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Abstract

[-WLAN: Intelligent Wireless Local Area Networking
by
Mustafa Ergen
Doctor of Philosophy in Engineering-Electrical Enginegrand Computer Sciences
University of California, Berkeley

Professor Pravin Varaiya, Chair

Future wireless networks require intelligent componems$ tan automate, scale and
manage the network in order to handle the demand for ubiggiacess. In this disserta-
tion, we first evaluate existing problems, and then we intoedcomponents that improve
the performance of existing systems.

We introduce a new Markov model for Distributed Coordinatdfunction of IEEE
802.11 with which we formulate the throughput and delay &usated and non-saturated
traffic. We introduce a novel formulation for individual tughput when stations operate
with mixed data rates. We introduce an admission controlhaeism to maintain the
highest achievable throughput by controlling the acceé®rAat we use our throughput
formulation to obtain the performance of an indoor netwdhle introduce a packet size
adjustment scheme with respect to data rate so that a sltanssgnds small packets to

prevent throttling of the network. We introduce a frame aggtion scheme for wireless
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voice over IP. We introduce a fast and fair sub-optimal atgor to allocate sub-carriers
and bits adaptively in an OFDMA system for point-to-muliiptocommunication, and
investigate MAC performance of the wireless LAN with adeptantennas for point-to-
point communication.

We find that ignoring the consecutive transmission proligti the previous Markov
models is incomplete. Consequently, our model which takesrto account is closer to
the standard. We find that the individual throughput of a@tais the same for fast and
slow stations, and slow stations throttle the performasgee the CSMA/CA scheme
gives equal access but not equal time of channel usage. @uetpsize optimization
scheme increases the throughput of the total network anth#etation but not that of
the slow station. The admission control mechanism can ta@eétwork from random
access to controlled access. Network management can mtmitavhole network and
do real-time adjustments for optimum performance. Our &aggregation scheme for
wireless voice over IP reduces the number of access by camatatg the packets in the
accesses point in order to be sent at one time. The resultarafesource allocation
scheme for adaptive sub-carrier and bit allocation is appgeand can be close to optimal.
We find that a directional antenna increases the perfornmg&godicantly and can provide

enhancements for wireless LANS.

Prof. Pravin Varaiya
Dissertation Committee Chair
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Preface

Wireless networks are among society’s most important stifugture technologies and
are vital to the operation of many systems. The extensivéogent of wireless LAN
systems has brought wireless networks to the forefront ofdarucommunication. Wire-
less network technology has seen a rapid advancement sveeleade; however, existing
network architectures are reaching capacity limits. Sarigtl modifications and innova-
tions are required to fulfill future demands.

The proliferation of wireless users necessitates the siierof coverage and requires
“any-time”, “any-where” connectivity. The wireless netkoarchitecture of tomorrow
must be endowed with intelligence to provide the best peréorce, and be able to scale
and support evolving capability requirements.

It is hoped that this work will provide a valuable summary loé wireless local area
networks and introduce possible new components for the gemxération wireless net-
works.

Chapter 1 is an introduction to the subject, including a historicatgpective. The

core of the chapter provides a description of the areas whigetess networking must

change to support future demands. The chapter concludesaveitimmary of contribu-
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tions of this dissertation.

Chapter 2 is devoted to a review of Wireless Local Area Networking. ilteg an
extensive analysis of MAC and PHY layers of IEEE 802.11 séatidFinite state machine
representation is presented for access functions and tbIFHY layer is analyzed in
detail. A reader familiar with the subject may wish to skigstbhapter.

Chapter 3 describes the access mechanism for Distributed Coordm&timction
(DCF). Emphasis is placed on a Markov model analysis of thei€@a®ense Multiple
Access/ Collision Avoidance (CSMA/CA) scheme and a comparisanade with the
existing model, [5].

Chapter 4 considers the throughput formulation of a network wheni@tataccess
the channel with different data rates.

Chapter 5introduces delay analysis of the DCF mechanism. This chaptestigates
the statistics of the time interval between two successfnsmission per station.

Chapter 6 is focused on an admission control mechanism which coulwduoice
adjustable control over DCF.

Chapter 7 provides an algorithm to characterize and manage a netwithkmore
than one access point. The emphasis is to investigate thpotigvith interference of the
access points.

Chapter 8 introduces a cross layer optimization for the degradatiomieed data
rates introduced in Chapter 4. It describes a fair schedslahgme based on the length
of channel usage.

Chapter 9 provides a description of Wireless Voice over IP and intcatua frame

aggregation algorithm to decrease the delay betweenantsal times. The chapter first

XXi



focuses on the components of the VoIP system and then desc¢hb algorithm fortified
with the performance results.

Chapter 10focuses on a sub-optimal algorithm for an OFDMA system. $cribes
an adaptive algorithm for sub-carrier allocation and haidimg. This chapter can be read
independently of the other chapters.

Chapter 11 focuses on adaptive antenna systems. The performance afaptivee
antenna in an access point network and in an ad-hoc netwaikes with throughput
analysis.

Chapter 12 concludes the work.
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Chapter 1

Introduction

Information technology has evolved remarkably over the paars. After the advent of
silicon technology, technological and economical foragislgd advances in the computer
industry that aroused the vigorous need for networkingrteldgy. This technology is
currently forcing the economy and society to adapt to therigntion of this century:the
Internet. Internet, the largest of all data networks, is adf@cting virtually every aspect
of the modern society, just as electricity once did. The d/bds absorbed this innovation
rapidly and has quickly demonstrated that legacy networksreadequate to meet the
vigorous expectations of a modern lifestyle. The next wawvaformation technology
stems from these continually increasing expectationgjuity, autonomicity, evolvability
and scalability.

Ubiquitous access is the ability to support seamless adoeisgsormation and ser-
vices by anyone, any time, at high speed. Autonomicity isatbiéty of the network to
autonomously manage, protect and heal itself with minino@h&n intervention. Evolv-

ability refers to the ability of the network to evolve ovem® to incorporate new tech-



nologies and meet new requirements while supporting nedicappns. Scalability is
the ability of the network to accommodate unforeseen graetioss many dimensions
without significant performance degradation.

Wi-Fi is used for Wireless Local Area Networking (WLAN), whidrings a mech-
anism to connect wireless users to backbone in high speed. bé&kt-known WLAN
standard is IEEE 802.11, which has several supplementangatds. The legacy IEEE
802.11 was introduced in 1997 with carrier sense multipleess/collision avoidance
(CSMA/CA) MAC protocol and three different physical layer rhanaisms: direct se-
guence spread spectrum (DSSS), frequency hopping spreattisp (FHSS), and in-
frared (IR). Since then, the standard has been enhancedwatiphysical layer stan-
dards: IEEE 802.11b and IEEE 802.11a. IEEE 802.11b usesRaghDSSS (HR/DSSS)
and IEEE 802.11a uses orthogonal frequency division mekipg (OFDM). The IEEE
802.11e MAC protocol is expected to be ratified for providiuglity of access in 2006.

Over the last few years, Wi-Fi is usually deployed as the liagt of the Internet or
wireline telephone network, thereby working in conjunntigith the wireline networks.
The biggest advantages that Wi-Fi provides are mobility emderage. Together, these
characteristics provide “any-time”, “any-where” conneity. Meanwhile, a new standard
for broadband wireless connectivity, known as WiMAX, is egieg. WIMAX (which
stands for worldwide interoperability for microwave acgg® non-line-of-sight, point-
to-multipoint broadband wireless access (BWA) technolagygmerging as a potential
competitor to wireline DSL and cable for last-mile accesd arstrong backhaul option
for Wireless-Fidelity (Wi-Fi). Wi-Fi (up to 100 meters) aldMAX (up to 50 kilometers)

are expected to provide new broadband wireless conngctivtFi provides service for
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client-to-access point (AP) communications. WIMAX is fonplementations of AP-to-
AP and AP-to-service providers that are typically neededviceless last-mile [1, 2].
Recent developments in this area have given WiMAX-based BWa&wa Imope for
growth in client-to-service providers with IEEE 802.16arstard, which is based on Or-
thogonal Frequency Division Multiple Access (OFDMA) syateexpected to be ratified
in early 2005. Wi-Fi is moving into the last-mile access WH.AN with directional
antennas, or WLAN with a mesh-network topology [2, 3]. Negtigration wireless sys-
tems are expected to be a mix of many standards with intalligetwork management
in order to overcome the limitations of existing networksdadd new capabilities and
services. In this dissertation our goals are to sustaindteee and technology needed
to fulfill our vision for next-generation networks, as wefl address the limitations of
existing networks. We present a convergent network arctioite, which addresses many

of the problems underlying the existing technology.

1.1 Motivation

The wireless medium is a complex system that comes with miaajenges. These chal-
lenges arise due to the fact that the wireless medium is aelthresource in terms of
spectrum, and bandwidth is therefore regulated. Thisditié performance of the sys-
tem because the speed and the bandwidth are strongly couRlkedio propagation is
another challenge since now the waves traverse througls,watlving objects, and so
on, creating multi-path interference and deep fades initireak These propagation is-

sues result in loss of data. The lack of physical connegthvttween the stations causes



unpredicted transmissions and results in collision of ptekFurthermore, non-uniform
connection of various nodes requires management to netmadrall performance degra-
dation. As a result, intelligent protocols are required ape with the growing need of
networking.

Distributed Coordination Function (DCF), which implementsMIECA, is one of
the widely used access mechanism of IEEE 802.11. The ircreagreless users results
in a high demand for a wireless network that can provide hgged and seamless con-
nectivity. This increases the importance of CSMA/CA, sinaedan access scheme is
a good choice for ad-hoc schemes, which will be present iméxé-generation wireless
networks. Access point networks will connect wireless toeotnetworks, or a station
could function as an access point from time to time, resglitman ad-hoc configuration
of centralized networks. It is essential to formulate the DX¥foughly and characterize
the performance.

The legacy systems use each communication layer indeptydehich means each
layer is pursuing its own task independently. They intecandy with the upper or lower
layer, transporting the data from one end to the other. Ailgioit provides a clean in-
terface between layers, a better way of structuring is retéaléeed the desire for high-
speed networking. The lack of interaction between layessite in an uncoordinated
architecture, ultimately affecting the performance. Ctagsr optimization, or the use of
information from a layer by another layer, can be appliecetgaty systems in order to
provide optimal performance. For example, the physicatilay capable of giving rich
information to upper layers; in the same way, upper layensi@msmit requests to lower

layers to adjust their parameter set.



It is possible to use a WLAN system for voice communication.ighiicant benefit
of carrying voice communications is to eliminate the needtfam separate entities for
voice and data in an infrastructure. Voice over WLAN providesbility and inexpensive
calls with less infrastructure. Current WLAN systems caneobanmodate large number
of voice sessions; 802.11b is capable of running only thremmpressed audio streams
smoothly. On the other hand, IEEE 802.11a can accommodatdifiees as much voice
traffic as 802.11b. Still, a connected network interfereomeld bring the performance
down. IEEE 802.11e provides QoS upgrade, which could initedsome priority to
voice packets, but a direct treatment could be introducédinvihe MAC layer by frame
aggregation.

Proliferation of home and business wireless LANSs is driving demand for broad-
band connectivity back to the Internet, which IEEE 802.16 fudfill by providing the
connection back to the service provider. OFDM is one of thetrpopular multi-carrier
modulation techniques. OFDM technology divides the opegabandwidth into small
tones and converts the single bit stream into multiple neerlapping parallel bit streams.
The roots of OFDM date back to the 1960s. However, the popylairOFDM increased
in the 1990s with the advent in the high-speed communica@®DM has become the
hottest choice as a transport technology for the most pogtéadards of today, and is
highly likely to maintain its ideal candidacy for the nex@rgeration high-speed applica-
tions. Presently, in addition to WLAN, OFDM is also a strongdiaate for Broadband
Wireless Access (BWA) systems. OFDM modulation can be furtixploited to deploy
QoS for real-time data. Some of the carriers can be reseoratié QoS requesting sta-
tion, in which QoS information is served from the MAC layen dach packet, a set of
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subcarriers may address only one station. This reduceselag due to random based
scheme and provides a packet delivery with a substantiaiuaged packet interarrival
time.

Deploying multiple antennas separated in space is a newitpah that leverages
the antenna diversity in the physical layer. This techniguealled adaptive antenna or
MIMO. A high power directed beam can be formed towards theimokgtson in order to
improve the signal-to-noise ratio. The beam can be formeadpysting the power levels
in each antenna according to the reception level. Currediesttin MIMO are at the
PHY layer. With state-of-the-art simulators (OPNET) [4jrdughput performance can
be measured in the MAC layer. Adaptive antenna systems wockmjunction with the
MAC layer because control signals are sent in isotropicrards and data signals are sent
in directional beams. As stated above, bandwidth is a lonigsource, thereby limiting
the number of non-overlapping channels. In multiple acgesst networks, there is
considerable interference because some access pointarapeted by using the same
channel. Adaptive antennas are expected to increase tf@mance by reducing the

interference and thus increasing the signal-to-noise.

1.2 General Framework and Contributions

The view taken throughout this dissertation is to first folabelithe problem then support

it with experimental results. The contributions of this warre as follows;

v/ CSMA/CA is a random multiple access scheme that transmitseifctiannel is
sensed idle; otherwise, it backs off. IEEE implements CSMAIRAistributed co-
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ordination function (DCF). The theoretical characterizatof these systems is an
open topic and needs to be formulated. The recent work [Fjrioughput analysis
of DCF function is lack of proper characterization of the maere and only con-
siders the system in saturation. The model also fails torpurate signal-to-noise
ratio (SNR), wireless channel, interfering stations andtiplel access points; and
considers it only in one network. We introduce a new Markowsaldhat incorpo-
rates data rate into the formula. The results are also fxitiftith the simulation.
An important issue that has caused a lot of confusion in tieealiure concerning
analytical Markov Model introduced by [5] is defining thetuial time slots. We

treat this by explaining the observation of time in the psscef event definition.

v/ Throughput can be very difficult to observe if the stationsrezrt at different data
rates. We introduce a closed formula that provides the tiiyput of each individual

station.

v/ We then find the delay characteristic of the network. Our e@gh is unique in
terms of finding the probable mass function of time intenksveen successful
transmissions of a station. These results are essentaiddicting the performance

of the system for some QoS implementation.

v/ We introduce controllability on top of the random accesdquol, CSMA/CA. It
gives a base to tune the network from DCF (random control) to @@Fcontrol)
depending on the network condition. Admission control naeiém controls the

number of stations in a network in order to keep the perfocaat maximum.



v/ We develop a mechanism to derive a throughput formulatiorafoextended ser-
vice set that has more than one access point. This is edsemider to implement
a high quality of service to the entire network. With this egte, a network ad-
ministrator can monitor network performance offline ancetkerapeutic actions

to improve the performance.

v/ We find that in a network where the nodes have different dags réhe throughput
is confined to the data rate of the slow station. To alleviagelow performance
of high data rate stations, we introduced a cross layer agation mechanism that
implements an adaptive scheme to adjust the packet sizedirogdo the data rate.

With our scheme, stations reserve channels equal amounted.t

v/ We investigate the voice over IP system and implement arrigigo to improve
the performance in WLAN. Our frame aggregation algorithnm@sia superior per-
formance for voice communication and increases the nunfbharice sessions in a

WLAN.

V/ In adaptive bit loading systems, in order to provide realetiquality of service
(Q0S), subcarriers can be assigned dynamically to usenéf@mesht modulations.
We propose a scheme to allocate subcarriers within the enbeitime of the chan-
nel for Broadband Wireless Access Systems. This scheme beulded with con-

figurable radio in a station that supports both WLAN and WiMAX.

v/ In adaptive antenna systems, a directed beam can be aimaditothe destination

at high power. The beam can be formed by adjusting the powelslén each



antenna according to reception level. Current studies iptadaantenna area at
the PHY layer and consider BER vs. SNR in performance. We imefged an
adaptive antenna module in an OPNET network simulator. \Welss in multiple
access point networks there is a considerable interferdmedo dearth of enough
non-overlapping channels. Adaptive antenna systems eeithig interference but
increase the hidden and exposed terminal problem when nsedad-hoc network.

The best performance occurs when these two forces are ledlanc



Chapter 2

Wireless LANS

2.1 Introduction

Wireless Local Area Networking (WLAN) has become a primariugson for mobile
users in terms of high speed data connectivity and cheaje woimmunication. WLAN
offers two kind of services. It replaces the last hop with eeleiss link and connects the
devices to the IP core; or makes an ad-hoc network amongessedtations away from
infrastructure. WLAN offers mobility and flexibility in adtion to the same features and
benefits of traditional wired LANs. Much interest has beemcted to its efficiency in
terms of low cost and flexible installation.

WLAN offers a medium access control (MAC) layer and a physiagét (PHY). The
MAC layer is responsible for providing a multiple accessesuobk to allow more than one
user at atime and the PHY layer is responsible for transrgiind receiving packets over
the air.

There are parallel converging line of activities in WLAN whiare conducted by
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the Institute of Electrical and Electronics Engineers @xkinder the standard 802.11
and European Telecommunications Standards Institute IjEif@er project Broadband
Radio Access Networks (BRAN). IEEE standardizes 802.11 as thaN\Wtandard and
HIPERLAN is one of the BRAN standards which is designed to prewidgh-speed access
to networks. They differ in terms of how they define their MAQIZPHY layers [6, 7].

The IEEE 802.11 protocol specifies both Medium Access CoélC) and Phys-
ical (PHY) layers. The 1997 standard [8] was updated in 1988 two new physical
layers, IEEE 802.11b [9] and IEEE 802.11a [10]. The standlactlides a contention
based and a polling based medium access protocol, calléukDied Coordination Func-
tion (DCF) and Point Coordination Function (PCF), respedfivE€here are several sub-
standards of IEEE [11, 12]. The IEEE 802.11e standard isa&gdeto be ratified in
2006; it will provide quality of service by implementing tifent access to distinguished
packets [13].

The ETSI HIPERLAN standard has two sub-standards. HIPERLANdEesigned for
ad-hoc networks and operates in the 5.1-5.3 GHz bandwiditt.MAC protocol is based
on a variant of carrier sense multiple access/ collisioridarce (CSMA/CA) scheme.
HIPERLAN/1 does not guarantee QoS and considers only best a#rvice. This is
what motivated ETSI to develop HIPERLAN/2. HIPERLAN/2 focasen managed in-
frastructure and wireless distribution system. HIPERLAM/ 2 time division multiple
access/time division duplexing (TDMA/TDD) protocol. Asesult, HIPERLAN/2 sched-
ules the access in a deterministic manner where a time shssigned to each station to

transmit packets [14].
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2.2 WLAN Topology

WLAN has two types of network elements: stations (STAs) aragss points (APs). A
STA is defined as the device that is equipped with a compohahtan communicate via
a WLAN standard. A STA is called an AP if it is connected to a @iretwork and offers
infrastructure service to mobile STAs. Networks composkd oombination of these
actors are categorized as Independent Basic Service Set)(lB3&frastructure Basic

Service Set (Infrastructure BSS) [15].

2.2.1 Independent Basic Service Set

IBSS type of network is also referred to as an ad-hoc networkaé-hoc network is a
network where there is no infrastructure. In such a netwaigtjons communicate directly
to each other and they spontaneously establish a distdlma@munication mechanism.
As shown in Figure 2.1, the IBSS network is not connected viighwiired domain. IBSS
is initiated if a station is in the vicinity of another. Onetbie STA selects itself as the
starter and sends beacon signals indicating the servidele dBSS (SSID).

The routing algorithm in IBSS is handled by ad-hoc routingtgcols which reside
in the network layer (See Figure 2.2). In ad-hoc networkstehs no fixed routers and
each station is capable of functioning as a router which ¢sgoder and maintain routes
to other nodes in the network.

Ad-hoc routing protocols are classified as table-drivenssmace-initiated on-demand.
A table driven routing protocol constructs routes for eaalr pf stations and maintains

up-to-date routing information from each node to every pttogle in the network regard-
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Figure 2.1: IEEE 802.11 networks

less of when and how frequently such routes are desired. Xikeng and famous table-
driven protocols are Destination-Sequenced Distancésvdouting (DSDV), Cluster-
head Gateway Switch Routing (CGSR), Wireless Routing Prota®&tR). The differ-
ences arise in the number of necessary routing relatedstable the methods for notifi-
cation of changes [16, 17, 3].

Source-initiated on-demand routing, on the other han@teseroutes only when it is
necessary. When a station has a packet to send, it initisde®the discovery protocol
to establish a route to the destination. Once the route istaated, it is maintained
as long as it is no longer desired or when the destinationrbesanaccessible. Ad-
Hoc On-Demand Distance Vector Routing (AODV), Distance Seurouting (DSR),
Temporally Ordered Routing Algorithm (TORA), AssociativiBased Routing (ABR),
Signal Stability Routing (SSR) are some on-demand routingppats [16, 18, 19, 20].

Table-driven ad-hoc routing relies on the underlying nogitiable update mechanism

since a route is always available regardless of whether ot rfoneeded. The limitation
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occurs in route creation since it incurs significant contraffic and power consumption.
In on-demand routing, on the other hand, this control traffiminimized by initiating
route discovery when needed, but now the station has to wélitausuch a route can be

discovered.

2.2.2 Infrastructure Basic Service Set

In contrast to ad-hoc networks, Infrastructure BSS contaigateway to the wired do-
main and enables communication between a station of a BSSstatian of other BSSs
and other LANs as seen in Figure 2.1. The gateway is calledsaggoint (AP) in the
IEEE 802.11 standard. APs communicate with each other teerecable or radio to
interconnect BSSs. The IEEE 802.11 standard specifies é&digdn system (DS) to en-
able roaming between interconnected BSSs and to create ci@mmeto wired network
resources. The interconnected BSSs and DS allow an extetosiba IEEE 802.11 net-
work which can be as large as desired. This is called exteseletice set (ESS) in IEEE
802.11. There handover support in the MAC layer in order wvisle seamless con-
nectivity within the ESS. Each ESS is identified by its ESSE&EID). The DS resides
above MAC layer, which makes it homogeneous and can be ingsieed by any other
backbone network such as ethernet, token ring, optical celegs network. The ESS
communication in the backbone network is in layer 2.

In WLAN, stations maintain their connections during theirvement. If station
crosses one BSS to another in the same ESS, stations makeswlesid change its

AP. During this change, the station associates itself witbwa AP and the information is
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sent to DS which notifies the old AP about the new location.

If a station crosses into another ESS, then this movemert isupported by WLAN
but handled in the network layer. Mobile IP is one of the soha for this type of move-
ment. Mobile IP introduces two IP addresses: permanentampdrary. Basic Mobile IP
is designed based on IPv4. Whenever a station changes it §8S a new temporary
IP address and notifies its home agent (HA). The HA is the dgeated in the home net-
work where the station’s permanent IP address belongs. Pheeebrds the temporary
IP address of its stations. Whenever a message is sent byespondent host (CH) (any
host in the Internet) to a mobile host (MH) the packet is serthe network where the
permanent address belongs. The HA is responsible for ¢agttire packets of the STA
if away, and for sending them in encapsulation to the foraggent (FA) where temporary
IP address belongs. The FA decapsulates the packet andisémddH using layer 2.
IPv6 brings improvement to Mobile IP with its large addrepace and eliminates the
need to send the packets to HA. Once associated, the paekeb®sent directly to MH

from CH [21, 22].

2.3 Architecture

The significant element of the WLAN is its medium access coiii@\C) protocol. The
MAC protocol controls the transmission and lies above thgsgal layer. It is compli-
ant with any physical layer introduced. The logical arcottikee is shown in Figure 2.2.
The underlying mechanism in the MAC layer is carrier senséipie access (CSMA)

scheme like ethernet. It is hard to detect collisions righdain wireless medium due
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Figure 2.2: IEEE 802.11 architectui@ IEEE

to wireless propagation issues. As a result, IEEE 802.11eiments collision avoidance
(CSMA/CA) unlike ethernet where collision detection is impkented (CSMA/CD).

The physical layer, on the other hand, handles the transmig®m one station to
the other in a reliable way. It is responsible for convertitaga into a waveform in the
transmitter, and the waveform into the data in the receiver.

A wireless medium introduces noise, multipath fading, artdrference. Any trans-
mission that is successfully terminated can be learned thenacknowledgement frame.
In the basic access mechanism, all transmitted frames kn@atedged to reduce the in-

herent error rate of the medium. at the expense of additisewadlwidth consumption. If
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Figure 2.3: The hidden node problem

the ACK frame is not received within a ACK time-out period, agtsmission takes place
in the transmitter. Dealing with this issue in the MAC laygmuch more efficient since

higher layer timeouts are larger and often measured in siscon

The Hidden Node Problem

The hidden node problem that is unlikely to occur in a wired\Li& another challenge for
WLANS. If two stations (A,C) are unreachable and if there isatich (B) in the middle
of those two that is reachable from both, transmission frono &8 can be interrupted
by the transmission from C to B as illustrated in Figure 2EEEE 802.11 introduces two
additional frames to the basic access mechanism. The seemds Request to Send (RTS)
and the destination replies with Clear to Send (CTS) packetsserve the channel in
advance. Stations that hear RTS delay their transmissiidlithanCTS frame. The stations
that hear CTS suspend transmission until they hear ackngesheent. If the stations that
hear RTS do not hear CTS, they continue as if they did not he&: Rigure 2.4 shows

the RTS/CTS frame exchange sequence.
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Area cleared after RTS

Area cleared after CTS

Figure 2.4: RTS and CTS solution

Figure 2.5: The exposed terminal problem

The RTS/CTS transmission introduces a fair amount of capaoiisumption. This
makes the RTS/CTS usage decidable. RTS/CTS mechanism casadixedi by an at-
tribute [dot11RTSThreshold) in the management information base (MIB).

RTS/CTS can be disabled when there is low demand for bandwitlihcorrespond-
ingly less contention, and all stations are able to hearrtdmesimission of every station.

When there is an AP, the RTS/CTS is unnecessary in downlink.
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The Exposed Terminal Problem

Depicted in Figure 2.5, the exposed terminal problem angesn station (C) attempts
to transmit to station (D) while station (B) transmits to &at(A). In this case, station
(C) is unnecessarily delayed. If there is a RTS/CTS excharegettte CTS frame sent by
station (A) will not propagate to station (C). Thus, stati@) knows that the transmission
from station (B) to station (A) might not interfere with itatrsmission to station (D). As

a result, station (C) will initiate transmission to stati@) (

2.4 Medium Access Control Layer

IEEE 802.11 introduces coordination functions. Coordorafunctions control the ac-
cess of a station to the medium. IEEE 802.11 has two diffezeatdination functions
based on contention or polling. The distributed coordorafunction (DCF) based on
contention is the fundamental access method and is alsorkaeMCSMA/CA. DCF can
be implemented in any network and basically a STA shall enthat the medium is idle
before any transmission attempt. The point coordinatiarction (PCF) on the other
hand, provides a contention free (CFP) period. The pointdinator (PC) located in an
AP controls the frame transmissions of the STAs by pollingsto eliminate contention.
The PCF alternates between a contention free period (CFP) ematention period (CP)
intime. The CP is placed to give transmission rights to lateing STAs or to DCF-based

STAs. PCF is only implemented in infrastructure BSS.
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Figure 2.6: MAC frame

Frames

MAC supports three different types of frames:managememitrol, and data. Figure 2.6
illustrates the format of a typical MAC frame. Data framee ased to transfer data
and control frames exist to make sure that the delivery ialskd. Management frames
perform operations of joining or leaving a network and managcess points in handoff.
This feature includes three steps: locating of an infrastme; authenticating to the AP

to make the wireless channel reliable; associating to asmvwices of the infrastructure.

Fragmentation

The packets are partitioned into small pieces in order tagedhe interference of non-
STA objects such as bluetooth devices and microwave oveithwiperates also in 2.4-
GHz ISM band. As a result, the interference only affects spwtions of the packet and
can be recovered easily in short amount of time.

Fragmentation is only applied to packets that have unieastiver addresses when

the packet length exceeds the fragmentation threshold. dBasa and multicast frames
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are not allowed to be fragmented. The fragments are sentrst baless interrupted in

wireless medium and acknowledged individually.

IFS Timing

Time intervals for control are called inter frame space$jIFStarting from the shortest

to the longest, the list is as follows:

SIFS Short interframe space is the smallest time required to gnaity to the com-
pletion of a frame exchange sequence, since other STAs evagel to seize the

medium. SIFStime is determined by the delay introduced in PHY and MAC taye

Slot Time Time is quantized in slots. Sfotime is specific to PHY layers. In IEEE
802.11a, Slot time is shorter than SIFS. The backoff coustdecremented after

sensing the channel idle for a slot time.

PIFS STAs operating in PCF seize the medium at least PCF interfrpaees(PIFS)

time in contention free period (CFP) to gain access to the nmedi

DIFS A STA using the DCF function is allowed to transmit if its camsense mecha-
nism determines that the medium is idle at least one DCF natef space (DIFS)
time. This also allows STAs that are in the RTS/CTS exchangeitte the medium

immediately after SIFS.

1SIFS=Rx RF Delay + Rx PLCP Delay + MAC Processing Delay + Rx Tixi&round Time
2Slot Time=Channel Clear Assessment (CCA) Time + Air Profiagdlime + SIFS
3PIFS=SIFS+Slot time

4DIFS=SIFS+2xSlot time
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EIFS The Extended interframe space (EIFS) period starts when éé¢t&cts idle after
an erroneous frame reception. EIFS gives enough time fotrémsmitter to ac-
knowledge. EIFSis derived from the SIFS, DIFS and the length of time it takes t

transmit an ACK control frame.

Backoff Time A STA having packet to send initiates a transmission. STAkes the
carrier sense mechanism in DCF to determine the state of tlittume If the
medium is busy, the STA defers until the medium is idle forestst one DIFS
period when the last frame detected on the medium is recemwedctly; or at least
one EIFS when the last frame detected on the medium is erusnédter DIFS or
EIFS, the STA backs off for a randomly chosen integer péraner the interval [0,
CW]. CW is restricted to lie between C)y, and CW,,,, which are specified by
the PHY layer. Backoff level is incremented up to CVy,,. or reset if the transmis-
sion is unsuccessful or successful, respectively. Thestattempts to retransmit
the unsuccessful frame as long as its retry count does nch redry count limits

(dot11ShortRetryLimit or dotl1longRetryLimit).

2.5 |EEE 802.11 Distributed Coordination Function

It is essential to understand CSMA/CA in detail since this ndbased protocol is im-
plemented in other standards and analytical models. The @SWMAcheme is composed

of carrier sensing and collision avoidance.

SEIFS=SIFS+DIFS+ACKtime (@ lowest mandatory rate)
6Backoff Time=Uniform[0, CW,,;,,2!-1] x Slot Time
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Figure 2.7: DCF Operation in IEEE 802.11 with RTS/CTS

2.5.1 Carrier Sense Mechanism

Carrier sensing mechanism senses and avoids collision& 88E.11 introduces Physical
Carrier Sense (PCS) and Virtual Carrier sense mechanisms (VACS).is a notification
mechanism from the PHY layer to the MAC layer, whether the iomeds idle or not.
PCS sets a physical allocation vector (PAV). The VCS foresesdhere is a transmission
taking place. The VCS mechanism sets the network allocagetov (NAV) and updates
it with the value in the Duration/ID field of received packetsly when the new NAV
value is greater then the existing NAV, and only when the SSTAdt the addressee.
Figure 2.8 indicates the NAV update procedure. When the packerrectly received,
currentlFStime attribute is set to DIFS, otherwise to EIFS. If the packetassent to this
station, the station updates its NAV value if the current Nue is larger than the
existing NAV value, and if the packet is not RTS frame. If thacket is RTS, NAV
permitted to reset if there is no start in receiving acti{PyHY-RXSTART) for a duration
of T after end time of receivingRHY-RXEND). The station requires this to detect the

erroneous CTS frame and reset its NAV accordingly.
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System Fields:

currentiFSTime PHY_RXSTART.ind

PHY_RXEND.ind
lastRxStartTime
lastRxEndTime lastRxStartTime = lastRxEndTime =
currentTime currentTime currentTime
NAV
T = 2*aSIFSTIme + CTSTime + 2*aSlotTime

Count
down on
T

Packet is

lastRxEndTime >
RTS?

lastRxStartTime

currentiFSTime =
EIFS

PHY_RXEND.ind

NAV =
currentTime +

Packet currentTime + Packet Duration_|  Update currentTime -
Correct? Pac“‘ﬁ:\'ﬁ""" > NAV NAV =

astRxEndTime >= T

currentTi
me

PHY_CCARESET req

Packet
needs Ack?

Figure 2.8: NAV submodule finite state machine

Post-Tx backoff successful

Busy during backoff

Idle for
IFS time

During Tx

Just Transmitted
Ack or CTS

Pre-Tx backoff

successful

Medium not busy for IFS time

All other transmitted frames
during Tx attempt

whether successful or not

Finish T

Tx Sequence

& Retry

Still in sequence
and last step successful

Figure 2.9: DCF finite state machine
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System Fields:
PAV ('lastPCSBusyTime")

NAV (“lastVCSBusyTime")

LL.cormac  curen tTime
packetToSend

@ Note: PAV = (lastPHY_CCA == IDLE) ? lastPHY_CCATime : currentTime
Eﬂ Add Trigger

MAC Packet Queue
Que

ue
empty?

packetToSend =
RTS

Packet size >
RTSThreshold &&
FragNum == 0

packetToSend =
dequeued data
packet

cccccc Time+DIFS > NO
MAX(PAV, NAV)

YE!

— D

Figure 2.10: Idle submodule finite state machine

2.5.2 Collision Avoidance and Basic Access Mechanism

If the station has a packet to send, the STA attempts to triénSar RTS, it decides if the
packet size is larger than or equabmi11RTSThreshold, and then checks its carrier sense
mechanisms. If it detects that the medium is idle longer DHFS, the station transmits
immediately as seen in Figure 2.9 and Figure 2.10. If the omeds busy, the station
needs to wait at least IFS time before backoff. If the presifvame was erroneous then
IFS time is EIFS, otherwise it is DIFS.

Collision Avoidance is basically selecting a random intearad waiting to transmit
until the time is up. In the beginning of the backoff procegithe STA sets its Backoff
timer to a random backoff time described in Section 2.4. df pinevious frame that the
STA sent was correctly transmitted then backoff levisl set to O indicating that it is the
initial attempt of a transmission. After selecting a baékevel, the backoff counter is

decremented for each idle slot. During backoff, if the media determined to be busy,
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System Fields:

PAV

current tTime
BC (Backoff counter)
TS = 1 slot time = 20 (802.11b), 9 (802.11a)

; PCS ;
NO ves

W Idle for IFS Time
Enter backoff

MAX(PAV, NAV)
< currentTime - TS

BC= NO '
I ==07 > NO
Rand() & CW Be=0 @

cw=2%1

Leave backoff

Figure 2.11: Backoff submodule finite state machine

decrementing the backoff timer is suspended and the proeedsumes after noting the
medium is idle for the duration of a DIFS or EIFS period (asrappate, see Section 2.4).
The procedure is illustrated in Figure 2.11.

When the backoff timer reaches zero, the STA initiates trasson. The transmission
precedes another backoff procedure, whether or not thertriasion is successful. If the
transmission turns out to be erroneous. Then STA waits BEIR8 and sets its backoff
timer from [0, CW,,;,.2-1] after incrementing its backoff level. Otherwise, thatisn
resets its backoff level and sets its backoff timer from [0, WL1]. If the transmitted
frames are ACK or CTS frames then STA goes directly to idle statkdoes not backoff.
By placing backoff between transmissions, the standarsl toiénplement fairness.

If the transmitted frame needs to be acknowledged then STAItseACK timer. |If
there is a timeout STA increments one of the short retry cauf8RC) (or long retry
counter (LRQ)) if the packet size is smaller (or bigger) tdati1RTSThreshold. Follow-
ing Figure 2.12, if a valid ACK is received then SRC, LRC and baiclevkl is reset.

The station immediately continues with transmission ifsiin the middle of a se-
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CW = MAX(CW*2+1,
aCWmax)
SRC++ (or LRC++)

CW = acwmi
SRC=0(LRC=0if
frame len >

rame.
aRTSThreshold)

urther Tx
sequence o
Packet
Fragments m
o Wait SIFS T
RTS+CTS+Data v

Figure 2.12: Frame Sequence and Retry submodule finite statkine

guence: RTS/CTS transmission sequence or fragmented petokain. Otherwise, the
station invokes the backoff procedure. A realization of DC€ess procedure is shown in

Figure 2.13.

Features

Control SIFS interval plays a major role in control of delivery. Equetket is separated
with a SIFS time interval. This SIFS time corresponds to ittme that is introduced
by the process in PHY and MAC layer. For example, after trassion, the STA
switches from transmitting to receiving state and waitsAGK; or after receiving
RTS (or ACK), the STA switches from receiving to transmittiagd transmits a

CTS (or Fragment) frame.

Fragmentation RTS/CTS usage with fragmentation is shown with the followangce-
dure. Each fragment is acknowledged. The RTS and CTS frareessad to set

the NAV to indicate busy until the end of ACKO which is ACK of fragntO. Both
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Figure 2.13: Timing of the 802.11 DCF: Note that station 6 cdrirear station 2 but
station 1.
FragmentO and ACKO contain duration information for NAV uittie end of ACK1.
This continues until the last fragment. Fragment and ACK ghayrole of RTS and

CTS implicitly.

CTS Procedure A STA who is the addressee of the RTS frame transmits a CTS frame
after an idle SIFS period as shown in Figure 2.13. The durdtald of the CTS
frame is the subtraction of SIFS time and CTS time from the tthndield of the
received RTS frame. After transmitting the RTS frame, thé $/its for aCTS
Timeout interval to recognize a valid CTS frame. The recognition of ather

frame is interpreted as RTS failure and STA invokes backaftedure.

Transfer The RTS/CTS is used for unicast frames when the packet size ie$s than
dot11RTSThreshold attribute. In the case of broadcast or multicast packesimés:
sion, only basic access method is used (without RTS/CTS) addK is transmit-

ted by the any of the recipients of the frame. Reliability oadafcast or multicast
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frames is reduced relative to the unicast frames.

ACK Procedure Upon successful reception, the recipient generates an A&Kdr(See
Figure 2.13). The source STA waits AGK Timeout interval to conclude that trans-

mission failed if there is not a valid ACK. Thus, STA invokeskaff procedure.

Duplicate Detection There is a possibility that a frame may be received more tinae o
due to acknowledgements and retransmissions. Duplicasefidaning is filtered
out by using the sequence number and fragment number fiekitgnad to each
frame. The receiver keeps a cachedfddress, seguence number, fragment number
tuples and if there is a duplicate frame that matches a tujlethhe Retry bit set,
the STA rejects the frame. On the other hand, the destin&i@#nacknowledges

all successfully received frames even if the frame is a dafdi.

2.6 |EEE 802.11 Point Coordination Function

The point coordinator function (PCF) introduces anotheeasanechanism which can
assist sessions that requires quality of service. PCF pmswadcontention free period
that alternates with the contention period. In oppositiorine DCF, PCF implements
a centralized control where AP, point coordinator (PC), aastthe network. The AP
restricts the access to the medium. Any station, whethegréed to operate in PCF or

not, but is associated, can transmit data as long as the aWwsill to do so.
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CP Duration+CFP Duration+Foreshortened CFP Duration= Beacon Interval

Adjust
CFP
Time

Figure 2.14: Macro states of an access point in PCF

2.6.1 CFP Timing

The PCF quantizes the time with a superframe. The superframepetitive and com-
posed of a contention free period (CFP) and a contention ¢p¢G®). The superframe
starts with a beacon as seen in Figure 2.15. AP and statitermate in CP and CFP
operation. CP is placed in order to give a chance to new comatgss to introduce
themselves to the network. Thus, CP must be long enough tentiaat least one frame
sequenceCFPRate is defined as a number of DTIM interval€FPRate may be longer
than a beacon period. As a result, beacon frames cont@FP®urRemaining field in

CF Parameter Set to indicate the remaining time to the end ofg@fBd. In CPCFP-

DurRemaining is set to zero.
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Figure 2.15: Macro states of a station in PCF

2.6.2 PCF Access

Figure 2.16 shows the timing diagram of a typical PCF openatidhe beacon frame
contains a CFP duratiolCFPMaxDuration’) and has STAs set their NAV. Each frame
transmission in CFP is interpolated by SIFS and PIFS whichesiakn-polled STAs lag
behind since DIFS is bigger than PIFS and SIFS. When an APssiiigenedium, the AP
polls STAs that agreed to be in thelling list during association. In response to receiving
a contention-free poll (CF-Poll) frame from the AP, the STAli®wed to send only one
frame. Each frame is separated by an SIFS interval. If the @43 diot hear any response
to its CF-Poll frame for a PIFS period, the AP polls the nextigta The situation is

depicted in Figure 2.16.

"CFPMaxDuration field is set to the minimum interval that migva sufficient time for the AP to send
one data frame to a STA and for the polled STA to respond withdata frame. CFPMaxDuration is set to
the maximum interval that may allow to send at least one datad during the CP.

31



CFP Rate

CFP Period <= CFPMaxduration CP Duration

P s S P s s
. R == | ; ;
— sy | ! | omascr. pol
Floeacon [FEERE | o Fl s | F F | creno
s s S (1o STAL) S s s
o
ek |y

Polled STAs  Listen before talk polling only

PC

o
s
|
F | Ack STAS sets NAV at TBTT NAV
AISTASY\ s reset
Non-BSS Non-8sS tothe PC,

STAs DCF data it does n e stations

‘‘‘‘‘‘‘‘‘‘‘‘ during shol e BSS

Contention Period

Figure 2.16: Timing diagram for PCF

2.6.3 Beacon Frame

Beacon and Probe Response frames contain the CF Parameter Set information element.
Probe Response frame is sent in order to respond to tRmbe Request frame transmitted

by STAs. The STA sends Brobe Request frame to find and initiate association with

a network before waiting to hearl@acon. CF Parameter Set contains attributes that

delineate the outline of PCF operation.

CFP Period Length of CF Period (indicated in DTIM intervals).

CFP Count Time that is between Beacon time and start of the next CF Pandatéted

in DTIM intervals).

CFP MaxDuration Maximum duration of CFP period (indicated in time units (TUs)

CFP DurRemaining From beacon time to the end of CFP period (indicated in TUS).
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Figure 2.17: Contention Free Period determination

2.6.4 Piggybacking

In order to save bandwidth, piggybacking is introduced.giiacking allows the pres-
ence of multiple frames in a single frame. For exanip&a+ CF-Ack+CF-Poll brings

data transmission, polling feature, and acknowledgenmeoné frame.

2.6.5 CFP Duration

Figure 2.17 shows the situation when there is a delay in etamsmission. The AP
tries to keep the beacon transmission periodic by shorgehia contention free period if
there is a delay in beacon transmission due to a CP interva.c@htention free period
(CFP} is adjusted according to Target Beacon Transmission Time {JBThe PC also

ends the CFP period at any time by tBie-End frame depending on the polling list, traffic

load, or any other reason.

8CFP Period€FPMaxDuration-(Actual CFP Start-TBTT)
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Tx

1) Data+CF-Poll

2) Data+CF-Ack+CF-Poll
3) CF-Poll

4) CF-Ack+CF-Poll

Check

1) No frames to send
2) No STA to poll
3) CFPDurRemaining elapsed

Figure 2.18: Access Point CFP Period finite state machine

2.6.6 NAV Operation

NAV operation facilitates the PCF in the case of overlappingg8SEach STA in BSS
sets its NAV toCFPMaxDuration with the beacon, at each target beacon transmission
time (TBTT), and updates its NAV bZP Period field with every other beacon frame.
This operation prevents STAs from seizing the medium.

An incoming STA updates its NAV with the information in tl@&PDurRemaining
field of any received beacon and waits to he@FaEnd or CF-End+ACK frame in order

to reset its NAV.

2.6.7 PCF transfer procedure

According to the direction of the transmission, whethenfraP/PC or to AP/PCFrom
DSor To DSfields are set in the frame structure (See Figure 2.6), réspbc

A STA notifies the AP about its decision to be included in thdlipg list (CF-
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Data+CF-Ack
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CF-End
or CF-End+CF-Ack

Figure 2.19: Station CFP Period finite state machine

Pollable) with association. A STA wanting to change its condition niajiate retrans-
mission for being included (or secluded) in (out of) the pgjllist. When included, STA
alternates between CP and CFP as AP. The CFP state machinefr8TA and AP,
are shown in Figures 2.18 and 2.19. One can follow the figuas#yeto understand the

operation and packet exchange of AP and STAs.

2.7 |EEE 802.11e MAC Protocol

IEEE 802.11e is supplementary to the MAC layer protocollldves support of LAN ap-
plications with Quality of Service (QoS) requirements oNefEE 802.11 wireless LANS.
802.11e is designed to be complementary to the 802.11 @ysmndards such as a,b
and g. The classes of service are offered with a QoS managetiesme, where the
applications are data, voice and video.

The QoS facility is available to QoS enhanced stations (3 Bhd QoS enhanced
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access points (QAP) in QoS BSS (QBSS) or in QoS IBSS (QIBSS). Hmelatd im-
proves the legacy DCF and PCF and introduces Enhanced Distti@oordination Ac-
cess (EDCA) and HCF Controlled Channel Access (HCCA), where HCEstan Hy-
brid Coordination function. EDCA implements a contentiondshaccess mechanism.
EDCA prioritizes the traffic and varies the amount of time distawould wait before
transmission depending on the traffic type. HCF introduceglaith coordinator (HC)
which coordinates a reservation of transmission oppdramiA wireless station (WSTA)
that is not attached to QAP, requests the HC for a transmisgaportunity. HC sched-
ules a transmission opportunity for the WSTA and deliverdithmes based on a polling
mechanism. A non-QoS STA is allowed to associate with a QB83#eract with legacy
802.11.

Distribution service introduces a traffic differentiatiservice in which the packet
transmission is controlled based on the traffic class to lwhibelongs. This QoS func-
tionality makes IEEE 802.11e WLAN become a part of a large Qet®#/ork where end-
to-end delivery may be performed, or makes it a last hop oh#tevork where QoS is

provided within its boundary.

2.7.1 MAC services

MAC service provides connectionless exchange of MSDUsedady 802.11, the packet
exchange is based on best effort service but in 802.11e, tigfaxility involves a per
MSDU basis and identifies the traffic. Depending on the traifiority level, the MAC

delivers MSDUs with a corresponding user priority. Theftcatlentifier gives zero pri-
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Priority | Access Category Designation
(AC) (Informative)
Best Effort
Best Effort
Best Effort
Video Probe
Video
Video
\Voice
\Voice

~NOoO ok WONDNLPE
WWMNNREFPE OOO

Table 2.1: Priority access category mappings for IEEE 802.1

ority to an MSDU which belongs to a non-QoS STA.

There are eight user priorities (UP) defined in the standassan in Table 2.1. Either
each MSDU has a UP value or a traffic specification (TSPEC). refigctidentifier (TID)
field values, 0 through 7, are designated for UP. The TID fieldes, 8 through 15, are
interpreted as traffic stream identifiers and designatedSteEIC. Outgoing MSDUs are
handled with priority parameter values 8 through 15 in adance with the user priori-
ties O through 7. MSDUs are permitted to reorder in the MAGetayhich allows it to
implement priority. The general packet format depictedigufe 2.20 includes a 2 octets
QoS control field. Maximum MSDU size is 2304 octets which deiaes the maximum

frame body minus any encryption overhead.

2.7.2 MAC architecture

The MAC architecture is shown in Figure 2.21. The MAC protaotvoduces EDCA and

HCF that can work with DCF and PCF.
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Octets: 2 2 6 6 6 2 6 2
Frame Duration Address Address Address Sequence Address QoS Frame FCs
Control /ID 1 2 3 Control 4 Control Body

-t o

MAC Header
Figure 2.20: MAC frame format) IEEE
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A i . HCF Coordination
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Function | Access Access ! (HCF)
(PCF) | (EDCA) i
MAC ' ‘
extent
Distributed Coordination Function (DCF)

Figure 2.21: MAC architectur@ IEEE

2.7.3 Hybrid coordination function (HCF)

HC is a coordination function in QBSS. HCF introduces two asgaeechanisms: con-
tention based and polling based access mechanisms. Contbaged channel access is
called enhanced distributed channel access (EDCA) andrdwrieree transfer is called
controlled channel access (HCCA) mechanism. Transmissiparamity (TXOP) is ac-

quired by using one or both of the access mechanisms by QSdpemling on the access

mechanism used, the TXOP is called either EDCA TXOP or pollE@RP.
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Figure 2.22: EDCA mechanism of IEEE 802.11e

HCF contention-based channel access (EDCA)

EDCA provides a contention-based differentiated access.te@bon parameters vary
according to user priorities. There are eight user presifUP) which define the ac-
cess categories (AC). The idle time is now not constant (DBt#)equals AIFS[AC].

In the same way, CV;, and CW,,,, are not fixed per PHY but variable and equal to
CW,,..»[AC] and CW,,,.[AC] depending on the AC. In contention, the higher AC valued
station receives the TXOP and transmits multiple framesag &s it does not exceed the
EDCA TXOP limit [AC]. A typical situation is depicted in Figur222.

Figure 2.23 is a reference model of mapping the frames intesaccategories. Each
access category contains a queue, channel access furettbmedium occupancy timer.
When a channel access function gets the transmission opggr{d XOP) it sets the
medium occupancy timer to a value defined in MIB. As long as tlenoel access func-
tion continues to use of TXOP, the medium occupancy timeoiseloaded but continues

to count down to zero. The EDCA access mechanism is similacie. But now a station
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Figure 2.23: Reference implementation mo@glEEE

has more than one channel access function: each one triestend for channel access.
Before a transmission, the channel access function lookarfadle channel for a time
greater than AIFSD[AC}Slot time, or a time greater than EIFS-DIFS+AIFS[AC], if the
previous transmission was in error. If there is transmissiothe medium, the channel
access function backs off. The backoff timer is decremeattt detecting the medium
is idle for a slot time or AIFSD[AC] from the last indicated meuh busy or a period of
EIFS-DIFS+AIFSDI[AC] if the previously received frame wasareous. Continuation
of TXOP is given to the frame of the same access category deatfemitted frame.

The backoff procedure has finite state machine. Each chaoebks function main-

tains a state variable CW[AC], and initializes to GW[AC]. The backoff procedure is

9AIFSD[AC]=AIFS[AC]+Slot time+ SIFS
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invoked when the frame with that AC has requested transamssid the medium is busy;
or when a frame with that AC is transmitted and TXOP is terr@daor when a frame
with that AC fails; or when there is higher AC, another charamdess function in the
same STA, which is granted access at the same time. If thariikire or if a higher AC
grants the access, the CW[AC] is updated as long as it is lesshib&W,,,..[AC] and as

long as the retry limits are not exceeded. The update proeasias follows:

CWI[AC] = (CW[AC] +1) 2 — 1.

When the backoff procedure is invoked, the backoff time isselmaandomly between (1,
CWIACQC)).

The backoff timer is decremented after a slot time if the medis idle; or after
AIFS[AC] if the medium is busy; or after EIFS - DIFS + AIFS[AC] H&Time if the
last frame was erroneous or after a ACK timeout interval ifehis no ACK requiring
transmission initiated from the channel access functidrthie QSTA. There might be
internal collision between channel access functions whaalds to an increase in one of
the retry counts.

The retransmission procedure is different compared todthady retransmission pro-
cedure. In the legacy transmission procedure, if the tressaom fails, the STA or AP
attempts to retransmit as long as retry limits allow. In 8Q2. if the STA or AP uses
the non-QoS data types, the same rule applies; but if the $¥Pouses the QoS data
types, it has the right to initiate a transmission attempa éfame of an access category

not belonging to the access category of the frame whichdateviously.
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Figure 2.24: CAP/CFP/CP perio@ IEEE

2.7.4 HCF controlled channel access

The HCF uses a point controller called Hybrid controller (H@Y aesides in the QoS
enhanced access point (QAP). HC is similar to PC but withtawdil functionality. HC
provides TXOP to WSTASs in the called controlled access ph@gdP] to transfer QoS
data. Contention free periods (CFP) and contention periody &@&tnate in HC oper-
ation within a superframe. A non-QSTA operates in CP usingX@€& access method.
HC has the functionality to grant TXOP with duration spedifie a non-AP QSTA. This
allows a non-AP QSTA to transmit multiple frame exchanges.

HC accesses the WM by starting a CFP or a TXOP in CP. The CAP praeédur
conjunction with CFP and CP is depicted in Figure 2.24.

If an expected response is received during the first slot tothewing SIFS, the HC
may initiate by transmitting at a PIFS after the end of the tiesmission, or non-AP
QSTA initiates recovery by transmitting at a PIFS after e transmission [13].

During the TXOP, NAV protects the transmission by suspegttie all stations except

the transmitting one. QSTA uses the QoS control fields in theket to indicate the
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traffic belonging to the packet. Non-AP QSTAs may also requi©P by setting the

appropriate fields in the packet.

2.7.5 Admission Control

The Admission Control Unit (ACU) is left open in the standartieTACU is implemented
to control the admission criteria to a given request in pglliA reference implementation
calculates the Scheduled Service Interval (SI) and TXORtdur for a given Sl. The
calculation of the Scheduled Service Interval can be donmlésvs. The scheduler
determines the minimum of all Maximum Service Intervalsdradmitted streams and
takes closest number which is multiple of beacon intervllg. is mean data ratd, is
nominal MSDU size and is the physical transmission rate then

Ni X Lz
R;

M
TXOP;, = max ( + O, o + O) (2.2)
where N; = [22X£], O is overhead in time units)/ is maximum allowable size of

MSDU, i.e., 2304 bytes.

When a new stream is added, the criteria is as follows:

TXOPy | " TXOP, _T-Ter
ST SI — T

i=1

(2.2)

wherek is the number of existing streams;and 7 p indicate the beacon interval and
time used for EDCA traffic, respectively. If the inequalitykiguation 2.2 holds, the new

arriving stream is admitted.
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Figure 2.25: Direct Link handshake |IEEE

2.7.6 Block Acknowledgement

Block acknowledgement is introduced to save bandwidth byhaslkedging multiple
frames with one ACK. Block acknowledgement is granted afteexahange of request
and response frames. The BlockACK control frame is sent aftiving blocks of QoS

data type frames.

2.7.7 Multirate support

A dynamic rate switching capability is allowed in the stamtdla802.11e defines a set of
rules for possible algorithms. All control, multicast ooladcast frames except the ACK
frames are transmitted at a rate that belongs to the basiseatData, ACK, management

with unicast receiver address are sent in any rate thatigl@greed upon by both sides.

2.7.8 Direct Link Protocol

IEEE 802.11e introduces direct link protocol (DLP) whicloals transmission of frames
directly to a STA from another STA. DLP is established by ¢hveay handshake. STA
(A) which is willing to communicate STA (B) sends request te thP which forwards
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that request to STA (B). If STA (B) accepts the direct streanfs @) replies back to the
AP and the AP forwards the response to STA (A) (See Figure)2.Phe AP may also
pair them without any request. STA (B) does not go into powee & long as there is a
packet transmission, or for a duration of DLP idle time ouiquk

DLP is useful if the recipient is in power save mode and needstawakened. DLP
enables more secure sessions between sender and receredythate set and other in-

formation can be exchanged.

2.8 |EEE 802.11 and 802.11b Physical Layer

The physical layer (PHY) is the layer 1 element of OSI protastack. IEEE 802.11

introduced three PHY standards in 1997 and two supplemestandards in 1999:

e Frequency-hopping spread-spectrum (FHSS)

e Direct-sequence spread-spectrum (DSSS)

¢ Infrared light (IR)

e 802.11b: High-rate Direct Sequence (HR/DSSS)

e 802.11a: Orthogonal Frequency Division Multiplexing (O@P

The PHY layer is composed of physical layer convergence (Bla@i physical medium
dependent (PMD) layers as seen in Figure 2.2. PLCP is anacttb MAC layer and
PMD is equipped with a transmission interface to send aneivediles over the air. The
PLCP layer prefixes preamble and header to the MAC layer dataefras seen in Fig-
ure 2.6. The PLCP preamble provides enough time for the rece\apply its functions
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such as antenna diversity, clock, data recovery, and fididedgion of the rest of the
packet. There is a synchronization field in the preamble teai¢he signal and there is
a Start Frame Delimiter (SFD) field for the receiver to lock #tart of the frame. The
PLCP header is used to provide enough information for theveice process the packet.
Allocated spectra for wireless LAN applications are tyfican 2.4 GHz and 5 GHz
range where the bandwidth is scarce and in much demand. WLANmyat 2.4 GHz
must meet ISM band requirements. The IEEE 802.11 standaymbsis both FHSS and
DSSS techniques for this band [7]. Spread spectrum tecbsisjuows robustness against
interference and do not require adaptive equalization. évew for higher data rates
the synchronization requirements of spread spectrum igeés are more restrictive and
complex. For data rates of above 10Mbps, OFDM system shottar performance. In

the next section we discuss spread spectrum to motivateRbdEbased physical layer.

2.8.1 Spread Spectrum

Initiated from military technology, spread spectrum tealbgy became the vital compo-
nent for systems ranging from cellular to WLAN systems. Sgrgaectrum uses wide-

band, noise-like signals that are hard to detect. The smpadrum technique spreads
the narrow band signal over a wider band by pre-known or pssaide spreading code
in both sides to increase the bandwidth of signals to be tnétedd. The main parameter
is processing gain which is defined as the ratio of transomnsbandwidth to informa-

tion bandwidth. The receiver performs the inverse opematiod the spreaded signal is

reconstructed in the narrow band along with narrowed ndgggeading the signal over
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Figure 2.26: Frequency Hopping Spread Spectrum

a wider frequency makes the signal more noise like and seéudéferent code in each

receiver diminishes the interference considerably butatadly. It also allows access at
any arbitrary time. Processing gain determines the numhesers that can be allowed,
the amount of reduction in multi-path effect, the difficuttyjam or detect a signal, and

so on. It is advantageous to have processing gain as highsabfm

2.8.2 FHSS Physical Layer

Frequency hopping is simply changing the frequency fromtorenother in each timely
slotted intervals. The hopping pattern is unique and abtglan transmitter and receiver.
In this case bandwidth is increased by a factor length of @ggisnce. Time spent in
one frequency is calledwell time. There is a synchronization mechanism that helps

the receiver and transmitter pair operate in the same frexyu@ the same dwell time.
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Figure 2.27: Transmit and Receive in FHESIEEE

Channel length 1MHz

Channel number 79 from 2.402 GHz
Dwell Time 0.4secs

Hoping Sequence Size26

Data rate 1-2 Mbps

Table 2.2: FCC rules for IEEE 802.11 FHSS

Beacon frames include information about the pattern and.tiffieus a receiver knows

the hopping sequence number, hopping index and timestamppikly occurs when the

timestamp equals multiples of dwell time (See Table 2.2).

Gaussian Frequency Shift Keying

FHSS uses Gaussian Frequency Shift Keying (GFSK). GFSKfressagency modulation

to get rid of unwanted changes in the amplitude. The narrowd Isggnal is filtered with a
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low pass Gaussian filter (500KHz bandwidth in 3dB) and themsidpeal is FM modulated
in GFSK. It basically deviates the frequency on either sitithe carrier hop frequency
depending on whether the value of binary symbol being tratstrequals 1 or 0. 1Mbps
and 2Mbps data rate is achieved by 2-level GFSK and 4-lev8IGFespectively. AGFSK
uses four symbols instead of two as in 2GFSK and also bringsrglex and high-cost

transceiver pair.

FHSS PLCP and PMD Sublayer

The PLCP state machine contains transmit, receive and caamse / clear channel as-
sessment (CS/CCA) states. CS/CCA supports CSMA/CA mechanism of M. |
CS/CCA informs the MAC layer about the medium whether it is idiewasy.

The PLCP Header contains PSDU Length Word (PLW), PLCP Siggafield (PSF)
and Header Error Check (HEC) fields. They represent the lengtheoMAC frame,
data rate, frame check respectively. The PLCP Header is alg@yt with 1Mbps. Data
whitening is applied to the PSDU before transmission to miné DC bias. The PMD
layer is responsible for controlling the hopping sequen teansmitting the whitened
PSDU by hopping from channel to channel in a pseudo-randshida. The transmitter

and receiver are illustrated in Figure 2.27.

Pros and Cons

The wireless environment introduces frequency selecadenf) and fades are correlated
in adjacent frequencies. The hopping sequence determirgtiould try to avoid selection

of the adjacent channels. FHSS shows resistance to jammlagaithe jammer jams all
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frequencies. Collision in one or two frequencies can be re@hte. Spending the time to
change the frequency introduces delay in transmission firhe FHSS systems are very
cheap. Once they were very important in the history of comoaition but the higher rate

systems have overtaken FHSS technology due to their atalaghieve higher processing

gain.

2.8.3 DSSS Physical Layer

Direct Sequence is the best known Spread Spectrum Techriqiega signal at the point
of transmission is multiplied with a higher data-rate bijsence (also known as a chip-
ping code) that divides the data according to a spreading aatl spreads the spectrum
out while dropping the power spectral density. This chigginde introduces redundancy
which enables correct symbol recovery even if some of thebgyms damaged. Increas-
ing the rate of the chipping signal increases the throughpdt consequently requires
higher bandwidth and a complex transmitter receiver paigoAd chipping sequence is
called a pseudo noise (PN) sequence. A given PN sequencthagonal with all the
other PN sequences of the same length, and a given PN seqeeaic®st uncorrelated
to a shifted version of the given sequence. This is very itgmbin synchronization.

A receiver begins by despreading the signal. This is doné@éyelp of the same PN
sequence. It collapses the desired signal to its originathwadth due to the correlation
of PN sequence and the transmitted signal. The signal pavaiso increased by the
amount of the processing gain. DSSS allows multiple acaefset medium since each

transmission has its PN sequence and each DS receiversaslaply correlated signals
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Channels 1to11(2.412-2.462 GHZz
Channel bandwidth | 5SMHz

Channel Spread 25MHz

Chipping Sequence | Barker Sequence

Data rate 1-2 Mbps

Min. Processing Gain 10dB

Table 2.3: FCC rules for IEEE 802.11 DSSS

to data. The block diagram is illustrated in Figure 2.28

DSSS PLCP and PMD Physical Layer

The PLCP header has signal, service, length and CRC fields. |Siglus notify the
receiver of the applied modulation. The Service field is mese for future use and the
length field indicates the length of MDPU. The CRC checks wheth@ot the frame is
received correctly. The PMD scrambles all the bits tran®aiin order to randomize the
data in the SYNC field and data patterns where there may beskoimgs of repeated 1s
or 0s. PLPC Preamble and PLCP Header are modulated usingediftd binary phase
shift keying (DBPSK). The MPDU is transmitted with either 1 pbDBPSK or 2Mbps
DQPSK (Differential quadrature phase shift keying).

In the transmitter, the 11-bit Barker word is applied to ea@mgmitted bits via
modulo-2 adder. The information bits modulated with a rdtéMbps are extended to
data rate 10x higher than the information rate when 11-Basked is at 11Mbps. This

spreading ratio is also called processing gain.
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Figure 2.28: Transmit and Receive in DSESEEE

Pros and Cons

The main problem with DSSS is the Near-far effect. This peabis present when an
interfering transmitter is much closer to the receiver ttleintended transmitter. The
correlation of received signal from interfering transentand the code can be higher than
the correlation of received signal from intended transmittnd the code. The DSSS
system also consumes more power than the FSSS system siserdte complicated.
On the other hand, the DSSS is more resistant to interferérace FHSS. Unless the
interference level passes, the noise floor, the signal ®/ezable. Transmission time in

DSSS is shorter than FHSS since it does not need to wait t@elthe frequency.
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2.8.4 IR Physical Layer

The infrared (IR) based physical layer is another specibaatitroduced by IEEE 802.11.
Infrared transmission requires line of sight and is verygepsible to reflection. As a result
it has very low range and can be confined to a room since imfraignals can not pass
through the walls. IR uses pulse position modulation (PPkenre it keeps the amplitude
and pulse width constant, and varies the position of thesgalsme. The position in time

represents a symbol. The IR transmits binary data with 1Miogs2Mbps with 16-PPM

and 4-PPM respectively. IR PHY have never received intexedtno product has been

developed.

2.8.5 HR/DSSS Physical Layer

IEEE 802.11b, introduced in 1999, implements high rate (H&3resion of the physical
layer of Direct Sequence Spread Spectrum (DSSS). HR/DSS&lpsotwo functions.
First, the HR/DSSS builds 5.5 and 11Mbps data rate capasiiiti addition to the 1 and
2 Mbps rates. Secondly, the HR/DSSS provides a rate shift amésin to introduce the
functionality of falling back to 1 and 2 Mbps so that it cangrdperate with legacy IEEE
802.11. IEEE 802.11b operates in 2.4GHz ISM band along wotldless phones, mi-
crowave ovens, other adjacent WLAN networks, and persopal@&tworks (PANs). Be-
ing susceptible to interference is the primary concernfdr 802.11 products. 802.11b

uses the same configuration as in DSSS except for the mamubatd chipping sequence.
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Complementary Code Keying (CCK) Modulation

IEEE 802.11b uses eight-chip complementary code keying (C&K)he modulation
scheme to achieve the higher data rates. The DSSS systenthesBarker sequence
which is static; but HR/DSSS uses a code word that is derivetthpyp from data. Thus,
it carries information as well as spreads the signal. CCK hahenaatical properties
that allows them to be correctly identified from one anothethie presence of noise and
interference.

The spreading code length is 8 and is based on complemertdeg.c The chipping
rates is 11Mchip/s. 1-2 Mbps is achieved with DQPSK same &S8S. Transmission
at 5.5Mbps with CCK is transmitting 4 bits per symbol. Two ofrthare carried by
DQPSK and the other two are injected to the code words. Inaheesvay for 11 Mbps
transmission, two of them are carried in DQPSK and the otlae6njected to the code

words [7, 9].

2.8.6 RF Interference

The presence of unavoidable interfering RF signals distiizB& 802.11 operation. When
the power of interferer is significant, it may cause the STAg¢oome inactive for indefi-
nite periods until the interferer disappears.

An interfering signal basically causes an energy jump inoradd may start abruptly
in the middle of a transmission causing a collision. Thisasduse the CS/CCA mecha-
nism sends a busy signal to the MAC layer through the careeses mechanism. If the

interference continues, the STA either automatically clvés to a lower rate or holds off
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until the medium is clear.

The unlicensed 2.4 GHz bandwidth contains several tecgredahat can interfere
with IEEE 802.11 or 802.11b network: wireless phones, mven@ ovens, Bluetooth.
For a WLAN, another WLAN that operates in the same channel i3 afsinterferer.
This situation is likely occur in IEEE 802.11 and 802.11kcsithere are only three non-
overlapping channels. |IEEE 802.11a avoids interferencéh® near future since most
potential RF interference today is in the 2.4GHz, and IEEE.BD® has twelve non-

overlapping channels and operates in 5 GHz.

2.9 |EEE 802.11a Physical Layer

IEEE 802.11a has been developed to provide high data rateseat 5GHz U-NIl bands.
IEEE 802.11a selects multi-carrier modulation. Multi @rmodulation is a strong can-
didate for packet switched wireless applications and sfewreral advantages over single
carrier approaches. The OFDM system is a viable solutioetoramodating 6-54 Mbps

data rates for the following reasons.

Robustness against delay spreadData transmission in a wireless environment experi-
ences delay spreads of up to 800 ns which covers several $yattimaud rates of
10 Mbps and higher. In a single carrier system, an equalizedles detrimental
effects of delay spread. When delay spread is beyond 4 symizsaf maximum
likelihood sequence estimator structure is not practical @ its exponentially in-
creasing complexity. Linear equalizers are not suitabteHs application either
since in a frequency selective channel it amounts to sigmfinoise enhancement.

55



Hence, other equalizer structures such as decision fekdizp@lizers are used.
Number of taps of the equalizer should be enough to cancegffeet of inter-
symbol interference, and must act as a matched filter too.ddiitian, equalizer
coefficients should be trained for every packet, as the adariraracteristics are
different for each packet. A large header is usually needegliirantee the con-
vergence of adaptive training techniques. A multi-carsiggtem is robust against
delay spread and does not need a training sequence. Chatmelties is required

however.

Fall-back mode: Depending on the delay spread for different applicationsffardnt
number of carriers is required to null the effect of delayespl. The structure of
FFT lends itself to simple fallback mode by using the butyestructure of FFT as

shown in [6].

Computational efficiency: Use of FFT structure at the receiver reduces the complexity.

As the number of carriers grows higher efficiency can be aekie

Fast synchronization: OFDM receivers are less sensitive to timing jitter as corag&o

spread spectrum techniques.

Near Far affect Unlike spread spectrum techniques where the signal is tdetéy cor-
relation, the near-far problem does not apply to OFDM reamsigince the detection

is not based on correlation.

There are 12 channels where each set of four are in U-NII |dveed (5.15-5.25

GHz), mid-band (5.25-5.35 GHz), and upper band (5.725% @Piz) with a channel
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Parameters Slot Time | SIFS| PIFS| DIFS | CWmin | CWmax
802.11a 9us 16us | 25us | 34us | 15 1023

Table 2.4: IEEE 802.11a OFDM PHY characteristics

4‘ Frame H HPA H Gl H IFFT H Mod. ’—
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Pilot Insertion
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'V BB Digital
%Y > Filter ADC Filter

Binary Output
Frame Clock De- De- De- Source
AGC Det. Synch. FFT Ch. Est mod. Interl. Viterbi Scrmbl. decod.

Figure 2.29: IEEE 802.11a PHY architecture

spacing of 20 MHz. IEEE 802.11a parameters are seen in Tahle 2

2.9.1 OFDM Architecture

A typical OFDM wireless LAN transceiver is shown in Figur€2. We explain the
process of IEEE 802.11a transceiver starting from the pimgout to the binary output.
First, an OFDM symbol is constructed then an OFDM frame in PlL&r is put into
together with the OFDM symbols. The PLCP/PMD layer sendsrémaé into air. On the
receiver side, first the frame is detected and then the reicednverts the radio signal into

OFDM symbols. OFDM symbols are demodulated and binary dagatracted. Logical
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Figure 2.30: Logical Block diagram of an OFDM architecture

block diagram is represented in Figure 2.30. Each blocktisfsmodules that states the

changes of binary input up to binary output.

2.9.2 Transmitter

(1) From Binary Input to OFDM Symbol
Source Coding

A number can be represented in binary with 1s and 0s. Binagyidatonverted into an
efficient representation where the redundancy of the bidatg is reduced by leveraging
the correlation between the numbers. Information theofinde entropy as the smallest

achievable average length after removing redundancy [23].

Scrambler

Data may contain long sequence of 1s or Os. This degrade®tf@mance of receiver
when resolving the data. A scrambler helps change the bi¢npatvith a 127 pseudo
random sequence. The same scrambler is used to descrambbdh \When transmitting,

the initial state of the scrambler will be set to a pseudo camdon-zero state. The 7 least
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Figure 2.32: Convolutional encoder (k=) IEEE

significant bits of the SERVICE field are set to all zeros primistrambling to enable

estimation of the initial state of the scrambler in the reee{See Figure 2.31).

Convolutional Encoder & Puncturing

Channel coding is the crucial part of any communication sgst@oding brings reliability
at the expense of adding redundancy. Same bit error ratelsecachieved with a lower
signal-to-noise ratio.

There are two types of coding: block and convolutional. IEHER.11a and HIPER-
LAN/2 WLAN use convolutional error coding. The convolutidmacoder is a technique

which is suitable for continuous streams. Variable datsregsulting from different mod-
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ulation schemes require variable coding gain for each @ata Different coding rates for
convolutional coding are proposed depending on requireteption. Obviously, more
crowded constellations need higher coding protection. Mlmoation of error detection,
such as CRC, and error correction, such as convolutional coaliregnjunction with in-
terleaving are used to provide better coding gain in thegores of frequency selective
fading.

The convolutional encoder is a kind of finite state machine tzas registers to repre-
sent the state of the system. The coding ré{t)eii defined as the number of registek$ (
over the number of outpu]. The length of the shift registers makes the system more
reliable but on the other hand increases the decoding cautypte the Viterbi algorithm
[24].

For a 1/2 rate coder, each input bit is processed as two caatpdtdits. Thus, the
convolutional coding increases the length of the originaksage. Figure 2.32 shows the
coder used in IEEE 802.11a [10].

Puncturing is a method to achieve high data rates by justiogigome of the encoded
output bits in the transmitter. Higher coding ratios of 2481 &/4 are obtained by punctur-
ing the 1/2 rate code. When 2 out of 6 bits are omitted the negulate becomes 3/4 and
when 1 out of 4 bits is omitted the result gives a code with @ 248. The Viterbi algo-
rithm is the best possible choice for decoding since therdhgo tries the best decoding
by maximum likelihood code word estimation. The data is cbdéh a convolutional

encoder of coding rate R, corresponding to the desired di@saseen in Table 2.5.
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| Mode | Modulation| Code Ratg Data Rate] BpS |

1 BPSK 1/2 6 Mbps 3
2 BPSK 3/4 9 Mbps | 45
3 QPSK 1/2 12 Mbps | 6
4 QPSK 3/4 18 Mbps | 9
5 16-QAM 1/2 24 Mbps | 12
6 16-QAM 3/4 36 Mbps | 18
7 64-QAM 2/3 48 Mbps | 24
8 64-QAM 3/4 54 Mbps | 27

Table 2.5: Eight PHY modes of the IEEE 802.11a PHY

Interleaving

Performance of codes designed for AWGN channel rapidly diesgrén frequency selec-
tive channels with correlated channels. Interleaving isethod to separate bits in time
and frequency. Block interleaving is used for a length of of®® symbol since the

channel is basically be quasi-static and assumed to stagathe for duration of a sym-
bol. OFDM systems leverage frequency diversity since theyadeband systems. Block
interleaving is done by a matrix where the input is writtercalumns and the output is

read in rows. For &8 Matrix, the interleaving depth is 48 [10].

Modulation

Instead of sending one bit in one symbol, multiple bits carsdxet by converting more
than one bit into a complex number bigger than 1 or 0. Moduteschemes have constel-
lation diagrams that map multiple bits into complex numbd@iise type of constellation
diagram affects the bit error rate (BER), peak to average poatey (PAPR) and RF

spectrum shape. IEEE 802.11a uses coherent modulatiore whene is phase lock be-
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Figure 2.33: OFDM subcarrier allocation

tween transmitter and receiver. This helps the receiverarboomplex numbers into bits
easily with a complex receiver architecture. The numberadh dbits per OFDM symbol
is calculated from desired data rate and coding rate. Ftangs for a rate of 54Mbps
64-QAM is used with a rate of 3/4. This corresponds to 6 biteach subcarrier and
6x48x3/4 (27bytes) for an OFDM symbol when number of datecauters is 48. Refer

to Table 2.5 for other data rates.

OFDM Symbol

Inan OFDM symbol, IEEE 802.11a uses subcarriers of an IFB@Kxf length 64. Forty-
eight subcarriers are occupied with modulated symbols asdbgarriers are used for
pilot symbols to make the coherent detection overcome &erquoffsets and phase noise
problems. The pilots are BPSK modulated and inserted in 22,-22 subcarriers and
the center subcarrier at 0 is not used as seen in Figure 2l@3emaining 12 subcarriers
are not used due to bandwidth limitations.

In the data stream, each 48 modulated symbol is used to maRER@M symbol. The
output of IFFT is prepended with a circular extension to re@aguard interval (GI). The
guard interval is used to avoid ISI from the previous frambe Total OFDM symbol is

a guard interval plus IFFT block. The guard interval is ongrfio of FFT length in IEEE
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Figure 2.34: Transmitter spectrum mask

802.11a. Table 2.6 shows the key parameters of IEEE 802Aradequate number of
pad bits are appended to create data in multiples of OFDM sisnb

Pulse shaping has an important role in robustness of themyagjainst phase noise
and frequency offset as explained in [6]. In addition, pwkaping provides a smoother
transmit signal spectrum which is critical in an OFDM systdoe to higher peak-to-
average ratio. Transmitter output has to meet strict otdaoid leakage criteria. A spec-
trum mask, such as the one shown in Figure 2.34, is usuallgetefo control the effect
of bandwidth regrowth caused by amplifier clipping and Isite signal band to 30 MHz.
A typical amplifier non-linearity model used in simulationdaanalysis is:

/UO = (1+(d§2p)1/2p
. (2.3)

back — of f = —1Olog—Avg(|vi|2)

|vs[?

wherep is smoothness factor and is saturation voltage. A higher power amplifier
(HPA) is used in wireless systems [25]. The HPA is modeled meaoryless nonlinear

subsystem; it is shown in Figure 2.35.
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Parameter | Value
Ngp:Number of data subcarriers 48
N Dgp: Number of pilot subcarriers 4
Ngr: Number of subcarriers, total 52

Ar: Subcarrier frequency spacing

0.3125 MHz (=20MHz/64

Trrr: IFFT/FFT period

3.2us (LA R)

TrreavmLE: PLCP preamble duration

16 us (I'saorr*TLonG)

Tsianar: Duration of the SIGNAL

4.0us T+ Trpr)

Ter: Gl duration

Tarz: Training symbol Gl duration

1.6 us Trrrl2)

Tsy . Symbol interval

4 us TartTrrr)

Tsrorr: Short training sequence duratic

DIB us (10XTFFT/4)

Trong: Long training sequence duration

8 s Ucro+2XIprr)

W:Signal Bandwidth

16.66 MHz

Table 2.6: Key Parameters o
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Figure 2.36: Format of an OFDM frante IEEE

(2) From OFDM Symbol to OFDM Packet

The resulting OFDM symbols are appended one after anotltedata field of a frame
is constructed. A typical frame structure is shown in FigRr&7. Figure 2.36 shows
the frame in OFDM symbols. Framing occurs in the PLCP layerthedrame structure

includes a PLCP preamble, PLCP header, and PLCP data (PSDUilaarttitpad bits).

PLCP Preamble

The PLCP preamble contains 10 repetitions of a “short trgisequence (STS)” and
two repetitions of a “ long training sequence (LTS)”. STS &ed for automatic gain
control (AGC) convergence, diversity selection, timing@sdion, and coarse frequency
acquisition. LTS is used for channel estimation and fineudeggy acquisition.

STS consists of 12 subcarriers as follows:

S 9696 = 1/52/(2-12) x { 0,0,1+75,0,0,0,—1 —5,0,0,0,1 + 7,
0,0,0,—1—4,0,0,0,—1 — 4,0,0,0,
1+4,0,0,0,0,0,0,0,—1 — 4,0,0, (2.4)
0,—1—4,0,0,0,1+7,0,0,0,1+ 7,

0,0,0,1+4,0,0,0,1+ 4,0,0}
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PLCP - Header

Rate Reserved Length Parity Tail Service PSDU Tall Pad
4 - Bits 1 - Bits 12 - Bits 1 - Bits 6 - Bits 16 - Bits 6 - Bits Bits
| Coded - oFDM Coded - OFDM

| BPSK Rate = 1/2 Rate indicated by Signal Symbol
PLCP Preamble Signal Data
12 - Symbols (1) OFDM Symbol Variable number of OFDM Symbols
PPDU

Figure 2.37: Logical representation of an OFDM fra@d EEE
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Figure 2.38: Format of an OFDM frani@ IEEE

where/52/(2 - 12)) is used for energy normalization. Periodicity Bfzr/4 = 0.8us
in the time domain is achieved after taking a 64-point IFFThef sequencs_o 2.
LTS consists of 53 subcarriers and is generated directlyppyyang the IFFT to the

following training sequence:

L—26,26:{ 1717_17_17171a_1a1a_]—a17171717
17 17 _17 _17 17 17 _17 17 _17 17 17 17 1707

(2.5)
]-7 _]-7 _]-7 ]-) 17 _17 17 _17 17 _17 ]-7 _17

~1,-1,1,1,-1,1,-1,1,-1,1,1,1,1}
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Time-windowing function,wr(t) is applied to provide smoothed transitiomr(t) is

given by:
sin?(3(0.5 + 7)) —Ite < ¢ < I1n
wr(t) =4 1 Itn <7 — 128 (2.6)

sin?(2(05— E1)) T-Tr <t < T4 12
\

whereT’rp is illustrated in Figure 2.38 and continuous time short OF&hing symbol
is defined as:
Nsr/2
Fanort(t) = wr(t) Y Spexp(j2rkApt). (2.7)

k=—Ngr/2

PLCP Header

The PLCP header field contains rate, length, parity, tail,ssandice fields. Except for the
service field, the PLCP header is sent in one OFDM symbol c8I&NAL and coded
with BPSK with a coding rate of R=1/2. Rate and length fields help G&€Aetermine

the busy time of the station even if the station is not the eskle.

PLCP Data

Service field and PSDU (with tail and pad bits) are sent in iplellOFDM symbols at the
data rate described in the rate field.

The finite state machine of the PLCP/PMD structure is showigarg 2.39. From the
figure, the MAC layer notifies PLCP/PMD about a packet transiois The PLCP/PMD
layer confirms the transmission and the MAC layer sends thee dad the PLCP/PMD

layer notifies the MAC layer after finishing transmission.isTénding shifts the receiver
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Figure 2.39: IEEE 802.11a PLCP/PMD transmitter finite staemme

from transmit state to the receive state.

(3)From OFDM Packet to Radio Waveform

The baseband signal is converted into a bandpass signa RRIsystem. The digital data
stream is split into two and each stream is converted to gnaith a digital-to-analog
converter (DAC) and a baseband (BB) filter is applied. Analogestrs are multiplied by
sine and cosine waveforms to create the modulated inteatesfilequency (IF) signal in
in-phase and quadrature (IQ) modulator. The IF signal igd¢pnbup to the RF signal by a
local oscillator off, frequency and a multiplier. After passing the signal thifo&dr filter
to make the signal reside only in the approved bandwidthsidpeal is relieved into air.
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Figure 2.40: Channel impulse response for typical wirelesN medium

The wireless channel model considered for WLAN system istitated in Figure 2.40.

2.9.3 Receiver

(4) From Radio Waveform to OFDM Symbol
Frame Detection

Initially, the receiver must detect the frame, adjust AGQGhe proper level, utilize any
diversity capability, and adjust for coarse frequencyaetff§ast synchronization is critical
in this application. High phase noise and frequency off§&iw cost receiver oscillators
(with about+10 ppm frequency stability) interfere with the synchroti@a process and
require robust algorithm design.

A typical AGC block consists of a correlator followed by a Gamation block. Since

the received signal level could vary significantly due todsiveing, a low threshold should
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be used followed by a confirmation block, which utilizes tepetitive pattern of preamble
sequence to reduce false alarm probability.

Probability of false alarm and detection is a function o&#irold and signal-to-noise
ratio. Probability of detection versus false alarm for eliféfint thresholds is referred to as
Receiver Operation Characteristics (ROC). If more than omeitgasequence is used for
synchronization, the probability of false alarm decreagbie probability of detection

improves. The overalP}. and P}, will be:

¢ t N i N—i
PF:Z'L':O pf(l_pf)
(2.8)

t N N i N —i
PD = Zi:t+1 pépm_la

where N is the number of correlations artdis the threshold determined by required
probabilities of false alarm and detection.

The preamble field of OFDM packet is dedicated to facilitadeket detection. The
double sliding window algorithm is used to leverage thega#iaity of short training sym-
bols. The receiver keeps two windows and observes energg.fifdt window is used
to keep the cross-correlation between the signal and itsyddlversion, and the second
window is used to keep the power level of the received sigiWalen there is a packet, the
ratio of first to second shows a jump otherwise it is approxatyeequal to zero since the
cross-correlation of noise is 0.

Figure 2.41 shows the finite state machine of PLCP/PMD recelugergy detection
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Figure 2.41: IEEE 802.11a PLCP/PMD receiver finite state nmach
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(ED) looks for a peak and goes to the carrier sense (CS) fielthelbbserved energy
jump is higher than the threshold, the PLCP/PMD layer sentigation to MAC layer

to inform it that the channel is busy. If the CS field continue®bserve peaks than it
concludes that this is a frame and the finite state machirsepds frame detection (FD)
state. Otherwise, it goes to RSSI state wherein the sigrealgiin of the received signal is
observed until the peak goes below threshold. The PLCP/PM& Ktarts decoding the

signal and sends an ending notification to MAC layer when tbegss is done.

Symbol Detection

Symbol timing synchronization has the task of finding thecig@ moment of the OFDM
symbol after the packet detector has provided an estimateeadtart edge of the packet.
Correlation is further exploited to achieve precise OFDM bghdetection. Since the
receiver knows the training symbols, any high correlatian be expected as the start of

the first OFDM symbol.

Clock Synchronization

Mismatch in sampling instances of the digital-to-analogvester (DAC) and analog-to-
digital converter (ADC) causes slightly shifted versionstlud symbols to be detected
which degrades the performance. Pilot carriers insertetrsstrically into the FFT block
are used to detect the sampling frequency error and the s@gesdjustment is done in
the receiver structure.

There are two approaches to do frequency offset estimatiat:one uses the short

and long training symbols and the second one uses cyclixprefequency offset esti-
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Figure 2.42: Frame synchronization and AGC

mation cannot perfectly eliminate the offset; there remamme residual frequency error
resulting in constellation rotation. The main purpose skiing four pilots is to help the
receiver track the carrier phase.

The frequency offset estimator has an operating range wietérmines how large a
frequency offset can be estimated. The limit can be definéallasvs:

N
< — .
[fal < 55 AF (2.9)

whereAr = 0.3125 MHz is the subcarrier frequency spacing ands the delay between
the identical samples of two repeated symbols. For the sraning symbols (D=16),
the limit is 625 kHz (coarse) and for the long training synsi@=64), the limit is 156.25
kHz (fine). In IEEE 802.11a, the standard specifies a maximacillator error of 20 parts

per million (ppm) and if the channel is 5.3 GHz then corregfog frequency offset is:
|fal =40 x 107% x 5.3 x 10° = 212kH 2 (2.10)

which is 156.25 kHz (finex 212 kHz< 625 kHz (coarse). If the initial frequency offset

73



is very high, it may reduce the magnitude of peak and incrpetgability of false alarm.

A frequency offset off, amounts to peak reduction of:

_ sin(nNT fa)
" Sin(eTfs) -

N
2 ejZTmTfA
n=1

In this case, a peak detector can be implemented as a bankrefators tuned to dif-
ferent frequency offset values. Therefore, frame syndhadion, coarse frequency offset

estimation and AGC can be implemented using a common steuoflFigure 2.42.

(5) From OFDM Symbol to Binary Output

Once initial acquisition is accomplished, the detectioacpss begins. The detection
process requires channel estimation, prefix removal, &ecqudomain equalization and

soft decoding.

Channel Estimation

In WLAN, the channel is assumed to be stationary for the domatif the packet. Long
training symbols (LTS) in the preamble are used to estintagechannel. This type of
estimation is called block type channel estimation whdrsudicarriers are pilot symbols.
The channel for each subcarrier can be estimated easilyimcelthere are two LTS, the
average of the two gives the possible applicable channéigdrame. Typically, the
channel estimation block has the structure of Figure 2.43.

After channel estimation and fine synchronization, guaterirals should be removed.

The position of the OFDM block should be adjusted carefulyntake sure that the effect
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Figure 2.43: Channel estimation block

of pulse shaping is preserved and interference from adjddecks is minimum.

A reliability index concept is used to perform soft decodifighe demodulated signal.
Due to the presence of an interleaver block a classic tr@dlcoding is not possible. A
reliability parameter is assigned to each bit and used indiag. The reliability index
for each bit is derived from the difference in the metric wabaused by bit flipping.

After deinterleaving and viterbi decoding, descrambling gaource decoding is ap-

plied. This sequence of processes gives the binary output.

2.9.4 Degradation Factors

Some typical degradation factors at the transmitter anelvecare briefly discussed here
and performance results are shown in the next section. Quadrphase error and phase
imbalance of transmitter modulation result in a C/N degradednd higher packet error

rate. Another source of degradation is the fixed-point eraoised by truncating the output

of the IFFT butterfly. After each stage of IFFT (or FFT) buftierthe required number of

75



. Mixer
Upsbample Clip on 1 n ‘/_"_\ Power
y 4 [1+Ql Imbalance Control 3
|

11K 11]

Figure 2.44: Simplified schematic of the IEEE 802.11a sitmamodel for the trans-
mitter [26]

bits grows. Truncation of bits can also increase the packet eate. Maximum tolerable
transmitter degradation is restricted by vector error meqoents set forth in wireless
LAN standards.

Typical degradation sources in the receiver are phase nbtbe local oscillator and
D/A quantization error. Overall, transmitter power amplifnon-linearity and receiver

phase noise are dominant factors for total vector error.

2.10 Performance of 802.11a Transceivers

IEEE 802.11a is highly sensitive to the impairments thatiateduced by front-end
components and channel. The components that cause distargé phase noise, channel,
frequency offset, IQ imbalance, quantization and clippgwer amplifier, narrowband
systems, co-channels, ultrawide band systems. Thesermmgats can lead to an irre-
ducible error floor. They can be investigated with a MATLABnsilator provided by
IMEC [27]. The simulator provides a generic front-end digliaseband and a set of mul-
tipath channels corresponding to an indoor environmerguréi 2.44 shows a simplified

schematic of the transmitter simulation model and a desonf the simulator obtained
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from [26] is described as follows:

“Signals coming out of the IFFT is clipped to reduce largestfactors inherent to
DMT modulation techniques. The spectrum of the OFDM sigrabpies 16.8MHz in a
20MHz channel and the digital modem produces | and Q sigaatpked at 20MHz [26].
A typical power spectrum obtained from the simulator is shawFigure 2.45 and a FIR
filter that is designed to provide 30dB power at the receiseshiown in Figure 2.45. To
avoid high sample rates when simulating this bandpasslsagfd frequency of 5.2GHz,
simulations are conducted at baseband (BB) using its compVephass equivalent rep-
resentation. Oversampling by 4 is added in the interface/dt the modem and the
front-end so that nonlinear distortion can be seen. In trad §iteps, the analog front-end
model consists of three blocks: an I/Q modulator adding if@alance, a mixer with a
local oscillator signal defined by its phase noise power iefisnction, and power am-
plifier (PA) exhibiting a cubic nonlinearity. Similar BER deglation is produced in the
receiver side also.”

All the simulation results, unless otherwise noted, are8tbit quantization level, 4
(rms value of the signal power) clipping level, 115dB amefifinput, AWGN channel,

and 100 dB backoff.

2.10.1 Data Rate

The data rate performance of the IEEE 802.11a system is simdwigure 2.47. Multipath
channel is used to evaluate the modulation schemes inehtf@oding gains where the

channel changes in every symbol. Figure 2.48 shows the atsopaf the performance
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Figure 2.45: An example of power spectrum
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Figure 2.46: An example of FIR filter where the required SiRhatreceiver is 30dB
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Figure 2.47: Bit error rate of IEEE 802.11a in Rayleigh channel

of an uncoded situation with theoretical values.

2.10.2 Phase Noise

Phase noise has two effects in OFDM. First, a random phasglgisice occurs in each
symbol which is known as common phase error (CPE). All cazseiffer the same CPE.
Second, inter-carrier interference (ICl) is introduced efthiakes the form of an additive
noise-like signal. ICl is peculiar but CPE error needs to bepemated. CPE generates
a rotation of the constellation and the error is compendatdte opposite direction if the
level of rotation is known.

Figure 2.49 shows the BER performance with phase noise witHdhowing fre-

guency shaping: -65, -75 dB till 10 kHz offset, slope -20 dB/dend -135 dBc noise
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Figure 2.49: Phase noise
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Figure 2.50: Channel estimation compared to Perfect Charmait€dge (PCK)

floor. One can see the effect of phase noise from the figure.

2.10.3 Channel Estimation

Channel estimation in the IEEE802.11a is block type. Blocletgptimation estimates
the channel in the first symbol and use that channel infoonddtr the rest of the packet.
Figure 2.50 shows the BER performance with or without perdeetnnel knowledge
(PCK). Hard or Soft decision types are investigated under/Av(3/4) coded or no
coded (NC) modulation. One can observe the effect of impaititiat the channel intro-

duces from the figure.
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Figure 2.51: An example of constellation diagram with IQ atamce

2.10.4 Frequency Offset

One of the main drawback of OFDM is its sensibility to freqagnffset which is caused
by oscillator inaccuracies and Doppler shift induced bydhannel. The effect of fre-
guency offset is two fold. It reduces the signal power of thsied subchannel outputs
and also introduces ICI. The ICI power can be significant evearfall frequency offsets

in OFDM due to the high sidelobe power of the subchannels.

2.10.5 1Q Imbalance

OFDM is very sensitive to receiver 1Q mismatch since. A celiation diagram with 1Q
mismatch is shown in Figure 2.51 [28].

Figure 2.52 shows the BER performance when there is no codithg@aperfect chan-
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Figure 2.52: 1Q imbalance when there is no coding and no pecfeannel knowledge

nel knowledge. Amplitude and phase mismatch is represémfseicentages. Figure 2.53
shows the BER performance when there is coding and perfenohehknowledge. As it

can be seen, IQ mismatch effects are more severe when theredling.

2.10.6 Quantization and Clipping Error

The Quantization level (QL) has a major impact both on imm@etation cost and per-
formance limitation. As QL decreases, the power consumpdiad the complexity of
the D/A and A/D converters decreases at the expense of theigatzon noise [26]. QL

can be limited by the clipping level. Optimal QL and clippileyels can be found after
performing a joint optimization process [26].

Figure 2.54 shows the BER performance for different clipdengls with 8-bit QL.
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Figure 2.53: I1Q imbalance when there is coding and perfezticél knowledge
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Figure 2.54: Impact of clipping threshold on performance
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Figure 2.55: Quantization performance in IEEE 802.11a

The Clipping level is defined in terms of thexs amplitudes of the time domain signal.
From the figure, one can see that gdhows superior performance thanm,Bc and &
which fortifies the need to do joint optimization.

Figure 2.55 shows the BER performance under different QLIdeaed modulation
schemes with 4 clipping level. Quantization error can be observed in theeloQL
level. The 8-bit QL is found to be optimum withy£lipping level [26]. Figures 2.56 and
2.57 shows the BER performance of quantization and clippiitig mo quantization and

clipping (NoQC) for QPSK and 16QAM modulations.
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Figure 2.57: Quantization effect in 16QAM
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Figure 2.58: Nonlinear distortion in IEEE 802.11a

2.10.7 Power Amplifier Nonlinearity

OFDM has a sensitivity to nonlinear distortion, which casesstalk between subcarri-
ers. The linearity of power amplifier (PA) is a significant nefor power consumption
and BER. The nonlinear amplitude transfer function of a PA witimear gain G, assum-

ing that the PA is kept out of saturation, was modelled by acnbnlinearity:

y=G.(r—a.r’) forr <z (2.12)

wherez,,; is the limit of the saturation region ancdequalsm [26]. Figure 2.58
shows the BER performance for different 1IP3 values. If 1IB®igger than 100dB then

a linear amplifier is applied.
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Figure 2.59: Hard or Soft decision coding

2.10.8 Hard or Soft Decision Decoding

Hard or soft decision comparison is shown in Figure 2.59. @éréormance of coded and
uncoded schemes with or without perfect channel knowleB@K({ is compared in this
figure. As shown in the figure, when there is no coding, hardsarfiddecision decoding
has almost no effect. When there is coding and perfect ch&nioglledge, soft decision

decoding has superior performance.

2.10.9 Co-channel Interference

Co-channel interference degrades the performance of an Ofém. Figure 2.60
shows the BER performance of the IEEE 802.11a system whea Hrer10 adjacent

channels. Relative power of adjacent channels to the sigdaCh) is used to compare
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Figure 2.60: Co-channel interference

the effect of co-channels.

2.10.10 Narrowband Interference

The benefit of OFDM is its resistance to narrowband interfeee Since the OFDM
waveform is composed of many narrowband tones, a narrowinéexdierer will degrade
the performance of a limited portion of the spectrum. Thdgrarance degradation can

be corrected by forward error correction coding.

2.10.11 UWB Interference

Ultra Wide Band (UWB) operates in an unregulated band where smri®n of it also

overlaps the spectrum of IEEE 802.11a. Several interferamtigation methods are pro-

89



10" ¢ T T T
F : 1| =—64QAM NC Hard 3
-+ QAMS64 NC Hard+UWB |

107 : : E

15 20 25 30
SNR [dB]

Figure 2.61: UWB interference

posed.

Using a notch filter filters out the spectrum of UWB pulses topsaps the content
in certain bands. Impulsive noise is mitigated more efietyi with OFDM. Since the
OFDM symbols are long in duration, energy from low-level uge noise can be inte-
grated to a level benign to system performance [29].

UWB interference has an almost negligible effect on the OF@bkiver when it is
transmitted in a time-hopping pattern. Time hopping patelistribute the power among
the spectrum and the power spectral density of the signalrbes almost equivalent to
white Gaussian noise when the number of UWB users is largetatiee central limit
theorem (See Figure 2.61). Concurrently, the degradatibigier when there is a small

number of UWB signals [30]. The time-hopping sequence caplombpplied to impulse
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radio systems.

A Multiband approach is another solution. A Multiband apgrio divides the spec-
trum into subbands (See [6] for detail). As a result, subdsaran be turned off to avoid
interference; or it can be combined with the above-mentianethods in each sub-band

[31].

2.10.12 Performance of 64QAM

Figures 2.62, 2.63 and 2.64 show BER performance of varioogoaents of an IEEE
802.11a system: (3/4) coded or non coded (NC) schemes codnwéheor without per-
fect channel knowledge (PCK). (Soft) or (Hard) decision dieg are used to investigate
the effect of quantization and clipping with no quantizatand clipping (NoQL). 1Q im-
balance (IQimb.) is characterized by amplitude mismatch. 68% and phase mismatch
of 1.02 degrees. In the figure, (Lorenz.) indicates the Loemnphase noise which is used
in the local oscillator by a total integrated noise of -32d@D54) refers to back-off be-
tween the average power and the input power 1dB-compressiohgf 5.4dB; (pnc) is

for phase noise compensation.

2.11 Rate Adaptation

Rate adaptation is a mechanism to select one out of availanenission rates at a given
time. It is required to improve the performance of WLAN. IEEE28L1b operating in
2.4GHz supports four PHY rates: 1, 2, 5.5 and 11Mbps; and IBEE11a operating in

5GHz supports eight PHY rates: 6, 9, 12, 18, 24, 36, 48, andbg@sMThere is a tradeoff
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Figure 2.62: Impairments in 64QAM when there is no codingl, jperfect channel knowl-
edge
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Figure 2.63: Impairments in 64QAM when there is coding antgae channel knowledge
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Figure 2.64: Impairments in 64QAM when there is no coding softidecision decoding

between robust communication at lower rates and high speedncinication at higher
rates. The optimum performance is achieved by making tleeselection adaptive with
regard to channel conditions.

The standard leaves the rate adaptation out of scope. lefslus show some ex-
amples. Auto Rate Fallback (ARF) protocol alternates betwleem11l Mbps based on
the timing function and missed ACK frames. After not receiviwo consecutive ACKs,
the data rate is reduced from the default 11 Mbps to 5.5 Mbddlaatimer is reset. If
there is a failure, the data rate falls back from 5.5 Mbps. Whertimer expires or the
received number of ACKs reach 10, the transmission ratesgddao the higher data rate
and the timer is canceled. However, if an ACK is not receivedtie very next packet,

the transmission rate is lowered again and the timer is.reset
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Receiver-Based Auto-Rate (RBAR) is a proprietary mechanismiwisidoased on
RTS. The receiver selects a rate based on the signal strehigtbeived RTS and notifies
the transmitter by a CTS frame. Then, the transmitter respuiiith a data packet at the
chosen rate [32].

The control, broadcast, and multicast frames are sent wigsrdefined in basic rate

set and it should be compliant with all transceivers.

Remark

This chapter is published in Chapter 9 of “Multi Carrier Digi@ommunications: The-
ory and Applications of OFDM.” Authors are Ahmad R.S. Bahai, tBarR. Saltzberg
and Mustafa Ergen and the book is published by SpringeiageiNlew York, September

2004.
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Chapter 3

Understanding the Analytical Markov

Model

3.1 Introduction

Distributed Coordination Function (DCF) is the crucial coment of the IEEE 802.11
standard. DCF employs Collision Avoidance/ Carrier Sense iMaltAccess Scheme
(CSMA/CA). This type of scheme is present in future standauté @s IEEE 802.11e.
Performance analysis of a Distributed Coordination Fundtis been investigated through
analytical Markov models. The most famous model was intcediby Giuseppe Bianchi
[5]. Most later models are built on that model [33, 34, 35, 38,38, 39]. In this chapter
we present a clear understanding of the analytical modelttdritical “independent
assumption.” We also present a new Markov model that cldedityws the IEEE 802.11
standard.

The model in [5] considers only saturation throughput, nregathat the stations al-
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ways have packets to transmit; non-saturated conditians@rconsidered. Furthermore,
the models of [5] and [34] do not take into account freezinthefbackoff counter due to
consecutive transmissions: According to the standard, §3ps decrementing the back-
off counter if there is an ongoing transmission, and resuaftes waiting for at least DIFS
time.

The model in [33, 40] approximates freezing of the backofirder and also intro-
duces an additional state for the carrier sense period. iEwehe carrier sense model in
[33, 40] is inaccurate: since event definition is required amount of time passed during
a state change is not a fixed number but a random variable.

In this chapter we propose a Markov chain model that is claséne standard, and
compare it with previous models. Unlike previous modelsiciwtonly consider the sat-
urated case, we augment the chain with an additional modutertsider non-saturated
conditions. Our model also reflects the behavior when stati@ve different signal-to-

noise ratio (SNR) levels, hence transmit at different datesta
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Station

Figure 3.2: An illustration of a joint model of a DCF network
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3.2 Markov Model

A good understanding of CSMA/CA is crucial to developing therké& model. In
CSMAJCA, stations change their state according to the canditf the wireless chan-
nel. The wireless channel is affected mostly by transmmssaf stations. The wireless
channel is modeled as “idle” or “busy”, and is consideredée'idvhen stations do not
transmit and “busy” if there is at least one transmissiorthdf channel is busy then the
station clearly waits until the channel is idle. Hence, otaien is dependent on others
and the total behavior of all stations determines the waefeedium as seen in Figure 3.2.
This implies that the finite state machine of a station is ddpat on the states of other
stations. Therefore, a joint model is required to undedstagtwork behavior. Unfortu-
nately, this becomes very complex since a possible Markodeinwill have N states if
each station had' states and there arenodes in the medium.

Rather than constructing a complex Joint Markov model (JM)ahbstraction of a
wireless channel can be used to find a closed expressiondahtbughput and delay. If
we model the channel as a two state Markov process, an indivgtation can use the
channel information to determine its behavior indepengiéram others.

Let's say the channel goes to the “idle” state from the “busith probability p and
from “busy” to “idle” state with probability; = (1 — p). Of course withp probability it
stays in the “busy” if it is in the “busy” and with probabilityit stays in the “idle” if it is
in the “idle” state. Stationary probabilities for “idle” drfbusy” states ar¢l — p) andp,
respectively. The probability represents thprobability of detecting the channel busy. It

also represents themnditional collision probability and we assume that it is independent
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and constant, regardless of the number of retransmissipesienced.

This model represented in Figure 3.3 shows medium utibpatan be observed by a
station’s behavior since it reflects the medium. The respirngets from the medium is
given by this two state Markov model of the channel in whiagh¢bndition is determined
by the contribution of all stations.

If a station attempts to transmit, its transmission will lkecessful with probability
(1 — p) and unsuccessful with probability Depending on the response of the channel
the station will alter its state. For example, if stationnsackoff state it will decrement
its counter if the wireless medium is idle with probabilityand stay in the same backoff
counter with probabilityp.

Let’s revisit the DCF mechanism with the assumption that estation has a packet
to transmit all the time, this means each station operattisaturation conditidr{5].
The station backoffs if the channel is not idle for a DIFS tiraad then it decrements
its counter every time it experiences an idle slot time. Whenlackoff timer is zero
the station transmits; if the transmission results in aigiolh then the station doubles its
contention window and selects another backoff counter.

Now it is time to construct the Markov Model. Figure 3.1 shalwe medium uti-
lization from which we need to identify an event to triggee state changes. Different

observations may identify different events. The previowslet introduced in [5] defines

In the simulation, the saturated traffic condition is taketre condition when a single node network is
saturated. The stations operate in the saturated traffatitbtmmwhich is obtained in OPNET by decrement-
ing the packet arrival time of each station. They operaté Wiklbps data rate and saturation throughput
is obtained when load is around 1.6 Mbps which is shown infei@u4. As it can be seen, when the net-
work saturates the stations obey the same characteristicdereasing packet inter-arrival time brings the
saturation point closer to the less number of stations.
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an event as a virtual slot which could be an empty slot or asstrassion-plus-an-empty
slot which means that after each event the backoff countdedsemented. Of course
this clustering assumes that there is no consecutive tiasg&m and each transmission,
whether it is successful or not is intervened by at least omgtye slot.

The probability of having two consecutive transmissionggiealent to the ability of
selecting zero backoff counter right after a transmisskogure 3.5 shows the probability
of having two consecutive transmissions. The results at@rmdd with OPNET simula-
tion tool and as one can infer from the figure, the probabdigays as the number of
stations increases; the increase is considerable if théauaf stations is low. The figure
shows two sets of data for the total network and a station.

We take another clustering scheme in which a virtual evedeffhed as an empty
slot or a transmission. In our case, we take the consecuéimsrnission probability into
account. Figure 3.6 depicts the virtual events for Case | défin [5] and for Case Il
defined above. From now on we c&fl2.11° the model based on Case | agi.11" the
model based on Case II.

As we explained above the complexity of joint Markov modedwgs exponentially
with the number of stations in the network. It is essentiaint@stigate the difference
between joint and independent models. We look at a simpliazkoff scheme: it has

one-level backoff and the contention window size is onlyrfou
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Figure 3.6: Virtual events

3.3 One-Level Backoff

We can see from Figure 3.7 th#i2.11° model matches the model introduced in [5] and
the 802.11* model is our model. As we stated above a virtual ever®0ih11° requires
a state change after each event resulting in the probabfligyate change in the backoff
procedure to be one. On the other hasti®. 11" has a loop in the backoff states to ensure
that the counter freezes when there is a transmission anthessafter sensing that the
channel is idle at least one DIFS time. If there is anothersim@ission after the DIFS
time, then the backoff counter stays the same. This is repted in Figure 3.7. The
stations wait in the current backoff state with probabifitgnd advance to next state with
probability (1 — p). When they come to the backoff state 0, they transmit no mattet
the result of the transmission is and they select anothéwlfidevel.

Let's call 7 the probability of transmission of a station, P, is the probability of
transmission in the medium, and P, is the probability of successful transmission in the

medium. If is defined as [5] “throughput is the fraction of time theacdimel is used to
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successfully transmit payload bits”,

Elpayload]
Th hput = 3.1
rougnpt Ellength of virtual event]’ (3-1)
and numerically the throughputis the ratio:
P,E|P

(1 - Ptr)U+PsTs + (Ptr _PS)TC’

in which E[P] is the average packet payload size. The denominator is @mre@ duration
of a virtual event, which may be an idle slot (of duratign a successful transmission (of
durationT}), or a collision (of duratior¥;). These durations for the basic and RTS/CTS

mechanisms are given below:

Tbsic = Tpara+ SIFS + 6§+ Tack + 0
+ DIFS

Tbesic = THara+ 0+ EIFS

T = Trps+SIFS + 6+ Terg (3.3)
+ SIFS+6+Tpara+ SIFS+§
+ Tack +6+ DIFS

Trs = Tprs+ 0+ EIFS.

In (3.3),7par4 is the duration of a packet of siZg{ P], andTrrs, Teors, Tack are the
durations of the corresponding frameg}, ,, is the average time to serid P*| bytes,

which is the average length of the longest packet payloanlved in a collision. When
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all packets have the same siZe[P] = P = E[P*]. The propagation delay is denoted as
d. Unlike in basic acces§,** only containsI zrs since a collision can only occur in the

RTS frame transmission. This difference is representedgarg 3.8.

3.3.1 Independent Markov Model

The crucial difference between the independent and joikbMamodel is howP;, and

P, relate tor andp. We will first start with the Independent Markov (IM) Model dn
then give the analysis for the Joint Markov Model. Figure sh8ws that each station is
independent since they only see a two-state Markov modakothannel. As a result, the

probability of having a busy medium is

B, =1- (1 - T)n7 (3.4)

and the probability of having a successful transmissiomisvalent to the probability of

having only one transmission which is:

P, =nr(l—71)""1, (3.5)

wheren is the number of stations in the medium. The probabititgan be found by
solving the Markov model: The valueis the probability of being in state 0.

Solving the Markov model is easy for t862.11° model of Figure 3.7 and probability
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0a0b | Oalb | 0a2b | 0a3b | 1a0b | lalb | 1a2b | 1a3b | 2a0b | 2alb | 2a2b | 2a3b | 3a0b | 3alb | 3a2b | 3a3b

pl 0a0b 1/16 1/16 1/16 1/16 1/16 1/16 1/16 | 1/16 1/16 1/16 1/16 1/16 1/16 1/16 | 1/16 1/16

p2 | Oalb /4 /4 1/4 1/4

p3 | 0a2b 1/4 1/4 /4 1/4

p4 | 0a3b /4 1/4 1/4 /4
p5 | 1a0b va | va | va | wa

p6 lalb 1

p7 | la2b 1

p8 la3b 1

p9 | 2a0b va | va | va | va

p10 | 2alb 1

pll | 2a2b 1

pl2 | 2a3b 1

p13 3a0b 1/4 1/4 1/4 1/4

pl4 | 3alb 1

pl5 | 3a2b 1

pl6 | 3a3b 1

Figure 3.9: Joint model for 802.11(n=2)

of being in state 0 is® = 0.4. For theg802.11* modelr™ is:

_2-=2p
™ (p) = 5o (3.6)

Thus,7 is dependent op andr andp are related

p=1—(1—-7)"" (3.7)

From equation(3.7) we can findra[5]. Then we can find the throughpStafter calcu-

lating P, and P;.

3.3.2 Joint Markov Model

For the Joint Markov (JM) model, we need to construct a Ma{main that hagd™ states.

We adopt a notation that each state is represented by binanpers. For instance, for
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0a0b | Oalb | 0a2b | 0a3b | 1a0b | lalb | 1a2b | 1a3b | 2a0b | 2alb | 2a2b | 2a3b | 3a0b | 3alb | 3a2b | 3a3b

pl 0a0b 1/16 1/16 1/16 1/16 1/16 1/16 1/16 | 1/16 1/16 1/16 1/16 1/16 1/16 1/16 | 1/16 1/16

p2 Oalb | 1/4 14 1/4 1/4

p3 | 0a2b /4 /4 1/4 1/4

p4 | 0a3b 14 14 14 Va4

p5 la0b | 1/4 1/4 14 1/4

p6 lalb 1

p7 | la2b 1

p8 1a3b 1

p9 2a0b 14 1/4 1/4 14

p10 | 2alb 1

pll | 2a2b 1

pl2 | 2a3b 1

p13 3a0b 1/4 1/4 1/4 1/4

pl4 | 3alb 1

pl5 | 3a2b 1

pl6 | 3a3b 1

Figure 3.10: Joint model for 802.4(n=2)

two nodes we can represent 16 states with two bits.

The difference arises in the backoff scheme betw&En11® and802.11* models.
802.11° requires a state change in every event$fit 11+ changes the backoff state if
nobody is transmitting. Figure 3.9 represents 8h2.11" model for two nodes. If two
stations are at the zero state they just select a backoff/aiteith 1/16 probability. For
instance, if Station is in Statel and Stationp is in State0 (1a0b)-which means that
Stationb is transmitting-then the next state for Statibeould be any state betweén
and3 with i probability; but Statior: stays in Staté in 802.11". On the other hand, in
802.11° model, Station: advances to Stateas seen in Figure 3.10.

Following the definition above,, is defined as the sum of the probabilities of indices
which have zero bit; an@®; is defined as the sum of the probabilities of indices which

have only one zero bit which means that there is only oneostaitransmitting.
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According to Figures 3.9 and 3.10 for two nod®&s,and P, are calculated as follows;

Py = p1 +p2+ ps + ps+ps + py + pi3

Py = py + p3 + ps + ps + pg + p13.

3.3.3 Performance of One-Level Backoff

In order to compare the performance we setup the scenari®MED. We counted the
number of collisions and number of successful transmissiod measured the through-
put. Stations operate at saturated throughput and with onétlevel backoff of four
states. They are arranged in a way that they all hear each dthe FHSS physical layer

is chosen and data rate is 1 Mbps. In OPNET, the parameteashieved as follows:

P = #Total ACK received+#Collision
tr = H#Total ACK+#Collision+#Back—of f slot

(3.8)

P = #Total ACK received
$ 7 #Total ACK+#Collision+# Back—of f slot

We verified the simulation by equation 3.9 since the numbewvehts multiplied by their
associated time values gives the simulation time. This m#aat the events we consider
are complete and there is no missing periods that we haveonstdered.

Simulation Time = o x #Back — of f slots
(3.9

+T, x #Total ACK received + T, x #Collision

Figure 3.11 shows the performancegoR.11" and802.11° model for P, and P,. The
solid line represents the OPNET simulation and circledd@pesents th&02.11* model

for joint Markov model. We found the same values for joint andependent Markov
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Figure 3.11:P,,. and P, for one-level backoff

model 0f802.11° and the performance of JMof 802.11% gives exactly the performance
as the simulation. Of course, the data set for the joint m@dehly up to five nodes due
to the increasing complexity. IM on the other hand, approximates the simulation.
Now let’s look at the throughput performance. Figure 3.1@&nshthe performance for
RTS/CTS and basic access mechanisms. We find the duratiogsvaluthe basic access

mechanism as follows:

T =Tpara+ SIFS+ 6+ Tack + DIFS +§
(3.10)
st:TDATA+SIFS—|—5+TACK+DIFS+5+O'

Tt = T} ypn + 06+ DIFS + 0
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and for the RTS/CTS access mechanism as follows:

T:_ =Trrs + SIFS+0+Tors + SIFS + 6
+Tpara +SIFS + 6+ Tack + DIFS + 6
Tt =Tgrrs+ 6+ EIFS
(3.11)
T =Trrs+ SIFS +6+Tepg+ SIFS + 6§
+Tpara +SIFS+6+Tack + DIFS+ 6+ o0

T® =Trprs+0+DIFS+0o

T® values are updated values of [5] according to the standégdré=3.12 shows that lines
which are for basic access and RTS/CTS access mechanism®sirelasely followed
by the JM" model 0f802.11.

As one can infer easily throughput characteristic of a ngtvean be found exactly
with JIM* model but the limitation is in the computing power which Isag to use the
independent model for closer approximations. We proved Heat802.11" model per-
forms better thag02.11° model. Of course, the reason wk§2.11° showed inferior per-
formance is that with four backoff states consecutive trgission probability is; which
is very high compared to the actual backoff structure (Sgerkgi3.5). We see that this
probability is low with the multi-level backoff structured decreasing with the increase
in the number of stations.

This analysis is worth investigating further to prove thetmoelology of the Markov

model. Since we have thB,, P, and S values from the OPNET simulation, we can
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Figure 3.12: Throughput for one-level backoff

revisit the throughput formulation in reverse and obtagthand7, as follows;

PsTs + (F)tr - Ps)Tc = - (1 - Ptr)O', (312)

where we can use LLSE to find unique duration values. We fdaling 0.0088sec and
T. = 0.0088sec for basic access mechanism afid= 0.0087sec andT, = 0.0007sec
for RTS/CTS access mechanism whétg’] is 1000bytes. Duration values are almost
same as what we found from the formulas depicted in Figuré f8dIEEE 802.11b. As

a result, we can conclude that the throughput formulati@morsect and accurate.
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Figure 3.13: Duration values for IEEE 802.11b

p/m

Figure 3.14: Independent Markov model of 802 Z&r multi-level backoff
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-pyw,

p/m

Figure 3.15: Independent Markov model of 802.4dr multi-level backoff

3.4 Multi-Level Backoff

The Multi-level backoff scheme complies with the 802.1Ingd. There are 7 back-
off levels, the minimum contention window'{V,,,;,,) is 15 and the maximum contention
window (CW,,....) is 1024. The difference betwe&n2.11* and802.11° model is illus-
trated in Figures 3.14 and 3.15. F&i2.11% there is either an empty slot (of duration
o) during which the backoff counter is decremented, or a trassion (of duration equal
to a data or RTS/CTS packet) during which backoff is frozentHgoevents that cause a
state transition in the Markov chain are an empty slot or @strassion. This is different
from [5], in which a slot is either an empty slot or a transnaesplus-empty-slot. (Thus
every slotin [5] includes an empty slot.) For this reasom,Markov model (Figure 3.14)
has the self loop in the backoff stages to model freezing@btckoff counter when the

medium is busy.
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The Markov chain has two dimensiongf) andb(t), representing the state number
and backoff stage, respectively. The derivation of theuphput is carried out in two

steps. We first obtain™ for 802.11% and then use ™ to calculate throughptf.

Pliklik+1}=(1—p) kelo,Wi—2] iclo,m]

P{i, kli,k} =p kell,W;—1] i€[0,m)]
(3.13)

P{i,kli— 1,0y =p/W; ke[0,W,—1] ic[l,m]

P{m,klm,0} =p/W,,  kel[0,W,, —1]

The two-dimensional chaifs(t), b(t)) is governed by the one-step transition probabil-
ities (3.13) of802.11". The first and second equations respectively indicate thiitea
beginning of each slot, the backoff counter is decremeritdteichannel is sensed idle
(which happens with probability withil — p)) and frozen if the channel is sensed busy
(which happens with probability).

The third and fourth equations respectively indicate tloibWing an unsuccessful
transmission, the station in backoff sta@e- 1) selects a backoff interval uniformly in
the rang€0, 1W; — 1) and when the backoff stage reacheslV,, stays constant.

We can solve the balance equations to obtain the stationstrybdtion denoted by
bik,1 €[0,m], ke [0,W; —1].

bi—10-p=big — big=pbog, 0<i<m

(3.14)

m

bm—1,0 P = (1 - p)bm,o I bm,o = 1pT

b
500,0
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From (10.2), the stationary distribution is:

(L=p) > gbjo i=0
W, —k
bi = m Y prbicip O<i<m (3.15)
P (bn—1,0 +bmo) i=m
or
Wi —k
bip = ————big 1 €[0,m], k€ [0,W; —1]. 3.16
K Wz(l—p) ,OZE[ m] G[ ] ( )
m W;—1
1= b; ;. = backoff (3.17)
i=0 k=0

All ;. can be expressed in termsigfy,, which can then be obtained because all proba-

bilities add to one (10.6). This finally yields, in terms ofp, W, m in equation (10.8).

m W;—1
backoff = Z b =
1=0 k=0
bg 0 = ; WZ +1 pm+1 Wm +1
’ i 1 , 3.18

. (3.19)

- m i Witl T Wt 1
(=] > im0 P 2Jr ) + (Iifp)Q( 2+ )
A packet is transmitted in statés,, i € [0, m], sor, the probability of transmission in a

plot, is given by (3.20),

= — — . (3.20)
Yo p () + ?1—;) (F5H)
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Figure 3.16:F,, and P, for multi-level backoff

Taking the contention windowWW,,... = 2™CW,in, SOW; = 2,45 € [0,m], and

W = CW,.:n, gives a simpler expression for,

1
+
T T WD pWa-—2p™) (3.21)
2(1-2p)(1-p)
For purposes of comparison, the transmission probabititf [5] is

+

R (3.22)
l—p

The comparison with respect to the simulation shows thaignré 3.16 the indepen-
dent multi-level Markov model approximately follows themsilation results. We set the

maximum retry count to 255 in the simulation and we use the FHBysical layer with
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Figure 3.18: Markov model for the IEEE 802.11 DCF in normalfficacondition
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1 Mbps data rate. We verified the duration values again ararotite following;

Basic  RTS/CTS
T, 0.0088sec 0.0090sec

T. 0.0088sec 0.0007sec

which are very close to the analytical findings. Another paie consider in simulation
is in finding P, and P, for 802.11° model since, due to the high number of stations,
consecutive transmission probability is low. As a restk, @équation (3.8) is modified for

802.11° as follows:

Pb _ #Total ACK received+#Collision
tr ™ #Back—of f slot

(3.23)

Pb _ #Total ACK received

s #Back—of f slot

Since each back-off slot f302.11° is either a transmission+backoff slot or an empty
back-off slot, it is enough to consider only the number ofkaff slots for the total
number of events. The results show tRa2.11° underestimates the probabilities; on the
other hand802.11" overestimates the probabilities. Figure 3.17 shows theutfrput
performance and it can be seen th@.11" gives better performance with lower number

of nodes.

3.4.1 Formulation for Unsaturated Traffic

To model normal, non-saturated conditions, we introdudditithal states, giving the
chain of Figure 3.18. The assumption we adopt is omittingotiet-backoff state which is

taken into account right after a transmission as seen ir€g9. We leave the discussion
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to the last section in this chapter.
We introduce only two states by takiflj_, = 2. The one-step transition probabilities

are slightly changed:

P{-2,1|—2,1} = (1= \)
P{Ovj|_270}:)‘/W0 j€[0>WO_1]
P{—2,1] —2,0} = (1—)) (3.24)

P{-2,0|— 2,1} = \

P{-2,0[i,0}=(1—p)  i€l0,m]

Under non-saturated conditions, a station may now waitendle state for a packet from
upper layers. This corresponds to a delay in the idle stefesented by the box in
Figure 3.18. The delay in the idle state is geometric witrapseter\. The transition
probabilities in (3.24) are straightforward modificatiafghose previously obtained for
the saturated case.

The stationary probabilities add up to 1,

m Wifl W7271
1= b+ > booy = backoff +idle. (3.25)

i=0 k=0 k=

o

The probabilitiesh_, , andb_,; can be expressed in terms ®f, using (10.2), (3.24),

and by representing the probabilife in terms ofb, , by:

W_o—1

b
idle="Y bop—1=-3-1
k=0
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The newr™ is given by (3.26), which reduces to (3.21) for the saturatesk § = 1),

1
= . (3.26)
(1=2p)(W+1)+pW (1—(2p)™) 1
- 2(1—2p)121—p) P+ (1-p)(5z—1)

>\2

From (3.26) we see that™ = 7 (p, m, W, \) depends on the unknown Also, as in [5],

p=1—(1—75""lorrt(p)=1— (1 —p)To. (3.27)

Equations (3.26) and (3.27) together determinend p. Figure 3.19 and 3.20 plot the
collision probabilityp and transmission probability as the number of stations varies,
for five cases: the&02.11", and the proposed mod&b2.11" for four different\ =
1,0.2,0.1,0.05. The802.11° gives higher values qf andr than our model foa = 1. In
general, as expectegljncreases and decreases with.

Also, as expected; increases with load, which is readily appreciated by taking

n — 1,p — 0, for which

limr = ) 3.28

For the saturated cask,= 1, andm = 0 (no exponential backoff), we can compare

with 7 in (3.22),

20=p) v 2 (3.29)

T(p,0,W, 1) =
TP, 0. W) = 1 W+ 1

Unlike in 802.11°, 7+ depends on the collision probabilify(and hence on). Intuitively
of course; should depend on: if there are more stations, the medium will be busy more

often, and a station will transmit less frequently.
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| Mode | Modulation| Code Ratg Data Rate] BpS | SNR|

1 BPSK 1/2 6 Mbps 3 25
2 BPSK 3/4 9Mbps | 45| 27
3 QPSK 1/2 12Mbps | 6 30
4 QPSK 3/4 18 Mbps | 9 32
5 16-QAM 1/2 24 Mbps | 12 35
6 16-QAM 3/4 36 Mbps | 18 | 40
7 64-QAM 2/3 48 Mbps | 24 42
8 64-QAM 3/4 54 Mbps | 27 45

Table 3.1: Eight PHY Modes of the IEEE 802.11a PHY

DATA

Frame | Duration/ | Address | Address | Address | Sequence | Address| Frame

F
Control ID 1 2 3 Control 4 Body cs
Octets: 2 2 6 6 6 2 6 0-2312 4
Frame Duration | RA | RA | FCS Frame Duration | RA | FCS
RTS Control uratio ECT:i& Control uratio
Octets: 2 2 6 6 4 Octets: 2 2 6 4

Figure 3.21: Frame formats

3.4.2 |EEE 802.11a OFDM Physical Layer

The IEEE 802.11a PHY uses OFDM modulation, and provided engldes with different
modulation schemes and coding rates. Table 3.1 shows tipedagd rates depending on
SNR (SNR values are vendor-proprietary). As shown in Figugd, each MAC data
frame or MAC Protocol Data Unit (MPDU), consists of the MAC adier, Frame Body,
and Frame Check Sequence (FCS). The MAC header and FCS togetl2& @ctets, the
RTS frame is 18 octets, and the CTS and ACK are 12 octets long.

When a MPDU is passed to the PLCP layer it is called PSDU. In ci@lereate

a PLCP Protocol Data Unit (PPDU), PLCP headers are added. €882 shows the
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PLCP - Header \ ‘

Tail
6 - Bits

Rate Reserved Length Parity Tail Service
4 - Bits 1 - Bits 12 - Bits 1-Bits 6 - Bits 16 - Bits

\ Coded - OFDM ‘ Coded - OFDM

F BPSK Rate = 1/2 ’— Rate indicated by Signal Symbol —‘

Pad
Bits

Data
Variable number of OFDM Symbols

PLCP Preamble
12 - Symbols

Signal
(1) OFDM Symbol

PPDU

Figure 3.22: IEEE 802.11a OFDM packet

PPDU format. During transmission, a PLCP preamble and a PL@&eh@re added to a
PSDU to create a PLCP Protocol Data Unit (PPDU). The PLCP prieafietd, with the
duration oft PLC P Preamble, is composed of 10 repetitions of a short training sequence
(0.8us) and two repetitions of a long training sequengesf4 The PLCP header except the
SERVICE field, with the duration of PLC P_SIG constitutes a single OFDM symbol.
Each OFDM symbol interval is denoted byymbol and its duration is 4s. The 16-bit
SERVICE field of the PLCP header and the MPDU (along with sixidéd and pad bits),
represented by DATA, are transmitted at the data rate spddiiithe RATE field. The
BSS basic rate set 6 Mbps, 12 Mbps, 24 Mbgsand each station should support these
rates and control information should be sent at these raggs YWe assume that all rates
specified in Table 3.1 are supported and control signallargle in any rate.

We can thus obtain the duration of each packet. The time teitng a frame with
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E[P] octets of data payload with the IEEE 802.11a PHY 3.1 is givanw:

Tpara(m) =tPLCPPreamble + tPLCPHeader

+MACHeader + E[P] + FCS + Tailbits + PadBits

= 20pus + [FHUFEEE] - dpis

Trrs(m) =tPLCPPreamble + tPLCPHeader

+MACHeader + FCS

= 20us + [PFpgea™) - dus

Ters(m) = Tacx(m) = tPLC PPreamble

+tPLCPHeader + MACHeader + FCS

= 20us + [%&i;/g] 4pus.

The Bytes-per-Symbol for PHY mode is BpS(m) in Table 3.1. TheBpS value in our

example depends on SNR. Duration values are illustratechunr€i3.23.

3.5 Throughput Characteristics

The performance results below are based on the physical frameters specified in
Tables 3.1 and 3.2. The payload is constBP| = 1024bytes. Figure 3.24 shows the

throughput for the basic access scheme for the modgddf 1° and our model for four
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Duration Value (sec)

18
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= T (Basic Access)
=@~ T_(Basic Access)
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9= T, (RTS/CTS)

Data Rate (Mbps)

Figure 3.23: Duration values for IEEE 802.11a

] Characteristics\ Value\ Definition

Slot Time 9us | Slottime

SIFS 16us | SIFS Time

DIFS 34us | DIFS=SIFS+2xSlot

CWmin 15 min CW

CWmax 1023 | max CW

tPLCPPreamble 16us | PLCP preamble duration
tPLCP.SIG 4us | PLCP SIGNAL field duration
tSymbol 4us | OFDM symbol interval

Table 3.2: IEEE 802.11a OFDM PHY Characteristics
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with RTS/CTS
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Figure 3.28: Throughput in IEEE 802.11a with constant tmad \ = %

different values of\. The throughput first increases with the number of statiamd u
congestion sets in, after which throughput decreases. &g dffic intensity decreases,
the maximum throughput is reached with a larger number afestations. Figure 3.25
reports the throughput for RTS/CTS access mechanism. Teet eff congestion is now
less severe. However, as with basic access, the througkptgatses and goes to 0, as
n — oo. Figure 3.26 shows the effect of different SNR levels whietedmines the data
rate (all stations have the same SNR level). Figure 3.27 shiosveffect of traffic intensity
on throughput for a fixed number of stations. We again obsenset of congestion.
Figure 3.28 shows the performance for a fixed load. Traffierigity A decreases with the

number of stations and throughput settles down gees to 0 ana goes toso.
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Figure 3.29: 802.11 MAC module in OPNET

3.6 Discussion

The IEEE 802.11 standard specifies a post-backoff statedwmiicoduces additional ran-
dom delay after a transmission. This post-backoff statebe@s considered in some
works in literature but it is often neglected in the implenagions. It is easy to configure
the Markov Model with an additional backoff level right afteansmission but we take
the approach without using it. The OPNET simulation platf@so considers a non-post
backoff state whose MAC finite state machine is shown in qIR9. After transmis-
sion, stations go to the IDLE state if they do not have any pticktransmit. When is 1,
that means the station goes to the backoff state to trangyhitafter the transmission and
when\ is 0, the station waits in the IDLE state forever. Of courke,ttaffic model is not
realistic but virtually it gives us a tool to estimate unsatad traffic conditions. The stan-
dard specifies a mandatory backoff state between two trasgms which is also taken

into account in our model. Two transmissions are interldavith a backoff stage.
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Remark

Part of this chapter will appear in ACM-Kluwer MONET Speciasstie on WLAN Opti-
mization at the MAC and Network Levels titled as “Throughpualysis and Admission

Control in IEEE 802.11a” and authors are Mustafa Ergen andiPXaraiya.
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Chapter 4

Mixed Data Rate Formulation

4.1 Introduction

Performance of IEEE 802.11 network under the DCF mode degratien some sta-
tions use a lower data rate than the others. This is commometwaork environment
since multi-rate cards have an adaptation mechanism totseleate. If the link to the
destination is under severe fading and interference thetatian mechanism reduces the
rate by changing its modulation scheme. Rate adaptationanesths are proprietary and
may consider successfully received ACKs or signal-to-n@sie (SNR). The reason why
throughput degrades is hidden under the basic CSMA/CA chamgebks method cited in
[41, 42] and easy to see from the Markov model. If a statioruasieq the transmission
opportunity, it uses it as long as it is needed. As a resudtsiation operates with a lower
data rate it takes longer to transmit with the same paylo&d;iwis an under utilization
of the channel.

We made a simulation in OPNET and configured a network agriditesd in Figure 4.1.

132
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Figure 4.1: Network

The network has five nodes, all with 11 Mbps data rate but onehwdihanges its rate with

time. The upper plot of Figure 4.2 shows the total througlgbubhe network. The lower

plot of the figure shows the activity of the channels for thaish that changes its data
rate. The station starts with 11Mbps, and at time 100seopsidown the rate to 1Mbps
until 200sec. Between 200sec and 300sec, the station opeviate2 Mbps and for the

next 100sec it operates with 5.5 Mbps. Between 400sec ancke600% station again

operates with 1Mbps and after 600sec, the station is withdddVl  The lower data rate
severely affects the network; this is shown in the first pfdtigure 4.1. A single station

with 1 Mbps decreases the total throughput by half. This kihdata rate arrangement
is very common in a typical network since stations can chahge data rate: or it can

be limited by the standards; for instance, IEEE 802.11b &#118 g stations can exist
together. It is important to analyze and formulate this baira

Figure 4.3 on the other hand shows another key charactewsiich contains only
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Figure 4.3: Individual throughput in a mixed data rate emvment
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two traces for two stations. It can be inferred that statiolnserve the same individual
throughput. As a result, stations with higher data rate asehe same throughput with
the slow station.

Figure 4.4 proves our previous claim about the equal chauwelss. The figure shows
channel reservation time of two stations which is also etpradther stations. Figure 4.5
shows the media access delay for the network and for a stéiedia access delay is the
waiting time for a packet in the MAC. It is easy to infer that wttle throughput is low

media access delay is high.

4.2 Individual Throughput Formulation

If we revisit the Markov Model we can analyze the individuaidughput in detail. Wire-

less medium has two state Markov chain in which the statesitirer busy or idle. The

wireless medium traverses from idle to busy with probapjlit Therefore, the channel is
not busy with probability { — p). States in the Markov model can be defined,gsfor

0 <i<mand0 < j < W,. Astation transmits when it is ity ;. The total probability is

represented as follows,

=334, (.1)

and probability of transmissioncan be found after solving the balance equations as:

1

A=2p) W+ +pW (1—(2p)™)
2(1-2p)(1—p)

T =

(4.2)
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BasicAccessMechanism

=

(R',P) =Tpara(R,,P)+ SIFS + 6+ Tack(R") + 6+ DIFS
(RS P) =Thara(R,P)+ 5+ EIFS

~

RTS/CTS AccessMechanism (4.4)

TR, P) =Trrs(R") + SIFS + 6+ Tors(RY) + SIFS +6
+Tpara(R:, P) + SIFS + 6 + Tack (R +6 + DIFS
T.(R',P) =Trrs(R)+6+ EIFS.

wherer depends orp. If there aren stations,p = 1 — (1 — 7)"! if we make the
independent assumption (See Chapter 3).

Following [5], “the throughput is the fraction of time thearmel is used to success-
fully transmit payload bits.” With probability’;,, there is at least one transmission in the

considered slot time and with probabilify, a transmission occurring on the channel is

successful:
Pp=1-(1-7)"
4.3)
P,=n7t(1—7)""1.
Let’'s express the total throughpbitas the ratio:
P,E[P
S = 7] (4.5)

(1— Py )o+ PTy(RY) + (P — P)T.(RY)

where E[P] = P is the average packet payload size and constant for eadbnstdt,

is the probability for successful transmission. The averaggth of an empty slot time

is with probability (1 — P,,.) and with probability( P, — P;), there is a collision. If the
station have data rat®’, T, (R’, P) is the average time the channel is sensed busy due to

a successful transmission; afid k', P) is the average time the channel is sensed busy
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by each station during a collision, represented in (4.4).

Tpara(RY, P)is the time taken to send a packet with sizeandTrrs(R?), Ters(RY),
Tack(R') are the times taken to send the corresponding frani€s,, ,(R', E[P*])
stands for average time taken to sefid’*], which is the average length of the longest
packet payload involved in a collision. When all packets hidneesame sizeE[P] =
E[P*] = P [5]. The propagation delay is given by

We can also find the throughput in a different way. Let’'s sajiehs operate at dif-
ferent data rates. Let’s consider the fifSievent for a network witth nodes which could
takeT time. If L is number of empty slots\/ is number of successful transmissions and

Y is the wasted time in collisiong] is:

T="Lo+ i X(0)Ty(R()) +Y (4.6)

i=1

where}"" | X (i) = M. X (i) is the number of successful transmission &{d) is the

data rate for statio#y If P(7) is the packet size for statiarthe throughpub; is:

s, = 2WIW, (4.7)

(4.8)

If there areM successful transmissions and assuming that the statimestha equal

chance of transmission, we can conclude thig) = 2. This is also followed by the
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independent assumption since it is clear that epochs aspémilent and we assume a
two state Markov channel. In each virtual event, the prditglmf having that virtual
event empty is(1 — 7)". Thus,L = K(1 — 7)” and in the same way, finding that
epoch occupied for a successful transmission of statien(1 — 7)"~!. Consequently
X(i) = K7(1 — 7)""'. Since there are stations, them/ = Kn7(1 — 7)""!. We
can conclude that stations access the channel equally shazenel access is obtained
when the opportunity arises and it is used as long as it iseteddence, the duration is
determined by the station.

As a result, the individual throughput 5 = %S since the throughput is fairly dis-

tributed regardless the station’s data rate. This is previgmsimulation.

4.3 Formulation for Mixed Data Rate

We evaluate the throughput when different stations haverdifit data rates but same
packet size. The protocol gives each station the same chartcansmit, and different
data rates only affect average slot duration. Suppose #nerestations,D different data
rates,R' < --- < RP, andn’ stations have rat&’ with corresponding slot durations
T.(R") andT.(R"). For example if there are eight statiods = 8 and four data rates

D =4,
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Figure 4.7: Individual throughput verification for the mikdata rate formulation
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where for instancé(5) = R* and

=4 T T,(RY | T} | T.(RY)

S C

n?=1|T2|T,(R?) | T2 | T.(R?)

S C

nd =1 T3 | T,(R3) | T3 | T.(R?)

S C

nt =2 | T4 | T,(RY | T* | T.(RY)

S C

which is clustering from the highest duration to the lowastation. Since we consider
same packet siz2, duration values only dependent on rate

The successful duration value can be evaluated by averdggnguccessful duration
values of each station as only one station is involved in aes&ful duration. Since we
know that each station hd’ /n as the probability of having a successful transmission,
then the new successful duration valligis given by (4.10).T, is basically represented
as

T, = E[T"]. (4.9)

When calculating the collision duration, we have to constterstations that are in-
volved in the collision and how many times they are involvedring a collision, duration
value for that collision is determined by the station that tiee lowest data rate. The av-
erage collision duratioff,. is given by (4.11). This formulation considers the lowedada
rate stations first. As they are grouped withthe second step is to determine how many
times the stations are involved in the collision with theresponding probability, and the
number of stations in the collision. This process is repkftem the lowest data rate

to the highest. The collusion occurrences with the lowea date is subtracted from the
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count.

Note that the formula (4.11) is present for all sets of data choices. We know
that 802.11b has 4 and 802.11a has 8 data rate options. Arketheharacteristic of the
formula is it is independent of the Markov model applied. Angdel that can give the
transmission probability of a station could use the formula to obtain the durationeslu
The formula works if the stations have different packetsiZa that case clustering will
be based on duration. A formulation is presented in Chapter 9.

The throughput of a station is now given by (4.12). Note thathdividual throughput
S, is thesame for all stations and total throughp#tis n.S; since they have the same packet

size and they equally access the channel.

p D
T, = = T 4.10
- Zn : (4.10)
n— nJ j—1
ro- Syey| e
i=1 j=1 k=1 i
x TIrt(1 — r)n=tt (4.11)
S; = L PELP] (4.12)

n(l—Py)o+T,+1T.

4.4 \Verification

In the performance analysis, we have 5 nodesiand [ { 9 55 11 |Mbps. E[P]is
1000 bytes and stations operate in saturation throughpaie tHat RTS and CTS packets
are sent with 1Mbps all the time.

We started each station with 1Mbps and shifted one of themach step to 11Mbps.
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At the fifth iteration we have 5 stations each with 11Mbps. \Mmpare our results with
a simulation in the OPNET platform.

Figures 4.6 and 4.7 show that the analytical formula (4.1&edy approximates the
actual performance. Solid lines represent the case whestagibns have the same data
rate. The individual throughput of the stations is also fbtm be equal in the simula-
tion, and the throughput distribution among stations isfieel to be equal. One of the
individual realization is plotted in Figure 4.7.

As can be inferred from the graph, when there are 4 statiotts iliMbps and one
station with 1Mbps, the throughput performance is almo#tthat of when all are with

11Mbps. A lower data rate causes a considerable degradatiaii the stations.

4.5 Discussion

This performance anomaly has been studied in [42] with a lempdel. In contrast,
we used an analytical Markov model which gave a closed faumWuVe came across a
preprint paper [35] which builds its model on top of [5] with additional post-backoff
state which we discussed in Section 3.6. The model in [35%icens only two data rate

options low and high and it is not as complete as ours.

Remark

This chapter is published in the Proceedings of IEEE GLOBEC@W@42Conference
titted “Throughput Formulation and WLAN Optimization in Méxl Data Rates for IEEE

802.11 DCF Mode” and authors are Mustafa Ergen and Pravinyéara
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Chapter 5

Delay Analysis

5.1 Introduction

Characterizing the delay of IEEE 802.11 is crucial since thality of service of any

implementation depends on a tight delay budget [43, 44, &ihce 802.11 DCF is a

random access mechanism, the inter-arrival time betweszessful packet transmission
of a station is a random variable. The important parameterseek are expected value
and variance of the jitter with the increase in the numbetatf@ans and load. We provide
an important characterization of the network which couldused to tune the network
parameters accordingly. We consider a network witstations without any hidden or

exposed terminals.
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5.2 Delay Model

We can easily infer from the analytical Markov Model of the Dtb&t the random vari-
able(t; — t;_1) and(t;1; — t;) are independent if we defingas thei’" time of a station
when it sends a packet successfully. Observing only onevaltean give the delay char-
acteristic of the network. As stated earlier, the intertatts and ends with a successful
packet transmission of a station. After a successful tréssam, a station resets its back-
off counter toC'W,,,;,, and selects a backoff counter value in random flon@'W,,,;,].
Then it waits in the backoff process and decrements the eowttenever there is a idle
slot time @). It suspends decrementing the counter when there is tyativihe medium.
Let’s call random variabl€; the time taken to come to backoff countefrom the se-
lected backoff counter value in backoff leveMhen the backoff counter i§ the station
transmits the packet. The transmission may be succesdfulprobability ¢, or it can
experience a collision with probability, wherep + ¢ = 1. We know that the transmis-
sion time is fixed and given by, andT,, for successful and unsuccessful transmission,
respectively. If the transmission is unsuccessful, thenstiation doubles its contention
window and selects another backoff counter. Of course #it6'" try the contention
window reaches maximur@'1V,,,., and stays there. Therefore, the random variable for
waiting time in backoff level isT ¢ for i > 6.

Figure 5.1 illustrates the delay structure. From the sigfaeBansmission to another,
all possibilities are presented. Note that in 82.11" model, the virtual slot is defined
differently from 802.11°. Transmission times must included times since we know that

when backoff counter i, a transmission time is definitely consumed. On the othed han
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Figure 5.1: Delay Analysis

in 802.11° the transmission time is included in the virtual slot.

If station transmits successfully after 8" unsuccessful attempt the total delays

=Y LX =0T, (5.1)
=0
andl’; is
Dy =T, +iT.+ Y _ Ti, Tp=Te fork>6. (5.2)
k=0

Probability mass function of dela§(T") is
P(I') =) P(X =4)P(I|X =) (5.3)
=0

whereP(X = 1) is ¢qp' and P(T'| X = i) requires convolution of’(T)s because they are

independent. Expected vald&1") can be represented by

El = Z P(X =i)E[l] (5.4)
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whereE[T;] is

E[ly =T, +iT, + Z E[T4, Tp=Tg fork>6 (5.5)
k=0
andVar[l'] is
Var[l'] = iP(X =) B[} — (E[T))>. (5.6)
=0

The main element of these equations is findingThfer each backoff level. We look at
for 802.11" and802.11° models. As it can be inferred easily has uniform distribution
for the 802.11° model since average length of a virtual event is used in dal@rentify
the time that is passed for a station to decrement its backaffiter by one. On the other
hand for802.11" the time to decrement the backoff counter by one can range dreslot
time to forever. This is because of the self loop in the backates.

We start with our model and compare first order statistics'slfesst consider Fig-
ure 5.2 where a simple model with four backoff levels is repraed.

From the 802.11 model, immediate transmission occurs with probabilify, and
transmission after an empty slot is with probabilitydq. The probability of an empty
slot is ¢ and transmission ig. Before looking at different combinations, let's define
a counter Tick” and increment it with either an empty slot or transmissidmeve we

assum€’y = T, = T;,. Then the probabilities for eadhick is as follows:
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Figure 5.2: Delay analysis with one-level backoff (CW=4)
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Tick | 0 o+kT;, 20+kT}, 30+KT},
0 |1
1 1q
2 iap i
3 ap 259! 19
4 P 359p’ 3:9°p
5 a4’ 610°p’
6 P 550%p! 10;¢°p’
k+1 7P kgotptt ' 7P
2
00 0 0 0

Examining this structure shows that the pattern oli®ageal’s triangle which is as fol-
lows;

o (5.7)

starting withn = 0. Of course, whem > W, r stays atiV sincelV is the number of
backoff levels which is} right now. We can construct the probability mass functiothwi

this information. The probability of completing a successfansmission ilko + iT},)

i+k—1 ,
time frame is% ¢*p'. This formula helps us to find probability mass
1—1
function P(T).
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Since average length for a virtual slot is fixed, it is easidobk atT?, call thisT?,:

Tick |0 TV, 27" 3T

0

1
4

1

PN

2

=

3

i
Then the next step is finding the convolution ©k since as we know that each; is
independent ofl , wherei # k.

If we consider the backoff level probabilities 2.1 in Figures 5.3(a)-5.6, we can
approximate that they resemble a uniform distribution pkeé¢the head and tail. We can

find from the first order statistics that they both give apprately similar results.

5.3 Performance Analysis

The following results are obtained with IEEE 802.11b PHYgpaeters where stations
are with 1Mbps data rate and slot time, is 50usec and transmission time i%;, =
0.0012sec.

Figure 5.7 shows the average delay for a successful trasiemisAs one can infer
from the figure, average delay is increasing with the numbstations. This is expected
since probability of successful transmission decreastgstive number of stations which
affects the collision probability. As a result stations tlanger and experience more
collisions than before.

Figure 5.8 illustrates the variance of the delay. As expgbeégiance increases with the

150



pmf
pmf

°°:||\Hllllmuumum,,,., -t m:’l“m“llllﬂjﬂﬂmguuw@uuﬂmmw

0 0.01 0.02 0.03 0.04 0.05 0.06 0.07

Time (sec) Time (sec)

(@) P(To) (b) P(T1)

Figure 5.3:pm fs for Backoff Levels 0 and 1K(T) andP(T;))

number of stations. The main reason v@i}.11" model shows a higher delay is because
of the self-loop in backoff since it takes consecutive traission into consideration which
introduces more randomness than before. It is not guardiite¢ the station decrements
the backoff counter in every event.

Figure 5.9 shows the probability mass function for a netweitk 30 stations. The
result is semi-averaged meaning that average time for aaVievent is used. The actual

length of a virtual event is a random variable and hasd as follows:
pmf(virtual — event) = (1 — Py, )0(t — o) + Pyd(t — Ts) + (P — Ps)0(t —T,). (5.8)

The average delay is found to beé)3sec as shown in Figure 5.7. Let's modify the
formula for unsaturated traffic. Then the first order statssare as follows:

Expected valué’[I'; 5| can be represented by

E[lysg] = ! ; Aot E[T) (5.9)
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andVar[l'ygl is

)\2

Var[lys| = o? + Var|l (5.10)

Figures 5.10 and 5.11 show the delay characteristics wihere to increasing load
for different network sizes. One can see that delay inceeasth the load and with the
number of stations. In order to implement quality of sendaagetwork can be configured

based on the delay budget.
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Chapter 6

Application: Admission Control

6.1 Introduction

The CSMA/CA scheme which is the underlying mechanism in DCF &HEB02.11
offers random based access. This random access schemeaesendgd in Chapter 3
shows a behavior where the overall throughput at first irsgeand later decreases with
the number of stations. Chapter 4 shows that the total thjmutghith different individual
data rates exhibits the same behavior. Thus there is a neeahfadmission control
(AC) mechanism that restricts access in order to maintaih kygtem throughput. We
introduce one AC mechanism.

We consider AC within the BSS using DCF, so we formulate our lerolfor a net-
work with one access point (AP) connected to several stitidme goal is to maintain
maximum throughput as the number of active stations ineieds inter-BSS admission
control, there is more than one AP and in addition to restigcaccess, the mechanism

may assign stations to different APs.
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Individual throughputs Determine
given the number of acitve the number of active stations . X
stations and SNR of each that maximizes the Throughput Selected Stations for time t
etloe ) .

Determine |l
the active stations
regarding fair distibution
over time

Selected Stations for time t

Number of selections per
station until t.

Increment the number of
selections of the selected
stations

Figure 6.1: Control algorithm for admission control

6.2 Intra-BSS Admission Control

The goal is to maximize system throughput, while maintajrfairness in the sense of
equalizing the chance each station has to transmit. As stegyen Figure 6.1, the algo-
rithm makes two decisions. It first determines the numbectwastations in each period
to maximize throughput; it then selects the stations toexehfairness.

We use the following notation to describe the algorithm. Tilme interval is divided
into periods indexed € [1, Endtime]. For each station € [1, N], z;(¢) = 1 or 0, accord-

ingly as station is or is not selected in periag and

g ot () = sz(s)

s<t

Forl c {1,---, N}, letS(I) be the system throughput if subdetf stations is selected.
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Figure 6.2: Admission Control when data rates are same: Tjimmut

Given the data rates of every statidi{/) is given by as follows.

P(DEPD] (6.1)

U= TR Mo+ L) + 70)

At eacht, the mechanism activates the subsg) of stations that solves the following

optimization problem:

r?(%)x S(I(t)) — KC(t) (6.2)
s.t.  C(t) = max x;rOtal (t) — min x;rOtal (t)

Here K > 0 is a constantC(t) is the inequality among stations at timeso the objective

function strikes a balance between throughput and fairmegsending ori'.
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6.3 Performance Results

The performance of the algorithm is evaluated in three stesafor basic access and
with A = 0.2: (1) All stations have the same data rate; (2) Stations hdfereht (but
fixed) data rates; and (3) Station data rates change with songgesting that they are

moving.

6.3.1 Same Data Rate

Figure 6.2 indicates that the algorithm correctly deteesithe number of active stations
that maximizes throughput. A¥ increases, the number of active stations remains con-
stant. This constant depends on the data rate.

Figure 6.3 shows that the stations are selected to ensunedai It plots the stan-
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dard deviation of the samplgs:JO@ ... ;T0t@l} " SinceEndtime = 20, the standard

deviation could be as large as 10, but the algorithm keepslitbelow 1.

6.3.2 Stationary Scenario

When stations have different SNR values, the throughputrdpeot only on the num-
ber of active stations, but on their data rates. From (4.12xmow that if we wish to
maximize the system throughput, only stations with larg&kStould be selected. Thus
in this case, agd{ increases, maintaining fairness occurs at the cost of egtlagstem
throughput.

Figures 6.4 and 6.5 show the algorithm triples individuabtighput and doubles total
throughput compared with the situation with no admissiomtic.

As stations have different data rates, the number of selestiions varies signifi-
cantly as seen in Figure 6.7. The mechanism follows a pattlednmovement is first to
higher throughput and then to fairness. Figure 6.6 shoviddiraess is achieved among
stations since they are all selected with equal probability

In Figure 6.8, the fairness metri¢ is around 1 meaning that the stations are selected
almost equally. Figure 6.9 represents the throughputiloigion for different data rates.

As can be seen, as the data rate increases, the throughputaksases.

6.3.3 Mobile Scenario

When the stations move, the SNR of each station changes with tiThe movement

model selects a random data rate set each time. Hence, ysalata rates do not impose
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any constraint in future selections.

The difference between Figures 6.4 and 6.5 and Figures ®d®4.1 is due to the
fact that when there is no mobility the initial SNR valuesghthe selection and impose
strong constraints that can not be disregarded by the AC amésin. For this reason,
when there is no mobility the shape of the curve is almosbopléesi

Figure 6.12 and 6.13 show consistent behavior. The avenagper of stations se-
lected at time is not smooth as before because it depends on the data rabe oEthe
time. It is important to note that probability of being setxtfor each station is almost
equal.

Figure 6.14 shows that fairness constraint is around ondratiddual throughput
allocation increases as the increase in the data rate. Tihtspo Figure 6.15 are inter-
polated by a linear function and one can compare the plot thélmo mobility case and
infer that stations with higher data rate are favored asithe passes, since the data rate
changes all the time in the mobility scenario, throughplatcaltion is not linear with data

rate.

6.4 Implementation Issues

The optimization problem (6.2) requires selection of one’6kubsetd, so a large data
base is needed to store all the valueS @f). A more scalable method might use clustering
or on-demand scheduling.

The proposed AC mechanism is a centralized approach, but B@&signed for de-

centralized networks. In infrastructure BSS, the acces# poian independent sniffer are
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Figure 6.17: Throughput for different data rates (w/o RTSSECT

where the AC mechanism can be implemented. The AC mechandsmiars the channel
and notifies the stations through the same channel or a dedichannel. A dedicated
channel is being proposed for inter-AP communication.

If the AP does not belong to the same ESS, the communicatiorbeaarried in a
dedicated channel without any interference. This methaddcbe extended to ad-hoc
networks, in which a station is selected to monitor and @ritre network in terms of
only selecting the stations.

The system architecture in Figure 6.16 introduces threeubesd The SNR estimator
estimates the SNR of each station. The throughput estireatonates the total through-

put and individual throughput. The selection mechanisns tilse throughput estimator

and the fairness module, which keeps each station’s history
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6.5 Discussion

If we examine the Figure 6.17 we can see that if there is aeingtie in the network it
achieves the highest throughput. For this reason AC is aardthto select at least two
stations § . z;(t) > 2). When we configure AC selection to one station (z;(t) > 1)

the DCF mechanism with AC converges to PCF mechanism. In thisswandom access

mechanism can be controlled and tuned for quality of service

Remark

Part of this chapter will appear in ACM-Kluwer MONET Specisstie on WLAN Opti-
mization at the MAC and Network Levels titled as “Throughpuialysis and Admission

Control in IEEE 802.11a” and authors are Mustafa Ergen andiPXaraiya.
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Chapter 7

Application: Network Management

7.1 Introduction

Wireless Local Area Networking has been proliferated afterstandardization; with the
rapid decrease in the price of the 802.11 radios, 802.1k¢tape been integrated to most
of the gadgets of modern life. Wireless network performaat@coming more and more
important for enterprises deploying business-criticakVess networks. As the networks
grow in size and become an integral part of our daily lifeptlghput intensive applica-
tions like voice over WLAN, content delivery are also gainimgpularity. In such ap-
plications, where network throughput performance iscaltidetailed network planning,
monitoring and management become essential. Network ipigmmcludes detailed site
surveys, determining the number of access points, locgtextess point configurations.
Currently, choosing how many access points to deploy, wheeptaice them are ad-hoc
processes and can be very time consuming. In this chaptentmeluce a throughput

estimation of a network which estimates the individual tigioput of the mobiles and
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APs using RF prediction data and analytical Markov model &B#B02.11 [46, 5]. The
configuration can be used in the detailed planning of a weseléAN or it can be used as
part of a real-time network management system which maniter network in real-time
and takes therapeutic actions depending on the state ofitbkess network.

Access points must be placed to proper locations to provistel goverage so that
offered services, user needs and hence expected trafficdqagtements are satisfactorily
met. The estimation technique aims to guarantee servide guidd quality and offers
capacity with a sufficient low congestion. A static netwodkfiguration is not adequate
for WLANSs because it does not take into account how unexpdmdadvior of the user.
Users might cluster in a location for sometime and then moanbther location. In this
case, access points must be properly configured in realtbmeet traffic demand. If a
WLAN is not effectively managed, benefits quickly diminishdahbecomes more of a
cost burden than savings.

In this chapter, we introduce a real-time network managémparation to optimize
the throughput by estimating the throughput of an IEEE 8D2diwork in advance. Our
model predicts the number of stations that fall into coverafjaccess points, and inte-
grates throughput formulation of a DCF network with an RF pgapi@n model to deter-
mine the coverage and interference of access points.

Coverage, which consists of small islands, is determinetié&wireless channel char-
acteristics. Stations attached to an access point arendats by the number of stations
that fall into the island of the access point. Data rates @adetermined by the relative
SNR to access point and the coverage is often tailored aiocptd the users own need

and can also be temporary.
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7.2 Realtime Network Management

Network management constantly monitors every access poa¥WLAN, giving instant
feedback so a decision maker can instantly reconfigure tredass network for optimum
performance. Network monitoring reports data rate andsacpeint for every station.
Management system uses this information to compare therpeaihce of the existing
system with the possible reconfiguration. The managemeniuteaises an analytical
throughput model together with an indoor propagation mtmebtimate the performance
of a network and then fine-tunes the AP parameters such asehdmx power level and

load balancing between APs as seen in Figure 7.1.

7.2.1 Indoor RF Propagation

Efficient propagation models are key to the successful gepdot of wireless LAN sys-
tems. For propagation inside buildings, it is impossibl@atoount for every interaction
as a radio signal propagates through the buildings or to hibdesignal variations on a
wavelength. Therefore, we focus on a semidefinite singldesgd method which is not
as computationally expensive as 3-D ray tracing methodss. mkthod produces accurate
and deterministic results for common indoor environmeivtsthis model we will only
focus on the attenuation from the walls and floors.

Due to the site specific characteristics of indoor enviromsieadio planning tools
have to take into account the location, orientation, etentrignetic properties of individ-
ual walls and objects; radiation patterns and locatione@éintennas. Phenomena related

to RF propagation, like multi-path propagation, reflectiffraction and shadowing have
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Figure 7.1: Network management module

a significant influence on the received power. So, the prdmagaodels should consider
these phenomena to obtain accurate results [6].

The prediction model used in the simulator is a variant ofGI@&ST 231 Multi Wall
Model with some additions for optimizing the ray-tracingpl@mentation. This model
calculates the path loss according to both the distancegeetiine transmitter and receiver

and the penetration losses through walls and ceilings. Gjhat®n is as follows:

M_}
kf+1

1
L=Lps+Let ) kuiLui+ k,[ L. (7.1)

=1

where L g is free space loss of the path in dB, is constant excess attenuation of the
path in dB, L, is loss of wall typei in dB, L. is loss between adjacent floors in dB,
ki is number of walls of wall type penetrated by the path, is the number of ceilings
penetrated by the patlh,is number of wall typed is multi-floor parameter.

In addition to advanced modeling techniques it is essetitatl the performance of
the propagation models is verified by comparison with mesments. Several extensive
measurement campaigns have therefore been carried ogtthsiite Survey tool which

was developed to validate the accuracy of the RF propagatmmiehused in the simulator

175



and to calibrate the model if needed.

7.2.2 Channel Selection

Adjusting the non-overlapping channels in access poirgs®ordinated effort among ac-

cess points since any overlapping channel assignmentdoerttjaccess points causes in-
terference and degrades the performance. If there are moesspoints than the number
of non-overlapping channels then any adjustment takesorisideration the assignment

of non overlapping channels to the congested area.

7.2.3 Power Control

The WLAN standard limits the maximum transmission power td6@é mW and mini-

mum power shall to be no less than 1 mW [47]. The transmissievep can be adjusted
by the access point to extend or shrink the coverage. Of eparstation’s data rate also
changes according to the signal power of correspondingsaqua&nt. The network man-
agement system employs this tuning parameter to adjusbileage according to user’s
capacity requirement. The user’s capacity depends on thiicapon preferred; for in-

stance, for a wireless voice over IP, the minimum adequateitfnput should be satisfied
among all stations. This may require a rearrangement of plawvels and estimation the

throughput of a station in advance.
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7.2.4 Load Balancing

APs balance their load when there is nonuniform distrisuiomong APs. Each AP mon-
itors its own traffic load in real-time; when the overall frafoad is over a certain thresh-
old, a negotiation procedure will be triggered. The ovetkxrh AP creates some proce-
dures to reduce its own traffic load: it could adjust the pdeeg! or refuse some stations.
At the same time an adjacent AP increases the power levedemiger the stations refused

by the AP. This causes some stations to handover traffic itelidoaded APs.

7.3 Throughput Analysis

We introduced the formula to find individual throughput ietdata rate is different for
each user in Chapter 4. The 802.11 standard gives the samenaaiahance to each
user even if the data rate is different. The data rate onlyngbs the duration values
which changes average duration values. Successful darigtithe average of the du-
ration of each user and collision duration is determinedhgylongest duration of the
station involved in the collision. I and7T! are duration values for data rat@nd if

n' is the number of nodes with data ratethe expected duration values are calculated

in equation 7.2; wheré® is the total number of data rates supported and Zfil n'.

177



I_ = aM - 7.179.0 Mbps

=N
J M3: 1.6/9.0 Mbps M

=N
M4: 1.6/12.0 Mbps

=Y
M7: 1.6/24.0 Mbps

- & =
Wi 5.8/12.0 Mbps M10: 1-6/24.0 Mbps

a .

#37(19.0/36.0 Mbps

-
l @
M5 1.6/18.0 Mbps
=N

Figure 7.2: Access Point coverage map (Individual throughpata rate)

Throughput of STAS; is as follows:

p D
T, = — T 7.2
- Zn : (7.2)
- n—1 D nf n_k_zg;lnz
T. = >.>.D.
i=1 j=1 k=1 i
x TIrHH (1 — r)n= i (7.3)
5 — 1 P,E|[P| (7.4)

n(1—Py)o+T,+T,

where each station have the same packetBi{Zg = P.
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7.4 Performance Analysis

We used a fixed floor plan to determine the throughput. Accesd power levels are
pre-selected between 20mW and 100mw. E[P] is constant a?di iytes. Stations are
distributed randomly and stations that fall out of any APerage are consideréahactive.
Figure 7.2 shows the access point coverage and Figure Asdghe Signal Power Map
which is used to determine the data rate. The numbers nektetstation stands for
throughput and data rate of that particular station. Allesscpoints are set to the same
channel to see the negative effect of interference. Vargahte number of access points,
number of stations and the traffic intensity.

Figure 7.4 depicts the system when there are 5 fixed APs. Timbewuof stations
scattered are varied and analysis is repeated for two diftaraffic intensity which are

0.5 and 1. The figure depicts that the total network througkgpalso almost concave as
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in Figure 3.24 where a single access point performanceustiited.

Figure 7.5 illustrates the individual throughput of thetistas when thenactive sta-
tions are deducted. From this figure we can observe the mmimdividual throughput
of the network.

Figure 7.6 shows the throughput performance of the systeanwe number of ac-
cess points are 5, 8 and 12. As the access points increasmirentthe total throughput
of the system and individual throughput also increase. iBliecause of the increase in
the signal strength in each point and the decrease in thegruwhbtations associated with
an access points. Of course we assumed the condition thdataeate is determined by
the signal power map, but in the throughput analysis, stattbat fall into coverage of
an access point experience the same interference. Thissiiearstations at the border

are only affected by the stations with the same access pwingghe same probability
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of collision to each station.

The network management function takes into account the pupftstations attached
per access point and performs power level or channel adgntmit is necessary to
constantly monitor access point settings to ensure thgtrgr@ain in compliance with
minimum capacity requirements. When there is a need for aordigpn, the algorithm
automatically implements the changes over large groupsa#ss points.

We choose an extreme scenario on mobility where stationgnogether move from
one quadrant to another in a fixed floor plan. Access point ptevels are selected on
runtime between 1mwW and 100mW. Traffic intensity is 0.5 fostdtions. The following

algorithm is applied;

STEP 1: Begin with getting the current situation.

STEP 2: Estimate throughput..,,.....; With current situation.

STEP 3: Find optimized configuration.

STEP 4: Estimate throughput,,;inmi..a With optimized situation.

STEP 5: If Spptimized < Scurrent then GOTO STEP 1.

STEP 6: Do one step adjustment.

STEP 7: GOTO STEP 1.

Figure 7.7 depicts the system when there are 5 fixed APs. Ti& é&Rerage is
illustrated in Figure 7.7(a) and RSSI map for that settindlistrated in Figure 7.7(b).

As illustrated in Figures 7.8(a), 7.9(a), 7.10(a) the stetimove from first to second
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Figure 7.8: Network management for first quadrant

and second to third quadrants. In all cases the configuratusts itself to distribute the
stations evenly among access points. The changes in RSSssiapan in Figures 7.8(b),
7.9(b), and 7.10(b).

The total throughput is around33.37, 29.18, 37.0% Mbps, respectively, for first,
second, and third movement for 30 nodes. The network maragewmotocol introduces
around 30% increase in throughput.

This system can be implemented with or without a localizatiool. If there is a
position estimation of the stations, the possible accesggof stations can be estimated
after the power adjustment; and configuration of the accesg pan be found without

iterations.
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Figure 7.10: Network management for third quadrant
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Remark

Part of this chapter is published in the Proceedings of IEEDBECOM 2004 Confer-
ence titled “Throughput Analysis of an Extended Servicei®8&02.11” and authors are

Mustafa Ergen, Baris Dundar, and Pravin Varaiya.
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Chapter 8

Application: Optimization for Mixed

Data Rate

8.1 Introduction

Wireless clients connect at different rates due to the m&0&.11b and 802.11g WLAN
standards. In addition, the data rate is determined by grebkto-noise ratio. Low rate
communication channels reserve relatively more time tustrat which tends to dominate
the channel. We analyzed this behavior in Chapter 4. As it eainflerred, a single low
data rate station brings down the individual throughput @oldwer than its data rate
which is very unfair for the high data rate stations. Thisiwates the development of an

algorithm that utilizes the channel fairly.
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8.2 Algorithm

Let us revisit the individual station formula representedil0. Optimal packet size for
a given station can be found by taking the derivativeSpfvith respect toP (i) where
duration values ar&;(R(i), P(i)), andT.(R(:), P(i)) and E[P] is P(i) for stationi. We
find that highest throughput is achieved when the statiotis lmver data rate are turned
off. Although it achieves the maximum throughput, it is nairfsince fair allocation
is defined as giving equal amount of usage of the channel. ddul be achieved by
reducing varying packet size with respect to data rate. Asdidita rate goes low, the
stations can send lower size packets prevent sufferinggbif dtéta rate stations.

We round down the duration values to the duration value didsg data rate because
the throughput increases monotonically with the increagecket size (See Figure 8.1).
Intuitively, the optimal packet size for the lower data ratation is the packet size that
gives the same duration values of the highest data ratemstdfihighest data rate 8"
with packet sizeP» then packet size of station with’ data rate is given as follows for

IEEE 802.11b:
i i ph
R« Pp o0 (R =R

PRi = flOO?”(T T)

(8.1)

As a result the data rate and packet size relation is as felfonP. = 1000bytes:

R(i) (Mbps) | P(i) (bytes)
11 1000

5.5 515

2 206

1 118
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This channel access mechanism not only distributes the euoflthances to access the
channel, it also gives equal amount of channel usage. Bsat@n hear each other and if
they hear a station with higher data rate then stations dsertheir packet size to equalize
duration values with high data rate stations. As explaireetiez, increasing the data rate
is not a solution since it is determined by the wireless cehand confinement of the
physical layer standard. Wg» andT,(R", Pgr), T.(R", Prr) represent the packet size
and duration values of the station with the highest datathete;

Tu(R(i), P(i)) = To(R", Pen) for Vi
(8.2)

T.(R(i), P(i)) = T.(R", Pgn) for Vi

As a result the individual throughput formula representedduation 4.10 is modified as

follows:

T, = PT,(R" Pm) (8.3)
Tc = (B&r - Ps)Tc(Rh7 PRh) (84)
S; ! Udid0) (8.5)

n(l—Py)o+T,+1T.

Figure 8.2 shows the improvement in throughput. Statiotis WMbps data rate decrease
their packet size from 1000 bytes to 118 bytes if there is a bpdvstation.

The advantage is in total throughput. On the other hand, divitual throughput,
high data rate stations are better off but the low data rateosts are worse off as seen in

Figure 8.3
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Figure 8.2: Throughput after optimization (w/o RTS/CTS)
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8.3 Performance Analysis

Here, we perform a simulation with settings as in Chapter 4r&lare five stations and
all operate with 11 Mbps data rate. Only one station chartgetata rate throughout the
simulation and we apply the optimization algorithm. Fig8té shows the transmitted
data. The upper figure shows the transmitted data for fabissaand the slow station;
and the lower figure shows the channel activity of the slovi@gia One can see that
transmitted data for the slow station is the envelope ofalaef figure.

Figure 8.5 shows the total throughput compared with thesgdn before optimization.
Performance improvement decreases with the increase datagate of the slow station.

Note that the station’s throughput in OPNET is the numberafkpts it received;

let’s call this “received throughput’Y"). According to this definition and observing Fig-
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Figure 8.4: Data traffic sent

ure 8.6, we see that the slow station receives more paclatdlitle fast stations. This is
obvious because the optimization algorithm suppressesahemission of the slow sta-
tion and fast stations receive less number of packets tleasidlv station. This is because
the slow station is a sender of packets to the fast statiooweler, the throughput is still
greater than prior to optimization; with optimization fasations use the channel more
than they do when there is no optimization.

If we consider throughput as the number of successfullystratted packets and call
it “transmitted throughput”$?) as in our Markov model analysis, we can extract this in-
formation from the received throughput. We have 4 fast@tatand 1 slow station. If we
look at the slow station’s received throughput we know thabmes from 4 fast stations,

each contributing one fourth of traffic. If we look at the fakdtions throughput, it is con-
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Figure 8.9: Channel reservation

tributed by 3 fast stations and 1 slow station. It is easy tuchale that transmitted and
received throughput is the same for fast stations and foslthe station. The following

formula gives the transmitted throughpfit

t _ Qr
SFast_ Fast

Sglow = |4Sg'low - 35’;‘

ast |

and the result is depicted in Figure 8.7.

If we consider throughput as the number of packets that has bent correctly we
infer that slow station should have the lower throughputasmared to case prior to op-
timization. This is because the slow station sends lessibiish is shown in Figure 8.3.

We make the same conclusion by looking at the media acceayg mletlhe OPNET sim-
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ulation. Figure 8.8 shows the media access delay for thimstatAs expected, the slow
station has the highest media access delay and fast sthwaghe lowest media access
delay. Figure 8.9 shows the channel reservation. As candse sbannel reservation has

been increased considerably with optimization.
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Chapter 9

Application: Wireless Voice over IP

with Frame Aggregation

9.1 Introduction

In recent years, there has been a lot of interest in using WLgNdice communications
with the expanded coverage of hot spots. The aim of the pobttascribed in this chapter
is to improve the performance of voice over IP (VoIP) ope&igon IEEE 802.11.

The goal of VoIP is to transport speech signals over an IP ortwWhat makes
VoIP challenging is that the IP network is not designed fal-tene applications. Real-
time aspects of conversation must be respected; the odelay between both ends of
the conversation should be low to avoid irritably long gapsitence. This must be
addressed differently from broadcast programs which atameractive and have less
stringent requirements [48, 49, 50, 51, 52, 53].

VoIP is an alternative to the telephony network and coulddensas a replacement
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technology. A computer network may replace the telephomyark by installing a VolP
system and the only connection to the telephony network nhigha gateway that does
address translation from IP to phone number or vice versa.r&al benefit arises in the
capacity. The capacity of a computer network could be eilibetter and bandwidth is
cheaper as compared to the telephony network. Long disteadtsecould be possible
along with certain applications like whiteboarding, apation sharing, file transfer, and
video imaging [48].

Conversation within the LAN is possible without effort. Untianately delay issues
arise when going across the LAN and WAN is involved. End to éeldy is important
and when it gets too large, the conversation experiencextii. This could happen due
to the heavily loaded roads and packets maybe lost durirtghgpimside the WAN. Also,
a high percentage of packet loss will decrease the qualityeo€onservation. Moreover,
there is a difference in the delay of packet arrivals to resi due to variations in the
congestion level of the network over time.

We now describe problems arising from the current standartesms of supporting
the requirements of VoIP applications. Then we propose aatyae a frame aggregation

algorithm that tries to increase performance for downlioknmunication.

9.2 Delay Components

The total delay falls into one of two categories: fixed delayariable delay. Fixed delay
is the total delay introduced by sampling, compressiorogression, transmission and

jitter buffering. The variable is caused by packet queuairtipe routers.
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Compression delay can be divided into two categories. Thepfars is introduced by
the calculations. This amount of delay depends largely narcthe capabilities of the
system performing the compression. The second part is fag desulting from waiting
for the entire information to arrive which will be includedthe speech data. For instance,
if the vocoder operates on a 20ms segment of speech, addi#i®@ms is included. Then,
160 bits (20bytes) is required as a payload, and additigrRlIP header (16 bytes), UDP
header (8 bytes), IP header (20 bytes) are needed. The totdler of bytes sent to MAC
layer as MSDU is then 64 [48].

Network delay is the delay to transport this data over thevold. It is not possible
to make a general claim about that delay in IP networks agha@ne-way transmission
delays rarely tend to exceed 100ms. However, it is possibalghis delay exceeds 200ms,

which is the minimum tolerable value [22]. Jitter bufferiisgypically set to 10-20ms.

9.3 Voice Communication

The components of VoIP include grabbing/reconstructiamgression/decompression,
transmission/ reception over IP in sender/receiver pegtpectively. The analog speech
signal is first encoded into a digital representation to be &t be transferred over IP
network. At regular small intervals, blocks of digitizedegigh information is sent over
the network from the transmitter to the receiver. On theiveceside, this digitized block
is transformed back to an audio signal, which is then outpspteakers.

Digitization of voice data includes sampling and quaniarat The sampling rate

and the number of bits used in quantization determines tleeofadata transmission be-
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fore data compression. The speech signals of humans caairtdretquencies of beyond

12kHz. However, high quality communication is attained he telephone system by
transmitting only frequencies below 4kHz. Nyquist theorémen suggests that a sam-
pling rate of 8kHz is enough for the digitization of speech.

The range of amplitudes of the voice signal is covered by atlé2 bits when a
uniform quantization is used. A uniform quantization witbi8 quantization also gives
telephone quality. The required bandwidth for telephoraiguconversation is 64kbps,
which is 8kHz times 8 bits per sample.

To avoid the delay jitter, which is the difference in packeivals, a buffer is used
at the receiver. Instead of playing the voice data immelyiatier the reception of the
packet, the packets are buffered. Although the buffer g#lighcreases the delay, it in-
creases the probability of playing the packets consedutiighout interruption.

The number of bits that each packet contains is very impbiteterms of delay and
packet loss. To reduce the amount of lost information, a gaskould contain only a
small amount of the voice signal. If a packet is lost, thid willy be a small fraction of
the conversation. However, as the length of data in eachepaglcreases, the overhead
in the network increases due to the low ratio of the data letagthe length of the header

fields.

9.3.1 Compression Techniques

The bandwidth used by the digitized information can be redusy compression schemes.

Compression fall into one of two categories: general congowasechniques and com-
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pression techniques that exploit the fact that we are dgalith voice information. The
first is known as wave form coding and the second is known agding. Waveform cod-
ing encodes the waveform itself whereas vocoding encodemtbrmation about how
the speech signal is produced by the human vocal system.

The simplest form of waveform coding is PCM. Differential PCBRIRCM) tries to
exploit the fact that the value of the samples of the audioaigan be predicted from
previous values. DPCM calculates the prediction of the sathpalue and uses a fixed
number of bits to store only the difference between the ptediand actual values of a
PCM signal. Adaptive DPCM (ADPCM) uses some of the bits to stioeedifference to
adjust the resolution of the difference.

Vocoding is a combination of “voice” and “coding”. Insteafitoying to encode the
waveform itself, vocoding techniques try to determine tla@ameters about how the
speech was created and use these parameters to encodentile 3ig reconstruct the
signal, these parameters are fed into a model of the voctdmythat outputs a speech
signal. Since the vocal tract and excitation signal chaetsively slowly, the signal that
has to be analyzed is split into several short pieces. A giettee signal is then examined.
If the signal is voiced, the pitch period is determined aredkcitation signal is modeled
accordingly as a series of periodic pulses. If the signahi®iced, the excitation is mod-
eled as noise. The effect of vocal tract is recreated throligluse of a linear filter. This
filter contains certain parameters that have to be deterhiipéhe vocoder. Several types
of vocoders exist. The main difference between these mstlsothe vocal tract model
used.

Linear predictive coding (LPC) uses a vocal tract model agpgneximation of a se-
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ries of concatenated acoustic tubes. It examines the implLéstimates the parameters to
use in the vocal tract filter. It then applies the inverse of fitter to the signal. The result
of this is called the residue signal and it basically dessivhich excitation signal should
be used to model the speech signal as closely as possiblgaframeters of the filter is
found by a difference equation which describes each sangpéelimaear combination of
the previous ones. Such an equation is called a linear poedic

Waveform coders do not perform well at data rates below 16kbyocoders pro-
duce intelligible communication at very low data rates,alistbelow 4.8kbps. However,
the reproducted speech often sounds quite synthetic arspédaker is often unrecogniz-
able. Hybrid decoders try to exploit the advantages of bethriques. Residual Excited
Linear Prediction (RELP) uses residual signal directly a&sdkcitation for speech syn-
thesis instead of checking whether the signal is voiced woiged and tries to model the
excitation signal. Codebook Excited Linear Prediction (CERRows a wide range of
excitation signals, which are all captured in the CELP cod&bolo determine which
excitation signal to use, the coder performs an exhaustiaech. The excitation signal is
encoded by the index of the corresponding entry [48].

The standards for voice communication have been estadlisireake inter-operability
between the applications possible. The most widely knoandsirds in the VoIP domain

are the G. standards of the ITU-T. Table 9.1 gives the lishefstandards [51].
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Codec GSM 6.10| G.711| G.723.1| G.726-32| G.729
Bit rate 13.2 64 5.3/6.3 32 8
(Kbps)
Framing Interval 20 20 30 20 10
(ms)
Payload 33 160 | 20/24 80 10
(Bytes)
Packets/sec 50 50 33 50 50

Table 9.1: Codec specifications for the standards

9.3.2 Transmission Protocols

Since the IP network only offers best effort service, no gntge on the delay can be pro-
vided. Similarly, the amount of lost packets can be very ldghng congestion. Some-

how, the sender should know whether the receiver can hahdléntoming stream or

not.

Over an IP network, UDP together with Real-Time Transportda(RTP) and RTP
Control Protocol (RTCP) are used. TCP cannot be used sinceng/dr retransmitted
packets adds extra delay to the communication. Also, TCP ¢iasipport for multicas-
ting, which can be used to distribute speech data to seveeakat the same time as
explained in the following sections.

UDP is not enough by itself to support the transmission dttie@e data since it pro-
vides no mechanism for synchronization and there is no stippoflow or congestion
control. RTP and RTCP add extra information to the speechatataise UDP to distrib-
ute this control and speech information. RTP includes Belguence numbeto deliver
received packets to the application in the correct ordettiamestamp to include the syn-

chronization information for a stream of packets. RTCP ondtmer hand periodically

202



send RTCP packets to observe the number of participants kosession and to provide
feedback on the quality of data distribution.

These protocols, however, by themselves do not provide aghamism to ensure
timely delivery that can give QoS guarantees. Both IPV4 aMbIRave a way to specify
the priority of a datagram. In the IPV4 header, some level@@an be specified in the
Type of Service (TOS) field whereas the IPV6 header usescdéss field for the same
purpose. If all routers take such priorities into accoumt tould help real-time data to
be delivered with low delay. The only thing that needs to beedis to adjust the routers
so that they take the priorities of packets into account.s€hmaechanisms however can
only help to give a better service, they cannot give any queaes. If all the packets in
the network are of high priority, the quality will still be pa

The protocols such as Resource Reservation Protocol (RSVRecased to reserve
resources in the network so as to give some guarantees oelthe tf a host is going to
transmit data which should arrive with a certain QoS, it@éigally sends a path message
to the destination of the data. The path message contaimsriafion about the charac-
teristics of the traffic generated by the sender. Then thetegaerse path is followed in

response to the path message to make the reservations.

9.3.3 VoIP Problems in IEEE 802.11

The main problems of VoIP over WLAN are low VoIP capacity anck@asing delay over
WLAN. The number of VoIP sessions that can be supported in WL&Kuch lower

as compared to when the protocol overhead is excluded. Wed®en in Section 9.3.1
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that each VoIP typically requires a bandwidth of around 10bin principle, WLAN
operated at 11 Mbps should be able to support more than 509 3&ssions. However,
in reality, this is expected to be much lower due to the ovadhef MAC protocol, which
includes packet overhead and backoff before the transmnidsr successful delivery of
the packets. Waiting for random backoff time also incredéiseslelay in the network. As

the number of users in the network increases, the backoff iticreases severely.

9.3.4 Design Requirements

The main design requirement for the algorithm is compatyilith current implemen-
tations of IEEE 802.11 and 802.11e. Our goal is to providesesy that leverages the
nodes supporting the algorithms over those that do not stifgalgorithm while work-
ing concurrently in the network. Since PCF is not supportechast 802.11 products
while DCF is mostly used as an IEEE 802.11 protocol, we focuBGR and EDCF in

IEEE 802.11 and 802.11e respectively.

9.4 Definition of the HEARW;P

HEARW;P (EnHanced MEdiumAccess CorRol Protocol forWireless Voice ovelP) is

a protocol that has two main functionalities: sending p&ekack-to-back and dropping-
packets-as-needed. The first functionality aims to in@d#a®ughput and decrease delay
by decreasing contention attempts [51, 53, 54, 55]. Therskaims at decreasing the

load in the network with the goal of decreasing the delay efrdmaining packets.
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9.4.1 Sending Packets Together

The problem in DCF and EDCF modes is that the AP has the samesgodbe channel
as any other node in the network although it is expected te haunany packets as the
total number of packets of all the nodes in the network basethe assumption that
the communication between the nodes and the network is symem&ending Packets
Together functionality aims at decreasing the overhead of backoff at the beginrfing o
each packet transmission by allowing AP to acquire the cblaand send the packets
back-to-back to the other nodes. It can also decrease thibeack of headers in small
\VoIP packets by joining them in multicast packets.

We showed in Section 5 that we can plot the average wait timeaglbackoff for a
successful transmission. It increases considerably asuimder of nodes increases. The
packet overhead is also considerable as shown in SectioTBee is a 44 byte header
overhead for the data of 20 bytes, which corresponds to a 28graent at 8kbps.

Sending packets back-to-back can be done with multicasstméssion. Station who-
ever subscribes to be in multicast could get an identifiectvidiecreases both the packet
and backoff overhead. However, it requires extra functignen the network. An alter-
native to this is to send the packets back-to-back. It carélkzed very easily with slight
changes in IEEE 802.11e MAC although it eliminates only tifece of backoff overhead

not packet overhead.
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user registration for multicast A‘P

subscribe user
to the multicast
address

response for multicast

Figure 9.1: Handshaking in VMSL for registering to the nedst address

Implementation of Multicast on Top of IEEE 802.11 MAC

Multicasting VoIP packets requires an additional layetleca“VolP Multicast Support

Layer (VMSL)”, on top of MAC. The nodes that have this funcidity subscribe to a
multicast address where the AP is the transmitter. Uponptaxe of packets of these
nodes, the AP stores the payload and length of the packetslén tb send them in one
packet. It decides to send the packets upon reception oftaircelumber of packets or
after a certain time, whichever occurs first.

If a mobile has VMSL, it informs the AP of this functionalitylusing the reserved
bits in the association request frame. Upon reception sfrémjuest, if the AP also has
VMSL, it informs the user that it also has this functionalily using the reserved bits
inside the association response frame. Then it sends anmdlcket to this user, that
includes the multicast address associated with this nodehedend of this registration
process, the user is subscribed to the multicast addrelsstgtat will transfer the packets
with destination address containing this multicast adsir@the VMSL layer. The AP also
includes the address of the user inside the list of the nddestbscribed to the multicast
address. Figure 9.1 shows this process.

When the AP receives a packet for a node which is included entfid list of the

nodes in the multicast group, it first checks whether it is #P\packet based on the
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4 IHL ToS 16-bit total length
16-bit identification flags 13-bit fragment offset TTL
protocol 16-bit checksum AP address multi-cast address
voice packet 1 voice packet 2 voice packet n

Table 9.2: Multicast packet sent from AP to the users subsdrio VMSL

length of the packet. VoIP packets usually contain 20-40uamatébn of voice data, which
corresponds to 44 byte IP+RTP+UDP header plus 20-40 bytepiatioad, 64-84 byte.
The data packets are expected to be much larger than thdsstgad the node is in the
multicast group and the packet is voice packet, then the [P packet is stored in an
array. If this is the first packet to be included in the mubicpacket, the AP also starts
a timer. Then after a certain time or when the maximum numbeode data that can
be included inside a packet have been received, the AP iesltite packet with source
address as its own address and destination as multicagtisadaind including all the IP
packets in the data payload as shown in Table 9.2. Multicadtgis also do not require

to be acknowledged in IEEE 802.11.

Implementation in IEEE 802.11e

The functionality of “Sending-Packets-Together” can bplemented in a simpler way in
IEEE 802.11e. In IEEE 802.11e, TXOP is an interval of time whestation has the right
to initiate transmissions, defined by a starting time and aimmam duration. Therefore,
once the node acquires the channel, it can send the paclditietent nodes during the
TXOP duration.

The implementation of the functionality in IEEE 802.11eiimitar to the implemen-
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TXOP duration

<

packet 1| |packet2| oo packet n

Figure 9.2: Sending packets back-to-back in one TXOP danrati

tation of VMSL. In IEEE 802.11, the association request &asponse frames do not need
to use any of the reserved bits. When the AP receives a pacitateldto one of the users
associated with itself, it first checks whether it is a voieelet based on the length of the
packet, as described in VMSL. Then it stores the packetsarséime way. If this is the
first packet to be included in one frame, AP also starts a tifileen after a certain time
or the maximum number of node data that can be included inlel@XOP limit have
been received, the AP acquires the channel and send thetpaelok-to-back during the

TXOP duration as shown in Figure 9.2.

9.4.2 Dropping-Packets-as-Needed

Normally, in both IEEE 802.11a and 802.11e, if the channélisy, the node does not
decrement the backoff value if the channel is not idle for It IFS time. Also, if
the transmission is not successful, the nodes keep inoge#se size of the contention
window until the CWmax value. Therefore, these protocols asghed to send the
packets successfully without caring about the delay.

In HEARW;P, we propose to change the protocols such that the nodes raeistxhs
about whether to send the packet or not after some time. IR ®pplications, there is a
maximum tolerable RTT value of 200ms. If the RTT delay is ¢gethan 200ms, then the

packet is dropped at the receiver. Therefore, if the paakletydncreases too much while
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contending for the channel in WLAN, it is better to drop it befloand without increasing
the load of the network any further.

The idea is therefore to drop packets with some probabiiithe node cannot get
the opportunity to transmit its packets. The delay in ggttire transmission opportunity
is expected to increase as the number of users contendintpdochannel in WLAN
increases. It is shown that in this case the throughput afi¢teork starts decreasing and
the delay in the network increases. In order to decreasectlag df a specific percentage
of the packets, we claim that we should drop another pergerdhthe packets generated
in the network as they wait to acquire the channel. The aajeist of this percentages is
based on the length of the wait time of the packets in the queue

The algorithm is as follows. The node decides not to send #duokegi with some
probability p; at the end of each time period as shown in Figure 9.3. Alsheiftacket
transmission is not successful, the node will decide whetthstart the retransmission
with some other probability,. The implementation of this functionality in IEEE 802.11b

and 802.11e is described next.

Implementation in IEEE 802.11b

The data packets in IEEE 802.11b cannot be dropped. Howenekoice packets are
not useful after a certain time. In IEEE 802.11b, the cha@akekss is not different for
different types of traffic. If the voice packets drop theirckets to avoid the WLAN
throughput decreasing any further, then the data packetgetahe channel and increase

the delay of WoIP traffic further while also increasing thecket loss. Therefore, this
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backoff value is not zero
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Figure 9.3: Dropping packets periodically

functionality may not be successful in IEEE 802.11b.

Implementation in IEEE 802.11e

In IEEE 802.11e, each traffic category (TC) has its own CWmin, CWrixOPLimit
and AIFS. Since TCs achieve higher priority by choosing senalindow sizes, we may
not need to worry about the low priority traffic such as TCP @mtions. Then we can
implementDropping-Packets-as-Needed functionality.

Before starting a transmission, a station has to keep setistnghannel for an ad-
ditional random time after detecting the channel as beifgfak a minimum duration
called AIFS. However, if the channel is busy most of the timeans that there are a lot
of active users in the network. Therefore, the node may ehtwdrop the packets to give
the right of transmission to the other nodes. The node magé®&ether to wait longer
or drop the packet periodically with some probabijity This way, if the channel is busy

most of the time, the expected number of packets that arsrtrigied will decrease. This
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Figure 9.4: Inter-arrival time of a node in reception

may be preferred since the delay will increase so much tlegtwhll be dropped anyway.
If there is a collision, the corresponding retry counter@meents and the backoff in-
terval increases. In every transmission is intervened avitackoff procedure for fairness.
However, this will also increase the delay a lot. It may notmeth retransmitting the
packet. Therefore, for each retransmission, the node egeithether to continue trying

to retransmit or drop the packet with some probabijity

9.5 Experimentation

We experimented with VoIP in the current system. The VolRganalysis consists of
delay in a wired domain and in a wireless domain. We focus emiireless domain since

the tuning parameters are limited in the wired domain. Ireotd get a good estimate for
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the wireless domain we located the source and destinatitreteame subnet. They are
all attached to the same access points. As a result, in thisgsehe inter-arrival delay is
the delay budget for the wireless domain.

We look at a station and take the difference of receiving simfehe ACK. Figure 9.4
and 9.5 shows the plot for the instantaneous values; as ibeaeen the jitter is around
30ms. This experiment was performed using the departmentorie which includes
another regular traffic.

Another test was carried out using Skype VoIP software. $bftwvare use Peer-to-
Peer methodology. Therefore, in our setting calls are cedfinithin a subnet which
means that the wired domain part of the call is very limited aegligible.

Figures 9.6 and 9.7 show the case when a pair of laptops arectud with Skype

software for a voice communication. Now we see that we get jiess than 30ms but the

213



30ms is still relevant in the majority of the interarrivahtes. The calls traverse through
the wireless domain to the access point and then from acoasstp wireless domain.

As a result, for each session there are two accesses(nfra@tations, they access the
wireless domairi2n — 2) times in this setting since: — 1) stations perform one session
and the access point accesses the chamnell times in order to deliver the packets
for (n — 1) stations. HEARW;|P algorithm removes one wireless domain access per
session and reduces the accessite 1) + 1 by aggregation in order to decrease the jitter

significantly.

9.6 Performance Analysis

We can formulate and analyze the VoIP system as follows. iAeghat there arén — 1)
stations and an access point in a network. Each stationrpesfa voice session with a
node outside the network. Let's mark STA 1 as the access.pMatcan infer that in the

legacy system packet sizes are equal and are given as follows

The packet sizes witHEARW P are:

P(1) = min((n — 1)(P(2) + I),2024)
P(2) = P(i) fori € [2,n]

E[P] =3 37 P(i)
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Figure 9.8: Total throughput (w/o RTS/CTS)

wherel is the number of identifier bytes and 2024 bytes is the maxirallowed payload.
We considered 20ms segment at 8kbps which corresponds tgi&l MSDU (P(2)) for
a single voice session and each station has a packet to itadistime time with 11 Mbps
data rate. In addition, the access point does not expect a ACKep since it transmits in
multicast.

Figure 9.8 shows the total throughptit of the system found with our formula ex-
plained in Section 4.3:

P.E[P]

S pr— — — 9-1
" (1-P)o+T,+1T. (®-1)

where E[P] is the average packet size ahgand7, are the average duration values for

successful transmission and collision respectively. Gmesee the substantial throughput
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Figure 9.11: Total throughput for frame aggregation (W/GRITS)

increase from the figure. As can be inferred, the packet giteecaccess point increases
with the number of stations, which increases the throughpatthe other hand, increase
in the number of stations decreases the throughput becéatise mcreased probability
of collision. This comes to a balance for a while and when th&imum allowed packet
size is reached, the throughput starts to decrease.

Figure 9.9 shows the access point throughpytwhich is found with the following

formula:

6 ! P.P(1)

= = _ - 9.2
n(l—Po+T,+1T, (9-2)

Sending the packets in burst increases the throughput atttess point. This throughput
calculation considers the successfully transmitted hiisnot the received bits. As a

result, stations receive packets with higher rates andt#tios’s transmitted throughput
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S is found with the formula below:

1 P,P(2
SS_ 5()

— _ _ 9.3
n(l—Py)o+Ts+T. (9:3)

Figure 9.10 depicts the comparison. As expected, a stattbnbughputSs with VolP
algorithm should be lower than that without the algorithrhisTis because higher packet
size of the access point increases the average duratioesvdline can easily see that the

following equation should hold:

ST:SA—|—(TL—1)SS

Frame Aggregation

From Figure 8.1 we can infer that sending bigger size packetsases the throughput.
We can easily conclude that each station can aggregate tilessee packets into a big
one and then send it. If we look at a scenario when only thesaqoeint aggregates the
packets into a 2024 bytes size packd®1()) we obtain a performance increase which
gradually decreases as a new station pops up.Figure 9.%& she total throughput and
Figures 9.12 and 9.13 show the access point throughput atidrst throughput, respec-
tively. In frame aggregation traffic direction could be omstihation or multiple destina-
tions. If it is sent with multicast, then there is no need for2CK packet. Otherwise, for
one destination only, one ACK is needed and for multiple desiton each station may
send an ACK packet one by one with respect to their order ingbeived packet. This

topic is currently being considered in IEEE 802.11n workgngup.
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Chapter 10

Adaptive Bit Loading and Subcarrier

Allocation

10.1 Introduction

Broadband Wireless Access (BWA) is an appealing system forigirg flexible and
easy deployment solution to high-speed communications. dh alternative to wireline
broadband access techniques such as copper line, coaklal a®SL and cable mo-
dem [56, 57]. Visionaries predict a big market because diggibuted installation and
semi-ad-hoc routing protocol that reduces the need forfaastnucture [1, 3, 58].

Vector Orthogonal Frequency Division Multiplexing (VOFDNE considered as a
base setting for BWA systems by the Broadband Wireless Inté&meim (BWIF), one
of the programs of the IEEE Industry Standards and Techgolganization (IEEE-
ISTO) [56]. Some vendors offer BWA system with the existingehss LAN technolo-

gies such as IEEE 802.11a and IEEE 802.11b. IEEE 802.16 gimgoto unify the BWA
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solutions [59]. IEEE 802.16 group issued standards in th66LGHz bands and IEEE
802.16a group was formed to develop standards to operdte #:111 GHz bands in which
channel impairments, multipath fading and path loss beaoore significant with the in-
crease in the number of subscribers. Improved and flexiblépteuaccess methods are
needed to cope with these impairments. Orthogonal Fregueinesion Multiple Access
(OFDMA) is a promising multiple access scheme that hasaé#dainterest. OFDMA
is based on OFDM and inherits its immunity to inter-symbaeérference and frequency
selective fading [60, 61].

Achieving high transmission rates depends on the abilitB\WA system to provide
efficient and flexible resource allocation. Recent studiés &, 63, 64, 65, 66, 67]
on resource allocation demonstrate that significant perdoice gains can be obtained if
frequency hopping and adaptive modulation are used in suécallocation, assuming
knowledge of the channel gain in the transmitter. The fregudnopping strategy resem-
bles the interference cancelation of CDMA [68].

In a multiuser environment, a good resource allocation reehkeverages multiuser
diversity and channel fading [69]. It was shown in [70] thia¢ toptimal solution is to
schedule the user with the best channel at each time. Althouthis case, the entire
bandwidth is used by the scheduled user, this idea can alspdiied to OFDMA system.
Here, the channel is shared by the users, each owing a mudigthint set of subcarriers,
by scheduling the subcarrier to a user with the best chamnehg others. Of course, the
procedure is not simple since the best subcarrier of themagmalso be the best subcarrier
of another user who may not have any other good subcarrid¢ws.oVerall strategy is to
use the peaks of the channel resulting from channel fadingk&Jin the traditional view
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where the channel fading is considered to be an impairmemg i acts as a channel
randomizer and increases multiuser diversity [69].

The resource allocation problem has been recently coregidarmany studies. Al-
most all of them define the problem as a real-time resourceatibn problem in which
Quality of Service (QoS) requirements are fixed by the appbn. QoS requirement is
defined as achieving a specified data transmission rate aedror rate (BER) of each
user in each transmission. In this regard, the problemrdiffem the water-pouring
schemes wherein the aim is to achieve Shannon capacity tirelpower constraint [62].

We introduce an iterative multiuser bit and power alloaagcheme so that the QoS
requirements of users are fulfilled. Our objective is to mizie the total transmit power
by allocating subcarriers to the users and then to detertheneumber of bits transmitted
on each subcarrier. Variable transmittable bits (i.e adaptodulation) was considered in
[62, 63]. Our scheme is simple and sufficiently fair to meat-teane applications criteria
in which a quick scheme is needed to allocate subcarriesdé#ie channel changes and
a fair scheme is needed to treat each user.

We also consider a continuous allocation scheme whereltietdr uses the previous
channel information per user for the current allocation.tkyéo extend the point-to-point
version of proportional fair scheduling (as in [69]) to amteio-multipoint version. In this

scheme there is no fixed requirements per symbol, the airm&tomize capacity.
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Figure 10.1: Orthogonal Frequency Division Multiple Ace&ystem

10.2 Orthogonal Frequency Division Multiple Access

This section outlines the OFDMA system and states the resoaitocation problem.
Unlike in an OFDM system [60]i users are involved in the OFDMA system to share
subcarriers. The difference arises in the forming and aordehg of FFT block. The rest
is the same as an OFDM system as seen in Fig. 10.1. Each us=ta$i non-overlapping
set of subcarrrierss;, where the number of subcarriers per user{#) following the
notation in [71]. We denote by, (/) thel"® subcarrier of the FFT block belonging t¢*
user. Xx(1) is obtained by coding the assigned hitwith the corresponding modulation
scheme. In the downlink th& (1) are multiplexed to form the OFDM symbabf length
(IV + L) with the appended guard prefixin order to eliminate I1SI. At the uplink, the

OFDM symbol is formed in the base station with a synchroiregrror as follows:

p) =Y Y Xp(n)e/ TN (10.1)

1A OFDMA symbol is defined as one OFDM FFT block.
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withn = —L, ..., N — 1, wherel,(n) denotes the subcarrier assigned tokHeuser. A
resource allocation problem comes into the picture wheocgating the set of subcarriers

to the users with different bits loaded into them. The res@isignal from thg'”" user is:

y; (1) = z(1) Q) hi(1) +w(l), (10.2)

whereh;(t) is the baseband impulse response of the channel betweesthtisa (BS)
and ;" user. Equation (10.2) is the received sign@l) sampled at raté /7. The firstL
samples are discarded and tNepoint FFT is computed. The data of t}é user is:

X;(n) Hy(i;(n)) + W (n), ifis(n) € 5,
Yj(n) = (10.3)

0, otherwise,
where H;(n) := Y, h;(i)exp(j2%ni) is the frequency response of the channek®f
usetr.

In a perfectly synchronized system, the allocation moddilne transmitter assigns
subcarriers to each user according to some QoS criteria. ngEfcs in the system are
rate and bit error rate (BER). Each user’s bit stream is tramsthusing the assigned
subcarriers and adaptively modulated for the number ofdsitsgned to the subcarrier.
The power level of the modulation is adjusted to overcomeatiang of the channel. The
transmission power for AWGN channel can be predicted. Intaddihe channel gain
of subcarriern to the corresponding usérshould be known. The channel gain of the
subcarrier is defined as:
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wherePL is the path loss, defined by:

PL;, = PL(d,) + 10alogio(dy/d,) + X,

whered, is the reference distance, is the distance between transmitter and receiver,
is the path loss component aid is a Gaussian random variable for shadowing with a
standard deviation [64]. An example of channel gain can be seen in Fig. 10.2.

The problem above is called resource allocation in the OFDOitédature. The chan-
nel information is assumed to be known at transmitter aneivec[57, 62, 63, 64, 65, 66,
67]. The channel is assumed to be reciprocal; BS is able tmat&ithe channel of all BS-
to-mobile links based on the received uplink transmiss®loag as the channel variation
is slow [65]. As a result, the resource allocation should beedwithin the coherence
time [62].

With the channel information, the objective of resourc@adkion problem can be
defined as maximizing the throughput subject to a given fmdaler constraint regarding
the user’s QoS requirements. As we clarify furthBiZ R, of the transmission should
not be higher than the requiréglF R, and data rate of every user should be equal to the
requirementy.

Let's definey;,, as the indicator of allocating thé” subcarrier to thé'™ user. The
transmission power allocated to th& subcarrier ofc'" user is expressed as:

fx(Crn, BERy)

2 )
ak,n

Py = (10.5)
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wheref.(cx, n) is the required received power with unity channel gain fabde recep-
tion of ¢, bits per symbol [63]. We can formulate the resource allocagiroblem with

an imposed power constraint as:

N
maxck,nvfyk,n Rk = ZTLZI Ck:nrykﬁb fo,r all k

. K N n,BER
subjecttoPp =3, 1> 4 %%n < Praz

where the limit on the total transmission power is express#tl, . foralln € {1,..., N},
ked{l,.., K}andc, € {1,...,M}.

If there is no power constraint, equation (10.6) is changedrder to minimizePr
subject to allocating?;, bits for all & (i.e problem is to find the values of the ,, and the
corresponding;. , while minimizing Pr) [62, 63, 66]. As it can be seen the cost function
in our system is the power consumption matrix in equationf)LRather than usingi,n
as in [62, 63, 66], we adog®, ,, from [64] since in this case, modulation type aBd' i

are involved in the decision process.

10.3 Optimal Solution

In a multiuser environment with multiple modulation teaiunés, the solution to the prob-
lem is complicated since the optimal solution needs to fgeksubcarriers in balance. We
can classify the problem according to each set of bits asdigma subcarrier. For a user

Jr(ckn) € {f(1, BERy), ..., fs(M, BERy)}. We can construct/ times[K * N| power
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matriceg P°} for eachc. For a constant, { f(c)} can be computed and the transmission
power requirement can be found with equation (10.5). Theedsion of the indicator
function is incremented and representedypy . and defined as follows [63]:

1, ifcpn=c

Yen,e = (106)
0, otherwise

The above problem can be solved with Integer Programming W refer to the IP
approach as the optimal solution to the resource allocatioblem. As stated in [63], the
non linear approximation in [62, 67] requires more compatathan the IP.

There are x« N x M indicator variables and/ power matrices where the entries of

each matrix for a given can be found from:

(10.7)

Using equation (10.7) as an input, the cost function now eawiitten as:

K N M

Pr=3"3"3" P e (10.8)

k=1 n=1 c=1

and the description of the IP problem is:

min PT; fOT’ Yen,e € {O, 1} (109)

Yk,n,c

227



subject to:
N M
Ry, = Z Z CNkme, forallk,

n=1 c=1

and

K M
0< ZZ%%C <1, foralln.

k=1 c=1

Although the optimal solution gives the exact results, framimplementation point
of view, it is not preferred since in a time varying channelprder to allocate the sub-
carriers within the coherence time, the allocation algonitshould be fast and the IP
complexity increases exponentially with the number of t@msts. This real-time re-
quirement leads to searching suboptimal solutions thatasteand close to the optimal
solution. Several suboptimal allocation schemes are @@gptor different settings in the
literature [62, 63, 64, 65, 66, 72]. Up to now suboptimal sohs differ in the modu-
lation type. There are a few suboptimal schemes that usdiaelapodulation; the rest
assume fixed modulation, i.e. same number of bits are assigneach subcarrier. We

will describe current solutions and compare them with cenaitive solution.

10.4 Suboptimal Solutions

In most attempts to simplify the resource allocation prohléhe problem is decomposed
into two procedures: a subcarrier allocation with fixed mation, and bit loading. Sub-
carrier allocation with fixed modulation deals with ofé matrix with fixedc and then

by using bit loading scheme, the number of bits is increntente
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10.4.1 Subcarrier Allocation

We know thatf,(z, y) is a convex function [62, 63]. We can start wiﬂ,j,n and we can
define newR,;, with Zle R;, < N which can be obtained by decrementiRg properly.
Then the solution to this problem can be solved with LineargPamming or mapping
to the Hungarian problem. Although the Hungarian algoritemproposed as an optimal
solution for resource allocation with a fixed modulation @] 66], we consider it as a

suboptimal solution for adaptive modulation.

Linear Programming

Linear programming is investigated in [63]. For comparipomposes, we briefly restate

the problem description:

K N
Pr=min» Y Plpka prn €1[0,1], (10.10)

k=1 n=1

subject to:

SN k=R Vke{l,. . K}

K ppn=1 V¥Yne{l, . N}
After linear programming, thék = N] allocation matrix has entries ranging between 0
and 1. The entries are converted to integers by selectingigihest?;, non-zero values

from N columns for eaclt and assigning them to thig" user.
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Hungarian Algorithm

The problem described above can also be solved by an assignme¢hod such as Hun-
garian algorithm [73]. The Hungarian algorithm works witfuare matrices. Entries of
the square matrix can be formed by addiRg times the row of eaclt. The problem

formulation is:

N N
PT = mlnz Z Pkl,npk,n Pk,n € {07 1} (1011)

k=1 n=1

and the constraints become:

SN pem=1 ¥ne{l,. . N}

SN ppm=1 Yke{l,. N}

as stated in [66]. Although the Hungarian method has contipaptaomplexityO(n*) in
the allocation problem with fixed modulation, it may serveadsase for adaptive modu-

lation.

10.4.2 Bit Loading Algorithm

The bit loading algorithm (BLA) appears after the subcasrete assigned to users that
have at leask,, bits assigned. Bit loading procedure is as simple as incréngehits of
the assigned subcatrriers of the users udtil< P,,,.. Following the notation of [62, 63],
defineA P, ,,(c) as the additional power needed to increment one bit ofitheubcarrier

of k" user as represented in equation (10.12),

Apk,n (Ck,n) -

(10.12)
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The bit loading algorithm assigns one bit at a time with a dyesgpproach to the subcar-
rier. Representation is as followsarg miny, , APy, (¢k.n) }-

BL Algorithm

STEP 1: Foralln, Setcy,,, = 0, APy »(ck.n), andPr = 0;

STEP 2: Selectn = arg min, AP, (0);

STEP 3: Setcy s = cpn + 1andPr = Pr+ AP, (crn);

STEP 4: SetAP;,(cka);

STEP 5: CheckPr < Py, and Ry, for VE, if not satisfied GOTO STEP 2.

STEP 6: Finish.

It is a simple algorithm. Bits on the subcarriers are incretegione by one. If there
IS N0 power constraint, procedure runs @le Ry times. This algorithm enable us to
convert the fixed modulation schemes into adaptive moduiatnes.

The Hungarian approach and LP approach with bit loading @apas two different
suboptimal solutions to the resource allocation with alaphodulation. We use these
schemes as a reference in our simulations and call them @Edeedarian and GreedyLP,

respectively, in our simulations.

10.5 Iterative Solution

The GreedyLP and GreedyHungarian methods both first deterthie subcarriers and
then increment the number of bits on them according to theneduirements of users.
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This may not be a good schedule in some certain cases. Fanagstconsider a user with
only one good subcarrier and a low rate requirement. Thedm#gtion for that user is
allocating its good carrier with high number of bits. But ifé@dyLP or GreedyHungarian
is used, user may have allocated more than one subcarrtetomier number of bits and
in some cases, its good subcarrier is never selected. Comsidéher scenario where a
user does not have any good subcatrrier (i.e. it may have ahlzathel or be at the edge
of the cell). In this case, rather than pushing more bits dlodating less subcarriers
as in GreedyLP and GreedyHungarian, the opposite strasgueferred since fewer bits
in higher number of subcarriers give better result. Anothficulty arises in providing
fairness. Since GreedyLP and GreedyHungarian are basededygapproach, the userin
the worst condition usually suffers. In any event, thesecaraplex schemes and simpler
schemes are needed to finish the allocation within the caberigme. To cope with these
challenges, we introduce a simple, efficient and fair suisraallocation scheme with
iterative improvement.

Our scheme is composed of two modules named “scheduling™iamgiovement”
modules. In the scheduling section, bits and subcarriersliatributed to the users and
passed to the improvement module where the allocation isaveg iteratively by bit

swapping and subcarrier swapping algorithms.

10.5.1 Fair Scheduling Algorithm

We introduce a simple and mixed allocation scheme that densiair allocation among

users with adaptive modulation. The allocation procedtagswith the highest level of

232



N\
N

_

B

AN
B
)

<

[ <

N\
i
7

I

boundary
of the cell

Base Station

Figure 10.2: An example of channel gain

modulation scheme. In this way, it tries to find the best suimreof a user to allocate the
highest number of bits. We can describe the strategy by do@ndThe best strategy to
fill a case with stone, pebble and sand is as follows. Firgtdiithe case with the stones
and then filling the gap left from the stones with pebbles anthe same way, filling
the gap left from pebbles with sand. Since filling in oppositeection may leave the
stones or pebbles outside”. With this strategy more bitsbeaallocated and the scheme
becomes immune to uneven QoS requirements. The fair séhga@ddgjorithm (FSA) runs
a greedy release algorithm (GRA) if there are non-allocatédtariers after the lowest
modulation turn and the rate requirement is not satisfied. @Bg&ements one bit of a

subcarrier to gain power reduction, which is used to assighen number of bits to the

users on the whole. FSA is described as follows:
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FS Algorithm

STEP 1:

STEP 2:

STEP 3:

STEP 4:

STEP 5:

STEP 6:

Setc = M, Select &, andPr = 0;

Findn = argmin,, P{,;

SetR, = Ry — candp, » = 1, UpdatePr, Shift to the next;
If Pr > Pyraz, Step Out and Set= ¢ — 1, GOTO STEP 2.
If Vk, Ry < ¢, Setc =c—1, GOTO STEP 2.

If {c==1}3"0 SN ppn < N, Pr > Pyae, Run “Greedy Release” and

GOTO STEP 2.

STEP 7:

10.5.2

Finish.

Greedy Releasing Algorithm

The GRA tends to fill the unallocated subcarriers. It releasesof the bits of the most

expensive subcarrier to gain power reduction in order teedhe process. GRA works in

the opposite direction of BLA. GRA is described as follows:

GR Algorithm

STEP 1. Find{k,n,c;,} = argmaxy e P5,pxn Ve,
STEP 2: Setéy,, = Crn — 1,Pr = Pr — APy 1 (cpn);
STEP 3. Setc=c¢;; — 1;

STEP 4: Finish.
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10.5.3 Horizontal Swapping Algorithm

The horizontal swapping algorithm (HSA) aims to smooth thealistribution of a user.

When the subcarriers are distributed, the bit weight per awige can be adjusted to
reduce power. One bit of a subcarrier may be shifted to therahbcarrier of the same
user if there is a power reduction gain. Therefore, vanmatbthe power allocation per
subcarrier is reduced and a smoother transmission is peethr HSA is described as

follows:

HS Algorithm

STEP 1. SetPo=c

STEP l1a: Find {k, 7, Crn} = arg maxk:,n,c(P]g’npk’,n) < Po Ve
STEP 2: Definen € Sy, where{py,, == 1} for ¥n;

STEP 3: SetA;=max, AP ;(cin — 1)-AP; ;,(ckn) 1 € Sk,
STEP 4: SetPq = Pgﬁ;

STEP 4a: if A, >0, SetPr = Pr — A,

STEP 4b:  Setc;; = cgq — 1, ¢y = ¢, + 1 GOTO Step 1a;

STEP5: if { Pc == miny, (Pf, pkn)}, Finish.
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10.5.4 \Vertical Swapping Algorithm

Vertical swapping is done for every pair of users. In eaatatten, users try to swap their
subcarriers such that the power allocation is reduced.€Téuer different types of vertical
swapping. For instance, in triple swapping, usgives its subcarrier to usgrand in the
same way usef to userk and usert to useri. Pairwise swapping for fixed modulation
is described in [64, 66] with a slight difference: the formees power and the latter uses
channel gain as a decision metric. We modified pairwise swggdp cope with adaptive
modulation case. In this case, there is more than one clageevdach class is defined
with its modulation (i.e number of bits loaded to a subcaya@d swapping is only within
the class. Each pair of users swap their subcarriers thahgped the same class if there
is a power reduction. In this way, adjustment of subcars&tane across users, to try to

approximate the optimal solution. VSA is described as dp

VS Algorithm

STEP 1: V pair of user{i, j };

STEP la: FinddP,;(n) = Pf, — P, andA™P, ; = max dP, ;(n), Vn € S;;
STEP 1b:  FinddP;;(n) = P, — P, A"P;; = max dPj;(n), Vn € S;;
STEP 1c:  SetQ™" P, ;=A"P, ;+A"P;;;

STEP 1d:  Add Q™" P, ; to the{A} list;

STEP 2: Select)=max; 5),(j1) A

STEP 3: if Q > 0, Switch subcarriers anBy = Pr — QQ GOTO STEP 1a;
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STEP 4: if ) <0, Finish.

10.6 Resource Allocation Regarding Capacity

In the previous sections, we considered the problem whexeQbS requirements per
symbol is fixed. Another way to approach resource allocatiamterms of capacity [62].
Suppose there is no fixed requirements per symbol and thesgormaximize capacity.

It has been shown in [69] that for point-to-point links, arfailocation strategy max-
imizes total capacity and the throughput of each user indhg kun, when the user’s
channel statistics are the same. This idea underlying thigosed fair scheduling algo-
rithm exploits the multiuser diversity gain.

With a slight modification, we can extend the fair schedubigprithm for point-to-
point communication to an algorithm for point-to-multippicommunication. Suppose
time-varying data rate requiremeR,(¢) is sent by the user to the base station as feed-
back of the channel condition. We treat symbol time as the t#hot, sot is discrete,
representing the number of symbols. We keep track of avdtageghputt, ,, of each
user for a subcarrier in a past window of lengthThe scheduling algorithm will schedule

a subcarrier to a userk according to the following criterion:

k,n :argmaxrk—’n (10.13)
kn t

M Ukn

wheret;, can be updated using an exponentially weighted low-pass filéscribed

in [69]. Here, we are confronted with determining thg, values. We can set,,, to
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Figure 10.3: Comparison of convergence of the iterative @gogr to the GreedyLP one

Ry, /N, whereN is the number of carriers. With this setting, the peaks ottrennel for a
given subcarrier can be tracked. The algorithm schedulsgiata a subcarrier when the
channel quality in that subcarrier is high relative to iter@ge condition in that subcarrier
over the time scale.. When we consider all subcarriers the fairness criteriorcmaith

the point-to-point case as follows:

k= max ?: (10.14)

whereT), = 25:1 tr.n. The theoretical analysis of fairness property of (10.b4)pbint-
to-point communication is derived in [69]. We can apply theegrivations for point-to-

multipoint communication.
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10.7 Performance Analysis

We compare the performance of our iterative algorithm wité proposed suboptimal
GreedyHungarian and GreedyLP schemes and optimal IP schémadopt the M-ary
guadrature amplitude modulation of 4-QAM, 16-QAM, and 6AMDwhich are used to
carry two, four, or six bits/subcarrier [62]. Required transsion power for: bits/subcarrier

at a given BER with unity channel gain is:

fle,BER) = 10 PP 1) (10.15)

whereQ~!(x) is the inverse function of:

Qla) = %27 / et

We evaluate our scheme in Rayleigh fading channels [74, 76 gower spectral

density levelV, is equal to unity, and gain of Rayleigh chanagF, (n)|? is also equal to
unity. We use 128 subcarriers with a total transmissiontvatereen 480 bits/symbol and
768 bits/symbol. BER requirement of users is selected frantishp = {1e —2, 1e —4}.
In the simulations, depending on the constraint, eitherale requirements are fulfilled
when the transmit power is minimized or the power constrgifitlfilled when rates are
maximized. BER requirement, on the other hand, is satisfigdoth situations. We
distinguish the settings by naming them with or without poa@nstraint.

Figure 10.3 shows the convergence of our scheme with weragtterment. In each

iterative step, the power is reduced keeping the total nuwidsts constant. The steepest
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decrease is observed in the HSA step since the power reductint swapping is higher
than the one in subcarrier swapping because of the expahgraivth of thef (x, y) func-
tion. It can be seen from the figure that the iterative sotuéipproximates the GreedyLP
with time.

Figures 10.4 and 10.5 present the cumulative distributimetions of the average bit
SNR for the cases with and without power constraints. Thexdaur users in two sets
of BER requirement and each user has rate requirement of tsZfmbol. It can be
seen from the Figure 10.4 that the iterative approach appeirs the optimal solution
up to 0.9dB when there is no power constraint. When there is a power @nftas seen
in Figure 10.5, the iterative approach outperforms the @relengarian and GreedyLP
approach and is close to the IP solution withirsd B. The reason why iterative solution
gives better performance than the suboptimal solutiorsiight power control scheme,
which allows transmission of higher number of bits. GRA isyvanportant since it
decreases the variance of average bit SNR and makes thevé@eaproach perform better
at the end by exchanging one high cost bit with more than anetst biti.e. lower level
modulation.

Figures 10.6 and 10.7 shows the performance of the schemvasiaus channel fad-
ing and multiuser diversity situations [69]. Figure 10.@g®nts the average bit SNR
as a function of root mean square (RMS) delay spread for difteresource allocation
schemes. As RMS delay spread increases, the fading variatilmases, so higher gains
are obtained by adaptive allocation. We find that iteratppraach is never more than
0.9dB above the IP approach. Figure 10.7 shows the average bit $KRs/the num-

ber of users where each has the same BER requirement f4 and RMS value of
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30usec. As the number of users increases, the probabildptaining a good channel in
the subcarriers increases. The iterative approach foltbevsower bound withir0.9d B
and follows the GreedyHungarian and GreedyLP schemesnithi 3.

Figure 10.8 and 10.9 show the standard deviation of thelbitaion of the users for
different power constraints or different number of usel&chtuser has a BER requirement
of 1e—4 and total transmit rate is 480bits/symbol which is equalkyributed to each user.
Each user has a 180usec RMS delay spread. Figure 10.8 présestandard deviation
of bit distribution among users under the total power castr It can be observed from
the graph that iterative approach outperforms the Greedghitan and GreedyLP and is
close to the Integer Programming (IP). The FSA distributedits fairly compared to the
greedy approach. The fairness property is an importaniarfetrreal-time data if there is
tight power control. The iterative solution maintains fegss. As the total transmit power
increases, the significance of a power control scheme desess can be inferred from
the graph. In Figure 10.9 fairness is tested under varyimgbau of users. The iterative
approach again outperforms the GreedyHungarian and Gr€eaiyd closely follows the
Integer Programming (IP).

Figure 10.10 shows the average data rates per subcarrsersvetal power constraint
when there are four users. Each user has a rate requiremElots/symbol (maximum
rate) and BER requirement ®é — 4. The performance of the iterative approach is close
to that of the optimal and the difference between suboptamal iterative approaches

decreases as the total transmit power increases.
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Remark

This chapter is published as a journal article titled “QoSafevAdaptive Resource Al-
location Techniques for Fair Scheduling in OFDMA Based Br@adbWireless Access
Systems in IEEE Transaction on Broadcasting, vol. 49, DeeerBb03. Authors are

Mustafa Ergen, Sinem Coleri and Pravin Varaiya.
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Chapter 11

Wireless LAN with Adaptive Antennas

11.1 Introduction

Wireless communication systems demand a higher systensitafmasatisfy the increas-
ing needs in voice over IP, multimedia communication. Exgbandwidth must be uti-
lized in a much more efficient way. This can be achieved byeiasing the bit error rate
performance. Adaptive antenna systems creatively formmextibnal beam with infinite
number of patterns that are adjusted in real-time. Thesmaatsystems configure them-
selves with the detected signal strength and create a keigthtsensitivity in particular
directions which increases the signal-to-noise ratio agwtehse the bit error rate [76].
Adaptive antenna technology takes advantage of its abilitycate and track various
types of signals to maximize signal reception with minindizeterference [77]. Fig-
ure 11.1 shows a representative of a coverage where the okmEnd extended toward a
user with a null directed toward a co-channel interferersdme cases, having a direc-

tional antenna can reduce the number of APs needed withitweriebut the APs require

246



\/‘( - Interferer
Figure 11.1: Adaptive array coverage

more power.

WLAN with directional antennas is also considered for Broamb¥®/ireless Access
systems. High-gain antennas work best for covering largiadces in narrow areas or for
supporting point-to-point links between buildings [2].

One of the central motivations for this chapter comes frovestigating the through-
put performance with the implication of the adaptive antesystem. The system through-
put for a packet network with a smart antenna system may breasmg substantially
with still low packet delay [78, 79]. We build a smart antersyatem in OPNET sim-
ulation platform to investigate the overall network thrbpgt in various configuration.
Furthermore, the chapter presents strategies to use tpéwedantenna system in order

to leverage its ability (partially stated in [80]).
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11.2 Configuration of MAC for Adaptive Antenna Sys-

tem

There are several configurations that can be applied to #yatimd antenna system. Con-
figurations can be for an ad-hoc network that is for statmstation communication or
for an access point network that is access point-to-stat@work or for broadband net-
work which is access point-to-service provider. The neknean be adjusted according

to these networks by sending the packets in directional avi-@linectional [81].

11.2.1 Directed transmission of Data frame

When only data frame is transmitted with directional antsntteen the coverage remains
the same but the access point can reach the boundary witarldgha rate. This scheme
is very immune to the hidden terminal and exposed termir@blpm since every station

is aware of the end of a transmission by receiving an ACK framiech is sent in omni-

direction.

11.2.2 Directed transmission of ACK frame

If the ACK frame is also sent with a directional antenna thechesender-receiver pair
constructs a high power tube which could result in isolagéahids of connected graphs.
This kind of configuration is very suitable for fixed mesh nettké which suffer less from
hidden and exposed terminal problems and the range can pdavge. For an ad-hoc

network this configuration is also a good option since notfieam traffic distribution
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could be leveraged and isolated islands can be created egshniumber of nodes. As a
result, the throughput is expected to be higher but this &irgl/stem can suffer from the
hidden and exposed terminal problem more than the others. i§because the station
can move arbitrarily and can be in the vicinity of a stationog ongoing transmission

could not be heard due to the narrow beam width.

11.3 Performance

In this section we look into the performance of the system fi¥eexplain the simulation

architecture and then explain the results [4].

11.3.1 Rate Adaptation

The system has a rate adaptation mechanism which decréasateievery time it ex-
periences a collision. It brings the data rate back to thedsgvalue after a successful
transmission, as seen in Figure 11.2. The rate adaptatichanesm is crucial since the

station adapts itself to the wireless channel condition.

11.3.2 Antenna Architecture

In an adaptive antenna system, the power strengths arardeselr in each antenna de-
pending on the reception and those values are considerbd transmission. In OPNET
there are four directional antennas and one isotropic abatitenna. The reception is
always in the isotropic antenna. The transmission of thérobpackets are sent via the

control antenna and data packets are sent with one of thetidimal antennas. This is
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1Mbps

Figure 11.2: Rate adaptation mechanism

reasonable in a free space propagation environment sinicedrspace, there is line of
sight and the physical direction matches with the adaptierana wave direction. An il-
lustration of the first antenna pointing to 0-90 degreesasvshin Figure 11.3 with 10dB
in direction and -20dB out of direction, which corresponadd® mw and 0.01 mW, re-
spectively. The isotropic antenna seen in Figure 11.4 owtiner hand has 0 dB gain in
all degrees which has a power level of 1ImW.

We considered a multi antenna system where the beam widttl change between
45°, 9(r, 180, 360 and the power level changes from 1 mW to 10 mW in the main lobe

and 0.01 mW in the side lobes.

11.3.3 Node Architecture

OPNET uses source streams as the transmission pipeliné.séacce stream has ath
number and a packet is sent to thenumber. Each transmitter and receiver has four

source streams each for a data rate chosen from the set (B, 4,15Mbps). The sim-
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Figure 11.3: Antenna pattern when the beam width/i3

Figure 11.4: Isotropic antenna pattern
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Figure 11.5: Node model for the adaptive antenna when the bédth is7/2

ulation can be configured in a way that the packets either sarthe omni-directional
antenna or one of the directional antennas. Position irdion is saved into a list and in
each packet transmission, the source and destinationgaimsxtracted from the packet
header. The antenna is determined according to the posifitime transmitter and re-
ceiver. The model of a node is shown in Figure 11.5. In thisehag focus only MAC
performance. There is a direct source and sink attache@tM&C module which does

not consider the network and TCP layer overhead.

11.3.4 Infrastructure Mode

Access-Point-Only configuration is where only the accesstas an adaptive antenna
and mobile stations have isotropic antennas. In this cordtgun, the AP reaches to the
farthest point with higher data rate. Figure 11.9 shows thesible range configuration.
Mobile stations operating with the lowest data rate havegadr range because a lower

data rate is more tolerant to noise. Another key point is thatiple antennas consume
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more energy and it is not preferable for certain cases in le®biHowever, this is not
applicable in this Access Point Only configuration sincepmally, APs are wired.

Figure 11.6 shows the scenario for this mode. Mobile statie located around
the lowest data rate region and their destination is the AR tonfigured to see the
performance increase with the adaptive antenna. Figuré stiows the time-averaged
throughput comparison with and without the adaptive ardentthe access point. As seen
from the figure, an adaptive antenna impacts performanclgraNVe can also see this
in Figure 11.8 where time-averaged media access delay semwed. The performance
increase comes from the condition that packets transmutidd higher data rate have

shorter time of flight.
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Figure 11.9: Adaptive antenna system illustration in OPNET
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11.3.5 Independent Mode

In independent mode, all stations have an adaptive antarhthare is no access point.
Traffic destination is random for all stations and there a@ ¢ases considered: with or
without RTS/CTS. Figure 11.10 shows the ad-hoc network.

Figure 11.11 shows the throughput comparison for adaptitenaa (AA) and omni-
directional (OD) cases. As shown, when the RTS/CTS is apptiedirection, OD 10
dB which is 10 mW, all directions give the highest throughpBerformances of 180
90, and 43 lie within a close vicinity and are substantially higherrii@D 0dB. We can
infer from the graph that with OD 10 dB, the hidden and exposeahinal problems are
reduced as much as possible. However, the degradation dhes® problems becomes
increasingly active as the beam width decreases. Figule€ Hlso brings an interesting
case where the AA 4xcase has the lowest media access delay.

It is interesting to investigate the throughput performeandien all packets are sent
in directional including control packets which could cee&olated networks within the
connected network as well as could create more hidden tatsnamd exposed terminals.
When we increment the active stations in the network step ¢y wie obtain the Fig-
ure 11.13 for throughput. As can be inferred from the gragfigure 11.14, the through-
put increases with the beam width and media access delagadss with the beam width.
We can conclude that as the beam width increases, theresishasce to transmit since

there are more stations with suspended transmission whiickduces delay.
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Chapter 12

Conclusion

Next-generation wireless networks should be open to cbatwbre-configuration, which
requires estimation of the performance a priori. Next-gatien networks should also
support multiple access to provide ubiquitous sessions.

In this dissertation, we have presented an evaluation fiegi problems in IEEE
802.11 systems that prevent scalability and intelligettvoek management required for
future wireless networks. We also introduced a multipleeasanechanism for OFDMA.

Our introductory chapter gave an extensive overview of IBBE.11 systems, with
an emphasis on medium access layer and physical layer. Vi&reegb Distributed Coor-
dination Function and OFDM PHY layer in detail.

Then we proposed a new Markov model for the distributed doatobn function
(DCF) of IEEE 802.11. The model incorporates consecutivestrassion, non-saturated
traffic and signal-to-noise ratio for both basic and RTS/Ct8eas mechanisms. We
compared our model with the existing models [5] and found the model gives better

performance. We also investigated the throughput charsiiteunder constant load, in-
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creasing load, and increasing number of stations. The ¢fmmut increases as the number
of stations increases until the network gets congestest, aftich the throughput starts to
decrease.

A novel throughput formulation was introduced for the caseke the stations in the
network operate with mixed data rates. The formulation gearthe Markov model and
duration values considerably. Performance analysis stimt$ower data rate station de-
grades the performance of the system but has the same imdlifdoughput with higher
data rate stations. We then used our model to find the delayactesistics of the time
interval between two successful transmissions from orteostaWe first calculated the
average delay and then the probability mass function inrdoéetermine the character-
istics of the delay as a function of the number of stationsalysis of the model showed
that the throughput first increases and subsequently dexseadth the number of active
stations, suggesting the need for an admission control amesim. We introduced such a
mechanism, which tries to maximize the throughput whilentaaning a fair allocation.
The maximum achievable throughput is tracked by the meshaas the number of ac-
tive stations increases. An extensive performance amsagygwed that the mechanism
provides significant improvements.

This admission control mechanism provides a controllabtess to DCF, which is
random access. If a single station is allowed to be in thesasckst then the admission
control scheduler always selects one station at a time,ectng DCF to PCF, which is
centralized access. As a result, the admission control amesim brings a tuning mecha-
nism that can shift the performance from DCF to PCF.

Wireless LANs are being widely deployed today. Managingydascale wireless
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LANSs is a difficult and time-consuming process. The indiatithroughput of stations
within the coverage area of an access point depends heavilyterference from other
access points and stations operating on the same channefod®Wsed on a network
deployed indoors typically bordered on a building; radiog&gation, therefore, is influ-
enced by the structure of the building. We then extended palyais to determine and
optimize the performance of an extended service set in aik BE2.11 network in which
there is more than one access point. The method leveragesriratlio propagation mod-
els and RF prediction. We used our Markov model to supportsatarated traffic and
different data rates. Indoor radio propagation simulatas used to determine the cover-
age area of each access point and signal-to-noise ratieclbfstation. The signal-to-noise
ratio was used to set the data rate of the station. The nunflassociated stations to an
access point was determined by the number of stations wioas¢idn fell within the
coverage of the access point.

We also introduced a real-time network management modes$. mibdel predicts the
throughput of a station and adjusts dynamically the powei$sof access points to satisfy
quality of service.

Based on our observation of a network with mixed data rate ections, we con-
cluded that the CSMA/CA scheme does not provide a fair schagluti terms of giving
equal amount of channel usage to each station, but it do@gpran equal chance of a
channel access. We analyzed the case where there is a gtaion in the medium and
concluded that throughput could be increased by turningdtaion off. A fair alloca-
tion, however, should give equal amounts of channel usagstakon. In this regard, we

introduced a packet-size adaptation with respect to d&ta Az a result, the slow station
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increases its packet size to occupy the channel for as mmehats the fast station, which
does not make the fast station suffer.

Wireless LANs are being utilized for voice communicationtémms of their widely
deployed condition and cheap, high-speed communicatiosoi®ée communication re-
quires guaranteed bandwidth. We introduced the monit@thgme of a network that can
distinguish the lowest throughput level and take actiomtoease it with a network man-
agement tool. Another modification can be introduced in geess point from which all
voice packets are distributed. The access point can aggrégavoice packets and send
the packets in a multicast packet. Each station can idemsifgacket from the payload
by its identifier, which is acquired through subscriptioratmulticast group. The results
show that the throughput increases significantly. We alseed that as the packet size
increases, so does the throughput of a system. We conclatlié sitations aggregate the
packets and send them in a big frame, the overall throughptgases.

The next-generation stations will use multiple accesschwicould be modified de-
pending on the network to which they subscribe. They can ecnto a WLAN or to
a broadband wireless access (BWA) network, or WLAN and BWA camgbain access
together. OFDM is considered as a PHY layer for the last niteess. A configurable
radio can support WLAN and BWA PHY layer together. A system Hase orthogo-
nal frequency division multiple access (OFDMA) has beeretimed to deliver mobile
broadband data service at data rates comparable to thoseedfservices, such as DSL
and cable modems. We considered the problem of resouraaadio for adaptive modu-
lation in OFDMA systems. The problem was considered in tvil@dint approaches: one
maximizes the capacity, and the other satisfies fixed Qo&ieriii.e. the rate and bit error
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rate requirements) in each symbol. Recent work has focusdéwioping algorithms to
meet the QoS criteria [57, 62, 63, 64, 65, 66, 67].

In an OFDMA system, subcarriers are distributed among ws®ithe number of bits
transmitted in each subcarrier is adjusted according todteerequirements of users to
minimize total transmit power. It has been shown that resmatlocation can be opti-
mized by Integer Programming [63]. However, the optimalgoh can not be imple-
mented in real-time. We proposed a simple suboptimal soiutiat fairly allocates and
efficiently converges close to optimal meeting the QoS iatper symbol. The algo-
rithm achieves good performance in terms of tight powerm@bnterative betterment and
fair scheduling among users when compared with the optiwlatien and previously
proposed suboptimal schemes. The proposed solution caralapplied to the uplink
when there is perfect synchronization. We also considegaukaible resource allocation
scheme when the objective is to maximize capacity, basedapogional fair scheduling
algorithm for point-to-point communication introduced@9].

Instead of shaping the directional antenna pattern withntlegallic properties and
physical design of a single element (like a sectorized ar@gradaptive beam systems
combine the outputs of multiple antennas in such a way asrio fimely sectorized (di-
rectional) beams with more spatial selectivity than can dfgeved with conventional,
single-element approaches. We investigated qualitgtived performance improvement
in WLAN when smart antenna systems are used for communicafilé simulations
studied the effect of the beam width and various combinatafradaptive antenna usage
with control and data packets. This configuration could bplé@mented within an AP

subnet or AP-to-AP or AP-to-service provider to satisfy toanection for the last-mile
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access. We looked at the performance of two different nédsvoaccess point only, in
which only the access point has an adaptive antenna systehadahoc configuration, in
which all stations have the adaptive antenna system. Wethatéhe performance of the
system is affected by some conditions. For example, dideliigh power increases the
signal-to-noise ratio; on the other hand, hidden termindl exposed terminal problems
become more effective, which causes interference and pesda negative effect on the
signal-to-noise ratio. Therefore a balance must be reaeftedhese dynamics.

Overall, we coordinate possible components of a wireletgar& that make the sys-

tem more intelligent and can be implemented in next-geiweratireless networks.
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