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Abstract

A Framework for Cross-Layer: QoS-Aware Radio Resource ManagemermimheMViIMAX
Systems.

By

IHSAN SHAHWAN

Adviser: Professor Mohamed Ali

The growing demand for mobile Internet and advanced wirelestimmedla services and
applications has accelerated the development and deployment ofoeibénd wireless access
technologies including fourth-generation (4G) mobile WIMAX and cellulang-Term
Evolution (LTE). These technologies are capable of delivering d@Mb/s speed. In this
thesis, mobile WIMAX is chosen as representative candidate fotednology. WiMAX
(Worldwide Interoperability for Microwave Access) is a rapidipowing broadband wireless
access (BWA) technology based on IEEE 802.16 suite of standards. XVislAgenerally
available in two versions: fixed and mobile. Fixed WiMAX, which isdzhon the IEEE 802.16-
2004 standard, is ideally suited for delivering wireless, lakt-mccess for fixed broadband

services.

Mobile WIMAX, which is based on the IEEE 802.16-2005 standard, supports beth dixd
mobile applications while offering users improved performanceaaip and mobility. The

Mobile WIMAX air interface supports several new key featutest distinguish it from other



metropolitan area wireless access technologies including ndilifdrthogonal Frequency
Division Multiple Access (OFDMA) as the radio access solutommitigate the effects of
multipath fading, the use of multiple-input multiple-output (MIMO) amiz techniques, and the
support of several adaptive modulation and coding schemes (MCSs)ssBotaey Phase Shift
Keying (BPSK), Quadrature Phase Shift Keying (QPSK) and Quagr Amplitude Modulation
(QAM). Radio Resource Management (RRM) techniques such assamiControl (AC),
Packet Scheduler (PS), Dynamic Bandwidth Allocation (DBA), anatauler allocation and
mapping (SAM), are essential for supporting differentiated andagteed Quality of Service
(QoS) as well as to ensure that scarce radio resourcesffanently utilized in wireless
networks. Though the Mobile WIMAX standard provides the preliminary isgegtons for
RRM techniques including QoS requirements and signaling mechanisowggver, the
algorithms/schemes that manage the radio resources includingSAOBA, and SAM, are not
defined in the standards. These are still open research topicsarandeft for vendor
implementation. The emerging 4G IP-based multimedia servicesapplications require
efficient RRM schemes that can collectively support priotittra high throughput, fairness,
and, above all, ensure reliable end-to-end differentiated QoS deliMogt of the RRM
algorithms reported in the literature to date, however, fadttsof providing a comprehensive
and scalable RRM framework that enables carrier-class Qo&org for both the existing and
emerging wide range of multimedia services and applicatieqsined by the 4Gmobile users.
Consequently, new generations of RRM techniques that can hdlstchiress all of these

concerns are required. This is the focus of this thesis.
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Chapter 1

1.1 Introduction

WIMAX and LTE [1], [2], [3], [4], [5], [6] and [7] are two diérent technologies that will
eventually be used to achieve data speeds of up to 1 Gb/s. These teehriwug the potential
to replace wired broadband connections with wireless, and enableesesuich as mobile TV,
HDTV, and video conferencing without the need for a fixed-line or disthe home. These
technologies will also be capable of supporting a wide range efrgemg and unforeseen
applications currently regarded as too bandwidth-intensive to be rdeliuging existing mobile
technologies. In this thesis, we have chosen mobile WIMAX as eageds/e candidate for 4G

technology.

WIMAX (Worldwide Interoperability for Microwave Access) & rapidly growing broadband
wireless access (BWA) technology based on IEEE 802.16 suitarafastls [5-7]. WIMAX is
generally available in two versions: fixed and mobile. Fixed WX\ which is based on the
IEEE 802.16-2004 standard, is ideally suited for delivering wirelass;ntile access for fixed
broadband services. It is similar to DSL or cable modem serVikeoretically, a WIMAX base
station (BS) can provide broadband wireless access in range up tée3Q30i km’s) for fixed
stations with a maximum data rate of up to 70 Mbps. Mobile WiMAX ctvhs based on the
IEEE 802.16-2005 standard, supports both fixed and mobile applications wiellimgfusers

improved performance, capacity, and mobility.
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To support mobility and enhanced quality of service (QoS), thé& IE&.16e-2005 standard
(Mobile WIMAX) was approved as amendment to the 802.16-2004 standardseM@ibIAX
was the first BWA solution that enabled convergence of mobile and Bxeadband networks
through a common wide area broadband radio access technology aiide fle®twork

architecture.

Adaptive modulation and coding (AMC) is one of the advanced PHY li@gtures that was
introduced with mobile WiMAX in order to cope with both the time anation varying nature
of the wireless channel characteristic. To support a reliadgtesrmission, the mobile WiMAX
standard supports several modulation and coding schemes (MCSs) incluting Bhase Shift
Keying (BPSK), Quadrature Phase Shift Keying (QPSK) and Quagr Amplitude Modulation
(QAM). The MCS is selected based on the channel condition, i.eSNike (Signal to Noise

Ratio) reported by the MSs to the BS receiver via the UL-channel qualityan@@®I) channel.

AMC enables the WIMAX system to select the most approprid@@& Mepending on the channel
condition. For instance, an MS close to the BS, which typically lghaSINR, is assigned an
efficient higher order modulation scheme with low coding redundangy, €4-QAM (6
bits/symbol). On the contrary, an MS located at the cell boundargpfay from the BS), which
typically has much lower SNR, is assigned a more robust lower arddulation scheme (less
efficient), e., g., BPSK (1 bit/symbol). Thus, users with higtteannel quality receive higher
throughput in bits per second compared to those with lower channel quaiitg. AWIC ensures
maintaining reliable communications with users that have bad chaguadity, this is

accomplished, however, at the expense of reducing their throughput.
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Since January 2007, the IEEE 802.16 working group has been developing a melmanteof
the IEEE 802.16 standard (IEEE 802.16m) as an advanced air interfaeettthe requirements
of the International Telecommunication Union-Radio communicationfatemal mobile
Telecommunication (ITU-R/IMT)-advanced for 4G systems, as aglfor the next-generation
(NG) mobile network operators [8]. The NG mobile WiMAX will bapable of over-the-air data
transfer rates in excess of 1Gb/s and of supporting a wide odrgesting and emerging IP-
based multimedia services and applications, while still maintafuihdgpackward compatibility

with the existing mobile WiIMAX systems.

LTE and WIMAX have many features and functionalities in comregrg., both are designed to
move data rather than voice, and both are all IP-based networks ba®&MDMA technology.
Thus, most of the work presented in this thesis including the oyemdbsed framework for
Radio Resource Management (RRM) in Mobile WiIMAX is also applicable to Lidjged that
the detailed differences in the two standards are taking into acébide both 4G technologies
share numerous of the salient features, however, they also séllphenty of differences. The
crucial difference is that, unlike WiMAX, which requires a newnmek to be built, LTE runs on
an evolution of the existing UMTS infrastructure already usedusy 80 per cent of mobile
subscribers globally [9].This means that even though development amyrdept of the LTE

standard has lagged Mobile WiMAX, it has a crucial incumbent advantage.



1-4

So which technology will ultimately prevail? It is arguabletth@dE is more ‘risk-free' than
WIMAX because it will run on an evolution of existing mobile isfracture. However, if
WIMAX is interworked with the already well-established 3G welt networks such as UMTS or
CDMAZ2000, it is almost certain that WIMAX will form an importapart of the future 4G
networks. This has already been addressed by the evolving WiMAXorkespecifications,
which has added interworking with 3G systems and IP multimedia sabsy/$IMS). Despite
their differences in origin and current availability, the two caimge4G technologies may grow

closer with time, especially as newer iterations on the standard emerge.

1.2 Thesis Motivation

The fundamental premise of Mobile WIMAX MAC architecture isshpport of a wide range of
multimedia services and applications (data, voice, and video) aldthgtheir diverse QoS
requirements. The IEEE 802.16e standard supports five classesviok Sg€0Ss) including
Unsolicited Grant Service (UGS), extended real-time PollingiSe (ertPS), real-time Polling
Service (rtPS), non real-time Polling Service (nrtPS), and Bf#fstt (BE). Each of these
services has a mandatory set of QoS parameters that musfiumed in the definition such as
maximum sustained traffic rate, minimum reserved traffie,rand maximum allowable delay.
Radio Resource Management (RRM) techniques such as Admission C@@)pl Packet

Scheduler (PS), Dynamic Bandwidth Allocation (DBA), and subcarriéwcation and
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mapping(SAM), are essential for supporting differentiated and gescr@oS as well as to

ensure that scarce radio resources are efficiently utilized.

topics and are left for vendor implementation. Most of the RRM dltgosi reported in the
literature to date fall short of providing a comprehensive anthldeaRRM framework that

enables QoS support for Different CoSs.

The problem is further exacerbated particularly in the caseeevip@eS requirement of constant
bit rate (CBR) applications such as streaming video and audio mamdaitetaining a fixed data
rate per connection in the network, regardless of the mobile usedsiolocand channel

conditions.

Considerable research efforts have focused on RRM and QoS supporiMéixVvietworks;
however, several key critical issues that may significantiyaict the performance of the RRM
schemes, and hence the overall performance of WIMAX systeavg &till not been fully

explored and/or addressed, including:

Most of the existing RRM schemes including PS and DBA algorititiize the simple OFDM-
based scheduler, in which multiple subscribers use a time divisioiplewatcess (TDMA) to
share the media. The scheduler in this case is fairly singglause the resource allocation unit is
available only in the time domain (time Slots), and the entguigncy channel is given to each
user. The scheduling decision is simple to decide what time Sthatuld be allocated to each
subscriber. On the other hand, both time and frequency domains need to iderednfor
OFDMA-based mobile WiMAX. In this case, the resource allocatinit is a two-dimension

time-frequency Slot. The OFDMA scheduler is the most complexb@tause each user can
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receive some portions of the allocation for the combination of timdefiequency so that the

channel capacity is efficiently utilized [10].

Most of the relatively few reported RRM algorithms thatizeil the OFDMA-based two-
dimension Slot scheduling have assumed resource allocation stthtggs based on non-
adaptive static subcarrier assignment (SSA), in which a grogplwfarriers forming different
Slots are assigned to each user regardless of channel frggaspeonses. In this case, each user
effectively becomes a single user who is independent of all oes. On the other hand,
channel frequency responses are different at different freqaseacifor different users (channel
characteristics for different users are almost mutuallypaeddent in multiuser environments)
[11] [12]. The subcarriers experiencing deep fading for one usgmotabe in a deep fade for
other users; therefore, each subcarrier could be in a good conditeomnierusers in a multiuser
OFDMA-based network. Thus, frequency-selective scheduling or dgrerbcarrier assignment
(DSA) schemes dynamically assign subcarriers to usersidhdive best instantaneous channel
conditions (i.e., frequency response) by exploiting the multiuser giiyerrhe frequency-

selective scheduling can significantly enhance system capacity.

Most of the work reported in the literature to examine the impact of AMC schemthe overall
performance of mobile WIMAX systems have assessed the pemme impact of AMC
schemes in a static approach, where users are divided intbxflvsubgroups, each is pre-
assigned to one of the available MCS zones that the system suppat.uSer mobility in the
context of crossing multiple MCS zones within the same célichvcan significantly impact the

AMC-based WIMAX system performance and stability, is not takém account. As a mobile
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user moves away from the closeness of a BS towards theoceltlary, he experiences different
gradually decreasing SNR values; each is associated with pomabrgradual decrease in the
throughput, as he traverses from one MCS zone to another. In thighma$®iMAX system
must dynamically keep shifting to a lower order and more robusk MCmaintain the link
stability. As the mobile user approaches the cell boundary and ehterBPSK zone, his
throughput falls drastically. Thus, AMC by itself is not approprfateconstant bit rate (CBR)
applications such as streaming video and audio. In other words, thegtoh&NR-bandwidth
trade-off invoked via utilizing AMC in WIMAX systems is not safnt enough to maintain
both the CBR connection quality and link stability. Channel qualitywsyd compromised with
channel capacity. The simplest approach to address this probterpris-assign a fixed robust
lower order MCS, e. g., BPSK/QPSK, that ensures providing acce@&R as well as nearly
fixed data rate throughout the entire journey. This approach, howeaels to significant
wastage of scarce network capacity as these MCSs typltalle poor spectral efficiency (1

bls/Hz).

Most of the recent WiIMAX RRM scheduling algorithms reported initeeature typically target

one or two of the classic performance metric, e.g., fairnesigraiifiated Qo0S, or system
throughput maximization. Fairness and throughput are two crgsiaé$ in resource allocation
for wireless networks and, typically, there is always apatiffe tradeoff between throughput
and fairness. The fundamental premise of algorithms that bafaimcess and throughput is to
achieve a good overall throughput while avoiding starvation of the subsctitat are not using

spectrally efficient modulations. Proportional Fairness is aesgptative example of this
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category. Even though these algorithms perform reasonably walatcing throughput versus
fairness over the air-link, prioritization is not embedded in thagaritims [13]. These typical
RRM scheduling algorithms often manage to improve performancéheofnetworks via
optimizing one of these performance metrics [14]. However, the gemgerdG IP-based
multimedia services and applications require efficient RRMesds that can collectively
support prioritization, high throughput, fairness, and, above all, ensuableekend-to-end
differentiated QoS delivery. Consequently, a new generation of RRMmsshé¢hat can
holistically address all of the aforementioned shortcomings and reenaee required. This is the

focus of this thesis.

1.3 Thesis Statement & Contribution

This thesis addresses the important problem of Radio Resource évtaaraig RRM) and Quality

of Service (QoS) support for the emerging 4G broadband wirelessssa technologies.
Specifically, this thesis examines the technical feasilalitgf assesses the performance analysis
for implementing an integrated framework for uplink (UL) RRMheiques in mobile WiIMAX
systems that holistically address the aforementioned shortgemaimd concerns. The ultimate
objective of the proposed framework is to provide optimum or close tmamtiUL scheduling

and resource allocation strategies that meet the typical endiMAX mandatory set of QoS
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parameters and requirements associated with each CoS includingt&aRing applications;
while concurrently striking a balance between maintaining nearbpnstant throughput per
every CBR streaming connection in the network, fairness amomgpdile users irrespective of

their channel conditions and locations (throughput fairness), and the overall sgpiacity.

To achieve this objective, several novel ULRRM functional modulesudinay Admission
Control (AC), Packet Scheduler (PS), Dynamic Bandwidth AllocatidBA), and subcarrier
allocation and mapping (SAM) are developed for mobile WiMAX. Theonoof an integrated
RRM framework is realized via introducing two critical megisens. First, the functionalities of
all RRM modules (AC, PS, and DBA) at the MAC layer arstfintegrated. The QoS-aware
scheduling decision (obtained from the unified RRM scheduling moduldisg MAC layer is
then integrated with the channel state information and correspondingtwpgiic AMC
schemes as well as the SAM at the PHY layer, to gefitlaé optimum (or near optimum)

scheduling and resource allocation decisions.

This is a complex and challenging optimization task that reqdass and periodic intra-
communications among the RRM scheduling modules (AC, PS, and DBA) MiAidayer as
well as inter-communications between these scheduling moduldge a¥IAC layer and all
relevant transmission modules at the PHY layer. This task etgores frequent and periodic
updates (each cycle) of numerous system parameters thatigeliechpact the overall system
performance. This is implemented with a moderate increase iWth€QI (channel quality
indicator) overhead. Thus, the proposed integrated RRM frame work supgdahg integrated
PHY-MAC layer strategy, which is the key for obtaining optimi@mnnear optimum) scheduling

and resource allocation decisions each cycle.
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The implementation of the proposed RRM framework proceeded in thrpeergtial phases.
Each succeeding phase builds upon previous phase(s) in order to addsbsst@omings and
enhance its performance. All RRM PS and DBA algorithms ahdnses presented in the three
phases utilize the OFDMA-based two-dimension time-frequencyaSkgnment. The resource
allocation strategy utilized by RRM PS and DBA algorithmse@néed in the first and second
phases is based on non-adaptive static subcarrier assignment. Gihethband, the resource

allocation strategy utilized in the third phase is based on dynamic subcssigmaent.

In the first phase, a set of integrated QoS-aware AC, PS)BAdalgorithms and schemes are
developed. Specifically, we present and devise a 3-level hierafaigorithm (3LHA) for UL
scheduling in Mobile WIMAX that targets specific requirementsaifheclass of service while
enforcing opportunistic cross-layer approach in order to meet Qpfements and maximize
the overall system throughput. In contrast to mainstream hierafduiceduling algorithms that
utilize the typical strict priority algorithm at the firkgvel of the hierarchy to schedule between
different classes of services, the proposed algorithm utilizeshdafirst time to the best of our
knowledge, MCS zones as the first level priority metric of theahtty. Typical strict priority is
then used at the second level in the hierarchy to schedule betvileeantliclasses of service
within each MCS zone. Several different intra-class schedaliggyithms are then used at the
third level to schedule within each class of service for eaClt Mone; Earliest Deadline First

(EDF) is used for rtPS, Weighted Fair Queuing (WFQ) for nrtPS, and Round Robiio{RBE.

Since certain classes of service have higher priority tharrspte@rvation control has to be
considered, specifically for hierarchical scheduling algorithnes address this issue, we also

devise a QoS-aware AC mechanism at the BS along with token Haded traffic policing at
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the SSs to avoid starvation of lower priority nrtPS and BE ssvithe AC maintains the QoS
of in-progress WiMAX connections by admitting a new connection drayl the existing and
new connections can be guaranteed their QoS requirements. The egrdp8sand DBA

algorithms are then integrated with the AC mechanism to support effective QoSqgning.

The set of integrated RRM AC, PS, and DBA algorithms and schpmssented in the first
phase adequately target two main performance metrics: sffidiferentiated QoS support and
maximizing the system throughput. This is achieved, however, atxfpenge of sacrificing

fairness among all mobile users. In the second phase, we devskipof integrated RRM PS
and DBA algorithms that not only adequately address the shortcqfaingess problem) of the
first phase but also address one of the important problems thegdeaged little/no attention in

the literature (problem 3 listed in section I.1 above); “the impaasers mobility (in the context
of crossing multiple different MCS zones within the same) agll the overall performance of

AMC-based mobile WiMAX systems that specifically support CBR streaagppdjcations.

Specifically, taking into account the speed of mobile users, theying channel conditions, and
the AMC schemes at the PHY layer, we propose and devise alayessUL scheduling
algorithm in OFDMA-based mobile system that is specificédijored to maintain not only
almost a fixed data rate but also a limited maximum delagpwvee per every connection in the
network. To keep the main objective of this phase in focus, we only conseies mobility
within one cell as they get to cross all different possible MQ@%s within the cell. To consider
the most stringent QoS requirements scenario, the algorithm teeerde concept of CBR
applications by assuming that all CoSs supported by the IEEE 802draarsl strive to

maintain a fixed data rate throughout the entire life of the coimmedV/e assume that this is a
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requirement included in the service level agreement betweenutemers and the service
provider. Thus, the algorithm strives to maintain almost constant througapevery WiMAX
connection in the network (including rtPS, nrtPS, and BE connections) sthileneeting the
typical mobile WiIMAX mandatory set of QoS parameters and requents associated with each

CoS.

The proposed algorithm strikes a balance between maintaining aeemhstant throughput per
every connection in the network, fairness among all mobile usespétctive of their channel
conditions and locations (throughput fairness), and the overall sysipacity, while still
meeting differentiated QoS requirements for each CoS. To nramgarly a constant throughput
per every connection in the network with the least possible resouacgoint cross-layer
optimization of the bandwidth resources (Slots) and MCS assigniediipally to the connection
is performed on a frame by frame basis such that the product spéutral efficiency of the
assigned MCS and the bandwidth always vyields the required fixexughput. This is

implemented, as will be shown later, via introducing the notion of Zone Balance RaR). (Z

Finally, the work presented in the third phase addresses one commocorsimgt that is
exhibited by both the RRM PS and DBA algorithms and schemes pmdsenthe first and
second phases; namely, the resource allocation strategy utitizeoth the first and second
phases is based on non-adaptive static subcarrier assignment [3®Ajesource allocation
strategy utilized in the third phase, however, is based on adaptigendtysubcarrier assignment
(DSA). Thus, the same RRM PS and DBA algorithms that have besanped in the first and

second phases are reused again in the third phase, however, using lihygedeDSA resource
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allocation strategy rather than SSA. Therefore, the resukeme in the third phase reflect the

complete envisioned integrated RRM framework for Mobile WiIMAX.

The results presented in this thesis are obtained through exteosnmiter simulations and
modeling using substantial system simulator development, whichrisctaut during the course
of this work. This includes both mathematical modeling consideratiensedl as software
design, implementation, and testing. The system parameters usedohassess the overall
performance of the proposed RRM framework are identicaihéo performance evaluation
parameters specified in Mobile WIMAX system evaluation documid®k[16] and WIMAX

profiles.
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1.4 Novelty and Publications

The results of this study have been published in the following articles:

e |hsan Shahwan M. Ali, Muath Obaidat, R. Dorsinville , “Stable Move Algorithm
(SMA) for BW Allocation in Wireless Mobile WIMAX Networks802.16e'lEEE
Wireless Telecommunications Symposium(WTS),New York city, New Yorkil,2pd.1.

e |hsan Shahwan M. Ali, Muath Obaidat, R. Dorsinville, “WIiMAX: Cross Layer
Bandwidth Allocation Strict Priority Based Adaptive modulation and Qi IEEE
International Conference on Communications and Information TechnologyIT)C

Aqgaba, Jordan, March 2011.

In addition, the collaborative work on resource allocation in wirateskile ad hoc networks

which have been published in the following articles.

e Muath Obaidat, M. Ali Ihsan Shahwari QoS-Aware Multipath Routing Protocol for
Delay Sensitive Applications in MANETs: A Cross-Layer ApprdatGETE 2011
Wireless Information Networks and Systems, Seville, Spain, July 2011.

e Muath Obaidat, M. Ali,lhsan Shahwarf A Novel Multipath Routing Protocol for
MANETs” Wireless Communications Networking and Mobile Computing, ONG

Wuhan, China Sept. 2011.
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1.5 Thesis Outline

This thesis is organized as follows:

Chapter 2: Background and Literature Review - This chapter gives the general WiMAX
back ground technology, deployment and importance of WiMAX as atéongbroad band
access provider and to solve the last mile problem. It also $pmotglht on MAC and PHY
layer in WIMAX and the time frequency grid resource allocatiifferent CoS and QoS
supported by WIMAX. In addition related work and the previous proposed wosklve

scheduling in WIMAX have been presented.

Chapter 3: Framework: Modeling and Mobility Scenarios - This chapter list all simulation
parameters used; it also proposes a novel wireless mobility meei@lto test and implement

the proposed work.

Chapter 4 : A Novel Cross layer Three Level Hierarchal Algorithm QoS Provisioning
(3LHA) — The chapter introduces the three level hierarchal algorithrohwiakes into
consideration the connection class of service and its QoS requireahéhéssame time the

user channel condition that this connection belongs to.

Chapter 5: A Nove Cross layer Modified by Zone Balance Ratio QoS Provisioning

Algorithm (ZBR-3LHA)
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The chapter introduces and implements the zone balance ratio fun€@) {0 maintain
fairness and to adapt to different AMC schemes in different miolulaones. Connection
maximum threshold is defined in which the connection maximum numigganfed Slots is

determined.

Chapter 6: A Novel Combined Cross Layer with Dynamic Slot Allocation (Fully
integrated PHY-MAC) - This chapter presents a fully integrated scheduler for QoS
provisioning, it combines the aforementioned algorithm introduced in chapteth® PHY
layer which was introduced in chapter 4 with the algorithmtéxtan the MAC layer to
exploit multi users diversity and to achieve the best systerforpence. Moreover,
modeling noise, wireless channel, calculating the channel impulgensss implementing
the transmission guide matrix to guide upper layers for resaalfoeation have been
discussed. A comprehensive description of a novel dynamic Slot alocaith low

complexity channel impulse response estimation for WiMAX 802.16e has been presented.

Chapter 7: Conclusions and Future Work — Conclusions of the proposed work and

enhancements through future work has been laid in this chapter

Appendix A: Practical Example for Calculating the Average SNR in DSSA.
Appendix B: Practical Example shows DSSA and Frame Sequence Number.

Appendix C: Pseudo Code for Cross Layer Hierarchal Scheduling.
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Chapter 2

Back Ground and Literature Review

2.1 Overview of WIMAX Technology

In WIMAX standards Base station grant bandwidth in two modes, tisé i Grant Per

Subscriber (GPSS), in which the BS grants all the connectionbdlmatg to the same SS, and
then the SS distribute the granted BW among its connections, arse¢bad is Grant Per
Connection (GPC), in this mode the SS receives the granted BW dertain connection and

consequently each connection has to request its own BW.

GPC is adopted in this work. The BS is responsible to dynamioaliytains different QoS
requirements for different connections belong to various users. IPAWi®onnection had to be

established by the network through the call admission control (CAC) in which QoBieved.

data are transmitted via Orthogonal Frequency Division MultipeXOFDMA) [17] wherein

data is mapped into Slots, each Slot is formed by one OFDM symba asrtain number of
frequency carriers named sub channel, before data sent ticdPligger of the wireless medium
(PHY), data is encapsulated into a certain number of Slots ore ftases, WiIMAX frame
consists of limited number of those Ss for Uplink and downlink witialske rates, the rate of
each Slot is a function in the adaptive modulation and coding (AM&hamism which will

vary according to the physical medium conditions ,several of ME Mavors are provided to

maintain the tradeoff between the data rate and the robustness.
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There are three modes of operations for WiMAX, the first is pwintulti point (PMP), the
second is point to point (PP) and the third is Mesh mode. In the fBstoBnects to all SS, in
the second two BS could connect to each other to extend the communiaagenwhile in the
third mode each SS could work as an agent for his BS by forwatttenmessage to the next

destination.

In WIMAX networks the decision of assigning resources for tageSS is taking based on his
location and the channel status. If the received signal strdngpiped below a certain threshold
due to wireless channel fluctuating or changing the user ¢tacahm AMC zone to another the
scheduler has to adapt to the change by assigning the proper AM&&b tthef new situation,

changing the AMC while the call in session will have a nvassnpact on the connection rate.
The reason for that is the (S)-bit rate assigned to SS wlocated in BFSK zone can support

just a fraction compared to the one who assigned to the SS located in the QAM-64 zone.
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Figure 2-1 : IP-Based WiMAX Network Architecture
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WIMAX provides a perfect solution for the last mile problem in athit can be deployed in

areas without infrastructure, like country sides and suburban arell®\X\ietwork consist of

the BS located on elevated position connected to a group of subscaBgn(cellular structure

principle in which each BS is responsible for SS located withinctikeborders only. The

technology has replaced some of existing telecommunications inftases. For example; in

fixed wireless configuration it has replaced the tradition@ptabne copper wire networks, the

cable TV's coaxial cable infrastructure. As mobile a mobiléyIXX aims to replace cellular

networks.
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2.2.1 Cell structure and Grant per connection mode (GPC)
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Figure 2-2 : BS structure and different QAM modulation Zones

Base station is represented by a tower located in elevateel glabe center of circle shape
which represents the total coverage of the cell. The mair é¢yalivided into four concentric
cycles of coverage. The transmission range of radius (R = 2.5skngnsidered. The cell is
divided into 4 QAM regions; each is represented by concentriesiwith different radii. The
coverage area for each AMC is decided up to minimum required SNRafdr modulation
scheme in the standard. As given in Table 3.2, the distancedretive SS and the BS, SNR for

each user, and the path loss are calculated as given in chapter 3.
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Figure 2-3 : Request-grant mechanism adopted is the Contention free (Robite))

All connections generates traffic for each of the four diffecdas$s of services rtPS, nrtPS and
BE as shown in Table 3.1 sends their request to the BS and theu@Sagtio resources taking

into consideration to maintain QoS according to the implemented RRM.
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2.3 Description of MAC layer in WIMAX

SDU 1 SDU 2 SDU 3
Frag 1 Frage 2 Frag 3 Frag 4 Frage5 | | Frage 6 | | Frage 7

Header | Frag1 | CRC \
PDU1 Header | Frag2 | Frag3 | Frag4 CRC
\ PDU 2

Frag 5
PDU 3

PDU 1 PODU2 f-——m———1 PDU N

Data Burst

Figure 2-4 : SDUs Concatenation and Fragmentation

The IEEE 802.16E MAC-Layer is a connection oriented Network whichnsé¢lat each

subscriber/connection must establish connection with the BS in ardgt ta band width. The
MAC Layer can be classified into three sub-Layers, The iKr§tonvergence Sub layer (CS)
which interact with the upper routing Layer like ATM and IP, seeond is the Common part
Sub-Layer (CPS) which includes the MAC characteristics|Ifinle security Sub-layer (Sec-S)

which responsible for the Authentication and encryption.

The MAC Layer takes data from upper Layer as MAC Serviata nits (M-SDU'’s) Protocol

and convert them into MAC Protocol Data Units (M-PDU’s) ready for trasson over the air.
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WIMAX MAC supports variable length PDU’s, multiple SDU’s frommigher layer may
concatenated into a single PDU to save MAC header overhead, othénéhand a single huge

SDU could be fragmented into smaller PDU’s and sent over multiple frames.
2.4 Description of PHY Layer in WIMAX (OFDMA)

Downlink Subframeasssss Uplink Subframesssssssss o

>

Adaptive

PS 0O PSn

—_— Frame j-2 Frame j-1 Frame j Frame j+1 Frame j+2 ——

Figure 2-5 : TDD WiIMAX Frame

The mobile WIMAX air interface utilizes Orthogonal Frequeri@ivision Multiple Access
(OFDMA), [18] as the radio access method to improve multipath peafacenin non-line-of-
sight environments. OFDMA exploits the frequency diversity ointlaétipath channel by coding
and interleaving the information across the sub-carriers poaotransmissions. The IEEE
802.16e-2005 air-interface supports both Time Division Duplex (TDD) and émegwDivision
Duplex (FDD) modes; however, only TDD mode of operation is considerédds work. The
TDD mode is preferred because it enables dynamic allocatidbLoand UL resources to
efficiently support DL/UL band width allocation and requires only a@h@nnel for both

downlink and uplink. The frame structure under TDD mode includes the control messages UL-
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Figure 2-6 : A sample TDD frame structure for mobile WiMAX

MAP, DL-MAP and also includes the downlink and uplink data bursts whose scheduled time and
frequency are determined by the bandwidth allocation algorithmisanttained in the MAP
messages. In an OFDM system, resources are availabletimthdomain by means of OFDM
symbols and in the frequency domain by means of sub-carriers. Mieeaind frequency
resources can be organized into sub-channels for allocation to indivgkral Active (data and
pilot) sub-carriers are grouped into subsets of sub-carrilesi ub- channels. The WIMAX

OFDMA PHY [m8] supports sub-channelization in both DL and UL.
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2.5 Radio Resource Elements and Time/Frequency Grid WIMAX
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Figure 2-7 : Slot-Rate Vary according to user SNR, AMC and coding rate

In OFDMA the total channel band width is divided into many orthogoratowband sub
channels. The serial high-rate data stream is converted iwoakearallel low-rate streams,
each modulated on a different subcarriers, a group of those sutscaitidorm the Slot which

is the basic band width resource element could be granted for the connection.

The minimum frequency-time resource unit of sub-channelizationasSlot, which is equal to

48 data tones (sub-carriers) in the frequency domain and one O¥bbistime in the time
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domain. In a system with 20 MHZ band width there are a total o§ug2 channels in the
frequency domain and 48 OFDM symbols in the time domain, consideringgabhbt OFDM

symbol time is 103us. (Figure 2-7) The bit rate supported bly 8t when its granted to a
subscriber (SS) varies based on his wireless channel conditiorgl $ignoise ratio and the

adaptive modulation and coding scheme.

2.6 QoS Support (Service Classes) in WIMAX

Figure 2-8 : WIMAX maintains QoS and Broad band wireless access in theilast

802.16e supports five different service classes, namely the Unsbl@rant Service (UGS),
Real-time Polling Service (rtPS), Non-Real-time Pollingvier (nrtPS), Extended Real time

polling Service (ErtPS) and the Best Effort (BE). Each serdass classifies different data
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handling mechanisms to achieve service differentiation. A fixesbabtof Slots is reserved for
UGS class of service in each cycle for every connection because it haghtbst priority among
all classes, the rest of classes depend on the scheduler ttrageimission opportunity. For
simplicity work in this thesis was performed under the assumgtairthe scheduling algorithm
supports three classes of service: rtPS, nrtPS, and BE, but litecaasily extended to support
any number of services. Each Mobile Station (MS) has three gjuene for each class of
service. At each cycle (frame), MSs report their current gsieas for each rtPS, nrtPS, and BE
connection (admitted flow) in either bytes or the instantaneousatat#o the BS for bandwidth
allocation for the next cycle. For rtPS services, the bandwedfhest message also includes the

arrival time of the head of the line (HOL) packet.

2.7 Overview of Uplink (BWA) and Radio Resource Mangement

Wireless Schedulers for WIMAX has been classified into twegmaies; channel-unaware

schedulers and channel-aware schedulers.

2.7.1 Channel-unaware schedulers

Channel-unaware schedulers are not practical since the charswmlsidered an error free and
the user channel state condition is not a part of the schedulirgjodedn reality wireless links
characteristics are subject change due to signal attenuation, fadenigrerice and noise. On the
other hand Channel-unaware schedulers operate in two modes, Intr&atiasisiling: which is

responsible for allocating the resources within the same claswding to required QoS
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parameters; many examples for the afro mentioned typespr@pesed in the literature, like
Weighted Round Robin (WRR) [19] and Deficit Round Robin (DRR) [20] aireaind simple

despite the poor delay which fairly grant resources (certain nuaildeytes or packets) to all

connections on one by one base. While Weighted Fair Queuing (VZE{Brid the variations of

it, such as Worst Case Fair Queuing (WF2Q) [22], Self-Clodle Faueuing (SCFQ) [23] have
achieved better delay performance at the cost of high complexédyunfairness; Proportional
fair (PF) scheduling algorithm [24] have been proposed to provideefsramong users but, it
failed to maintain quality of service (QoS) between their egtians [25]. In addition to the a
fro mentioned algorithms; priority-based [26], [27], and [28], in whichuggeare assigned
different priorities the highest is UGS queue ,next is rtR&h) trtPS and finally is the best effort

gueue (BE) have been proposed for interclass scheduling in WiMAX networks.

2.7.2 Channel-Aware Schedulers

Lately, special attention has been given to cross layer optionizia which the BW allocation
operates in both layers; typically PHY-level (“sub-channelcallion”) jointly with the MAC-

layer (QoS and service differentiation). Those algorithms intend to exploitutieser diversity

and channel fading. Bandwidth allocation tactics follows differemtteggies; maximizing the

overall throughout, fairness, in addition to QoS grantee.

WIMAX is a connection oriented network so the schedule has to gr@a®eTo maximize the
network throughput, schedule will prefer the user with the best chaondition and avoid

allocating resources with user has a bad channel because the pddiketdnobped any way.
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Optimization of fairness criteria was introduced in the litewa [29], [30]. Maximizing the
overall network throughput has been proposed in [31], [32]. However wasnhiedppr
OFDMA as PHY Link layer while some has aimed to fined baddmetween efficiency and total
system throughput [33], [34], [35] and [36]. The problem of a fairne$edsting for
multicarrier systems was proposed in [37], [38], [39], [40], [44R][and [43]. The former
assigns equal data rate for all connections by providing usdrdadt channel or located in low
order modulation zone by more resources, As a consequence the esaapacity for a users
with good channel condition or have a high modulation order is not expléltagever the

resource element used was frequency sub-carriers not OFDMA Slots.

None of the previous mentioned algorithms have considered the wirelhessel state
information (CSI) represented by the user SNR, Adaptive modulatiorc@sidg techniques
(AMC) , connection class of service (CoS), the amount of requestedudthcand packet delay
concurrently in the scheduling decision, and that's where our new prop@skd FRsource
management scheme comes to fill the missing piece in thdepbyzconsidering the main
parameters in the decision of scheduling, this has shown signiicprdvement of the overall

throughput of the whole network and in the average packet delay of differens dassevice
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Chapter 3

Framework: Modeling and Mobility Scenarios

3.1 Introduction

A simulation model using MATLAB and C++ has been developed. In dodbave a realistic
simulation environment similar to WiMAX deployments, the WiMA)Yst&em parameters used
here are selected according to the recommended default valueth&®MhMAX Forum Mobile
System Profile [44], [45] and [46] these parameters are liatdéble 3.3, In order to compare
the proposed scheme to the bench mark scheme, a simulation mobethfpfixed and the
mobile environment were built. The simulator consists of four fundammmoidels: the system

model, channel model, fixed model and mobility model.

3.2 System Model

A single Base station (BS) with a transmission range R =k@&\5s considered. The cell is
divided into 4 QAM regions; each is represented by concentrilesiveith different radii. The

coverage area for each AMC is given in Table 3.2, the distancedretive SS and the BS is
calculated on frame bases using parameters from the mobilityl m®de section 3.5 and 3.6.

The path loss and SNR are calculated for different users bgrtipagation model as in 3.3.
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Initially five users are located in each of the four QAM zné&very user generates traffic for

each of the four different QoS connections UGS, rtPS, nrtPS and BE as shown in Table 3.1

3.3 Propagation Model

Cost 231 Hata [47] urban propagation model is used to predict the paih tbe cell, the main

equation for path loss in dB is:

PL = 46.3 + 33.9 log,o(f) —13.821log;((hy) —ah,, + (44.9 — 6.55 log,¢(hy)) logo d +
(3-1)

Cm

Where f is the frequency in MHz, d is the distance betweem8®8 in km, and,, is the SS
antenna height above ground level in meters. Urban environment is considered for aatrasimul
in which, c,, equal to 3 dBgah,,is defined as [48] to beh,, = 3.20 (log,,(11.75h,.)% — 4.97).

Knowing the path loss, the power received can be determined based on the user’s location as
P received= Piransmitted -P path Loss @B (3-2)

The SNR at the receiver is computed as:
SNR = Preceived— P Noise. @B) (3-3)

The simulator assigns values for the AMC region depending on the user’s SNR,;

Table 3.2 provides the relation between SNR and AMC scheme.
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3.4 Channel Estimation and Modeling

Wireless channel is modeled as a multipath fading channel whi@lsource of originating the
inter-symbol interference (I1SI) in the received signal. To theawlSI from the signal, detection

Algorithms like Least-squares (LS) [49], [50] need to be implemented in thgeaece

Detectors need to know channel impulse response (CIR), which can beedldig a separate

channel estimator. Usually this happens by taking the advantaaye alfeady known sequence
of bits, called training sequence bits which are unique for eatsntiier and its corresponding
receiver. These training bits are transmitted each bursthtémnel estimator estimates the CIR

by utilize the known transmitted bits and the corresponding received signals.

3.4.1 Mean Least-squares Error (MLSE) channel estimation technigg

Figure 3-1 shows a general layout for an OFDMA mobile communicaggiera, which exploits
Channel estimation and signal detection. The transmitter soupretected by channel coding
against fading phenomenon; subsequently the binary signal is modulatatsaxvn carrier and
transmitted over the radio channel. After that additive noise isdaddd the sum signal is

received. Once the signal is detected, the channel is decoded to extraicfitia¢rmessage.
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Figure 3-2: System channel estimator and detection

Signal is transmitted over a fading multipath channel and thengheise “which is modeled as
an additive white Gaussian noise” is added. The demodulation starts dinddtes transmitted
bits from the received signal y. to do so; the detector requsedlse channel impulse response

(h). The sequence of operation can be expressed as follows:

The received signal at the receiveriand it's the product of the channel transition matrix and

the channel impulse response added to the additive noise as in (3-4)

y=Mh+n (3-4)

The complex channel impulse respohsg expresseds (3-5)

h=[hy hy - h T (3-5)

For each transmission burst, the transmitter sends its uniqueaibingr sequence which is

divided into a reference lengthand guard period df bits. This will be expressed as (3-6)
m=[mg my -+ Mpyy_4q |T (3-6)

Wherem; € { -1, +1}, and the matrix M is expressed as (3-7)
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my, m; Img
my, 4 m; my
M -_ : M (3-7)
myp_q mp  Mp_q

The LS judge the channel based on minimizing the following error amount

h = argmin ||y — Mh||? (3-8)

Finally, the channel impulse response solution for the previous equation is defin€@-44)

h g = (MHM) 1Mty (3-9)

Where () and()~* denote the Hermitical and inverse matrices.

3.4.2 User SNR and Channel Impulse Response

SNR for sub-channgf) who belong to us€r) was evaluated according to (3-10)

channel(f) _ |H(f)|? _
SNRSmet - MO (3-10)
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3.4.3 Frequency Selective Fading Channel

Radio channel can be modeled for a particular system accordihg tahdwidth required for
communication. In the flat fading approach bandwidth of the channelea&egrthan in the

required bandwidth of the communication system.

Bs < Bc (3-11)
Where BS is the bandwidth of the signal and BC is the bandwidth ochtdmel. Amplitudes of

frequencies within the required bandwidth can be approximated by i@audistribution
function. In another words, all frequency components of the communicastensyvill pass
through the channel unaltered with addition of noise. We have to outlire tihatr signal

undergoes constant gain and linear phase response propagating through flat fading channel

On another hand for frequency selective channel required bandwidth forucaocaton is

greater than channel bandwidth.

Bs > B¢ (3-12)

Thus at the transmission numerous frequencies are eliminatedsigeaf underwent filtration
process. Frequency selective fading makes information recoxgnficantly more difficult. In
equation (3-15), we show equation that is used to determine channel banfiwidiodeling

technique.

1
B, ~

~ Soos (3-13)

Whereg, is the RMS delay spread - estimated from practestl measurements
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It is clear that for OFDMA communication we must use frequesstgctive channel in order to
model accurately wireless system. In figures 3-2 the chanmeil$se response of the frequency
selective system is depicted in time domain for carriequieacy 2 GHz, bandwidth 10 kHz;
RMS spread delay of 10us and finally velocity of the mobileivec20km/h. With the help of
this graph we get a sense of the wireless channel for OFDivtAntinication system. In order to

simulate frequency selective channel we use Rayleigh fading distribquati@n (3-14) [51].

r r?
— —-— <r<
p(r) = |o? e"p( 203) (0=7<o) (3-14)
0 (r<o)
Freguency Selective Fading
07 L
i1 SRS S ________ — ________ - RN

1
25
Tirne in (s)

Figure 3-3: Frequency selective fading channel impulse response
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3.5 Limited Mobile Model Scenarios

In the limited mobile scenario, the cell will have 24 MSs unifordiltributed among the four
MCS zones. Each zone is assumed to have 6 randomly distributed M&8s,méans that each
MS has two random andy coordinates within its region one as the starting point and the other
as the destination point, the location for each MS varies eade oye step toward the
destination but never pass the border of the SS modulation zone, i.e. tiodldMShis way to

the destination point which is located within the same original ANk that belong to this SS.
Each MS generates three types of connections based on the #w®sesaf service supported
here (rtPS, nrtPS, and BE), leading to a total of 72 connections. TBe&yameters for each

class of service are listed in Table 3.1

3.6 Full Mobility Model (Free end to end mobility)

A random mobility model was developed in which we represent théycel finite set of points
“A”. Let “A” denote the two dimensional bordered region in whichnadibile SS operate. Each
mobile SS is assigned a random starting pointsas(Xsiare, Vstare) € A , and a random
destination pointz; = (Xgestinations Vdestination) € A @and a random velocity v where 0 < v <
v_max. For our simulation, we usgdmaxas 20 m/s. The Base station (BS) is located at the
center of the cell. In the mobility model, every user moves tapedoser to his destination in
segment ofv X cycle_time meters. The model calculates the slope between the usegatcurr
location and the user’'s destination and then moves the user along tthiacparding to his

interval. Once the user reaches his destination, a new randstmatien is chosen such

that:Zd = (xdestinationl ydestination) € A.
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3.7 Mobility Considerations
Our mobility model considers three possible cases of motion: fribrtolgght, right to left, and
vertical. In every case we aim to increment the useasd y coordinates byxgiep and ygtep

respectively. We calculate the variables as follows:

3.7.1 Case 1: Moving from Left to Right

Xstep = X1 + d Cos (tan‘1 (Z::—ii) ) (3-15)
Ystep = V1 + d Sin (tan_l (Zj:_ii) ) (3-16)

3.7.2 Case 2: Moving from Right to Left

Xstep = X1 — d Cos (tan‘1 (ﬁ) ) (3-17)
Ystep = Y1 — d Sin (tan‘1 (%) ) (3-18)

3.7.3 Case 3: Vertical Movement
Wherex; = x4 andy; # yq ,in this case; has to be replaced lry — 1,to avoid getting the
slope infinity. Note: slope =i—;’ . Note: Horizontal movement is considered as a subset from case

lor case 2. Wherg ,y, represent the user’s currerdnd y coordinates respectively arddis

going to be the segment in which the user moves towards his destination given
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by = v X cycle_time . xgand yq Are the user’s destination x and y coordinates

respectively.

3.8 Traffic and Simulation Parameters

Table 3.1 : Connections and Traffic Generated characteristics by SSs

Traffic type Max. Minimum Reserved| Number of
sustained rate (MRR) connections
traffic rate

UGS 8 kbps 8 kbps 20
rtPS 100 kbps 60 kbps 20
nrtPS 100 kbps 60 kbps 20
BE 100 kbps Okbps 20

Table 3.2 : Modulation scheme, SNR (dB) and Slot- Rate (bps)

Modulation| Coding| Receiver| Coverage Slot Rate (Best-performance-No
Scheme Rate SNR % fading effect)

(dB) Kbits/s

QAM-64 Ya 24.4 4 43.2
Yo 22.7 6 38.4

QAM-16 Ya 18.2 7 28.8
Yo 16.4 6 19.2

QPSK Ya 11.2 27 14.4
Yo 9.4 20 9.6

BFSK Ya 6.4 30 4.8
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Parameter Value
System Band width 20 (MHZ)
FFT size 2048
Number of Sub-Channels 32
Sub-Carrier SpacingAf 9.765 (KHZ)

Useful Symbol Time ,J
Guard Time, §
Frame duration
OFDMA Symbol Duration
Data frequency Carriers
Number of DL Slots
Number of UL Slots
OFDM Symbols /Frame
Cell Size
BS Coordinates , Center
Number of users in the Cell
Number of users in each region.
User Speed
Transmit power
Noise power
Propagation model
Channel Model

Carrier frequency
Number of flows for each user
Average data rate per flow

Noise power
BS antenna Height
Mobile user Height
Thermal Noise
Slot Data rate
BS Transmit Power,P
BS Height

(20MHZ/9.765=2048)
91.4 microseconds
11.4 microseconds
5 milliseconds
102.9 microseconds
1536
36 X 32 =1536
36 X 12 =384
48
5X5(Km)
(x =2500, y =2500) m
20~24
5 or 6 Uniformly distributed in Fixed Scenario
15 m/sec, 11 m/sec, 7 m/sec
30 dBm
-100.97 dBm
Cost 231 Hata
Frequency selective fading channel(Raleigh
fading)
2.4 GHZ
4(UGS, rtPS , nrtPS, BE)
100 kb/sec for rtPS , nrtPS
BE = 8 kb/sec for UGS
-100.97( dBm)
30 (m)
15(m)
-174 dBm
Vary according to AMC
30 (dBm)
30(m )
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Chapter 4

A Novel Cross Layer Three Level Hierarchal

Algorithm (3LHA).

4.1 State of the art

The motivation beyond the proposed UL cross layer scheduling algorithm is tharditflarsses

of service have different and typically conflicting requiremeiiis address this problem, the
proposed algorithm builds on a three-level hierarchical structureder ¢@ meet these diverse
QoS requirements. The first-level priority metric of the ey is based on the MCS zone
where the SS is located. As indicated in Table 3.2, the MCS zoselested based on the
channel conditions, i.e., the SNR values reported by the MSs to thecBS8er via the UL CQI
channel. As can be seen from Figure 4-1, for a given number’ oMCSs, the range of the
entire received SNR values is divided imt@aon-overlapping circular zones, in which each zone
is mapped to a certain MCS, the coverage % of each zone itatadichy the propagation model

and seen in Table 3.2

For simplicity, we assume that the scheduling algorithm suppo#ds thasses of service: rtPS,
nrtPS, and BE, but it can be easily extended to support any numbevioéseEach MS has
three queues, one for each class of service. At each dyatee], MSs report their current

gueue sizes for each rtPS, nrtPS, and BE connection (admitted flow) in either likies or
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Figure 4-1 : WIMAX Cell Structure

instantaneous data rate to the BS for bandwidth allocation for theyw&t For rtPS services,
the bandwidth request message also includes the arrival time dfe#t of the line (HOL)

packet.
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4.2 The scheduler mechanism

The BS scheduler converts the instantaneous data rate of each icont®dhe appropriate

number of Slots based on the connection zone as (4-1).

frame, _ wa Z}‘zl Connection_BW request;; b Z}‘zl Connection_BW request;;
Req—Srequested_ i=1 S rate + Zi=1 S rat
_ QAM64 -rategamie
c Z}‘zl Connection_ BW request; n Zd Z}‘zl Connection_BW _request; (4 1)
i=1 S _rategpsk i=1 S _rategpsk

Where Regf; %, .4 represents the total number of Slots requested for each frakfariables

a, b, c, and d are the total number of users in the different regddid-64, QAM-16, QPSK,
and BPSK respectively). K represents the number of QoS connedyiprsil{y 3) for each user

(rtPS, nrtPS and BE).

The scheduler depend on Exponential averaging to determine th@ansitaus rate for different
flows(4-2) .this will inform the network of the correct bandwidtguest and therefore to let the
scheduling model determines whether to increase or decrease ther mirsih@s required to

accommodate a certain flow.

‘Tgt I i
R}V = <1 — eT> ek R (4-2)
WhereRI'®" is the instantaneous rate of each fletiandI¥ are the arrival time and the length

of the kth packet of flow i. The estimated rate of floR}i$" , which is updated every time a
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new packet is received, is given by [13], Wh&re= t}‘ - ti“l and N is a constant between

100 and 500 msec (we uNe= 300 ms).

Since the number of Slots that are assigned for each user carméabgon, the scheduler will
always round the required number of Slots down and increments the MU credit by &iede .
Once the credit accumulates at least 1 Slot, the schedulemssiin an additional Slot for the

MU for one frame. The credit function is defined as:

Y& | Connectiongy )
. frame _ ., frame,_q . J request;
CredltMU(i) in QAM(E)™ CredltMU(i) in oam@E) T remainder fgme x( )

PSrateQAm(E)

(4-3)

The number of bytes that can be transmitted with each Slot wlejgends exclusively on the
channel conditions (SNR) at the receiver, which, in turn, depend on th®stooé the MS is
defined as (4-4).Table.1 shows relation between SNR, coding ndt&lat rate for different

QAM regions.

bits

No._subcarries X Xcoding_rate

Slot-Capacity = Sg’"”"’ (4-4)

The scheduler will check if the total available Slots can actodate the total requested Slots as
in (4-5)

ReS{em <Tot s/7ames (4-5)

otal =~ available

If the network cannot support the total requested Slots for each frame as in (4-6)

R_ ramey >TOt—Sframex (4-6)

otal available
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The scheduler in this case will grant the Minimum Reserved Rate (MRRPf@and nrtPS
connections to maintain their QoS constrains. The remaining available Slotdcalated as

follows:

MRR;

Remaining} = Total} — Y%, ¥'¥, Ceiling (s ) if credit < 1

(4-7)

rateQAM(E)

MRR;; )
SrateQAM(E)

ym, Floor(Creditggz’i’)elf‘n oamc) » When credie 1
(4-8)

Remaining} = Total} — Y%, ¥¥ , Ceiling (

Where m is the total number of Mobile Users (MU’s) in the,delis the total number of

connections in the cell, arﬁ;iateQAM(E) is the throughput of each Slot for each “i” user in

modulation zone “E".

Remaining? Is the number of remaining Slots after granting the minimumrved rate for all
users in each frame “ f ”. The remaining Slots are assitpaséd on the sequence given in
Figure 4-2 as follows: (a) the scheduler implements thel&vatl priority metric by serving the
gueues of the MSs in the following order. QAM-64 zone, QAM-16 zone, QESt€, and

finally BFSK zone.

(b) The scheduler applies the second-level typical strict priatgorithm for delay sensitive

classes within each MCS zone as follows:
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< UL Scheduling >

v
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)
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a

Sequence of granting slots by the three level metrics

Figure 4-2 : Schematic diagram of the cross layer scheduling

rtPS connections in QAM-64 zone are served first, followed by &#Shqueues, BE is skipped
in this phase to the next AMC zone. The reason that the schedulgrithe highest priority
for all delay sensitive connections in the QAM-64 zone regardtessype of traffic is the low
cost when it comes to Slot rate in OFDM system, where connedtithshigh SNR lead to

increase proportionally Slot rate accordingly decrease the numibeslots required to
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accommodate any connection in this region (one Slot in QAM-64 zone soaport
approximately 10-12 times the rate than the capacity of the Séohén BPSK zone). Next in
sequence are connections in QAM-16 zone, in which all rtPS queues are servedidwmsdfby
all nrtPS queues, BE in this region is post boned to the end agytive Bi2 shows, the reason
for that is the relative high cost of Slots for connections wiglaker SNR, the same thing will

happen to QPSK and BPSK, where the connection served first by the rtPS followdeSy nrt

Note: The previous order of scheduling will not affect the QoS peteas for various
connections, because the scheduler already accommodate the Qu&tgrardor all rtPS and
nrtPS by granting the minimum reserved rate before it goesughrdhis phase. After
accommodating the rtPS and nrtPS connection in the aforementioned ceeghenscheduler
will consider all the BE queues with the priority giving based @ AMC in the following

order: QAM64 queues goes first followed by QAM16 the next ar&KQHueues and lastly

BPSK queues.

(c)At the third-level in the hierarchy, the scheduler impmats three different intra-class
algorithms to schedule within each class of service for eachG8 kbne; EDF is used for rtPS
(HOL packets with earliest deadline are scheduled first), iBfQirtPS where the weight of
each connection is set as the ratio between the connection’s avéi?&)e data rate and total
nrtPS average data rates within the specified zone, and RR fallEEE connections of QAM-

16, QFSK and BPSK share the left over Slots.
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4.2 Performance Evaluation

The performance of the proposed UL 3LHA is compared with that obraventional strict

priority Algorithm (SP) which utilizes strict priority betwedifferent classes of service by
granting all Slots requested by the rtPS queues followed hytR& and finally all BE queues.
The performance metrics used here are the overall network througghpuell as the average

throughput and packet Delay of all connections for a given class of servicenetwak.

The queue size of each type of traffic is set to 10 kB. Wienasdhat all users in the cell have
line of sight with the BS. The path loss is calculated for eaGhbislsed on the channel model

described above in Section 3.3.

In Figure (4-3); SP outperforms our proposed schedule in ternfP8fatass of service, this is
due to the nature of the SP algorithms in which it sacrditether CoS and connections to
maintain the band width for the highest priority traffic, however proposed algorithm
outperforms SP in term of nrtPS and BE traffic. On the top ofakaghown in figure (4-4);

3LHA outperformed the SP in terms of the overall UL system rate.
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Figure 4-4 : Overall UL system throughput
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Figures (4-5) shows that SP achieved better delay than our pbplgorithm, this is expected
because SP is built on starving the low traffic priority whicbléar in increasing the delay of
the lower classes priority rapidly as in the nrtPS and Bleadigures show, however the rtPS
delay for 3LHA still within the limits of the standard valu&sgures (4-6) and (4-7) show the
average delay for all nrtPS and BE connections, respectivelgpthralgorithms. It can be seen
that the average delay for those two classes for the propagedthah much less than those in

the SP algorithm.
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4.3 Conclusion

This work has presented a three-level hierarchical algorithmUL scheduling in Mobile
WIMAX that targets specific requirements of each schedusegiice while enforcing an
opportunistic cross-layer approach in order to meet QoS requirenmehteaximize the overall
system throughput. The simulation results indicate that theorpsahce of the proposed
algorithm outperforms that of the convention strict Priority scheguhlgorithm in terms of

network throughput and delay.
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Chapter 5

A Novel Cross layer Modified by Zone Balance Ratio

QoS Provisioning Algorithm

5.1 Introduction

IEEE 802.16e is a connection oriented network; connection has to lbdisbstd between a
connection that belong to a certain subscribers (SS) and the B&dikcrto availability of the
requested resources which will maintain the minimum reservdit tratie (Mkg), the BS decides

whether or not to accept the connection.

Due to unpredictable nature of the mobility pattern of mobile userghendnstable mobile
wireless channel, the link quality adaption (LA) is subject to chaagielly, MAC layer has to
respond and reacts for any change in the channel condition byirodpaing adaptive modulation
and coding techniqgue (AMC). This will affect the Slot-rate whiclgranted for MS. Therefore
maintaining the QoS during the connection life time has becantalkerging issue. On the
other hand balance between fairness and bandwidth utilization andetfeeir on QoS has

become the second issue that any scheduler has to consider.

This chapter presents A Novel Cross layer Modified by Zone Bal&atio QoS Provisioning
Algorithm which operate as the second phase of improving the fundiesalf the proposed
RRM at the MAC layer. Solutions for the fairness problem and different Aiddferent slots

rates are considered.
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In this phase, the QoS is grantee for all connections by sgaheminimum reserved rati®lgr

), then the zone balance ration is generated (ZBR) “was publistad paper” [52] to set the
upper limit threshold for all connections to maintain fairness amomg émel to prevent anyone
from ceasing the whole band width, in addition to use the 3LHA mtasduced in chapter four

to distribute any leftover slots.

Phase

5.2 Overview of the Algorithm

The scheduler has three stages; in the firs the schedlileletermine whether it can grant the
total requested BW to all users. If it cannot, it will begingognting the Minimum Reserved
Rate (MRR) for delay sensitive connections in order to mainkaim QoS. Afterward, in the
second stage it will generate the Zone Balance Ratio (ZB®) teepending on the base line
case; based on the previously mentioned the scheduler will deteitraingaximum connection
threshold bandwidth granted for each connection by calculating thagavenodified by the
zone balance ratio (AMZBR), This threshold will adapt and chamgédase line case based on
the total amount of the requested bit rate in each zone. It wilb tmake its best to grantee there
are enough network resources available for all connections icethbased on the ZBR table,
this will stabilize connection while mobile user is moving. Hinaln the third stage the
scheduler determines the type of each connection whether it isateghequest (HRRC) or low
rate request (LRRC) in order to grant any leftover Slots.cimnection is defined as HRRC if
the requested Slots exceed the maximum granted threshold pecitonrand defined as LRRC

if the requested Slots are less than the maximum granted Slots per connection.
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For simplicity, we assume that the scheduling algorithm suppo#ds thasses of service: rtPS,
nrtPS, and BE, but it can be easily extended to support any numbevioéseEach MS has
three queues, one for each class of service. At each dyatee], MSs report their current
gueue sizes for each rtPS, nrtPS, and BE connection (admitted floaijher bytes or the
instantaneous data rate to the BS for bandwidth allocation for theyw®t For rtPS services,
the bandwidth request message also includes the arrival time dfe#t of the line (HOL)

packet.

5.2.1 Stage: 1 Maintain the QoS by Granting the ik

The scheduler accommodates the QoS parameters for all rtP&rt&® by granting the

minimum reserved rate. Each cycle The BS scheduler converisstaataneous data rate for
each connection to the appropriate number of physical Slots; by diviterexponential average
requested bit rate by the Slot rate which is a function in theAME, user location and wireless
channel status represented by the SNR as in (5-1). Equation (5-19 gfaiwhe total requested

Slots is a function in the connections and also the users distribution of the network.

+ Z b Z}‘zl Connection_BW request;
=1 S_rategamie
d Zf:l Connection_BW _request,;

+ i1

k .
Sframex _ wa Zi=1 Connection_BW _request;

Req _ requested ~ &i=1 S_rategamea

c Z}‘zlConnection_BW_requestiJ-

i=1

(5-1)

S_rategpsk S_rategpsk

Where Req _Soweer,, represents the total number of requested Slots for each frame

Variablesa, b, ¢ andd are the total number of users in the different modulation reg@A®I{
64, QAM-16, QPSK, and BPSK respectively). K represents the nuofb@oS connections

(typically 3) for each user (rtPS, nrtPS and BE).
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The scheduler depend on Exponential averaging to determine th@ansiaus rate for different
flows(2) .this will inform the network of the correct bandwidtiquest and therefore to let the
scheduling model determines whether to increase or decrease ther mirsth@s required to
accommodate a certain flow.

R™v — (1 _TT{{ li'{ _TT{( Rold 5-2
i = —e Tk € i (5-2)

L

WhereR™" s the instantaneous rate of each flgfkandl¥ are the arrival time and the length
of thek™ packet of flowi. The estimated rate of flowR[**" , which is updated every time a new
packet is received, is given by [53], Whé&fe= t¥ — t¥~! and N is a constant between 100

and 500 msec (we use= 300 ms).

Since the number of Slots that are assigned for each user carafrabgon, the scheduler will
always round the required number of Slots down and increments the Madil@gMis) credit by
the remainder. Once the credit accumulates at least 1 Sloschesluler will assign an

additional Slot for the MU for one frame. The credit function is defined as:

., frame, _ . frame,_ ,
CredltMU(i) in QAM(E)™ CredltMU(i) i 1QAM(E) + remainder frgme x (5-3)

The Slot rate can be obtained from (5-4), it depends exclusively @hamael conditions (SNR)
at the receiver, which, in turn, depend on the location of MS. Tablehgn@ssthe relation

between SNR, coding rate and Slot rate for different QAM regions.

_Dits coding, .. (5-4)

SRtae —
symbol

No-subcarries
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The scheduler will check if the total available Slots can actodate the total requested Slots as
in (5-5)

Re—csframex STOt_Sframex (5_5)

Total available

If the network cannot support the total requested Slots for each frame as in (5-6)

Rem.framex >T0t_sframex (5-6)

Total available

The scheduler in this case will grant the Minimum Reservatt RIRR for rtPS and nrtPS

connections to maintain their QoS constrains. The remaining aealdbls are calculated as

follows:
. _ frame k MRR; . .
Remainingy = Tot S, iame — 2i=12j=1 [W ifcredit <1 (5-7)
P frame m vk MRR; j m . _frame
Remainingy =Tot S, iahie — Zis12j=1 [W - XiZ1 |Credity i oamer) |
when credit> 1 (5-8)

Where m is the total humber of Mobile Users (MU’s) in the,delis the total number of

connections in the cell, arﬂ;iateQAM(E) is the throughput of each Slot for each “i” user in

modulation zone “E”.
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5.2.2 Stage: 2 Set ZBR Table and limit the Max Threshold.

The second phase allocates the residual BRetsmaining?) based on the Zone Balance Ratio
(ZBR). The ZBR is a function that ensures fairness betwaemections across all zones (from
QAM®64 to BPSK). The balance ratio is obtained by comparing tidutation ratio of the Slot
rate (S_Rate) of a user in QAM64 to the (S_Rate) of the current user’'s zorexaFgole, a user
in QPSK would require 3 times more Slots than he would if he eested in the QAM64
region. The scheduler would reference the ZBR in order to etisairéhe user’'s connection
rate is maintained. The Zone balance ratio is initially catedl using the QAMG64 region as the

base line case. With a QAM-64 base line, the ZBR table is defined as follows:

ZBR?M®* =1  for QAM-64 region  (Base line) (5-9)

bits

mboloamst  for QAM-16 region. (5-10)

symbolQAM16

Coding—rate x

ZBRiQAMIG -

Coding—-rate x

. bits
QPSK Coding—rate X symbol
ZBR™" = et 5-11
t Coding—-rate x _bits_ ( )
symbolQPSK

bits

symbolQAM64_
bits (5'12)
symbolgpsy

Coding—rate x

ZBREPSK

Coding—rate X

WhereZBRi(p) is the zone balance ratio for each user “i” locategbyrmodulation zone, Where
p is the total number of modulation zones (typically 4). Based orotherequested bit rate for
each zone, the scheduler may dynamically change the base liogliagcto the highest
requested bit rate region each frame. The new base line could be QAM-1600QBBSK zone.

Each cycle schedule need to choose the most appropriate base lithee fourrent traffic
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condition each cycle. This will optimize the best performancedst the throughput and the bit
rate fairness (connection stabilization). Each time the schebalgge the base line a new series
of ZBR values are created, the following table will guide theedualer to select the most proper
base line for ZBR function each cycle based on the highest connesoested bit rate zone as

shown in Table.1 below.

Table 5.1 : Base line changes according to traffic distribution in the cell

AMC & Base Line QAM| QAM- QPSK BPSK Base Line
-64 16
H L L L QAM-16
Total requested L H L L QPSK
Traffic per zone L L H L BPSK
L L L H QAM-16

For example if the total requested bit rate is in QAM-64 zonkedhighest(H) among all other

zones, the base line reference has to be switched to QAM-16., obtain a new series a6ZB

(5-13), (5-14), (5-15) and (5-16).

Coding—rate X bits

symbol
ZBRPAMC! = R (5-13)

Coding—rate x

symbolQAM64

ZBR§2AMl6 = 1 for QAM-16 region (The new base line case) (5-14)

bits

Coding—rate x

ZBRQPSK - Syln-b()lQAM:lG (5_15)
! Coding—rate x bits
symbolQPSK

bits

Coding—rate x

ZBRBPSK = ymolgamts (5-16)

. bit
Coding—rate x oS

symbolgpok
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If QAM-16 zone has the highest requested bit rate among all noiness, QPSK would be the
base line case as (5-17), (5-18), (5-19), and (5-20).

bits
symbolQPSK

bits (5'17)

symbOIQAM64

Coding—rate x

7B R?AM64 - [

Coding—rate X

bits
symbolQPSK

Bits (5-18)

SymbOlQAMlﬁ

Coding—-rate x

Coding—-rate x

ZBR?AM16 :[

PSK Coding—rate x %
ZBRY™K = K =1 (base line case) (5-19)

symbolQPSK

Coding—rate X

Coding—rate X S;i:jjol
PSK
ZBR?PSK = bits ¢ (5'20)

symbolgpgg

Coding—rate x

If total requested bit rate in QPSK region is the highest ambragher regions, BPSK would be
the new base line case as (5-21), (5-22), (5-23), and (5-24).

bits

e BESK (5-21)

symbolQAM64

Coding—rate x

ZBR?AM64— -

Coding—rate X

[ Coding—rate x bits
ZBRM16 - o BpSK (5-22)
t Coding-rate x _bits_

symbolQAM16

bits
symbolppey

bits (5‘23)

symbolQPSK

-Coding—rate X

QPSK
ZBR;

Coding—rate x

bits
symbolppey

i =1 (base line case) (5-24)

symbolgpok

Coding—rate X

ZBR}"K

Coding—rate X
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If total requested bit rate in BPSK region is the highest gnatirother regions, QAM-16 would

be the new base line. ZBR determines the maximum number oftl&bts going to be granted

MCS(g)
conection(i)

for each connectio;s_Max ) this threshold prevents any connection from seizing all

available Slots and limits the number of Slots granted to each a@@meaccording to (5-25),
(5-26) and (5-27). These equations guarantee that no connection gets maitee thaprage
number of remaining Slots modified by tABR this causes fairness bit rate distribution among

different connections, accordingly, the stability during the connectionriie is guaranteed.

MCS(g)
conection(i) —

rtPS S Max

ZBRam(g)* Remaining?s

[Z?zl No. rtPS CO”QAM(p) X ZBRQAM(p) +Zip=1 No. nrtPS COnQAM(p) X ZBRQAM(p) +Zip=1 No. BE COnQAM(p) X ZBRQAM(p)]

(5-25)

MCS(g)
conection(i) —

nrtPS_S_Max

ZBRam(g)* Remaining?s

[ZF_, No. rtPS congamp) X ZBRgam(p) + Shey NO. NTLPS congamp) X ZBRoam(p) + Zoey NO. BE congam(p) X ZBRoam(p)l

(5-25)

McS(g)
conection(i) —

BE_S Max

ZBRam(g)* Remaining?s

[ZF_, No. rtPS congamp) X ZBRgam(p) + 2hey NO. NTLPS congamp) X ZBRoam(p) + Zoey NO. BE congam(p) X ZBRoam(p)]

(5-26)

In general the maximum number of Slots assigned to a particular conrégtiom given
modulation and coding zorfg) is:
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remaining

S Max MCS(g) _ ZBRpcs(g)* Sframe
_ conection(i) — [Zf=1 n.con ﬁ’c’g(p) X ZBRycs(p) + Zf=1 n.con ﬁcfg(sp) x ZBRMCS(p)"'Z?:l n.con ﬁ%s(p) X ZBRycs(p)]
(5-27)
Where,
S_Max s o 1S the maximum number of slots has to be granted to a certain connection

originated fromMCS(g) Zonen.con ;;gg(p),n. con yg;;), and n. con jics, are the number of
rtPS connections nrtPS and BE connections respectively in diffdi@sis(p) ,where g p, p
={1, 2, 3, 4} defines the number of Modulation and coding za#g~"" is the number of
the current remaining slots after granting the minimum reserved rate for all connections

Due to burst of IP traffic, in a given frame some connectionshimigquire less than the
maximum threshold while others may require more than the threshuklcdmbined with the
remainder of the floor function produces another set of residual €&loksframe. To efficiently
distribute these Slots, connections are classified into two sarsiely low request rate
connectionfLrrd and high request rate connectiohigg{d. The connection is defined biggrc
if the number of requested Slots in the current frame exceediréshold, and defined asrc

if the number of requested Slots for this connection is below the threshold.

MCS(p)
conection(i)

During each cycle thérrc with connection requess;) < S_Max
second round of remainder Slots as in (5-28)

will produce a

remaining(Round 2) _ P L MCS(p) MCS(p)
Sframe - Zi:l Yi=1 (S_Max conection(i) S; ) (5-28)

Where, L: is the total number ofhke connections.
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Thehigh request rate connections require extra Slots than the threshold as (5-29

gover—limit _ 25;12{1:1 (SIiVICS(p) — S Max McCS(p) ) (5-29)

frame conection(i)

Where, H: is the total number okktconnections.

5.2.3 Stage 3: Assign the Residual Slots according to cross Level Hiefal
Principle.
In this stage the scheduler redistributes the Left over Residual SIF§L™ """ ?) Based

on Cross Layer Hierarchal Algorithm Figure (5-1) under restrictionetheh connection can get

one additional extra slot only.
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Figure 5-1 : Sequence of allocating the residual Slots

cocee

Now the total number of slots granted for each connection (i) located in modulation coding

schemey), (Sl.MCS (p)) can be obtained as (5-30)
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MCS(p) MCS(p) MCSs(p)
( MRR + Si If Si < SMaxconection(i) \
G d _ MCS(p) MCS(p) MCcCS(p) remaining(Round 2) —limi
i,;lacgt(ep) - MRR + Si If Si > SMaxconection(i) ,and Sframe = S}):fg’r?w e
| MCS (p) MCS(p) MCS(p) ining(R d?2) —limi
\MRR + S/ + & If ST > Syarcommirioniy » A Sprame oY < Sprer timit
(5-30)

WhereA=1 or 0, and is distributed according to cross level hierarchy algorithm perasph
Figure (5-1) , i.e. each connection can get one additional slot on round robin base until the

reaming slots is equal to zero.

5.3 Results and Discussions

5.3.1 Limited Mobility Scenario: (Mobile User Moves within a SpecificAMC Zone)

The performance of the proposed algorithm is evaluated in both cases; static anid dgaanst

the PF algorithm [54]. In the static case ZBR is calculatedg the QAM64 region as a fixed
base line regardless of the change in traffic conditions whilhendynamic case, the ZBR
dynamically adjust the proper base line case based on the tafitlition as in table (5-1). The
algorithm dynamically selects the best base line casedbasethe zone with the highest
requested demand, this limits the absolute fairness option betwésnerdifconnections at the
same time improves the total network throughput by optimizing bothexbion’s stability and

fairness among different connections. In PF, Slots are granted basthe ratio between the
current request and the previous cycle’s granted Slots. To makergarison among the three
protocols, Mkr is granted for all connections and the algorithm behavior isi@iesd based on

the residual Slots, this may be explained as follows:
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Static Dynamic

Figure 5-2 : Bar chart show throughput for 3 protocols for different CoS

Figure (5-2) shows the Dynamic ZBR-3LHA rtPS and nrtPS cdiomec have the highest
throughput compare to PF algorithm, the reason is that after graaflindelay sensitive
connections the ik followed by the maximum threshold the scheduler operates in s lenges
mode and grant the highest priority to rtPS and nrtPS connectidims imgh modulation zones
in terms of the residual Slots, this occurs according to theegyran phase 3. This will increase
the throughput gradually for those connections which increase the throwglipeitr entire CoS.
PF has less throughput because the main concept of it is absologs$ which grants every
connection approximately the same bit rate after MRR is egantegardless of the user’'s
location. This could cost too many Slots out of the bandwidth grid comparedr Dynamic
ZBR-SP-AMC, especially if more users located in the low ordedulation zones. The next
highest rtPS, and nrtPS throughput is the Static Algorithm whigtedorms also the PF due to
the principle of usage of the cross layer approach as in phasenis of the reaming Slots to

be granted for connections belong to users with good SNR.
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Figure 5-3 : (a),(b) and (c): show the average delay for various CoS foedtfedgorithms. (d)
is a Bar chart show the total throughput for the three protocols.

The performance metrics used in Figure (5-3) shows the owetalork throughput as well as
the average delay and of all connections for a given CoS withMG8 zones. Figure (5-3) (d)
shows that Dynamic behavior of ZBR-3LHA has the highest oveyatem throughput because
it can allocate more Slots to users in the higher modulation podess; the sequence of granting
the residual Slots follows 3LHA. This will maximize the throughpf rtPS and nrtPS
connection, at the same time will reduce the throughput of theoBtpare to PF algorithm. The
reason is that the total number of residual Slots is not enouglveo all connections under high
requested traffic. BE traffic in both dynamic and static ZBRRI& will never take advantage of
any residual slot since it's the last in sequence of gramtieadeft over Slots. In addition BE
connection has zero @ Slots, most likely the only Slots available for BE connectioestlae

Maximum threshold after all delay sensitive connections receive thgir M
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Figure 5-4 : (a), (b) and (c) rtPS throughput, nrtPS throughput, and BE throughpativespe
for mobile user who is moving toward the BS. (d), (e) and (f) rtPS throughput; hriR@ghput,

and BE throughput respectively for Mobile user who moves away from the BS.
We evaluate the Static and Dynamic ZBR-3LHA performancenkbasuring the average class

throughput and delay for two sample users in different mobility siceravironment; both of

5.3.2 Unlimited Mobile Scenario (User Free to Move across all Zones):
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these two mobile users move horizontally a cross the cell bgrtairt speed in opposite
directions, one starts its trip at the cell border (at sinariaime =0) and moves toward the BS
to the cell center, by the end of the simulation time (t=10Q see)user reaches the cell center
and the other starts it’s trip at the cell center(at timem@) moves away from the BS, by the end
of the simulation time the user reaches the cell bordé+180). For each scheduling algorithm,
the performance of three sample connections for two mobilesSSsluated. Figures (5-4) (a),
(b) and (c) visualize the average throughput of these connections.uifes dn the figure
present the up-to-date average throughput of the sample connectibeltirys to both mobile
users. Therefore, with the evolvement of time, each curve teftaerall traffic rate of the
connection. It is explicitly shown in the figure that the proposedabya ZBR-3LHA

outperforms all other algorithms, especially for rtPS and nrtPS.

The difference in throughput of both mobile users who are moving toward and awayédr& th
is due to randomness of the location of the sample users in tfe sesgice table. i.e. (all users
who are currently served in the cell belong to finite set afsuservice table and granted the BW
according to their order in the table). This could make a difter&etween different SSs in case
of assigning any extra Slots according to the third phase afdiss layer algorithms, in which a
few available remaining Slots need to be distributed for mamg.uSe it's obvious that the user
who is first in the table and satisfy the algorithm requirerserinditions (i.e. to be located in

the QAM-64 area and has the rtPS or nrtPS connection) has the highest priority.

On the other hand, Figure (5-4) (d), (e) and (f) show the stabflitonnections for mobile user
in case of dynamic and static behavior compared to the PFms tdrthe throughput and delay.
The throughput of all delay sensitive connections is above the MRR (509 mdquested BW),

except for that of BE in which the MRR is zero. Also the sample connection haseduffam
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phases and guarantee fairness and stabilization alceo$sp. Another point is the

Figure 5-5 : (a), (b) and (c) rtPS delay, nrtPS delay, and Bty despectively for mobile user
who moves toward the BS. (d), (e) and (f) rtPS delay; nrtPS deldyBE delay respectively for

mobile user who moves away from the BS.
link degradation at the cell border in case of dynamic andc statides of the ZBR-3LHA

compare to PF, this is due to the behavior of the ZBR function whicksvimraccompany with

Dynamic behavior of the proposed algorithm showed the least vatimneems of throughput

other
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and delay than static and PF. PF shows the highest variancereoimghe other algorithms.
Figure (5-5) Visualize the average delay over time fohe@oS for the dynamic and static
behavior compared to PF algorithm. Figure (5-5) (a), (b) andh@)v Dynamic ZBR-3LHA

outperforms the static and the PF for rtPS and nrtPS. On the rgorRfa outperforms our

proposed algorithm in term delay and throughput for BE CoS.

Figure (5-5), (d), (e) and (f) shows delay increases at thiariag of the simulation time until it
reaches a certain limit and stabilizes, this is due to tttetliat at t=0 all queues belong to that
user are empty this explains why the delay is zero then gs&ré$o build up as time goes by

considering that the mobile user is getting farther from the BS througmthi&asgon time.

5.4 Conclusion

This work has presented two versions of the ZBR-3LHA, static gndrdic for UL scheduling
in Mobile WIMAX that targets specific requirements of eadhesiuling service while enforcing
an opportunistic cross-layer approach in order to meet QoS requisem@htmaximize the
overall system throughput. MRR granted to all connections to ma@@srequirements. The
ZBR function deals with different Slots rates for different NDAodulation zones to achieve
fairness among different connections in the cell up to a cegagh. ICross layer approach used
to distribute the left over Slots to increase the overall n&twooughput and to minimize the

delay variations.
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It's evident that the Dynamic ZBR-SP-AMC shows stability aver life time of a connection as
compare to the static and PF algorithms. The simulation resdltaite that the performance of
the Dynamic ZBR-3LHA outperforms that of the static and PFdidivg algorithms in terms of
overall network throughput and delay since the Dynamic ZBR-3LHAckes the base line
according to the zone that has the highest traffic demand, whigmizgs the throughput

accordingly and reduces the average end to end delay of the overall system.
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Chapter 6

A Novel Combined Cross Layer with Dynamic Slot

Allocation (Fully integrated PHY-MAC).

6.1 Introduction

OFDMA is one of the most robust modulation schemes against ymdyos interference (ISI) in
which the total channel Bandwidth (BW) is divided into many orthogonabwaand sub-
channels. The serial high-rate data stream is converted iwoakearallel low-rate streams,

each modulated on a different subcarrier.

Data is mapped into Slots; each Slot is formed by one OFDMAglyand a certain number of
frequency carriers named sub-channel. WIMAX frame consisterdin number of Slots with
variable rates; the rate of each Slot is a function of usédR @hich depends on channel

condition and his location.

Prior to the assigning of Slot for different Subscribers, usedR Should be considered and
channel frequency response should be estimated. In packet based cmations) block of data
is preceded by a number of training symbols of known data which usuaby for

synchronization and equalization purposes.
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This chapter presents a novel dynamic Slot allocation as tliepgh@se of the fully integrated
radio resource mangament algorithm explained through this thesis. In this paasdeaduler

Adaptively allocate every slot on the optimum sub-channel that betoregch user. It uses the
information of the transmission guide matrix at the PHY laytbe,former consists of average
scanned pilot SNR carriers for each Slot on frame bases; mpecdically for the sub-channel

that form the Slot and every connected user in the cell.

The third phase decides the optimum sub-channel for a user to halethiassigned on at the
PHY level while the ZBR-3LHA located at the MAC Layer tlss the number of Slots needs to

be granted for each connection on frame by frame bases.

6.2 State of the Art

Exploit multi-user diversity on frequency and time domains in OFD&)8tem maximizes the
network throughput; in such system each sub-channel is assigned usetheith the highest
SNR for that sub-channel. Traditional way of estimating the &tetis to estimate the SNR as

well as the rate for each frequency carrier who belongs to this Slot inaliyidu

The former is very accurate way to calculate the exact @l however its extremely
computationally complex to obtain and impossible to implement; tteomeia that the elapsed
computation time required to calculate the impulse response forcaawgr that form the Slot

will exceed the WIMAX frame time, this will make the tradhal way to calculate the capacity

of each Slot impossible to implement and unpractical.
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The algorithm should be able to estimate the impulse responskffedent sub-channels for
each user in just a fraction of the WIMAX frame time, sirtceeileds to MAP all users to the
available sub-channels through the UP-MAP message for thiefraeme. If the scheduler
exceeds the frame time to get these estimation then dsgntia¢ impulse response and the SNR
for certain sub-channels will be useless. In this chapter adomplex adaptive Slot allocation
technique is proposed. The adaptive technique estimate the SNRrhgiagehe observable
pilot SNR for each Slot, these pilot carriers are shifteti &ane until they scan the whole Slot.
the sub-channels are assigned to users according to their cloand#&lons, which is usually
measured through channel state information (CSIl) . The proposed isvakalyzed and
compared against the static algorithm in which; the sub-chanrmelasaigned for SSs in a
traditional way; first come first served. The static is kmlihe dynamic way CSI never involve

in the sub-channel allocation process.

Performance evaluation of the low complex algorithm shows thet effedynamic subcarrier

allocation in reducing fading effect by increasing the totélvaek throughput over a frequency
selective fading channel as compared to the static algorlthmhe Static Subcarrier and Slot
Allocation (SSSA) algorithm the Slot is assigned for MSS urfd€iO algorithm without

returning to the transmission matrix, the DSSA outperformed®8®8A because the first takes
into account that the capacity of each sub-channel is a functitve wireless channel impulse
response; SNR for each frequency carrier is calculated byitivthe squared amplitude of the

channel impulse response by the noise power.
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6.3 Dynamic Subcarrier and Slot allocation (DSSA)

This section describes algorithm to determine average smmalise ratio of a single frequency
channel. The assumption of slow fading is a considered in which, noecluacgrs to the
channel state conditions during the full time frame channel; impulse respawestant within a
single frame. In another words there is no distinct differenoetween SNR of the same

frequency within one frame at different OFDM time symbols.

Slot rate varies according to user’'s who gets it. Shannon’s apcaa be used to predict the
capacity of each subcarrier based on the wireless chanieioraigain which varies according

to the location of every usel) (n the cell and the channel status. The rate of each suerddrr
that is assigned to usea) (nder the assumption of continuous use of it in the time domain is

shown in (6-1),To simplify calculations a flat power allocation assumption is idensd in
which the total transmit power over each sub carrit—% jsvhereP is total transmit power and
is the total number of subcarriers in the system, the total betidai the system iB, and the

band width of each subcarrierf,s

B
Rf,i = ﬁ logz(l + SNRf,l) (6-1)
The rate of each Slot can be defined by adding the raedssafbcarriers who form the Slot and
dividing the sum by the total number of OFDM symbols in the frafme reason is that the

subcarrier rate is limited by the duration of one OFDM symbol time; thigiessed as

B
Rps; = XN T=110g2(1+SNRps,i) (6-2)

Where m is the total number of subcarriers in each Slot-gnd the total number of OFDM
symbols in each frame.
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Equation (6-2) shows that each Slot in the system has a diffaterthat varies according to the
user's SNR. This will raise a problem in two dimensions for €s®urce allocation process at
the PHY layer level; the first is to determine which subeatis assigned to which Slot and the
second which Slot is given to which user. The proposed bandwidth alloedgiamithm deals
with the aforementioned problems and provides a solution based on explbéimgulti-user
diversity by dynamically allocating these Slots among diffeusers; it is hardly ever that a sub-

channel is in deep fade for all the users in the cell concurrently.

In this work two new techniques are introduced to compute the average raket that's
different from the traditional method (TM) which calculates $ha rate by adding the rate of all
subcarriers that form the Slot. The first technique is Pilete@ive Average (PSA) in which
system determines average SNR within each frequency sub-clfehf@ each usefi) as in

(6-3) and (6-4).

In order to minimize computations only pilot subcarriers are coregiddfor simplicity, we
assume limitation of x measurements of SNR; corresponding tatxspib-carriers within one

frequency sub-channel. For a sub-channel k, SNR is determined as follows:

n, = xk (6-3)

H (£ )

SNRchannel(k) _ LGk
n

user(i) m=1+ny_q

(i) 9

Where H (f) is the channel impulse response, N (f) is the mgise0, x: is number of pilot
subcarriers in each frequency sub-channel, y: is the total numbeeqfency carriers grouped
in one channel, and k is the frequency block number.
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PSA computes the average Slot SNR for e{%hfrequency within given frequency sub-channel

which is not sufficient enough and better approximations must be impiethehe reason for
that is one of the considered frequencies might be sufficiengsaded within a channel for a
particular user which will increase the probability of error stinreating the average Slot SNR
and in sequence the average Slot rate; accordingly making duotesebverage SNR not viable

and forcing system to allocate resources for a certain user on the wrong.channe

This issue can be avoided if selected frequency for calculatiagage SNR is dynamically
allocated as the second technique Pilot Scan Selective Avel@8§A)PThis means that at every
frame different frequencies are chosen for average SNflaabn as in (6-6) and (6-7) this
helps to eliminate the natural random fading in wireless chamaeimproves the fairness factor
among different Slots. In the next expressions we consider dynieguency scanning
approach; in which the PSSA-SNR within a sub-channel of the @liffdirequencies set is

computed on frame by frame bases.

let i= | (6-5)
e = it imea HFim-g-0)*/ N(fim-g-1)) forj <i (6-6)
S _ k ong z

H (T it /8 (i) Fori>i @D

N = g omeTemy
Where; j is the frame of performed calculations.

Equation (6-6) will be considered as initialization phase, wherl thi¢ increase number of
sequenced frames equation (6-7) will take over.
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6.4 Dynamic Sub-Channel Allocation Mechanism

Frequency channel allocation phase provides the foundation for the iemtégion of the
dynamic frequency scanning technique. We need to distinguish betm@expgressions the first
is the resource allocation phase which is managed by the alganttihe MAC Layer; the
former determines the number of Slots have to be granted foroeactection belong to a
specific connection or user. Second is the channel allocation phagdewiticooperate with the

upper MAC Layer phase to form the fully integrated Slot allocation RRM.

The transmission guide matrix is set in the sub-channel allogaltiase, the former contains the
pilot selected Average PSA-SNR for all sub-channels for eachidio@di user. This matrix will
be updated on frame basis and will work as a guide for the pesallocation phase in the upper

layer (Mac) Figure (6-1) and (6-2).

Transmission Guide Matrix

30
<
T
<
S
S 2

1

n
Users( i)

Figure 6-1 : Transmission Guide Matrix
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6.5 Implementation and Results Discussion

The setup is relatively not complex. The MAC layer “ZBR-3LHiecides the total number of
Slots that should be granted to each connection based on the bieqaéstrand CoS. The
system must determine the highest SNR channel for each usaanoa lfiy frame basis and to
determine if the allocated sub-channel meets the QoS requyitbe iser which is implemented
by two dimensional matrixes: us€ii§ and frequency sub-channdd).(Once a frequency sub-
channel within an OFDM symbol time is allocated to a user witlerframe, other users cannot

use this Slot within the frame.

Figure (6-2) and (6-3) explain how DSSA works. Figure (6-2) shibve sequence of filling the
transmission matrix while Figure (6-3) shows the interactietween PHY layer in which the
SNR for each Slot is estimated and the MAC layer whictasi¢the master mind to guarantee the
QoS and to maintain service differentiation among different caiomscin different modulation

Zones.

The ZBR-3LHA at the MAC layer determines the number of Soé¢ should be granted for
each connection while the DSSA algorithm chooses the best sobethhat these Slots need to

be granted on for every user.

6.6 Performance and Evaluation

The performance of DSSA algorithm is compared against the aggproach algorithms; both of

them use the same MAC layer scheduler.
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The static does not consider the gain of the sub-channel that forn®othie the bandwidth
assigning process. The algorithm performance was evalugt@debsuring the average class
throughput and delay for two mobile users as a random sample. Botmasersorizontally a
cross the cell by a certain speed in opposite directionsufiest (SS1) starts it’s trip at the cell
border (t=0 sec) and moves toward the BS to the cell cenierfgure (6-4) & (6-5), (a, b, c),

by the end of the simulation time (t=100 sec), it reaches the cell center.

The second user (SS2) starts it's trip at the cell cent@rsggc) and moves away from the BS as
in Figure (6-4) & (6-5) (d, e, ), by the end of the simulatiometthe user reaches the cell border

at (t =100 sec).

Figure (6-4) (a), (b) and (c) shows the average throughptiesétconnections belongs to SS1.
As can be seen the proposed DSSA throughput outperforms the staticmemaley for rtPS
and BE. However, for the nrtPS both algorithms show the same penimemisioreover the
amount of the average throughput degradation for SS2 in Figure (§-dhdef) in DSSA is

much less than the Static one.

Figure (6-5) shows that the DSSA outperforms the static mstef delay. (b) and (c) shows the
average delay for both classes nrtPS and BE for SS1, this cateh@ated as follows; at the
beginning SS1 is at the cell’'s edge in the lowest modulation ,dodéralso traffic queues are
empty the delay of different CoS is increasing until it readhe max between t=10 and t=20
sec, with considering that the mobile user is also gettingrctosthe BS delay starts decreasing

until it reaches zero as SS1 reaches the BS.
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Figure 6-4 : (a), (b) and (c) rtPS throughput, nrtPS throughput, Bnithidughput respectively
for mobile user who moves toward the BS. (d), (e) and (f) rtPS thpotighrtPS throughput,
and BE throughput respectively for mobile user who moves away from the BS.
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Figure 6-5: (a), (b) and (c) rtPS delay, nrtPS delay, and B&y dekpectively for mobile user
who moves toward the BS. (d), (e) and (f) rtPS delay; nrtPS deldyBE delay respectively for
mobile user who moves away from the BS.



6-84

6.7 Error Analysis

In this section, an error analysis method is introduced to adtesetrectness of the proposed
work of getting Slot rate based on estimating the averageS8IBtfor the number of carriers
that form the Slot. The former will be compared and referercéukttraditional way of getting
the Slot-rate which estimates each subcarrier SNR individsibsequently calculate the
average SNR for all subcarriers that shape the Slot, afteBlizainon formula is applied to get

the Slot rate.

Numerical errors are computed using the MATLAB. Two approa¢belective and scanning)
are measured and compared to the traditional way under typicalatt@nditions through the
assumption that the error in estimating the Slot rate in iwadit way is zerp Frequency

selective fading channel is modeled considering the parametegsinteduced in chapter 3.
Channel is modeled as slow fading in which the channel stay stabl@ever change status

during the frame time period.

programming elapsed time (computation time) is ignored in formuldhegtraditional way
technique to calculate the Slot rate since our main conceot te prove this method practically

but is to measure the difference in Slot rate between the traditional and propgbséglies.

Long computation time is usually required for the traditionahnegue of getting the Slot rate.
The reason is the need to predict the channel impulse responsehfaaeder in the frequency
domain and then calculate the SNR for all carriers for alkusehe cell on frame by frame base
then the capacity of each carrier is measured individually th@éadatogether to get the capacity

of the individual Slot.
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The next section will present the comparison between the two proposed techniquegeseldc
scanning) against the reference (traditional way) in a Singgleasio in which SNR of five pilot

carriers are considered and one hundred frames are simulated.

6.7.1 Selective approach

In this approach predetermined signal to noise ratio cafpéoss) are considered, the locations
of those carriers are fixed in each Slot and never change fiaome to frame. The error

percentage in this approach is calculated as (6-8)

()
()

1oy HGmP
25213 Xm=1 Nfp)

_va lgy  HEm)I?
Z]:lyz

a kg
Z]=1nkzm=nk_l m=1" N(fm)

Error% =

x 100% (6-8)

Wherea - total number of frames considered in simulation. First portion oferator is the
average of selected pilots SNRs throughout all frames in theiegperand the second portion
as well as the denominator is the average of all Slot suleaBNRs throughout the simulation

time. Entire function is then multiplied by 100% to reflect the error percentage.

6.7.2 Selective Scanning Approach

In this approach the pilot locations changes within the Slot on frame bases.orhe err

calculated via two steps according to the frame number as it shown in (6-9) and (6-10)

If EJ < a the error percentage is:
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“]

(ot |
N<fl.m_(j—ilﬂ_1)> J -1

[

2
el e o |5 (fim—-ji—n) k g
L= Em=sin N(fim-(j-1) Y2y Zmtamy

Error% = x 100%

a lyy IH(fm)I?
j=ly =m=1 N(fm)

(6-9)

where numerator in square brackets is the summated average for the scannirapapproa

Like, (6-6) and (6-7). First portion summates signal to noise asestagting from first frame to

[%J frame, so that to meet required conditions shown in (6-6). Second par8qonare brackets,
summates frames frorh‘ﬂ to a« - total considered frames in experiment, thus fulfilling
requirements of (6-7). It must be noted here that in a condition \{/Helse a this equation will

be meaningless. For example in the appendix B, set up sli%}m@ 10, now if we wish to

simulate only nine frames = 9 different equation must be used. Equation 9 will not be able to
address requested requirements in simulation, thus for this uniges was must calculate

percent of error a bit differently. To calculate percent wirdor the scanning approach where
[%J > o we must use following equation:
2
/Zq e i [#(fim-g-1)| \
]=1nk m=1+ny_q N(fim—(i—l)) 1

a lyy |H(fm)|?
j=1y “m=1 N(fm)

Error% = x100% (6-10)

First portion summates signal to noise average starting from first feemgame, so that to

meet required conditions shown in (6-6).
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6.7.3 Error Analysis Discussion and Conclusion

Over All Average parameters

Traditional way = 0.6743
Selective average = 0.7480
Scanning average = 0.6676

Percent of error for selective = 10.94%
Percent of error for scanning = 0. 99%

From the final error percentage above, the scanned selective dppeyéarmed less error than
the selective one. The error analysis was performed undeartie @nditions and parameters

for both techniques. The analytical results reflects the simulated esoiésr Figure (6-6) and

(6-7). In the selective approach the results can be analyreidering a simple scenario that
first five cut-off frequencies of Slot are overlooked. In thisiaibn system assumes signal to
noise ratio to be of the first pilot signal (carrier number temich in fact is incorrect, thus
system overestimates the available bandwidth of the channek Bystem with predetermined
pilot channels, where system is blind to cut-off frequencies outselpilot channels. This will
lead to over estimating the Slot capacity and will let thecidiee in the upper layer send more

information than the Slot can handle result in loss of information.

On the other hand in the scanned selective, cut-off frequenciebendetermined and closer
estimates of signal to noise average will take place. Initmelation results provided above we

consider average signal to noise ratio of one frequency block averaged over hundesd fram

As expected scanning approach is much closer to total averageNRottis approximating
the channel closer. Finally, Percent of error for selectireggiermined method, is almost 11%

where for the scanning only 1%.



6-89
6.8 Chapter Summary

Simulation results indicate that the performance of the DSSA dotpes that of the
conventional algorithms in terms of network throughput and delay. ailvantage of the
proposed technique is very practical to implement, the elapsedifilethe transmission guide
matrix is much less than the frame time, on the other handaitiédnal method (TM) the time
consumed to calculate the impulse response for all sub-channelsismore than the frame
time, which makes this method very complex and resource consumingmgadsible to

implement.

Nonetheless, the proposed scheme DSSA suffers from lake of @caaraestimating the
capacity of the Slot which is obtained through the error analygisvehatudied but for the space

limitation it can’t be included in this paper, but will be presented in future work.

The error analysis shows that PSSA-SNR has less erroinmaésg the Slot capacity than PSA-
SNR. The probability of error in estimating Slot capacity is abduit%, while the PSSA-SNR

has abou# 1 — 2% margin of error.

The error margin has a direct effect on over and under estgnéte Slot capacity; under
estimating the Slot capacity will lead to waste availdialed width resources, on the other hand,
over estimating the Slot capacity will cause data loss. Siistage in the algorithm can be
overcome by salvation mechanism, which will be discussed sepavatbl Error analysis in

future work
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Chapter 7

Overall Conclusion and Future Work

7.1 State of the Art

Several studies have been done on uplink band width allocation in WiMAX, felewed
different strategies; some center the attention on having a fair dasmahg connections,
Some focus on maximizing the overall network throughput, some use prjuéying to
priorities delay sensitive applications. However none of the aforéomed work focuses on
stabilizing delay and throughput connections due to wireless mobilitypf@posed works spot

the light on this issue of connection delay and throughput stabilization.

Our work is based on fully cooperative integration between PHY an@ Mxers to exploit the
fast link adaption with different QAM modulation in addition to thdesta the wireless channel
and QoS requirements to reach the best performance of scheithdidgnamic shared uplink

channel.

Our fully integrated end to end algorithm was designed on a numbéiasép implemented in
the MAC layer and cooperated with the PHY layer, each tsaswn function, the first was to
grantee the connection QoS, the second is provide some kind of daisésh will cause
connection stability, and will set an adaptive capacity thresholdetgept any connection from

occupying the available band width
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The proposed scheme estimates the Slot capacity accordingusethehannel conditions at the
PHY layer level, as a result an accurate number of Slajgiregl to maintain a certain
connection is obtained. Zone balance ratio (ZBR) function is introduzecbpe with the

variation of the characteristic of the Slot capacity duehange in the fast link adaptive or

wireless channel conditions.

The ZBR function stabilizes the ratio of any connection when themeees across different
QAM regions. Transmitter has to change modulation technique due &r ploap or SNR, the

connection with ZBR function is resistance to channel variation.
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7.2 Work Summary and Conclusion.

Subscriber Station (SS) Base Station (BS)

CID
Request

Application Admission Control

* cD
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Figure 7-1 : Interaction between SS and RRM module for resource allocationcfidnality
Integration between PHY and MAC layer in the making the decision

This thesis has addressed the important problem of RadauRResManagement (RRM) and Quality of Service
(QoS) support for the emerging 4G broadband wireless access techsdBmgeifically, this thesis has examined
the technical feasibility and assessed the performancesanéty implementing an integrated framework for
uplink (UL) RRM techniques in mobile WIMAX systems that holisticaltidress many of the important WiMAX
outstanding issues that have received little or no attentidhei literature A set of novel UL RRM functional

modules, which form the foundation for the integrated frameworkydivgy Admission Control (AC), Packet
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Scheduler (PS), Dynamic Bandwidth Allocation (DBA), and subeargilocation and mapping (SAM) are

developed for mobile WiMAX.

The integrated RRM framework is enabled via introducing twehanisms. First, the functionalities of all RRM
modules (AC, PS, and DBA) at the MAC layer are first iratgd. The QoS-aware scheduling decision (obtained
from the unified RRM scheduling modules) at the MAC layer is thegrated with the channel state information
and corresponding opportunistic AMC schemes as well as the &Atle PHY layer. Thus, the proposed
integrated RRM framework supports a fully integrated PHY@layer strategy, which is the key for obtaining

optimum (or near optimum) scheduling and resource allocation decisidnsyee.

The implementation of the proposed RRM framework proceeded in seegeential phases. Each succeeding
phase builds upon previous phase(s) in order to address its shortcamihgshance its performance. All RRM
PS and DBA algorithms and schemes presented in the threes pitdige the OFDMA-based two-dimension
time-frequency Slot assignment. Thus, the set of RRM PSD&#l algorithms presented in the third phase

establish the complete envisioned integrated RRM framework for MaNEAX.

The main salient features of the proposed RRM framework are:

1. QoS support mechanisms are inherently built into the main RRM&ional building blocks (AC, PSnd
DBA) to guarantee that QoS commitments and control areurrér normal network and traffic scenario as
well as under congested traffic and network degradation scen@hios, AC, PS, and DBalgorithms are all

QoS-aware.

2. Because the developed RRM’'s AC and scheduling algorithms lanewsed in the BS with fast and easy
access to WIMAX air interface measurements and monitoringoraplete and efficient cross-layer

optimization is implemented



7-94

3. In addition to the typical network traffic load as well #$edentiated QoS requirements, the dynamic resource
allocation strategy takes also into account Link Adaptaflon) including AMC and time and frequency
selective fading of the wireless channel such that théusat diversity is exploited by assigning each user to

the resources which exhibit optimum conditions for that user.

It is shown proposed integrated RRM framework provide optimum agecto optimum UL scheduling and
resource allocation strategies that meet the typical maWiMAX mandatory set of QoS parameters and
requirements associated with each CoS including CBR streampiplications; while concurrently striking a
balance between maintaining nearly a constant throughput esr EBR streaming connection in the network,
fairness among all mobile users irrespective of their charoralitions and locations (throughput fairness), and
the overall system capacity. These results were obtainest timel most stringent QoS requirements scenario in
which the concept of CBR applications was generalized by assuming that slé@usdrted by the IEEE 802.16e

standard strive to maintain a fixed data rate throughout the entire tiie obnnection.

The results presented in this thesis are obtained through iggtemsnputer simulations and modeling using
substantial system simulator development, which is carriedwirtg the course of this work. This includes both
mathematical modeling considerations as well as softwalignjémplementation, and testing. To ensure the
viability of the detailed performance analysis presentetti;wwork, the system parameters used here to assess
the overall performance of the proposed RRM framework areiégdémd the performance evaluation parameters

specified in Mobile WIMAX system evaluation documents and WiMAX pesfi
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7.3 Topics for Future Research

This study is done for delay tolerable data traffic, for oglé anly, the ZBR-3LHA should be
studied for more than one cell, it would be quite interesting to dtuelyperformance of the
proposed algorithm for new admitted users and hand off users wherofidbetween different

cells take place.

Moreover, load control issues; when different connections belongs toediffasers have a
gigantic verities of requested bit rate and their effecheratgorithm behavior especially on the
delay sensitive applications. Taking into consideration that due to itpothie amount of
resource required for certain user (connection) could increaseciade rapidly according to
his current location and channel condition. It is possible that due tesénanobility in specific
direction will cause some other user to be not admitted bethesevailable resources are not

going to be valid to accommodate their minimum QoS requirement.

Assigning the Slots for users based on their current locatidreinder’s table is not fair, usually
the first user in the table have the best available choice fnaned resources and will get Slots
with the height SNR compared to others; consequently will havhigiest Slot rate. Another
adaptive algorithm could be implemented to deal with this mait@rdvide fairness between
users and could also include different metrics, like the mount of negu8tots and the traffic

requested type.
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Additionally, our proposed dynamic channel allocation will save pleftgme in filling the
guide matrix but it will not going to be accurate 100% due to amdrunder estimation of Slots

rate more error analyses can be done for the case of over and undemeggtimeeslot rate.

Integration with optical networks and providing end to end Resource Manag&hraocol
(RMP) is and interested subject to extend this work, attentiontdhde paid to the major

difference in cycle time for both technologies.
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Appendix A

Practical Example for Calculating the Average SNRn DSSA

Consider frequency block #B € 3) wherey = 50 carriers within one frequency block, spread
from frequency number 100 to 150 wihr 5 pilots.

n, =xk =15 (eq.3a)
Usingeq.3a n, =15

ng

W, 2 1)l v g (e0.3)
Usingeq. 3b
k31
n, 15 5

Division to acquire average.

Y = floor 4 = floor 20 =10
. 5

X
We will consider every tenth frequency (€iko, fi20: fi30: fi40» fi50)
The lower limit in our summation will be.
1+n_;=14+xk—1)=1+5%2=11
Now we are fully equipped to calculate average signal to noise ratio.

nk 15

Nik = nik Z |H <fl¥Jm> 2/N <fl%lm) =% 2 |H (from)|?/ N(fiom)

m=1+ny_, m=11

i:l(lH(fllo)lz_l_ |H(f120)|2+|H(f130)|2+|H(f140)|2+ IH(f15O)|2>
N3 5 N(fllO) N(leO) N(f130) N(f14-0) N(flSO)
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Appendix B

Practical Example shows DSSA and Frame sequence Nbar.

Consider frequency block #B € 3) wherey = 50 carriers within one frequency block, spread
from frequency number 100 to 150 wil 5 pilots and frame number 7.

n, = xk =15 (eq.3a)
Usingeq.3a n, =15

Y = floor 4 = floor 20 =10
. 5

X

Yet again we will consider every tenth frequency however now we must take rotmaérame
number.

Frame numbeyris less tham (e.i 7 < 10), therefore we must use equation 5a.

Nk
Sk
Ne,  ng Z | (fim-G-1)| / N(fom-g-v))  forj <i (eq.5a)
ki Tk

m=1+np_,
Thus,
im—(G—-1)=10m—-(7—-1)=10m—6
We will consider every tenth frequency (b4, fi14, fi24, fi34, f144)
The lower limit in our summation will be.
14n_;=1+x(k—1)=1+5%2=11

Now we are fully equipped to calculate average signal to noise ratio.

ng 15
S k 2 1

N Z |H (fam-G-0)I"/ N(fm-i-») = 5 Z |H (fiom-6)I*/ N (fiom-s)
kj k m=1+ng_, m=11

S _l(lH(f104)|2+ IH(f114)|2 |H(f124)|2 |H(f134)|2 IH(f144)|2>

Ny 5\ N(fio) |« Nfine) | Nfzw) | Nfis) | N(free)
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Appendix C

Pseudo Code for Cross Layer Cross Hierarchal Algothm

Tot ps/ramex

requested

k . k ,
ijlConnectwn_BW_requesti_j + b Zj:1 Connectwn_BW_requesti_j
i=1

c Zf’:lConnection_BW_requesti,j

i=1

a
i=1

PS_rateQames PS_rategamie PS_rateqpsk

d Z;;l Connection_BW _request;j
i=1

PS_rateppsk

If(Tot_ps/7%mex < Totps/ M )

requested available

1)
Grant Requested BW to everyone in the cell 2) (
Else

{
Grant MRR to everyone (3)

Remaining}® = Totalf* — Y72, ¥¥_, Ceiling (

for(i=0; i<Num_MU;i++)
{

MRR;j )

PSTatEQAM(E)
Grant requested ugs BW for all MU in the cell

DecremenRemaining?S by the number of Slots granted

}
Zone = 4; [/(4 is QAM 64, 3 is QAM 16, etc)
while(zone>0)

{
for(i=0; i<Num_MU;i++)
{
if((MU(i)_zone == zone) && (MU(i)_rtPS has trad} &&( Remaining}* >= 0))
{
Grant BW for this user’s rtPS connection urRemaining,’is;
DecremenRemaining?S by the number of Slots granted
}
if((MU(i)_zone == zone) && (MU(i)_nrtPS has traffi&&( Remaining;® >= 0))
{
Grant BW for this user’s nrtPS connection uRémaining*;
DecremenRemaining}® by the number of Slots granted
}
}
zone --;
}
Zone = 4;
While(zone>0)
{

for(i=0; i<Num_MU;i++)

{
if((MU(i)_zone == zone) && (MU(i)_BE has traffjo&&( Remaining}® >= 0))
{

Grant BW for this user’'s BEconnection urREmaining]’ZS;
DecremenRemaining?S by the number of Slots granted
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zone --;
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