined as the following: 

 

∑                           (4.5) 

 

N denotes the number of users in streaming services. The throughput is considered most 

important for best effort service and the delay bound is considered as the most significant 

criterion for a streaming service. The EXP scheme can satisfy the QoS of the delay 

sensitive services. 
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4.3 Previous Research Results 

In this section, we studied the related work and introduced the research results about 

scheduling problems in OFDMA systems. The different scheduler policies and structures 

for the multiple services are proposed in both [14] and [13]. The fairness is considered 

and defined in [13] to provide a fair and efficient allocation to all users. In [62], a 

z-shaped function is chosen as the time utility function as the scheduling urgency factor 

and the efficiency of radio resource usage is also considered to maximize system 

throughput. Base on the research work in [13], the utility function is used in both [72] 

and [59]. The utility function of queuing delay is proposed for scheduling strategy in [72] 

and the utility function in [59] including both queuing delay and outage ratio information 

as the important factor in scheduling decision. In [15], they developed the buffer-aware 

and traffic-dependent packet scheduling algorithms consisting of PHY-layer adaptive 

modulation and coding technology and MAC-layer opportunistic scheduling. The 

persistent scheduling algorithm is proposed in [64] considering both long-term channel 

state and instantaneous channel state for resource allocation. 

 

Scheduler for multiple traffic classes in OFDMA networks: 

In the future, multiple services will be popular in the mobile phone as well as more 

sophisticated portable devices. Mobile wireless communication systems in the future are 

required to support multiple connections with multiple traffic classes for each user at a 

time. In [14], the scheduler structure of multiple traffic classes is proposed and the 

system is modeled by using the band AMC mode in downlink transmission. In the 

scheduler structure, they first proposed scheduler selection rule according to the priority 

of the traffic class and urgency level of each packet. Afterwards, the constraint of the 

traffic class priority is released if a packet with higher priority has some waiting time to 

deadline, which takes advantage of multiuser diversity and gives more flexibility in 

scheduling. In this paper they also proposed a scheduler structure for multiple frequency 

channels, in which the best available channel is chosen to each user as much as possible 

to exploit frequency diversity. In the proposed a joint scheduler structure, the scheduler 

selection rule for multiclass modified largest weighted delay first (MLWDF) is loosened. 

It considers QoS and Best Effort packets together if QoS packets have time space to the 

deadline of maximum allowable delay. The system simulation numerical results confirm 

that the joint scheduler performs best and increases the system throughput by up to 50% 

while satisfying the QoS of requirement of delay. 

 

Efficient and fair scheduling of uplink and downlink in OFDMA networks: 

In this paper [13], new scheduling algorithms are developed for OFDMA systems to 

allocate radio resource of both time and frequency slots dynamically to all users. A good 

resource allocation scheme in OFDMA systems can overcome the losses due to varying 

nature of channel fading. The scheduling scheme is unspecified in IEEE 802.16 standards, 

which gives more flexibility to researchers to develop the OFDMA systems. However, the 

scheduling schemes have significant impact on system performance and end to end QoS 

[73]. In [13], they consider four service classes to support real time and non-real time 
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communications in which the supported QoS by IEEE 802.16 is a distinctive feature. The 

scheduling policies are presented and the scheduling problems are modeled and 

formulated. Afterwards, the algorithms with low computational complexity are proposed 

to solve the optimization scheduling problems. Linear Programming is used and the 

result rounded off to achieve a feasible solution. Although the rounded solution may 

provide a reasonable result, sometimes it needs more resources than required and for 

large scale system with large number users and FFT size, solving Linear Programming 

needs more computational complexity. Then they propose a heuristic algorithm whose 

performance is close to optimal. Both Linear Programming algorithm and heuristic 

algorithm may lead to unfairness to some users, so this motivates to propose the 

algorithms which provide good overall performance as well as fairness to all users. 

Considering the Min-Max fairness and Kelly’s Proportional fairness [69], the modified 

algorithms are proposed for obtaining fairer solutions without sacrificing the overall 

system performance. The fair versions of these algorithms are compared and analyzed. 

These efficient scheduling algorithms can be used in OFDMA systems. 

 

Scheduling using utility function of mixed services:  

In this paper [72], a packet scheduling algorithm based on the channel condition and the 

utility function of queuing delay is proposed in OFDMA systems for real-time and 

non-real-time mixed services. The idea of utility function is to map the system resource 

or/and performance criteria to the corresponding utility to optimize the established 

utility system [74]. Considering and analyzing the properties of queuing delay in practical 

systems, a z-shaped function [62] is considered for real-time service and a soft deadline 

function with slow descend slope is modeled as the utility function for non-real-time 

service. According to the utility functions, the priority value of each user on sub-band can 

be calculated and then sorted out in order to select user with highest priority, and then 

the certain sub-band is assigned to the user with highest priority. Compared with 

Proportional Fair (PF) algorithm, the Modified Largest Weighted Delay First (M-LWDF), 

and Exponential rule (EXP), the numerical results of system simulation confirm that the 

proposed algorithm can not only assure the fairness and queuing delay requirements of 

users but also obtain better system throughput.  

 

QoS aware packet scheduling algorithm for OFDMA systems: 

In [59], they propose a new packet scheduling algorithm based on the utility function to 

guarantee both the packet drop ratio and the play-out outage ratio of video streaming 

service. The utility function is considered of queuing delay and outage delay instead of 

throughput in [69]. By using a gradient ascent algorithm to the objective function, the 

largest gradient can be obtained. Then the soft delay constraint by using the barrier 

function is considered as the utility function, which takes the parameter queuing delay 

and outage delay. This function provides a high penalty for high delay users. According to 

the utility functions, the priority value of each user on sub band can be calculated and 

then sorted out in order to select the user with highest priority. Then the certain sub band 

is assigned to the user with highest priority. Simulation results show that the proposed 

algorithm has better performance in packet drop ratio and outage ratio of video 
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streaming for mixed services than the traditional algorithms. 

 

Urgency and efficiency based packet scheduling: 

In this paper [62], they propose the novel UEPS algorithm which is able to schedule RT 

and NRT traffic packets simultaneously by taking the urgency of scheduling and the 

efficiency of radio resource usage, in which the objective is to maximize throughput of 

NRT traffic and satisfy the QoS requirements of RT traffic. The time utility function is 

considered as the scheduling urgency factor and the relative status of the current channel 

to the average one as an efficiency indicator of radio resource usage. The time utility 

function of RT traffic is represented as z-shaped function which has properties similar to 

the original hard discontinuous function of RT traffic. After calculating the urgency factor 

and efficiency factor, the scheduling priority value can be obtained. Then the users are 

selected and sub channels are allocated to the selected users. The simulation results 

demonstrate that the proposed UEPS algorithm have better throughput performance 

than PF and M-LWDF with satisfying QoS requirements of RT traffic under various 

traffic loads. 

 

Buffer-aware and traffic dependent packet scheduling: 

In the paper [63], the buffer-aware and traffic-dependent packet scheduling algorithms is 

proposed for wireless packet switched OFDM systems. This algorithm consist of two 

interactive parts: PHY-layer adaptive modulation and coding technology on each 

subcarrier and MAC-layer opportunistic scheduling. The objective of this algorithm is to 

decrease the buffer overflow probability while keeping the system throughput as large as 

possible. The scheduling decision is made based on the information of not only channel 

condition but also buffer status as well as traffic characteristics. By introducing the 

history service function which guarantees certain fairness among users, the Head-of-line 

packet length, Poisson packet arrival rate, achievable throughput and spare space of the 

buffer in scheduling decision equation, the decision can be made by considering buffer 

status and traffic characteristics. The simulation results show that the proposed 

algorithm has better performance in terms of packet loss rate and the total system 

throughput than the conventional packet scheduling schemes. 

 

Efficient scheduling for heterogeneous services in OFDMA downlink: 

In the paper [64], they propose the persistent scheduling algorithm for heterogeneous 

services including deadline sensitive and best-effort data in OFDMA systems. According 

to the queuing states and long-term channel condition, the minimum resource is 

allocated to just meet the deadline for the deadline-sensitive packets to guarantee QoS. 

The remaining resources are optically allocated to the users for their best-efforts data to 

maximize the sum-rate, minimize buffer holding cost or general utility function [64].  

The persistent scheduling [3, 4] considers both the long-term and instantaneous channel 

knowledge. The subcarrier allocation is based only on long-term channel statistics which 

is able to reduce the complexity of resource allocation and the overhead of informing 

users by keeping the subcarrier allocation to the users fixed for the entire duration of the 

scheduling periods. The resource allocation problem is formulated as a single geometric 
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program solved by using standard convex optimization software tools. The flexibility of 

the proposed algorithms is demonstrated by comparing the two different best-effort user 

objectives. 

 

The above previous research work results all demonstrated the improvement in OFDMA 

system in some aspects. They consider multiple services problems and the resource 

allocation fairness among users. The queuing delay and outage ratio is also considered as 

factor during scheduling. The overall system throughput is also tried to be maximized 

while considering other factors in scheduler. In this thesis work, the simulative 

performance evaluation will be performed by VoIP transmissions over the band AMC 

mode. The derived subjective metric reflecting the quality that the user is expected to 

experience like VoIP speech Quality of Experience (QoE) is used as the system quality 

metric. This scheduling policy consists not only of packet delay, channel state, fairness 

among users, system throughput but also the subjective human perception is also 

involved in system evaluation. Next, we will discuss the scheduling problem within band 

AMC mode. 

4.4 System model 

A packet scheduler located in the base station is responsible for the scheduling decision 

for packet transmission. A simplified packet scheduler referring to the downlink OFDMA 

system over band AMC model is shown in Fig. 4.1. The OFDMA downlink cellular system 

consists of a cell with one base station communicating simultaneously with multiple users. 

All the users are uniformly distributed in the cell. Each user has one buffer in the base 

station, in which the arriving packets of each user are stored in the corresponding queue 

buffer. In each time interval, the users measure the SNR on each sub band as the channel 

state information (CSI) and report the CSI to the centralized base station via the uplink 

feedback, where subcarrier and power allocation are determined according to users’ CSI 

and the resource-allocation procedure. 

Packet 
Scheduler
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Band N

Band 1

User 1

User 2

User i
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Data Queue

Q1
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Fig. 4.1 A packet scheduler in band AMC system model. 
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To reduce the uplink feedback CSI information overhead, the user reports the SNRs of 

several selected best bands with highest SNRs as feedback to the base station. On the 

other hand, the user information, such as queuing delay, the delay to fill the de-jitter 

buffer, the instantaneous channel state information and the user’s Rscore of QoE are sent 

to the scheduler to compete with other users for the sub bands. Based on the CSI for an 

individual sub band, a packet scheduler in the base station must determine which band to 

assign to each user along with the corresponding level of modulation and coding scheme. 

Fig. 4.1 presents the architecture of a downlink band-AMC scheduler with multiple bands 

shared among users. The system will allocate each sub band to the user with the highest 

priority value according to the scheduling policy. Once the sub bands for each user have 

been determined, the base station must inform each user which sub bands have been 

allocated to it. This subcarrier mapping must be broadcast to all users whenever the 

resource allocation changes. When the base station makes a scheduling decision, it 

informs all users about it by using the UL-MAP and DL-MAP messages in the beginning 

of each frame as depicted in Section 3.1. These special messages define explicitly slots 

that are assigned to each user in both the uplink and downlink. Typically, the resource 

allocation must be performed on the order of the channel coherence time, although it 

may be performed more frequently if a lot of users are competing for resources. 

 

In this thesis work, we assume that the base station has perfect knowledge about the 

channel state information of all users without delay and each subcarrier has been 

allocated equal transmit power. The overhead of MAC SDU and MAC PDU is ignored in 

system simulation for simplicity. Without loss of generality, the fragmentation is 

undertaken in packet scheduler implementation, but we ignore the header of fragments. 

4.5 Scheduler implementation 

In Section 4.3 the scheduling schemes in previous related work are introduced to improve 

system throughput, guaranteed QoS, and keep fairness among users. In this section, 

another novel concept for the scheduler is presented. The measurements of the 

instantaneous speech quality in terms of the R-Score are included in scheduling decision 

for VoIP services in an OFDMA system. This scheduling policy consists not only of packet 

delay, channel state, fairness among users, system throughput but also the subjective 

human perception is also involved in system evaluation. The scheduling policy based on 

R-Score will keep track of the instantaneous speech quality of each call and consider this 

value in the decisions for scheduling and dropping packets. In the following, the 

scheduling schemes of R-Score based scheduler in downlink OFDMA system will be 

proposed and described. 

4.5.1 Scenario 

The system model and physical parameters have been described in Section 4.4. We 

consider an OFDMA system with 5MHz of frequency bandwidth and the number of 
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subcarriers is 512. The frame length is 5ms and there are 51 OFDM symbols in one frame. 

The data subcarriers are divided into 12 sub bands with contiguous subchannel allocation. 

The corresponding parameters are listed in Table 4.1 and the selected modulation and 

coding scheme for AMC in the system simulation is summarized in Table 4.2. The 

inter-cell interference is not considered in this WiMAX system deployment. The mobile 

users are uniformly moving around in a 1.5km square cell with a base station at the center. 

We don’t consider sectorization. With the G711 speech codec and 20ms framing, the 

header of a VoIP packet with a size of 1600 is ignored. Depending on the modulation and 

coding schemes (MCS), a VoIP packet requires 2×17 slots with the most robust MCS 

QPSK 1/2, or 2×4 slots with the highest level MCS 64QAM 3/4. 

 

The base station receives feedback of channel state information of each user in terms of 

the mean SNR averaged over all subcarriers. We assume the base station has perfect 

knowledge about the channel state information of all users without delay and each 

subcarrier has been allocated equal transmit power. Frame errors on an AWGN channel 

are determined by using the mean SNR. The MCS is selected according to corresponding 

band SNR and size of packets in order to maintain the loss probability for an entire VoIP 

packet below 1%. The frame error rates of coding block is required below the target 

packet loss probability of 1%. 

 

The task of the scheduler is to decide which and how the packets to be transmitted in the 

frame. The system will allocate each sub band to the user with the priority value 

according to the scheduling policy. At each scheduling instance, the capacity of each band 

is calculated according to each user’s SNR to this band and modulation and coding 

scheme level. The fragmentation is considered in the scheduling policy. If the size of a 

packet is smaller than the frame length, the next packet will be filled into this frame. 

Otherwise the packet is fragmented into smaller parts. To avoid transmitting too delayed 

packets, we drop the packets after the maximum allowable delay. In the simulation, this 

threshold  is set to 100ms. The overhead of MAC SDU and MAC PDU is ignored in 

system simulation for simplicity. The fragmentation is undertaken in packet scheduler 

implementation, but we ignore the header of fragments. 

4.5.2 Basic Algorithms 

R-Score, EDF, MaxSNR, and Random are four basic scheduling algorithms. The 

computational complexity is very low, but the scheduler performance for the WiMAX 

system is also limited. In the following, the four basic algorithms will be described to give 

performance reference to the new schedulers proposed we proposed in the thesis.  

Random Scheduler 

Random scheduler is a preliminary scheduling policy. At each time interval, the scheduler 

randomly selects the user and gives the users random priority without considering packet 
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delay, SNR, and R-Score. In this implementation, the scheduler selects the users 

randomly and then lists them in order like Table 4.5, but in random order. In order to 

achieve good scheduling performance, the multiple factors related to QoS should be 

considered in the scheduler. In the following, we will introduce some basic scheduler 

including some metric in scheduling decisions. 

R‐Score Scheduler 

The scheduler based on R-Score uses the concurrent measurements of the instantaneous 

speech quality in terms of the R-Score to determine the scheduling decisions. The 

R-Score is calculated by using the methods presented in Section 2.5. Generally, there are 

two ways to obtain R-Score measurements at the base station. The base station can 

measure the R-Score based on the packets situation which the base station transmitted. 

Another way is the mobile can report the R-Score based on the received and missing 

packets to the base station. Both of these two ways are based on a series of received and 

lost packets as described in Section 2.5. The computational complexity of continuously 

updating the R-Score is very low since it’s mostly just equal to increase a counter. Only in 

case of a state transfer, a little more complex operation is required [30]. The R-Score is 

estimated at the base station.  

 

Here we first consider the Least R-Score First algorithm which schedules the packets of 

the mobile user with lowest R-Score first. We only consider frequency selective 

scheduling strategy in this thesis. The four best bands of each user are only considered to 

transmit packets. The Least R-Score First scheduler sorts the users/packets/bands in an 

ascending order of the measured R-Score. Here we add two more criteria to this order of 

packets. The mobile users with SNR of less than 6dB are scheduled last because the 

packet loss probability exceeds 20% even for the most robust MCS. Another one is that 

the kth packet of one mobile receives a penalty of (k+1) to the metric R-Score. Now let’s 

take an example with Mobile A has an R-Score of 84.3, two packets to transmit, and an 

SNR of 15.1dB with the first best band. Mobile B has an R-Score of 83.7, also two packets 

to transmit, and an SNR of 25.7dB with the first best band. Mobile C has an R-Score of 

65.1, one packet to transmit and an SNR of 4.5dB. Then, the users/packets/bands triples 

are listed in the following Table 4.1: 

 

Table 4.1 List of an example of users/packets/bands triples. 

Mobile Packet Best Band Band SNR R-Score 

A  1 1st 5 15.1 84.3 

A  1 2nd 3 14.7 84.3 

A  1 3rd 7 14.2 84.3 

A  1 4th 11 13.6 84.3 

A  2 1st 5 15.1 84.3 

A  2 2nd 3 14.7 84.3 

A  2 3rd 7 14.2 84.3 
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A  2 4th 11 13.6 84.3 

B  1 1st 12 25.7 83.7 

B  1 2nd 9 25.1 83.7 

B  1 3rd 1 24.3 83.7 

B  1 4th 8 22.9 83.7 

B  2 1st 12 25.7 83.7 

B  2 2nd 9 25.1 83.7 

B  2 3rd 1 24.3 83.7 

B  2 4th 8 22.9 83.7 

C  1 1st 3 4.5 65.1 

C  1 2nd 6 4.1 65.1 

C  1 3rd 2 3,6 65.1 

C  1 4th 8 2.2 65.1 

 

According to the scheduling policy of Least R-Score First with the additional criteria that 

the SNR less than 6dB are scheduled last and a penalty (k-1) for kth packet, the packets 

are scheduled in the following order: 

 

Table 4.2 Sorted order list of an example of users/packets/bands triples. 

Mobile Packet Best Band Band SNR R-Score Metric 

B  1 1st 12 25.7 83.7  (83.7) 

B  1 2nd 9 25.1 83.7  (83.7) 

B  1 3rd 1 24.3 83.7  (83.7) 

B  1 4th 8 22.9 83.7  (83.7) 

A  1 1st 5 15.1 84.3  (84.3) 

A  1 2nd 3 14.7 84.3  (84.3) 

A  1 3rd 7 14.2 84.3  (84.3) 

A  1 4th 11 13.6 84.3  (84.3) 

B  2 1st 12 25.7 83.7  (84.7) 

B  2 2nd 9 25.1 83.7  (84.7) 

B  2 3rd 1 24.3 83.7  (84.7) 

B  2 4th 8 22.9 83.7  (84.7) 

A  2 1st 5 15.1 84.3  (85.3) 

A  2 2nd 3 14.7 84.3  (85.3) 

A  2 3rd 7 14.2 84.3  (85.3) 

A  2 4th 11 13.6 84.3  (85.3) 

C  1 1st 3 4.5 65.1 (65.1) 

C  1 2nd 6 4.1 65.1  (65.1) 

C  1 3rd 2 3,6 65.1  (65.1) 

C  1 4th 8 2.2 65.1  (65.1) 

 

Once the order sorting is done, then the scheduler starts to load bits in the frame. The 

bits loading strategy will be addressed in Subsection 4.5.5. This scheduler is still a more 
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or less channel oblivious scheduler since it only takes the information into account that a 

channel is currently too bad to be used. The packets are reordered after every frame since 

the R-Score or the SNR might have changed, new packets may have arrived or too old 

packets may have been dropped. 

Earliest Deadline First (EDF) Scheduler 

The packets of the mobile users arrive at the base station and queue up with their birth 

time stamp. Then they wait to be scheduled and transmitted. The packets delay is 

produced while they wait in the queues. The longer the packets delay of a user 

experiences, the higher level of the scheduling urgency of the user has. If the packets wait 

too long time, the packets delay already exceeds the maximum allowable delay threshold, 

and then the packets are dropped. Dropping packets result in impairment to the quality 

of speech. So in the system, we hope all the packets can be scheduled and transmitted out 

as soon as possible. The Earliest Deadline First (EDF) scheduler is to attempt to firstly 

schedule the packets with the largest delay which means the packet has waited longer 

time than other packets. The EDF scheduler sorts the packets in a descend order of the 

packet delay. We take an example with mobiles A, B, and C. Mobile A has two packets in 

its queue buffer and the packet delays of the two packets are assumed to be 76ms and 

56ms. Mobile B also has two packets in queue buffer waiting for scheduling and 

transmission. The packet delays are respectively 80ms and 61ms. Mobile C has one 

packet with delay 83ms. The maximum allowable delay threshold is set to 100ms. If the 

packets delays exceed 100ms, we drop the too delayed packets. Then with EDF scheduler, 

the packets are scheduled in the following Table 4.3. For simplicity, we don’t list the 

users/packets/bands triples here, but in the scheduler implementation, we still adopt the 

users/packets/bands triples with the four best bands similarly as listed in Table 4.4. 

 

Table 4.3 Scheduled order packets list with EDF scheduler. 

Mobile Packet Delay Metric 

C  1 83ms (83) 

B  1 80ms (80) 

A  1 76ms (76) 

B  2 61ms (61) 

A  2 56ms (56) 

 

The EDF scheduler only considers the scheduling urgency with packet delay. In some 

cases, the packet is very urgent to be scheduled and transmitted with very large packet 

delay almost reaching the delay threshold. However, this user is experiencing very bad 

channel quality in terms of very low SNR. Even with the lowest level MCS, the packet 

error rate is still very high even 100%, which indicates that if the packet is transmitted, it 

will definitely lost. Therefore, the SNR is also a very important factor in the scheduling 

decision. In the following, we will give the MaxSNR scheduling policy which only 

concerns SNR while making scheduling decision. 
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MaxSNR Scheduler 

MaxSNR rule is a channel–aware scheduling algorithm that allocates the resource to the 

user experiencing the best channel gain. This means that the user with high SNR to the 

band is likely to be assigned to this band and scheduled first. We also include this criteria 

to MaxSNR scheduler giving the kth packet of one mobile a penalty of 1 · ∆. The 

parameter ∆ denotes the penalty value of SNR. The MaxSNR scheduler schedules and 

transmits the packets in order of a decreasing SNR. In the following, we give the example 

with mobiles A, B, and C. We take the penalty value ∆ 2 . The list of an example of 

users/packets/bands triples is shown in Table 4.4 before the scheduler sorts the list.   

 

Table 4.4 List of users/packets/bands triples before sorting 

Mobile Packet Best Band Band SNR Metric 

A  1 1st 5 25.2 25.2 

A  1 2nd 3 24.7 24.7 

A  1 3rd 7 24.2 24.2 

A  1 4th 11 23.6 23.6 

A  2 1st 5 25.2 23.2 

A  2 2nd 3 24.7 22.7 

A  2 3rd 7 24.2 22.2 

A  2 4th 11 23.6 21.6 

B  1 1st 12 25.7 25.7 

B  1 2nd 9 25.3 25.3 

B  1 3rd 1 24.3 24.3 

B  1 4th 8 22.9 22.9 

B  2 1st 12 25.7 23.7 

B  2 2nd 9 25.1 23.1 

B  2 3rd 1 24.3 22.3 

B  2 4th 8 22.9 20.9 

C  1 1st 3 27.1 27.1 

C  1 2nd 6 26.3 26.3 

C  1 3rd 2 23.4 23.4 

C  1 4th 8 19.5 19.5 

 

Table 4.5 gives the sorted list of users/packets/bands triples in decreasing order of SNR 

sorted by MaxSNR scheduler.  

 

Table 4.5 List of users/packets/bands triples after sorting 

Mobile Packet Best Band Band SNR Metric 

C  1 1st 3 27.1 27.1 

C  1 2nd 6 26.3 26.3 

B  1 1st 12 25.7 25.7 
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B  1 2nd 9 25.3 25.3 

A  1 1st 5 25.2 25.2 

A  1 2nd 3 24.7 24.7 

B  1 3rd 1 24.3 24.3 

A  1 3rd 7 24.2 24.2 

B  2 1st 12 25.7 23.7 

A  1 4th 11 23.6 23.6 

C  1 3rd 2 23.4 23.4 

A  2 1st 5 25.2 23.2 

B  2 2nd 9 25.1 23.1 

B  1 4th 8 22.9 22.9 

A  2 2nd 3 24.7 22.7 

B  2 3rd 1 24.3 22.3 

A  2 3rd 7 24.2 22.2 

A  2 4th 11 23.6 21.6 

B  2 4th 8 22.9 20.9 

C  1 4th 8 19.5 19.5 

 

From the table, we can see that the second packets of mobile A and B are punished with 

∆ 2  to the SNR. The value of penalty parameter ∆ affects the sorting triples list. 

Appropriately selecting the value of ∆ is important to the scheduler performance in the 

system. After users/packets/bands triple is sorted in decreasing order by MaxSNR, the 

packets will be loaded to frame according to this sorted order.  

 

With the MSR algorithm, the users close to the base station with excellent channels will 

be allocated most of system resources. However, some users with bad channel condition 

perhaps will not obtain any system resource resulting in user starvation and will be 

extremely underserved by an MSR-based scheduling procedure. This rule may cause 

unfairness among users, and even may lead to user starvation. So we need develop good 

algorithms considering delay, SNR, and R-Score together in order to maintain QoS 

guarantee. Next subsections will discuss these algorithms. 

4.5.3 Utility Functions   

The system capacity is maximized by using the MaxSNR scheduler which provides the 

most efficient exploitation of resources compared to other schedulers. The packet delay 

will experience an increased variance depending on channel conditions. The EDF 

scheduler provides maximum fair consideration regarding packet delay. The scheduler 

minimizes the mean delay of all mobiles but it oblivious of channel state which ignores 

the system capacity. Actually, both these two schedulers do not consider the 

instantaneous speech quality in terms of R-Score in the scheduling decision which would 

result in fairness of speech quality among the users. The scheduler based on the R-Score 

improves the fairness of speech quality among users, but it has drawback of no 
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consideration of system throughput and packet delay. This results in a tradeoff among 

system capacity, packet delay and R-Score when determining the scheduling decision. 

The scheduling strategy is left unspecified in the IEEE 802.16 standard. However the 

scheduling scheme has significant impact on system performance and R-Score of QoE. A 

good scheduling scheme can overcome the packet losses and improve system 

performance. Therefore a comprehensive scheduling scheme comprising the metrics of 

throughput, delay and R-Score of QoE is required. In the following, we are going to 

discuss the scheduling policies including the metrics of throughput, delay and R-Score. 

 

In order to decrease the packet dropping rate due to the packet delay reaching the 

maximum allowable delay value, we should schedule these packets with large packet 

delay first. However, from the point of view of system throughput, those users which have 

better channel condition should be scheduled to maximize the system throughput. 

Additionally, in order to guarantee certain fairness among users according to the QoE in 

terms of R-Score, the scheduling priority of a packet is inverse to the value of R-Score. 

This means the smaller the R-Score is, the more probable this packet may be scheduled 

first. Consequently, we propose two priority utility functions based scheduling schemes in 

the following which comprise the metrics of throughput, delay and R-Score in scheduling 

decision. The scheduler uses the priority utility functions as a scheduling priority factor. 

At the beginning of each scheduling instance, the base station calculates all the users’ 

priority values on the best bands with respect to each packet and sorts the 

users/packets/bands triples according to the priority values. Afterwards, the packets will 

be mapped to the frame according to the loading mechanisms we proposed in Subsection 

4.5.5. The priority utility functions are presented as Eq. (4.6) and Eq. (4.7) as followed: 

 

· · ·                   (4.6) 

 

 denotes the priority of the users/packets/bands triples as listed in Table 4.3. The 

bigger the value  is, the higher the priority of the users/packets/bands triple has. A 

higher priority means that this packet of this user is likely to be scheduled to this band. 

SNR denotes the channel state of each band respect to the packet. Delay is the packet 

delay time while waiting to be scheduled and transmitted, which is in ms unit. If the 

packet delay exceeds the maximum allowable threshold, this packet is dropped. R-Score 

is the instantaneous speech quality of the user. The parameters , ,   in Eq. (4.6) 

are all coefficients for channel quality, packet delay, and R-Score. These coefficients 

respectively stand for the weight of channel quality, packet delay, and R-Score in 

scheduling decision. If ( 0, 0), this scheduler based on Eq. (4.6) will degrade as 

EDF, and with ( 0 , 0), it will degrade as Least R-Score scheduling algorithm, 

similarly with ( 0, 0), the scheduler will degenerate as MaxSNR scheduling 

algorithm. Here we should notice that · , R-Score is with a negative coefficient. 

This minus implies that the lower R-Scores have higher priority values, which gives some 

certain extent fairness among users. The users with lower R-Score will be scheduled first, 

so the higher will be scheduled later. The function in Eq. (4.6) is in a linear form, so we 

refer to it as Linear Function (LF) for the scheduling priority factor. Different values of 
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the coefficients of SNR, R-Score and Delay for scheduler will give distinct impact to the 

system performance. Properly selecting the values for the coefficients is significant to 

scheduling decision. The performance of scheduler with different values for the 

coefficients will be evaluated and compared in the next chapter. 

 

An alternative priority utility function is proposed in Eq. (4.7) in terms of a fraction as 

follows: 

·
                                                                   4.7  

 

Similarly,  denotes the scheduling priority of the users/packets/bands triples. R-Score 

is taken as denominator in this function. This implies that the smaller the R-Score is, the 

higher priority the user has, which contributes some certain fairness among users. 

  

In Eq. (4.6), both SNR and Delay are with a positive coefficient which maximize the 

system capacity and minimize the mean delay of all packets. How much impact of SNR 

and Delay should be considered in scheduling decision is determined by their coefficients. 

In Eq. (4.7), SNR and Delay are both in the numerator. This implies that the SNR and 

Delay is taken as the positive metrics in the scheduling decision. The exponential 

parameters , ,   give impact to scheduling performance. The packet with better 

SNR and the higher delay will have a higher scheduling priority. Delay presents the 

scheduling urgency regarding packet delay. 

 

It is noted that the packet delay is in a linear form in both Eq. (4.6) and Eq. (4.7), which 

implies that the scheduling priority increases with the packet delay linearly. However, in 

some cases, this is not the best way for scheduler. The packet is allowed to wait in the 

queue before reaching the maximum delay threshold. If the packet of the user 

experiencing bad channel quality and has allowable waiting time, this packet stay in 

queue and wait for good channel state while releasing the band resource to other users 

with urgent scheduling factors. While as the delay almost reaches to the maximum 

allowable delay deadline, this packet has a very urgent situation to be scheduled. 

Therefore, this situation is not undertaken in linear form. Next, we use the inverse 

Z-shaped function as a scheduling urgency factor for packet delay effects instead of linear 

form. The inverse Z-shaped function is presented in Eq. (4.8) as followed: 

 

                                (4.8) 

The parameter  stands for the degree of sharp ascend and δ determines the location of 

the infection point. The slope of this function will be steep with large value of . The 

curve is shown in Fig 4.2 by taking 0.1, 90 in Eq. (4.8). We use this function as 

delay utility function in scheduling priority functions. In Eq. (4.8), t denotes packet delay 

in unit of millisecond. The function is flat before the function sharply ascends, so the 

packet with little time delay won’t obtain higher scheduling priority value only 



59 
 

considering packet delay affects. When the packet delay increases almost reach the 

maximum delay threshold, the scheduling priority sharply increases. However, if the 

packet delay exceeds the maximum delay threshold, this packet is dropped as shown in 

Fig. 4.3. 

 

 
Fig. 4.2 Inverse Z-shaped curve    Fig. 4.3 Inverse Z-shaped curve with delay constraint 

 

The inverse Z-shaped function is represented as ZF. Taking the variables delay, the utility 

is presented as ZF(delay) for scheduling priority function. Therefore, considering the 

ZF(delay) function, Eq. (4.6) and Eq. (4.7) is presented as Eq. (4.9) and Eq. (4.10) as 

followed. 

 

· · ·                   (4.9) 

 

·
                                                          4.10  

 

Selecting the proper parameters for these priority utility functions for scheduling decision 

has much impact to the system performance. We will take multiple values in these 

comprehensive schedulers combining the metrics of throughput, delay and R-Score. The 

performance of the schedulers with different parameters will be evaluated in Chapter 5. 

4.5.4 Priority Sorting 

In the last subsection, we addressed scheduling schemes based on priority utility 

functions. This method is to calculate the priority values for each user/packet/band 

triples and then sort these triples according to the priority values. Afterwards, the 

scheduler will map the packet bits to the frame according to the bit loading mechanism. 

In this subsection, we introduce another method which sorts the user/packet/band 

triples directly according to some metrics. We name this scheduling policy as priority 

sorting. The sorting policy is a rule that SNR and packet delay are sorted in descend order, 

while R-Score in ascend order to keep the users R-Score in some certain fairness. There 

are two schedulers in priority sorting way presented in the following. 
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The first scheduler with priority sorting sorts the packets into groups. One group of 

mobiles with SNR more than 6dB is scheduled first, which maintains the system 

throughput. Another group with SNR less than 6dB is scheduled last since the packet 

error rate is high even with the most robust MCS. In both groups, the packet of the 

mobiles with R-Score less than 80 is scheduled first which can give some extent fairness 

of R-Score among users. The packets with R-Score more than 80 are scheduled last. Then 

two sub groups in the groups are generated. In the sub groups, the user/packet/band 

triples are sorted by the metric comprising both SNR and packet delay information. The 

user/packet/band triples are sorted by the metric with  ·  in descend 

order. Thus, the priority sorting is completed. The top user/packet/band triples which 

will be scheduled first, have higher priority than the posterior ones. The process of 

grouping user/packet/band triples is shown in the following: 

 

6  
80     ·    

80     ·   

6  
80     ·   

80     ·    

 

 

We also add one more criteria to the mobiles with more than one packet. The kth packet 

of one mobile receives a penalty of 1 · ∆ for the SNR. The parameter ∆ denotes the 

penalty value of SNR. According to the priority sorting scheduler we proposed above, we 

give an example with A, B, C and D mobiles. A has three packets, and B and C both have 

two packets, and D has one packets. We take the example value of ∆ 2 and 100. 

The user/packet/band triples are listed in Table 4.6. Actually, we list four 

user/packet/band triples with the four best bands in the system implementation. Here, 

we list only one band for each packet for reasons of simplicity. 

 

Table 4.6 List of user/packet/band triples before priority sorting 

Mobile Packet SNR R-Score Delay Metric 100  

A 1 24.3 83.2 0.078 32.1 

A 2 24.3-2=22.3 83.2 0.056 27.9 

A 3 24.3-2*2=20.2 83.2 0.032 23.4 

B 1 24.2 76.2 0.061 30.3 

B 2 24.1-2=22.1 76.2 0.032 25.3 

C 1 7.9 83.8 0.047 12.6 

C 2 7.9-2=5.9 83.8 0.026 8.5 

D 1 5.8 78.2 0.080 13.8 

 

The user/packet/band triples are listed in Table 4.7 after priority sorting according to the 

priority sorting scheduler. 
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Table 4.7 List of user/packet/band triples after priority sorting 

Mobile Packet SNR R-Score Delay Metric 100  

B 1 24.2 76.2 0.061 30.3 

B 2 22.1 76.2 0.032 25.3 

A 1 24.3 83.2 0.078 32.1 

A 2 22.3 83.2 0.056 27.9 

A 3 20.2 83.2 0.032 23.4 

C 1 7.9 83.8 0.047 12.6 

D 1 5.8 78.2 0.080 13.8 

C 2 5.9 83.8 0.026 8.5 

 

This priority sorting scheduler considers SNR, R-Score and packet delay effects in the 

scheduling decision. The packet delay affects are still considered in a linear form. We can 

also adopt the inverse z-shaped function in this priority sorting scheduler. In the metric, 

we sort the triples in descend list obeying (4.11) in the following: 

 

Metric: · ·                            (4.11) 

 

This scheduler also undertakes the consideration of urgency of packet delay. The 

variables can be set in the system simulation according to the practical situation. Then 

the sorting process is similar as the first priority sorting scheduler. 

 

In the above subsections, we introduced basic scheduling algorithms based on SNR, 

R-Score and packet delay. And we also proposed the schedulers with priority utility 

functions and priority sorting methods. While the user/packet/band triples are sorted in 

the appropriate order, then the scheduler maps the packet bits to the frame in order with 

the sorted users’ priority values. In the following subsection, we will address bits loading 

mechanism.  

4.5.5 Bit loading Mechanism 

Once the user/packet/band triples are sorted according the priority value determined by 

the schedulers we proposed, the bits of the packets of each user are mapped to the frame 

according to the bits loading mechanism. The objective of such a scheduling scheme in an 

OFDMA system is to find the optimum mapping of packet bits to radio resources. The 

packet firstly scheduled will be possibly assigned the best bands with better SNR which 

will result in using high level MCS. If the packets are scheduled later, maybe the first best 

band with highest SNR of this user is already occupied by other packets which are 

scheduled before it. This user has to use the second, third or fourth best band with lower 

SNR. This lower SNR will lead to low level MCS, and possibly high PER even with the 

most robust MCS, QPSK 1/2 coding. If the packets are scheduled very late, it is possible 

that the four best bands of this user have been filled by other packets from other users. In 

this case, these packets have to wait and be transmitted in next frame. So the packets 
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delay will increase while waiting for next frame. In this subsection, we will present the bit 

loading mechanism of the scheduler we proposed with band AMC mode. 

 

 

The configuration of the frequency band is shown in Fig. 5.1. There are 2×17 slots in one 

band. The radio resources of both time and frequency slots are dynamically allocated to 

all users. The objective of AMC is to maximize the system throughput by adjusting 

transmission parameters to the available CSI, while maintaining a prescribed packet 

error rate PER. At each scheduling instance, the required capacity on the band of the 

packet of each user is calculated according to each user’s SNR and MCS level which is 

shown in Table 5.2. Fragmentation which is specified in IEEE 802.16 standards is utilized 

in the scheduling scheme. We apply the PER constraint in the scheduling decision. When 

a MAC PUD is lost due to high PER, the retransmission is also considered in the system, 

which means we can risk higher PER.  

 

Fragmentation is the process by which a MAC SDU is divided into one or more MAC 

PDUs [4]. Fragmentation can considerably improve the scheduling efficiency [13, 75]. 

This process is undertaken to allow efficient use of available bandwidth relative to the 

QoS requirements of a connection’s service flow [3]. When a packet is fragmented, extra 

bits are required to add to the original packet to enable the reassembly of all the 

fragments. For simplicity, we ignore the overhead in the system implementation. Maybe 

this problem can be considered in future research. Actually, we considered two kinds of 

fragmentations in the simulation implementation. One is to fragment MAC SDU into one 

or more MAC PDUs as specified in IEEE 802.16 standards. Another one is to break MAC 

PDU into small parts which results in easy scheduling and high band efficiency. All the 

small parts are composed of one MAC PDU. 

 

In the system simulation, we only consider the four best bands for each user. If the slots 

of these four bands are partially occupied by other bits of other users or the bits of 

another packet of this user, there are not enough slots available for this packet (MAC 

SDU). Then this packet (MAC SDU) fragmented into two MAC PDUs, even more MAC 

PDUs if the left MAC PDU is still can’t be fully scheduled and transmitted in next frame 

because of too less available slots of radio resources. With this fragmentation, MAC SDUs 

are split into several MAC PDUs that are transmitted in different frames. This 

fragmentation can be presented as following formula Eq. (4.12): 

 

  1 2 . ..                     (4.12) 

 

This is MAC SDU fragmentation specified in IEEE 802.16 standard. The MAC PDU is 

scheduled and transmitted in this frame, and the left MAC PDU will wait for next frame 

to be scheduled and transmitted. When this fragmentation is done in scheduling, the 

extra bits of overhead are added to each MAC PDU. Even though we ignore the overhead, 

we should take care of fragment efficiency while fragmenting MAC SDU. With the G711 

speech codec and 20ms frame, a VoIP packet has a size of 1648 bits which includes 



63 
 

RTP,UDP, IP, and 48 bits MAC header [30]. Therefore, when we fragment the MAC SDU, 

we should ensure the number of contents of the MAC PDU is more than the number of 

the header. This constraint can ensure fragmentation efficiency in the scheduling process. 

 

For each user, only the four best bands are considered in the scheduling processing. If the 

first best band is already occupied by other packets, then the packet has to be moved to 

the second best band. If the second, third, and fourth best band are all filled with other 

packets, then this packet can’t be scheduled and transmitted in this frame. Therefore, this 

packet has to wait for being scheduled and transmitted in next frame or even later frames. 

However, in some cases, there are only some slots available on the first best band and 

some on the second band. Then this packet has to be split into small parts and be filled in 

the available slots in the first and second best bands according to the slots requirements 

determined by MCS. The residual bits are filled in the slots on the third best band. This 

process can be illustrated in Fig. 4.4. 

 

Filled frag1Best Band 1

Filled frag2Best Band 2

Filled frag3Best Band 3 To be filled

One MAC 
PDU

 

Fig. 4.4 Fragments of one MAC PDU on the bands 

 

In Fig. 4.4, one MAC PDU is divided into three small fragments. This can be expressed as 

Eq. (4.13): 

  1 2 3 . ..             (4.13) 

 

This entire packet is mapped on the three best bands in this frame and transmitted in this 

frame. If most of the slots on the four best bands of the packet are occupied by other 

users, only partial bits of this packet are mapped to the bands and some bits are left to be 

transmitted in next frame, this results in MAC SDU fragmentation as expressed in Eq. 

(4.12). This left part is one MAC PDU, and fragments mapped on the bands together are 

one MAC PDU as depicted in Fig. 4.4. 

 

In Fig. 4.4, we can see that three small fragments together compose one MAC PDU. One 

MAC PDU has to be transported as a whole. So if any one small part of the three 

fragments is lost in transmission, the three fragments have to be retransmitted together 

again even if the other two fragments are received, because the three parts are one MAC 

PDU. We adopt this scheme in system implementation. Another idea is that we can also 

consider each fragment is one MAC PDU. If one fragment is lost during transmission, we 

only need to retransmit the lost fragment which is considered as one MAC PDU. This will 
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improve the efficiency of transmission because the system retransmits less lost bits. 

However, the header will be larger than last scheme. So this idea can be done for future 

work to evaluate the overhead and fragmentation. 

 

Another idea is to add PER control constraint to the system implementation. When the 

scheduler completes the priority sorting, then it starts to map bits to the frame. The MCS 

level is first selected according to the SNR of the user on this band and bits of this packet 

to maintain the predefined target PER. Sometimes, the user experiences the deep fading 

with very low SNR. Even if we use the most robust MCS QPSK 1/2 coding, the PER is still 

higher than the target PER, and sometimes PER is even 100%. The high PER will result in 

high packet loss rate. Therefore, it is necessary for us to add one criteria to control this 

high PER in order to improve band usage efficiency. So we add the PER control 

constraint σ in the scheduling decision. If the PER is more than σ value, this fragment 

of the packet is not allocated to the band and waits for next loading rounds with the 

residual bits. This improves the scheduling efficiency because the easily erroneous 

fragment can’t occupy the band slots which are left for robust fragments transmission. 

And another reason is with low level MCS, the packet requires more band slots giving low 

data rate. So this packet can wait for good channel state and then be transmitted. 

 

The bit loading mechanism is demonstrated in the following. The input is the sorted 

user/packet/band triples, and the output is the frame carrying data. 
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Bit loading mechanism algorithm: 

Input:  sorted user/packet/band triples in order 

1:  FOR  1 … …  do 

2:  if packet of  triple has some bits in buffer to be mapped and band in  has free 

slots? 

3:  No, go to 1; 

  Yes. Select MCS level according to SNR and Number of bits of packet  triple 

for MCS 7,6,5,4,3,2,1  do 

   calculate PER and slots 

     if PER<target PER, then N selected, end for; 

     if MCS is already 1,then N=1; end for; 

4:  with N MCS, if σ, go to 1; else, go 5; 

5:  with N MCS, calculate the required slots on band in  triple; 

6:  if the required slots are less than the available slots on band in  triple? 

YES, reduce the slots on this band and clear packet buffer; 

NO, fragmentation, go to 7; 

7:  Fill all available slots on this band, set the available number of slots to zero, 

reduce the number of bits in the packet buffer; 

8:  Determine if this band is already the fourth best band for this user? 

9:  No, go to 1; 

    Yes, go to 10; 

10: Compare the numbers of scheduled bits and left bits with number of header, if both 

numbers more than number of header? 

11: YES, MAC SDU fragmentation, the left part of bits is one MAC PDU, waiting for next 

frame 

   NO, release all the occupied slots by this packets, and reset the number of bits of this 

packet in buffer; 

12: END FOR; 

Output: bits mapped on the frame, scheduling completed 

4.6 Summary 

In this chapter, we describe the scheduling schemes and system implementation. The 

scheduling challenges for OFDMA system are outlined and the related work is studied. 

Furthermore, we present the scheduler model of our system. Additionally, we provide the 

basic scheduling schemes and we propose the scheduling algorithms with introducing the 

utility priority function and priority sorting methods in scheduling schemes. At last, we 

address the bits loading mechanism with the proposed algorithm. The results of the 

performance evaluation of the introduced scheduling schemes will be presented in next 

chapter. 
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5 Performance Analysis 

 

In this chapter we evaluate and compare the performance of the different schedulers 

including the basic schedulers like Random, EDF, MaxSNR, and Least R-Score, and the 

proposed schedulers such as DF, LF, LZF and Sort schedulers, in different situations of 

system capacity. Further, we investigate the impact influenced by different parameters 

like the velocity, packet dropping threshold, and the interaction of velocity and packet 

dropping threshold. As propagation scenarios, we chose the ITU PB and ITU PA channel 

profile. 

 

In Section 5.1, we describe the simulation environment and define a bench mark scenario. 

In Section 5.2, we evaluate and compare the performance of different schedulers in bench 

mark scenario. In Section 5.3, we increase the mobile velocity from 3km/h to 30km/h 

and compare the performance of different schedulers. In Section 5.4, we decrease the 

packet dropping threshold from 100ms down to 5oms, and then investigate the impact of 

the performance for different schedulers. In Section 5.5, we give the performance 

evaluation of the performance for different schedulers in the situation of combined 

packet dropping threshold 50ms and mobile velocity 30km/h. Finally, in Section 5.6, we 

give the summary of the performance evaluation and state the proposed scheduler. The 

computational complexity also is mentioned. 

5.1 Experimental environment 

The system model used in simulation is based on the IEEE 802.16 standard. We consider 

an OFDMA system with 5MHz of frequency bandwidth and the number of subcarriers is 

512. The frame length is 5ms and there are 51 OFDM symbols in one frame. The OFDMA 

parameters are derived from the IEEE 802.16 standards. The corresponding parameters 

are listed in Table 5.1 and the selected modulation and coding scheme for AMC in the 

system simulation is summarized in Table 5.2.  

 

Table 5.1 the list of system parameters. 

Parameters Values 

System OFDMA 

Downlink channel bandwidth 5MHz 

Carrier frequency 3.5GHz 

FFT size 512 

Number of data subcarriers 384 

Number of bands 12 

Number of subcarriers per sub band 32 

Neighboring subcarrier spacing 10.94kHz 

Sampling frequency 5.6MHz 
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Sampling factor 28/25 

OFDM symbol duration 97.1us 

Slot period 291.4us 

Frame period 5ms 

Square cell 1.5km 

User distribution Uniform 

Mobile velocity 3km/h 

 

Table 5.2 Modulation and coding schemes for AMC. 

MCS scheme Modulation Coding rate Slot size (bit) Req. SNR (dB) 

1 QPSK 1/2 48 8.7 

2 QPSK 3/4 72 10.6 

3 16QAM 1/2 96 15.8 

4 16QAM 3/4 144 17.5 

5 64QAM 1/2 144 21.9 

6 64QAM 2/3 192 23.9 

7 64QAM 3/4 216 25.1 

 

The requirement of minimum target FER is 1%. The downlink transmission uses the band 

AMC mode. Excluding the 49 pilot subcarriers and 79 guard subcarriers, the number of 

data subcarriers is 384. By grouping the contiguous subcarriers, the data subcarriers are 

divided into subsets of subcarriers as 12 frequency bands that can be handled 

independently. The logical subchannel contains adjacent subcarriers. The basic structure 

is a bin which corresponds to a block of 9 subcarriers, 8 data subcarriers and 1 pilot 

subcarrier in the middle. A slot is now a group of six bins which are arranged in an N ×

M block consisting of N bins over M OFDMA symbols. Possible blocks are 1×6, 2×3, and 

3×2. A band is defined as a four rows of parallel bins. According to this PHY mode, there 

are 53 OFDM symbols and 4 bins in one band, and in total 212 bins in one band. Only the 

2×3 type is supported, so there are 2×17 slots in one band as depicted in Fig. 5.1.  

 

Time

Fr
eq
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Fig. 5.1 Configuration of subcarrier permutation in simulation. 
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At each scheduling instance, the capacity of each band is calculated according to each 

user’s SNR for this band and the modulation and coding scheme (MCS) level which is 

shown in Table 4.2. For the frame based scheduling, if the size of a packet is smaller than 

the frame length, next packet will be filled into this frame. Otherwise the packet is 

fragmented into smaller parts. The simulative performance evaluation of the scheduler 

will be performed at the example of VoIP transmissions over the band AMC mode 

specified in the IEEE 802.16-2005e standard. The maximum allowable delay of each 

VoIP packet in the queue is set as 100 . If a VoIP packet stays longer than 

 in the queue or in the received buffer, it is dropped. The voice quality will degrade 

consequently. 

 

In system simulation, we use seven configurations of modulation and coding types and 

rates. The supported modulation and coding schemes (MCS) used in system simulation 

are: 1/2 QPSK, 2/3 QPSK, 1/2 16QAM, 3/4 16QAM, 1/2 64QAM, 2/3 64QAM, 3/4 

64QAM. The higher MCS we use, the less robustness we have for system performance. 

The basic number of output bits of the channel encoder is multiples of 96. The maximum 

number is 576. With QPSK modulation, 96 bits can be transported in 1 slot which is 

composed of 48 data subcarrier in band AMC mode. Accordingly, 16QAM can carry 192 

bits in one slot and 64QAM can carry 288 output bits in one slot. Accordingly, 64 QAM is 

supported for 288 and 576 output bits carried in one or two slots. We can obtain the 

following payloads according to the number of slots, as shown in Table 5.3 [3, 4]. 

 

Table 5.3 Payloads per MCS and slots per block. 

 QPSK 16QAM 64QAM 

1/2 3/4 1/2 3/4 1/2 2/3 3/4 

1 48 72 96 144 144 192 216 

2 96 144 192 288 288   

3 144 216 288     

4 192 288      

5 240       

6 288       

 

Accordingly, we can now determine the composition of blocks for a burst with a certain 

MCS. Let j be the maximum number of slots supported by a MCS. If the number of slots j 

in the burst is less than the number of bursts per block, i.e. k ≤ j, then the whole burst is 

encoded in a single block. If k is a multiple of j then we encode the burst as [k/j] blocks of 

j slots. Otherwise, we will end up with blocks of different sizes. The rule is to have [k/j – 1] 

blocks with j slots. Assume the left bits to be n. If n is an even integer, then both blocks 

with [n/2]. Whereas if n is an odd integer, we will have the penult block with [(n+1)/2] 

slots and the last block with [(n-1)/2] slots, as an example of VoIP packet demonstrated 

in Table 5.3. Assume one packet to be modulated and coded with 1/2 QPSK MCS. It needs 

35 slots to use because one slot is composed of 2 bins over 3 OFDM symbols. In a mobile 

WiMAX system, we can either allocate a burst with 2 18 slots or a burst with 1 35 
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slots. However, according to the configuration as shown in Fig. 5.1, we can adopt only this 

case 2 18 slots. When we are scheduling band resource to load bits, fragmentation is 

considered and implemented with certain algorithms as described in next chapters. 

 

Table 5.4 Burst for transmitting a single VoIP packet. 

MCS block slots burst 

1/2 QPSK 5 · 6 1 · 5 35 1 · 35, 2 · 18 

2/3 QPSK 4 · 4 1 · 3 1 · 2 21 1 · 21, 2 · 11 

1/2 16QAM 6 · 3 18 1 · 18, 2 · 9 

3/4 16QAM 6 · 2 12 1 · 12, 2 · 6 

1/2 64QAM 6 · 2 12 1 · 12, 2 · 6 

2/3 64QAM 9 · 1 9 1 · 9, 2 · 5 

3/4 64QAM 8 · 1 8 1 · 8, 2 · 4 

 

The modulation and coding scheme is listed in Table 5.2. The other simulation 

parameters are equal and listed in the following Table 5.5. The packets generated by the 

phone calls arrive at the base station in order series of VoIP packets. A speech signal 

alternates between talk spurts and silence periods because of linguistic structures. Talk 

spurts durations range from 300ms to 400ms averagely while silence periods range from 

500ms to 700ms. Voice frames have 20ms length in voice over IP traffic generated by a 

G.711 codec. In our simulation work, the standard Exponential On/Off model is applied 

to model talk spurts and silence periods. Every user has a random initial condition to 

On/Off, and the mean sojourn time in On state is 300m and average Off 600ms [33].  

 

Table 5.5 Simulation parameters 

Parameter Value 

Shadow Fading 

Standard Deviation σ 8dB 

Decorrelation Distance X 50m 

Path loss COST 231 

PL d 147.06 35.74 log d km  

Transmit Power T 20W 

Antenna Gain G=10dB 

VoIP call 

ON phase Exp (300ms) 

OFF phase Exp (600ms) 

 

The scheduling algorithms used in the system simulation are summarized and listed in 

Table 5.6. We can see that the proposed scheduling algorithms all include coefficients. 

These parameters have an impact on the performance of the schedulers. Therefore, it is 

very important to select appropriate values for the coefficients.  

 

Table 5.6 Scheduling algorithms in simulation 

Scheduling Algorithm Priority Sorting Method 
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Random Priority given to user randomly 

EDF Earliest Deadline First 

MaxSNR Transmit packets in order of a decreasing SNR 

Least R-score Packets with lowest R-score are transmitted first 

LF Linear function · · ·  

LZF · · ·  

DF 

A:             
·

 

B:             
·

 

Sort 

Sorting: 

6 ? 80? ·  

· ·   

 

In the simulation, we have run the proposed schedulers with different parameters.  

 

For LF, we used the following parameter combinations: 

α, β, γ ={(1,10,100), (1,10,10), (1,1,100), (1,0.5,100), (1,0.5,300)} 

Fig. 5.2 presents the results of LF scheduler in ITU PB channel with 25% and 10% 

capacity. We find that the parameter combination (1,1,100) is much better than others. 

Further simulations with these parameters combinations in other situations confirmed 

the superiority of parameter combination (1,1,100) for the LF scheduler. In the following 

performance analysis, we therefore consider the LF scheduler with this parameter 

combination. 

 

 
a. ITU PB channel, 25% capacity              b. ITU PB channel, 10% capacity 

Fig. 5.2 Performance of LF scheduler with different parameters 

 

For LZF we used the following parameter combinations: 

, , ={(1,10,10), (1,1,10), (1,1,1) } 

We evaluated the performance of LZF scheduler with these parameter combinations with 

25% and 10% system capacity as shown in Fig. 5.3. We find that , , = (1,1,1) is better 

than others. And we also observed the performance in other situations, it is also better 
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than others. So we keep only this parameter combination in the following performance 

analysis. 

 

 
a. ITU PB channel, 25% capacity              b. ITU PB channel, 10% capacity 

Fig. 5.3 Performance of LZF scheduler with different parameters 

 

For DF scheduler, we only used this parameter combination , , =(1,1,1), because we 

introduce these parameters in scheduler design too late, maybe this can be evaluated in 

future work. 

 

For Sort scheduler, we use the following parameter combinations: 

1 · 100 ·  and 1 · 1 ·  

 

For  function parameter values, we take the same values as depicted in Fig. 4.3. For 

DF and Sort schedulers we observed that the performance with different parameters 

varies in different situation. In the following sections, we only keep the results of DF-B 

scheduler with , , =(1,1,1) and  1 · 1 ·  for Sort scheduler in the 

following performance evaluation. 

 

In the process of bit loading, we apply fragmentation and PER constraint control 

methods, which can improve the efficiency of scheduling. In the next section, we will 

evaluate the performance of the scheduling algorithms.  

5.2 Performance evaluation 

In order to evaluate the quality of the scheduler, we observe the distribution of the 

R-Scores experienced at the mobiles at the end of a 60s simulation duration expressed as 

the R-Score after 60s. The performance of a scheduler is evaluated by the VoIP call 

quality. If no or only few VoIP calls experience a bad quality, this scheduler works well. 

This means we want to achieve a homogeneous R-Score which is as high as possible. In 

the following, we evaluate the performance of the introduced schedulers. 
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5.2.1 Performance on ITU Pedestrian B Channel Profile 

In the simulation study, we evaluate the schedulers defined in Section 5.1. We choose ITU 

Pedestrian B channel model (PB) with the mobility velocity of 3km/h. For performance 

comparison, we observe how varying the system load or changing the number of users 

affects the scheduler schemes. When we increase the number of users, we find out that 

the performance of different schedulers we introduced shows very marginal differences. 

Every scheduler has good performance with homogeneous R-Score and high values. Even 

if the number of users is increased to 170, the channel and delay oblivious scheduler 

“Random” also has very good performance. Fig. 5.4 shows the cumulative distribution 

function (CDF) of the R-Scores which are achieved for 170 users without capacity 

constraints by reducing frame length. From this figure, we can see that most users have 

R-Score in the range of 80-90 which maps to a MOS of “Satisfied”. Only 5 users among 

170 users have R-Scores less than 80, but it is 79 and also a good R-Score value 

corresponding to an acceptable and good speech quality. Therefore, 5MHz OFDMA 

supports up to 170 VoIP users without performance degradation. In the following we use 

only a part of the frame time instead of further increasing the number of VoIP users due 

to reasons of simulation speed. 

 
Fig. 5.4 Achievable R-Score of 170 users without capacity. 

 

Performance comparison with capacity 100% and 50% 

Therefore, we set the number of users to 100 and try to compare the scheduler schemes 

when decreasing the system capacity in terms of the usable part of a frame. Fig. 5.5 shows 

CDF of R-Scores which are achieved for different schedulers with 100% system capacity 

in ITU Ped. B channel profile. We can see that in this situation with 100% system capacity, 

all schedulers yield good results that most users have R-Score above 80 which leads to an 

excellent speech quality. As summary, we can say that all schedulers provide same quality 

with only marginal difference. 
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a. Random, EDF, MaxSNR, R-Score scheduler      b. DF, LF, LZF, Sort Schedulers 

Fig. 5.5 Achievable R-Score of 100 users with 100% capacity 

 

Fig. 5.6 shows CDF of R-Scores which are achieved for different schedulers with 50% 

system capacity in ITU PB channel profile. From the figure, we can see that the 

performance of all schedulers is close together. Compared with 100% system capacity, 

there is little performance degradation. In Fig. 5.6 (a), the performance of Least R-Score 

scheduler is slightly better than other schedulers and EDF scheduler is a little worse than 

others. In Fig. 5.6 (b), the performance of all schedulers is almost identical. However, all 

schedulers yield R-Score above 80 for most users which lead to excellent speech quality. 

 

 
a. Random, EDF, MaxSNR, R-Score scheduler    b. DF, LF, LZF, Sort Schedulers 

Fig. 5.6 Achievable R-Score of 100 users with 50% capacity. 

 

Performance comparison with 25% system capacity 

We decrease the capacity further to 25%. Fig. 5.7 shows the CDF of the R-Score for 

different schedulers. We see that the 25% capacity results in overload with 100 users. 

First, we can notice that in this situation the R-Score changes severely. The Random 

scheduler yields the worst performance with highest R-Score only 74 and lowest R-Score 

below 40. For most users, The R-Scores centralize to 40-50 which leads to an 

unacceptable speech quality. EDF scheduler yields minimum R-Score 42 and 10 users 

have the R-Score below 60 which leads to bad speech quality. For high R-Score, the 
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R-Score for most users are centralized to 66-84 and maximum R-Score value is 86 which 

results in most users experience fair speech quality and some experience bad speech 

quality with R-Score below 60. EDF scheduler outperforms Random scheduler clearly, 

but both yield an inacceptable speech quality for many users.  

 

If we take a look at MaxSNR and Least R-Score schedulers, they yield results much better 

than Random and EDF schedulers. MaxSNR scheduler and Least R-Score scheduler show 

much difference for R-Score above 80. The R-Score values obtained by MaxSNR 

scheduler are centralized 80-88 some close to 90 while the R-Scores obtained by Least 

R-Score scheduler are centralized in only 80-84 with maximum value 84, but these 

R-Score values still result in good speech quality. For low R-Score, we notice that 

minimum R-Score obtained by MaxSNR scheduler is 54 while 68 obtained by Least 

R-Score scheduler. This means in this case Least R-Score scheduler can avoid strong 

degradation of speech quality. We can see that Least R-Score scheduler is superior for 

R-Score below 80 and MaxSNR scheduler is superior for R-Score above 80. As summary, 

we need channel awareness or/and QoE awareness in scheduling decision. 

 

  

a. Performance of Random, EDF, MaxSNR, R-Score schedulers with 25% capacity 
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b. Performance of DF, LF, LZF, Sort Schedulers with 25% capacity 

Fig. 5.7 Achievable R-Score of 100 users with 25% capacity. 

 

Fig. 5.7 (b) shows the CDF of the R-Score for DF, LF, LZF, Sort schedulers with 25% 

capacity. From Fig. 5.7 (b), we can see that in this situation all schedulers have 

performance similar to the performance of Least R-Score scheduler which yield good 

speech quality for most users. Most users still experience an excellent speech quality with 

R-Score of 80-90. DF, LF, LZF, Sort schedulers all show marginal differences for R-Score  

above 85 and also almost similar for R-Score below 76, only DF scheduler is clearly worse 

than others. LF and LZF schedulers are better in R-Score of 76-85. For overall 

performance of all schedulers, they are almost equal and LF and LZF schedulers are little 

better than others. 

 
Fig. 5.8 Performance of MaxSNR, R-Score, LF, LZF schedulers with 25% capacity. 

 

Fig. 5.8 presents the results of MaxSNR, R-Score, LF, LZF schedulers with 25% capacity 

in ITU Pedestrian B channel profile. We can observe that Least R-Score scheduler has 
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best performance for R-Score below 80 and worst performance for R-Score above 80, 

while MaxSNR has worst performance for R-Score below 80 and best performance for 

R-Score above 84. We notice that the performance of LF and LZF schedulers are between 

Least R-Score and MaxSNR schedulers. 

 

Performance comparison with 10% capacity 

Now, let’s compare the impact of different schedulers when we decrease the system 

capacity down to 10% which results in a severe overload with 100 users as shown in Fig. 

5.9. Fig. 5.9 (a) presents the results of the basic schedulers. We can clearly state that 

Random and EDF schedulers show the very bad performance. We can see that Least 

R-Score scheduler has a very small range of R-Score between 56 and 68. The 

performance of Least R-Score is fair. There are 80 users with R-Score 60-68 which leads 

to a few users satisfy the speech quality and 20 users are dissatisfied. MaxSNR scheduler 

seems to be clearly better than Random and EDF schedulers, and better than Least 

R-Score scheduler for R-Score above 58. MaxSNR scheduler achieves most acceptable 

R-Scores but also some bad R-Scores and yields a wide range of R-Scores. It yields fair 

speech quality for most users even some users with very good speech quality of R-Score 

above 80. However, for low R-Score, it yields R-Score below 5o for 5 users which is worse 

than Least R-Score scheduler in this case. Actually, the performance of these basic 

schedulers is dissatisfactory. Let’s observe our proposed schedulers in the following. 

   
a. Performance of Random, EDF, MaxSNR, R-Score schedulers with 10% capacity  
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b. Performance of DF, LF, LZF, Sort Schedulers with 10% capacity  

Fig. 5.9 Achievable R-Score of 100 users with 10% capacity. 

 

The proposed schedulers outperform the basic schedulers, only DF is worse than the 

others, even worse than MaxSNR for low R-Scores. We notice that for high R-Score above 

70, the three schedulers show marginal difference with performance. However, for low 

R-Score below 70, we can detect that Sort is worst with R-Score below 60 for 10 uses. For 

LZF, only 3 users have bad speech quality with R-Score below 60, but the R-Score 

degrades down to 40. That is unacceptable. We can see that LF only yields one user with 

an R-Score below 60, and the value is 58 while other users experience a fair speech 

quality more than 60, and most users with R-Score between 70-80, some users 

experience good speech quality with R-Score close to 90. With such severe overload, it is 

very promising for LF scheduler yields so good performance. The performance of LZF is 

almost identical for high R-Score and also comparable for low R-Score to LF scheduler.  

 

   
Fig. 5.10 Performance of MaxSNR, R-Score, LF, LZF schedulers with 10% capacity. 
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Comparing the performance with MaxSNR and Least R-Score in Fig. 5.10, we can see LF 

and LZF schedulers combining the advantages of both MaxSNR and Least R-Score 

schedulers are much better than MaxSNR and Least R-Score. LF scheduler is little better 

than LZF. 

 

Based on the above performance analysis for schedulers with ITU Pedestrian B channel 

profile with velocity of 3 km/h under different capacity level from 100% to 10%, we can 

conclude that the proposed LF and LZF scheduler perform much better than other 

schedulers in a severe overload situation with 10% capacity. Least R-Score could give 

some extent maintain fairness among the users. In a situation without extreme overload, 

the proposed schedulers and basic schedulers all perform well. In the following, we will 

evaluate the performance of the schedulers for the ITU Pedestrian B channel profile with 

a velocity of 3 km/h, especially for the proposed schedulers. 

5.2.2 Comparison of PA and PB Channel Profile 

In the last subsections, we have analyzed the performance of different schedulers with 

different capacity which result in various level overloads with 100 users for both ITU 

Pedestrian A and B Channel Profile respectively with mobile velocity 3km/h. ITU 

Pedestrian A Channel has one dominant path while the other paths are much weaker 

than the dominant path. ITU Pedestrian B Channel has several comparable paths with 

more frequency selectivity [78]. Now, let’s compare the performance of different 

schedulers in ITU Pedestrian A and B Channel Profile. Fig. 5.11 presents the performance 

of MaxSNR, Least R-Score, LF and LZF schedulers with 25% capacity situation in PA and 

PB channel profile respectively. We can see that there are differences in the performance 

comparison but marginal. We can observe that the performance of the different 

schedulers seems to be marginally better in PB channel profile than in PA channel profile.  
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Fig. 5.11 Comparison of the performance of different scheduler in ITU Pedestrian A and B 

Channel Profile with 25% capacity. 

 

Further, let’s see the performance of the different schedulers in the situation with 10% 

capacity. Fig. 5.12 presents the performance of MaxSNR, Least R-Score, LF and LZF 

schedulers with 10% capacity situation in PA and PB channel profile respectively. We 

observe that the performance of the different schedulers is nearly equal except that LF 

scheduler is clearly better in ITU PB. Channel than in ITU PA. Channel.  

 

  

    
Fig. 5.12 Comparison of the performance of different scheduler in ITU Vehicular A and B 

Channel Profile with 10% capacity. 
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Performance in ITU Pedestrian A Channel Profile with 10% capacity 

Now, we observe the performance of the different schedulers in ITU PA channel with 10% 

system capacity. Fig. 5.13 shows the CDF of the R-Score for different schedulers with Fig. 

5.13 (a) presenting the results of the basic schedulers and Fig. 5.13 (b) presenting the 

results of the proposed schedulers. It is obvious that both Random and EDF schedulers 

yield very bad results which can’t be accepted during phone call. MaxSNR scheduler 

seems to be clearly better than Random and EDF schedulers, and better than Least 

R-Score scheduler for R-Score above 58. MaxSNR scheduler achieves most acceptable 

R-Scores but also some bad R-Scores and yields a wide range of R-Scores. It yields fair 

speech quality for most users even some users with very good speech quality of R-Score 

above 80. However, for low R-Score, it yields R-Score below 5o for 5 users which is worse 

than Least R-Score scheduler in this case. Actually, the performance of these basic 

schedulers is dissatisfactory. Next we will observe the performance of the proposed 

schedulers which take advantages of both Least R-Score and MaxSNR schedulers by 

combining channel information, packet delay information, and instantaneous quality 

information with R-Score. 

 

a. Performance of Random, EDF, MaxSNR, Least R-Score schedulers with 10% capacity 
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b. Performance of DF, LF, LZF, Sort Schedulers with 10% capacity 

Fig. 5.13 Achievable R-Score of 100 users with 10% capacity in ITU PA Channel. 

 

Fig. 5.13 (b) presents the results of DF, LF, LZF and Sort schedulers with 10% capacity in 

PA channel profile with mobile velocity 3km/h. The proposed schedulers outperform the 

basic schedulers, only DF is worse than the others and even worse than MaxSNR 

scheduler and Least R-Score scheduler for R-Score below 60. For the R-Score above 68, 

LF, LZF and Sort schedulers show marginal difference with performance, while for 

R-Score below 68, Sort scheduler performs worst. For overall, LZF show a little superior 

to LZ in this case, but both LF and LZF are better than others. With such severe overload, 

it is very promising for LF and LZF schedulers yield so good performance.  

 

 
Fig. 5.14 Performance of MaxSNR, R-Score, LF and LZF schedulers with 10% capacity in 

ITU PA Channel. 
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and LZF schedulers combining the advantages of both MaxSNR and Least R-Score 

schedulers are much better than MaxSNR and Least R-Score. LZF scheduler is little 

better than LF. 

 

In this section, we presented the performance evaluation for different schedulers 

including the basic schedulers and the proposed schedulers. We decrease down the 

system capacity step by step to severe overloads with 100 users and analyze and compare 

the performance of the schedulers in ITU Pedestrian B Channel Profile respectively with 

mobile velocity 3km/h. As the result, we can state that LF and LZF schedulers are clearly 

better than other schedulers under severe overload situations. In the situation without 

extreme overload, all the schedulers have similar performance. In both ITU Pedestrian A 

and B Channel Profiles, both LF and LZF schedulers have promising and comparable 

performance in the situation of severe overload. In PB channel profile, LF scheduler 

shows slightly better performance than LZF scheduler. In PA channel profile, LZF 

scheduler shows slightly better performance than LF scheduler. The LF and LZF 

schedulers take advantages of both MaxSNR and Least R-Score schedulers by utilizing 

the concurrent measurements of the instantaneous QoE, awareness of channel condition, 

and undertake packet delay. Next, we will observe their performance impact with mobile 

velocity variation and packet dropping threshold for the schedulers. 

5.3 Impact of velocity 

In last section, we have already analyzed and compared the impact of the different 

schedulers with different level overload and 100 users in PA and PB channel profiles 

respectively with mobile velocity 3km/h. In this section, we will increase the mobile 

velocity to 30km/h and evaluate and compare the performance impact of the different 

schedulers. 

 

Fig. 5.15 shows results of the different schedulers with mobile velocity 30km/h in the 

situation of 25% and 10% capacity in ITU PB channel. From Fig. 5.15 (a), we can see that 

Least R-Score scheduler shows worst performance, but also provides good speech quality 

for most users. The performance of MaxSNR, LF and LZF schedulers is marginally 

different which all provide excellent speech quality for most users with 25% capacity, and 

LF scheduler shows a little better performance than other schedulers. From Fig. 5.15 (a), 

we can clearly see that Least R-Score scheduler yields very bad performance which leads 

to unacceptable speech quality for most users with 10% capacity. Similar to Section 5.3, 

MaxSNR scheduler is better for high R-Scores and worse for low R-Scores than LF and 

LZF schedulers. LF and LZF schedulers take the advantages of both Least R-Score and 

MaxSNR schedulers. They are better than other schedulers under these circumstances. 
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a. With 25% system capacity                  b. With 10% system capacity 

Fig. 5.15 Achievable R-Score of 100 users for MaxSNR, Least R-Score, LF and LZF 

schedulers with mobile velocity 30km/h in ITU PB channel. 

 

Fig. 5.16 shows results of the different schedulers with mobile velocity 30km/h in the 

situation of 25% and 10% capacity in ITU PA channel. Both Fig. 5.16 (a) and Fig. 5.16 (b) 

give almost same results compared to Fig. 5.15. LF and LZF schedulers are better than 

other schedulers, and LF scheduler show a little better performance than LZF scheduler. 

 

   
a. With 25% system capacity                  b. With 10% system capacity 

Fig. 5.16 Achievable R-Score of 100 users for MaxSNR, Least R-Score, LF and LZF 

schedulers with mobile velocity 30km/h in ITU PA channel. 

 

Fig. 5.17 and Fig. 5.18 show the comparison of the performance of the different 

schedulers with impact of the velocity 30km/h and 3km/h in the situation of 25% and 10% 

capacity in ITU PB channel. From all figures, we can clearly see that all schedulers with 

mobile velocity 3km/h show a better performance for high R-Scores and a worse 

performance for low R-Scores than with a mobile velocity 30km/h. With the mobile 

velocity increasing to 30km/h, the channel varies faster than with a lower mobile velocity 

3km/h. This decreases the probability of the mobiles in deep fading, which leads to fewer 

users with low R-Scores than with a mobile velocity 3km/h. We also notice that the 

performance of all schedulers with a mobile velocity 30km/h is worse than with a mobile 
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velocity 3km/h for high R-Scores. The reason is that with higher velocity in 60ms, the 

mobiles move more distances in the cell, which increase the probability of some user 

going to the zone at the cell border with low SNR. 

 

 
Fig. 5.17 Performance of MaxSNR, R-Score, LF and LZF schedulers with 25% capacity in 

ITU PB Channel. 
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Fig. 5.18 Performance of MaxSNR, R-Score, LF and LZF schedulers with 10% capacity in 

ITU PB Channel. 

5.4 Impact of packet delay 

In last section, we increased the mobile velocity from 3km/h to 30km/h. We have 

analyzed and compared the performance impact of the different schedulers in the 

situation of different usable capacity resulting in different overload level with 100 users in 

PA and PB channel profile respectively. In this section, we will decrease the maximum 

allowable packet delay threshold from 100ms to 50ms, and then evaluate the impact to 

the performance of the different schedulers. 

 

Fig. 5.19 shows the comparison of the performance for different schedulers with packet 

dropping threshold 50ms and 100ms in ITU PB channel with 10% capacity. We can see 

that the performance of all schedulers with packet dropping threshold 100ms is less or 

more better than with packet dropping threshold 50ms. With 100ms packet dropping 

threshold, the packets have much lifetime to wait. With 50ms packet dropping threshold, 

the packets have less lifetime to wait and the packets are easily dropped compared to 

100ms dropping threshold. Fig. 5.20 shows the comparison of the performance for 

different schedulers with packet dropping threshold 50ms and 100ms in ITU PA channel 

with 10% capacity. We have similar results as shown in Fig. 5.19. Only has LF scheduler 

little difference performance with 50ms and 100ms packet dropping threshold. 
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Fig. 5.19 Comparison of the performance of different schedulers with packet dropping 

threshold 50ms and 100ms, 10% capacity, ITU PB channel. 
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Fig. 5.20 Comparison of the performance of different schedulers with packet dropping 

threshold 50ms and 100ms, 10% capacity, ITU PA channel. 

5.5 Impact of combined velocity and delay 

In last section, we decreased packet delay threshold from 100ms to 50ms. We have 

analyzed and compared the performance impact of the different schedulers in the 

situation of 10% capacity level resulting in severe overload with 100 users in PA and PB 

channel profile respectively. In this section, we will decrease the maximum allowable 

packet dropping threshold from 100ms to 50ms, and keep mobile velocity as 30km/h. We 

evaluate performance of the different schedulers in the situation of combined velocity and 

delay. 

 

Fig. 5.21 and Fig 5.22 present the performance comparison of the LF and LZF schedulers 

with a mobile velocity 30km/h and packet dropping threshold 50ms compared to with a 

mobile velocity 3km/h and packet dropping threshold 100ms respectively in ITU PA and 

PB channel with 25% capacity. In both figures, we can see that in the situation with 

packet delay threshold 50ms and mobile velocity 30km/h, both schedulers perform 

better for low R-Score, and perform worse for high R-Score, than in the situation with 

packet delay threshold 100ms and mobile velocity 3km/h. This result is similar to the 

results of only increasing velocity to 30km/h. This means the impact of velocity show the 

dominant role in the combined impact. 
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a. Performance comparison of LF              b. Performance comparison of LF  

Fig. 5.21 Comparison of the performance of LF and LZF with packet delay threshold 

50ms, mobile velocity 30km and packet delay threshold 100ms, mobile velocity 3km/h, 

ITU PB channel, 25% capacity. 

 

   
a. Performance comparison of LF              b. Performance comparison of LF  

Fig.5.22 Comparison of the performance of LF and LZF with packet delay threshold 50ms, 

mobile velocity 30km and packet delay threshold 100ms, mobile velocity 3km/h, ITU PB 

channel, 25% capacity. 

5.6 Summary 

In this chapter, we evaluated and compared the performance of the different schedulers 

including the basic Random, EDF, MaxSNR, and R-Score schedulers, and the proposed 

DF, LF, LZF, and Sort schedulers in the situation of different usable capacity. As the 

summary of the performance analysis for different schedulers, we can state that the 

performance of LF and LZF schedulers is remarkable and promising. For further 

confirmation, we have investigated the impact of different parameters like the velocity, 

the dropping threshold, and the impact of combined velocity and dropping threshold. LF 

and LZF schedulers clearly outperform the other schedulers like the basic schedulers and 

the proposed schedulers in these situations. In general, LF and LZF have comparable 

performance, but for details, we can notice that LF scheduler is better than LZF scheduler 

60 65 70 75 80 85 90
0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

R-Score

C
D

F

Capacity-0.25-PB-User-100

 

 
LF-30km/h-50ms
LF-3km/h-100ms

60 65 70 75 80 85 90
0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

R-Score

C
D

F

Capacity-0.25-PB-User-100

 

 
LZF-30km/h-50ms
LZF-3km/h-100ms

60 65 70 75 80 85 90
0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

R-Score

C
D

F

Capacity-0.25-PA-User-100

 

 
LF-30km/h-50ms
LF-3km/h-100ms

60 65 70 75 80 85 90
0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

R-Score

C
D

F

Capacity-0.25-PA-User-100

 

 
LZF-30km/h-50ms
LZF-3km/h-100ms



89 
 

in most cases in different situations and for several special cases, LZF however 

outperforms LF scheduler. Furthermore, we also evaluated and compared the 

performance of the schedulers in ITU PA and ITU PB channel profiles. In most cases, we 

notice that the performance of different schedulers is better in ITU PB channel than in 

ITU PA channel. In the situation of increased velocity to 30km/h, we found that the 

performance of the schedulers is better for low R-Score and worse for high R-Score than 

before velocity variation. For the situation of decreased packet dropping threshold down 

to 50ms from 100ms, we have the results that in almost all cases, the performance of the 

different scheduler degraded. Combined velocity increased to 30km/h and decreased 

packet dropping threshold down to 50ms, we can see that the performance of the 

schedulers is better for low R-Score and worse for high R-Score then before. As a result, 

we recommend the LF and LZF schedulers, especially the LF scheduler. 

 

The all schedulers we proposed are combining different metrics for the scheduling 

decision, in which we particularly combined current speech quality in terms of R-Score, 

current channel quality, and urgency of the packet. The LF and LZF schedulers are both 

in linear forms with different coefficients for each term standing for current speech 

quality, current channel quality, and urgency of the packet. The coefficients present the 

weight of the different metrics during making scheduling decision. Actually, we have 

selected and compared the performance the schedulers with different coefficients before 

performance analysis. We found that LF scheduler with coefficients for priority utility 

function 1 · 1 · 100 · , here with delay unit second, yields the 

best performance. LZF scheduler with priority utility function 1 · 1 ·
1 ·  yields the best performance. Therefore, in performance analysis, we only 

kept these two situations. 

 

For all the schedulers, we list and sort the user/packet/band triples in the proper order 

according to the priority value calculated from priority utility functions, and then start 

allocating from the ordered user/packet/band triples. Assuming that we have M users 

and each user has one packet to transmit, the upper bond computational complexity is 

. So, LF and LZF schedulers are with very low computational complexity. 
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6 Conclusion 

 

With the rapid development of our modern society as well as internet technologies, 

people have expressed much higher demands to the wireless communication services and 

the quality of each service. OFDMA is considered as one of the most promising 

technologies to support the high speed wireless services. It is a multiple access scheme of 

current and near future terrestrial and satellite wireless technologies which is used in 

satellite communication or remote control for space robots or flights for cooperative work. 

A good resource scheduling scheme for OFDMA can overcome the packet losses due to 

varying nature of channel fading. In the IEEE 802.16 standards, the scheduling is left 

unspecified. However, it has significant impact on system performance and QoS. In this 

master thesis, we developed a low complexity frequency selective scheduler aware of the 

current instantaneous speech quality in terms of R-Score particularly combining different 

metrics like current channel quality and urgency of the packets in scheduling decision for 

OFDMA system. The schedulers are simulated by using Matlab and the results on the 

performance of the different schedulers are compared for different usable capacity 

resulting in different level overload. The simulative performance evaluation is performed 

at the example of VoIP transmissions over the band AMC mode. 

 

In this thesis, firstly we presented and analyzed the demands for wireless communication 

and explained the motivation for OFDMA scheme in terrestrial and satellite 

communication. For a better understanding on the subject, we gave a summary of the 

basic features of WiMAX and IEEE 802.16 standards. The broadband wireless channel is 

characterized as a multipath fast fading channel. We described three kinds of fading 

models, which affect the signals in wireless communication: pathloss, shadowing fading, 

and fast fading. In detail we presented the overview for OFDM and OFDMA and 

addressed the general architecture and important characteristics of OFDMA as well as the 

previous related research results. Multiuser diversity and adaptive modulation and 

coding scheme enable high performance in OFDMA system. We provided some basic 

discussion about multiuser diversity and adaptive modulation and coding. The standards 

specify different subchannelization schemes as frequency diversity and band AMC modes 

based on how to allocate subcarriers. In frequency diversity mode, the subchannel is 

constituted with a group of pseudo randomly distributed subcarriers which provides 

more frequency diversity and is particularly used for mobile application. In band AMC 

mode, subchannels are constituted by using the contiguous subcarriers on the frequency 

band, which lose frequency diversity but allow the system to exploit multiuser diversity, 

allocating subchannels to users based on their frequency response. These two 

subchannelization modes are presented in detail and the related work is summarized in 

the thesis. The configuration of the bands including frequency component and time 

component is calculated and presented in the thesis for the system simulation. The 

simulative performance of the scheduling algorithms is evaluated at the example of VoIP 

transmissions based on Quality of Experience (QoE). The definition of QoE is introduced 
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in detail and the distinction of QoE and QoS is given. QoE is a function of QoS which can 

be expressed by mapping the physical parameters into user’s perceptive scale. The 

perceived speech quality including human perception subject is predicted in the system 

simulation based on the E-Model. We presented a detailed discussion on the E-Model. 

The basic approach for providing the QoS guarantee in WiMAX is scheduling at the base 

station. We outlined the challenges for schedulers and summarized some basic 

scheduling algorithms as well as the related work on the schedulers. Furthermore, the 

simulation system model is presented and the parameters in simulation are addressed. In 

the following, we implemented some basic schedulers like Random, EDF, MaxSNR, and 

Least R-Score schedulers which are based on only one metric for the scheduling decision. 

Additionally, we have proposed and implemented several new schedulers like DF, LF, 

LZF and Sort scheduling, combining different metrics for the scheduling decision, in 

particular current speech quality, current channel quality and urgency of the packet. 

During scheduling, we introduced fragmentation and PER control in bit loading 

mechanism which improved the efficiency of scheduling and band usage. 

 

We evaluated and analyzed the performance of the different schedulers including the 

basic Random, EDF, MaxSNR, and R-Score schedulers, and the proposed DF, LF, LZF, 

and Sort schedulers in the situation of different capacity constraints. As the summary of 

the performance analysis for different schedulers, we can state that the performance of 

LF and LZF schedulers is remarkable and promising. For further confirmation, we have 

investigated the impact of different parameters like the velocity, the dropping threshold, 

and the impact of combined velocity and dropping threshold. LF and LZF schedulers 

clearly outperform the other schedulers like the basic schedulers and the proposed 

schedulers in these situations. In general, LF and LZF have comparable performance, but 

for details, we can obtain that LF scheduler is better than LZF scheduler in most cases in 

different situations and for several special cases, LZF however outperforms LF scheduler. 

Furthermore, we also evaluated and compared the performance of the schedulers in ITU 

PA and ITU PB channel profiles. In most cases, we notice that the performance of 

different schedulers is better in ITU PB channel than in ITU PA channel. In the situation 

of an increased velocity of 30km/h, we found that the performance of the schedulers is 

better for low R-Score and worse for high R-Score than before the velocity variation. For 

the situation of decreasing the packet dropping threshold down to 50ms from 100ms, we 

have the results that in almost all cases, the performance of the different scheduler 

degraded. Combined velocity increased to 30km/h and decreased packet dropping 

threshold down to 50ms, we can see that the performance of the schedulers is better for 

low R-Score and worse for high R-Score than before. As a result, we recommend the LF 

and LZF schedulers, especially recommend LF scheduler with coefficients for priority 

utility function 1 · 1 · 100 · . Both LF and LZF schedulers have 

very low computational complexity , where  is assumed as active user number. 

The usage of the R-Score as an application aware QoE metric in the decision of an 

OFDMA VoIP scheduler is just an example scenario that demonstrates the potential that 

lies in such a design. The idea of this scheduler can also be applied to satellite 

communication or remote control for space robots or flights for cooperative work. 
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Observation can also be done at the application layer and the result can be used in 

scheduling decision as metrics in MAC layer. However, the QoE metric would then e.g. 

reflect the requirements of human-robot or machine-robot remote control. Although we 

achieved best performance with the coefficients for priority utility function, the 

coefficients can be optimized by small scale to improve performance of the schedulers for 

future work. 
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