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Thesis Summary

New Medium Access Contol Scheme for Mobile Bioadband Networks
ThangfiINguyen

This thesis proposes new Medium Access Control (MAC) scheme called DynamictBurst
ReservatiorMultiple Access (DxBRMA). The scheme dynamically and adaptively controls
the sharing of a common channel by combining a contentionzfree slot reservation transmis
sionof payload packets with contentiontbased transmission of bandwidth requegéts.
generatedby a number omobile multimedia sources is statistically multiplexed at the burst
level. Adaptive bandwidttallocation and control subframe boundary adjustment algorithms
wereprovided to control users' access to a common channel in the best way available under
changingtraffic mix and load conditions. Discrete events simulation model of the new MAC
protocolwas developed using OPNEImulation environment. Extensive simulatiorr ex
perimentswere conductetb validate the model and evaluate the protsgeérformance.

The model and the results of validation goeiformance evaluation experiments are dis
cussedn detall in the thesis. The tgt operating environment for the new protocol is the
future generation of mobile broadband networks, although it is believied scalable to the
needsof systems ranging from narrow+ andletband mobile networks supporting mainly
voice communications to broadtband mobile networks supporting multimedia services.
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Chapter 1 Introduction

In the last few decades we have sadastest ever technological revolution changing almost
everyaspect of our life. dchnology especially the information technolqgy changing the
way we work, the way we live and the way we falge future. Computers and telecommuni
cationnetworks play a more importardle in our lives than ever before. Broadband commu
nicationsand multimedia services are thiin tagets to achieve in the near future. These
meanthe following:

1. Broadband communications: the capability of providing a wide range of com
municationrates, from very low such as a few bits per second to very high {broad
band)such as hundreds of megabits per second.

2. Multimedia services: telecommunication services involving a numbdifferent
communicationgnedia such as voice, video, image and data.

Asynchronous fansfer Mode (AM) is now undegoing transition from research and plan
ning to application. AM based networks tdr the capability to integrate technologies such
asX.25 packet switching, frame relggMDS, Interneprotocols, and a variety of other pro
tocolsand services into a single telecommunication network architecture that is scalable,
flexible and capable of handling a broad range of multimedia services.

We live in a distributed data world where everyone needs access to data resources distri
butedamong a lage number of sites located in manyfeliént places worldwide. Private lines
arequickly becominghe exception as switched public and private data networks span the
globe.The market for hightspeed data transfer worldwide is exploding.

Today moreand more computing is accomplished with the use of distributed processing
and clienttserver models. Distributed processing means that network intelligence-and pro
cessingof data are distributed among many networked processing sites. The clienttserver
paradigmis one of the ways to accomplish distributed processing, wherewleks$tations
communicatewith servers to gain access to vital informatam processing capabilities.

With the fast developments in the field of mobile communications, users of distributed in
formationservices expect access to these services from their nefoiieals. This creates
aneed for extension of Broadband Integra®eavices Data Networks (BISDN) capabilities
characteristiof fixed terrestrial networks to the mobile usersmother words, the need for
integrationbetween fixed broadband networks and mobile networks.

Fixed networks are now moving towards tidvAtechnology upon which broadband ISDN
networkswill be built. ATM is based on reliable (low error rates) transmission media and
high performance cell switching (fast packet switching).

In the field of mobile communications, the research and developniemntosihcentrates
on the development of future generation mobile networks with broadband and multimedia
capabilities,integrated with the fixed broadband networks.

One of the important issues related to the development of fydmeration mobile networks
is the development of Medium Access Control (MAC) protocols that can best utilise the
radio transmission medium to support userficabf varying datarates with guaranteed



Quality of Service (QoS). In this thesis, after a short analysis of the requirements for MAC
protocolssuitable for mobile broadband networks, a new MAC protocol is propdsed.
proposedVAC protocol is then modelled, and its performance evaluated by a way of discrete
eventsimulation.

The thesis is ganised as follows.

After a brief introductionChapter 2 brings background information orT services and
QoS.Wireless technology is then introduced, and the need for extension of broadband ser
vicesto mobile users is explained. The chapter finishes with the explanation why it is felt that
the next generation mobile networks should be basedTdntike cell transmission over
theair interface.

Chapter 3 gives an overviewf the generic Medium Access Control functions in communi
cationnetworks. In a short discussion, this chapter @mgoduces the common features of
mobile communication systems suah high Bit Error Rate (BER), propagation defaging
andhidden terminal® phenomenon.

A general discussion, as well as a detailed evaluation of the eX¥sfi@gprotocols designed

for packet radio networks, agiven inChapter 4. This chapter ends with highlights of the
issueghat must be considered in the design of MAC protocols for Mobile Broadband Net
works (MBN).

Based on the discussions presented in the previous chap@nggter 5a new MAC pre
tocol for MBNs is proposed, and its basic mechanisms are explained. The chaptevittarts
adiscussion of the requirements,fand ends with the details of, the proposed MAC proto
col.

Chapter 6 discusses in general terms modelling of the new protocol. Models of various
typesof traffic sources and protocol mechanisms are proposed and discussed.

Chapter 7 explains the OPNET simulation model of the proposed MAC protouniding
the network configuration assumed feimulation experiments, source models, physical
channelmodels and network node (Mobile Station and Base Station) models.

Full description oexperiments carried out to validate the simulation models of the new
MAC protocol, as well as a discussion of their results, are giv€hapter 8.

Simulation experiments carried out to evaluate some aspects of the new MAC protocol
performanceas well as their results, are described and discussed in dé€aghjater 9.

Conclusions and suggestions for further improvements to the protocol are found in
Chapter 10.

Appendix 1 brings details of the OPNET process models used in OPNET simulations of
thenew MAC protocol.



Chapter 2 Future Mobile Networks,
Wir eless AM

Since late seventies, we have been watching movies and television serials, in which people
usedsmall, handheld portable equipment to communicate and exchange multimdidia traf
But now, due to the advent of high speeetworking technologies (such a¥M and Bx
ISDN) and mobile communications, these visions are fast becoming a.rébkge days
peopleare talking about, and publishing their works on, how to achieve the integration of
wirelessnetworks with fixed broadband networks.

Wireless Personal Communication Networks (PCN) based on new digitehunication
technologiedave emeaged as an important field of research and business activities-in tele
communicationsThis is due to the overwhelming market acceptance and decreasinf cost
mobile phonespagers, notebook computers. The days are fast approaching when we will
sendand receive exmail or facsimile messages, watch and talk at the same time, from any
where,using a simple handheld device or a laptop compUtare are numerous apphca
tions of wireless networks. In the closing years of the 20th centugycurrent distinction
betweentraditional telephony+based personal communications and computidgsape
pearing. Personal communications vedon integrate transmission and processing-of in
formationin several media (voice, data, image and text); customised personal communica
torswill offer that choice of media.

In this chaptemwe will look at the background of the broadband telecommunication tech
nology,and explain new terms in the telecommunications fieldré\éss AM° and 2Future
Mobile Networks®.

As the demand for telecommunication servioa@stinues its growth, the requirement of hav
ing one integrated telecommunication infrastructure that can support any of the existing and
forthcomingcommunicatiorservices in a flexible andfettive manners now of a vital con
cernto all: telecommunication services providers, researchers / developers and users. The
aim for the future telecommunication networks is to have one integrated broadband network
which provides communication links for transfer of any kind of information between any of
the network users as show in figure 2.1.

< Other networks >

B+ISDN
{-1 T~

=
Multimedia Mobile cellular

terminal Data base

Figure 2.1 Future telecommunication network




2.1.ATM Services and QoS

With the ordinary telephone service, when a user picks up the handset and the network can
accepthe new call, a digbne is sounded to the user to inform about the network status and
theuser can then dial upe called party numhbehfter the call setup procedure is finished,

a connection is formed and dedicated to the call between the calling and called parties. The
connectionwill persist for the duration of the call until the call is terminated. Such type of
serviceis called @connection oriented®. Connection oriented services are suitable for any
communicationsvhere the calling and called parties neebdeé@ssociated with each other

for the duration of the call. Whenever the connection is set up over a dedicated circuit (cir
cuittswitchedas in the old telephone service), it suits best communications with fixed data
ratesand low delay requirements.

Whenwe access Internet to send email, transfer a file or access a remotely located database,
we usually share the netwoldandwidth with all other currently active users. The bandwidth
of each link is dynamically divided among all contending us&ss new user joins, or one
of the userdeaves the network, the share of total bandwidth available to the remaining users
may decrease or increase correspondindlyst Internet users do not make any prior reserva
tion of bandwidth and are happy to share whatever is available. Under such conditions, it is
not necessary to set up any connections prior to the exchange of information between users.
This leads to the concept of @connectionless service® whsees send messages or packets
of information to each other whenever they need to, adding to each message (or packet) ap
propriateaddress information that is used by the netwoilleatify its recipient and sender
Telecommunicatiometworks providers, on the other hand, traditionally want users to de
claretheir bandwidth requirements before they mage of the network to transfer informa
tion. This helps to manage resources and guarantee quality of &uwisgfor all users ad
mitted to the network. Since the best opportunity to declare the bandwidth (or other QoS)
requirementss during the call setup time, connection oriented service is the preferred type
of service in telecommunication networks where Quality of Service needs to be managed.

ATM (Asynchronous flansfer Mode) networks providefegtive and dicient bandwidth
sharingand Quality of Service guarantees. They support the traditional 2constant bit rate®
(CBR) as well as avariable bit rate® (VBR) services. CBR users declare their bandevidth
guirementdrate) at the time of connection setup. VBR users dettieierequirements in
termsof typical trafic statistics (average data rate, maximum data ratéictkafrstiness
etc...)Thenetwork reserves the required bandwidth for each call admitted to the system and
guaranteethe quality of service in terms of data loss rate, delay and delay variation.4n addi
tion, ATM networks support 2available bit ratéABR) services where the data sources are
allowedto transmit with a specified data rate that can be adjusted (by means of flow control
mechanism}o reflect the current tra€ load on the network, and 2unspecified bit rate®
(UBR) services where there is no flow control. The ABR serviter®tome degree of fair
nessin handling trafic from many sources and some guarantee that the data loss rate will be
low, at the expense of subjecting data sources to the 2rule=hafviour® dictated by the ABR
flow control mechanism. The UBR service does not guarantee any specific QoS + the data
may be transferred from source to destinatidhere is suicient bandwidth available, but
will be dropped without any notice if the network approaches congestion.

\bice callsare typical examples of applications that usually use CBR. The variable bit rate
usersdeclare their peak rate and a sustained (average) rate. As long as they keep the-load with



in the declared parameters, they are also guaranteed the requested QoS parameters. Some
VBR services ar@ot delay sensitive while others ard. M\ networks, therefore, tdr two

typesof VBR services: real+xtime VBR (VBR#Rand nonzrealttime VBR (VBRxNR
Teleconferencings an example of VBR+£Rwhile multimedia emaiis an example of VBR*

NRT.

ABR and UBR services are defined for data transfer applications. They are mainly used
for computer communications and network maintenance/management purposes. The ABR
servicewas defined by the M Forum trafic management group in 1993. File transfers and
emailare examples of applications of this type of services where users are willing to control
their load dynamically as determined by feedback (flow control information) obtained from
the network. They may want the network to guarantee cell loss rate but do not care if they
haveto wait alittle longer to get the data transferred to their destinations. Users who cannot
controltheir trafic but want to use the networkbandwidth is available, can use the 2Unspe
cified Bit Rate® (UBR) service. For such users, the network makes no promises whatsoever
In particular if network gets congested, UBR cells may be dropped. Network monitoring
traffic and Internet news are examples of applications where UBR service is acceptable.

ATM Service Attributes

ITUxT Recommendation 1.362 defines the basic principles and classificatiofivof A
Adaptationlayer (AAL) functions. Physical layeATM layer, and AM Adaptation Layer
(AAL) define the low level data transfer mechanisms for B+ISOMW Adaptatioriayers
main purpose is to serve as intermediary between higher (user) protocols afdvihayar
[1].

There are a number of bearer services defineddtlAyer level. The attributes by which
theseservices dier are the timing relationshipetween source and destination, and the bit

rate (constant or variable). The currently defineBVAservices can beummarised as fol
lows:

Constanbit rate (CBR) service is defined for loss+ and delaytsensitivie traf
with deterministic, constant cell rate.

Variable bit rate, real time (VBRARservice is intended for the statistically pre
dictable bit rate trdic which is unable to adjust to variations in the network load.
The real time service is intended for variable rate stream data (e.g. speech and
video).

Variable bit rate, non real time (VBR+NRis intended for restricted delay ftiaf
that is not sensitive to delay jitter (e.g. interactive multimedia). VBREHiRF
antees only maximum average delay

Available bit rate (ABR) service is intended for losstsensitive but delaytinsensi
tive traffic with cell emission rate ditult to predict, but adjustable to the net

work load (e.g. computertbased applications). The cell emission rate adjustment
is achieved by means of flow control using Resource Management (RM) cells.
Source adjusts its data rate according to received feedback.

Unspecified bit rate (UBR) service is intended for neither losst nor delay+sensi
tive traffic. A UBR user is free to send cells at any rate at any time but the net



work does not guarantee delay nor delivery of those cells. UBR is a typical 2best
effort® service, with no QoS guarantees, similar to the service delivered at present
by the Internet.

A number ofAAL protocol types have been specified to support various user applications.
AAL1 provides support for circuit emulation ov&FM [47]. AAL2, recently redefined,
specifiesmultiplexing of voice channels on aid i bearer [48]. AAL3/4 type protoco|so-
vide support for general (non real+time) dataficaboth connection oriented or connection
less[49].

Newer than the other types of AAL protocols, AALS [50] was conceived within the com
puterindustry in responst the perceived complexity and implementatiofialifties of the
AAL3/4. Initially, AAL5 was adopted by th&TM Forum, ANSI, and the CCITT in a rela
tively short time frame as compared to the usual standardisation procecharéss become
the AAL of choice in data communications equipment,ifsisimplicity and low overheads.

The following table lists some of the most typical multimedia applications and the-charac
teristicsof traffic they generate. Applications are classified accordingeoATM service
type they require, their tréit characteristics and QoS requiremenislués such as those
guotedin the table below can be used to formulate the design objectives for the wifEldss A
systemsand the 3rd generation Mobile Broadband Networks.

Applications Bandwidth Cell loss Cell delay Burst length o
tolerance tolerance size
\Voice 8+ 64 kbps |E (¥4) £ E (¥6)10 £ 150 ms 1ls
Videotelephony |64 = 2Mbps |E (x7) 150+ 350 ms |2+ 10 kB
Videoconference [ 384 +768 kbpg E (£7) 90 ms 1.6 + 40 kB
File transfer 64 + 1.5 Mbps|E (£12) 1+ 500 sec 12kB + 10 MB
Email 2.4 k £ 2Mbps | E (£6) 200 ms £ 10 seq a few kBytes

Table 1. AM service trafic characteristics

(All data wereextracted from publication: 2Framework for services to be supported by the
Universal Mobile Telecommunications System (UMTS)°, ETSI/Special Mobile Group
(SGM), UMTS 02+01, ¥rsion 3.1.0, July 21, 1995.)

From the applications presented in the tables, we can select those applications and service
classeghat should be supported by wirele§8VAand our mobile broadband syst¢mBS)
of interest.

Quiality of Service

Quality of service (QoS) is defined on an end+totend basis in terms of one of the following
measuremermutcomes:

Average delay



Peak, average and sustained cell rates,

Burstiness or maximum burst size,

Cell delay variation,

Cell loss ratio (the ratio of total lost cells to total transmitted cells).

Priority control carhelp to achieve the full range of QoS loss and delay parameters required
by high performance applications. This can be accomplished by priority queuing, service
schedulingpr fair queuing [2].

Priority queuing is defined in order to meefeatiént delay and loss priority requirements
of different connections simultaneouslysually multiple queues are implemented in the
switchand used to store cells belonging to connections witbrdiitQoS requirements, such
thattraffic on the connections that are not tolerant of delay can 3jump ahead® of those that
can tolerate more delay

If the QoS is specified and measured for each individual connection, the situanaiois
gousto that of digital private lines where performance is measured for every line. Inthe ag
gregatecase, QoS is averaged over géanumber of connections, which is more natural for
virtual connections/virtal path arrangement. Aggregate measurements dbatithe per
formancefor all connections in question is identical, which significantiguces the number
of measurement cells that must be transmitted and processed.

Typically, the cost and complexity of individual measurement is justified when it is critical
to ensure that the performance for each individual virtual connection is achieved. Normally
aggregateneasurement is adequate to ensiiae the QoS of a group of virtual connections
is met, and hence the QoS for the individual vire@inections is met on a statistical basis.

2.2. Wireless 'Bchnologyand Extension of Boadband Services
to Mobile Users

Since AM is becoming the technology of choice for building the public telecommunication
networkinfrastructure B£ISDN, the next generation mobile networks should be designed
soas to easily fit and cozexist with the B£ISDN. In order to avoid serious mismatch between
thewireline and wireless networks, itm®w time to consider broadband wireless networks
with service capabilitiesomparable to those provided in thEMt:based fixed broadband
networks.

Wireless systemare emaging in many areas of telecommunication. Currentiyeless
LAN technologies comprise of infrared (IR), UHF radio and microwave radio, ranging from
frequenciesn the region of Ghz in Europe (900 Mhz in the U.S.) to infrared frequej3ties
The personal communication networks may use shared wideband codezdivision multiple ac
cess(CDMA), as well as timezxdivision multiple access (TDMA). There is a considerable
controversyamongexperts in the field regarding the relative merits of spread spectrum
(CDMA) and narrowzxband (TDMA) technologies as applied in the mobile broadband net
works environment. The preferred technique may actually depend on the specific network
applicationscenario of interest.

Spread spectrum (CDMA)The term spread spectrum defines a class of radio sys
tems in which the occupied bandwidth is considerably greater than the individual



channel rate. The technique was initially proposed for military use, where the dif
ficulties of detecting or jamming spread spectrum signal made it an attractive
choice for covert communication. The term code division multiple access

(CDMA) is often used in reference to spread spectrum systems and refers to a
transmission of several such signals in the same frequency band by usirentif
pseudorandom codes for each one. It provides an alternative to the frequency di
vision multiple access (FDMA) and timezdivision multiple access (TDMA) meth
ods [4].

Timezdivision multiple access (TDMAJhe principle of TDMA is very simple.
Traditionally, voice channels were created by dividing the radio spectrum into
narrow frequency channels, with each voice transmission occupying one channel.
This technique is known as FDMA (frequency division multiple access). TDMA
divides the time available in a radio channel into repeated sequence time slots. By
assigning dilerent slots to dferent users (or connections), the channel time is
shared between them.

One of the key components in designing future generation mobile broadband networks is
the design of multiple access techniqiidée code division multiple access (CDMA) tech
niguescan be developed to support multitratefizahowever due to the complexity-re
quiredin the terminal design, and the limitations on the maximum source rate supported,
CDMA schemes do not seem to be a popular multiple access tecforiquebile broadband
networks.Packet contention multiple access techniques such as ALOHA and CSMA are
shownby Goodmaret. al.[5] to perform well in a local wireless environment. Although they
areeasy to implement and have the abildyserve a laye number of bursty terminals, one
of the major problems with these schemetiésefect of collisions between packets gener
atedby manysimultaneous users, resulting in low throughput andianeft use of radio
spectrumln contrast to thisgollisiontfree multiple access schemes (based on time slot or
otherbandwidth reservation techniques) perform well under conditi@igender connec
tiontbasedschemes useless. In most cases, in order to fully utilise the benfefiesidiy
reservatiortechniques, access to the common channel should be regulated by a central con
troller. This suits well the cellular environment typical of mobile communicatetworks.

Why Wireless AM?

Sinceits beginning, the concept offM has been aimed at homogeneous end+totend com
municationtechnology i.e. arrangements where the core communication protocthe are
samefor Local Area Network (LAN) and Wle Area Network (\WN) environments. Under
sucharrangements there is no longer a need to buy and install extra equipment (like routers
or gateways) to interconnect LANs. Also] ¥ is considered to reduce the complexity of
the network and improve the flexibility while providingpntrollable end+to+end perform
ance.For similarreasons (homogeneous endttotend communication technology)the A
cellzrelayparadigm may be adopted in the next generation wireless networks.

There are several factors that tend to favour the us@&MfiA new generation wireless
networksincluding: flexible bandwidth allocation and service type selection for a range of
applicationssome of which are yet to be definedj@ént multiplexing of trafic from bursty
data/multimediasources; end+toxend provisioning of homogeneous broadband services
overwireless and wireline networks; suitability of availablEMAswitching equipment for



intertcellswitching in cellular mobile environment; improved service reliability; ease of
interfacingwith wired (fixed)backbone BxISDN systems. By usingM switching for in
tercelltraffic in a cellular mobile environment, tleeucial problem of developing a new sepa
ratebackbone network to support interconnectibesveen lage number of base stations is
avoided[6].

In future Mobile Broadband Systemd,Mtlike (or ATM compatible) cell transmission
overthe air interface would be adopted to make it fully integrated with the fixed broadband
networkinfrastructure [7]. The term 2iéless AM° (W+ATM) shouldmean the extension
of ATM technology not only téhe shorttrange indoor radio environment, but also to me
diumzand long+range mobile communication networks.

Extensionof ATM Services to Mobile Users

Seamless internetworking of LANs across the campus or even a wider afdg (\As
beenconsistently identified by users as a key benefit delivered ffoi #&chnologyapplied
to computer networks. Currenttiiis is only a potential benefit, not fully realised across the
wholerange of computer communicatiaetworks as yet. The question of how to integrate
mobile networks with fixed BxISDN networksy how to extend BxISDN network capabili
tiesand serviceto the mobile users, is expected to be addressed by the developers of the next
generatiortelecommunication networks.

2.3.Next Generation Mobile Networks

The explosive growth ithe number of services and types of technologies applied in wire
lesscommunication during the last few years shows sliatems for radio paging, cordless
telephonyand cellular telephony have become commonplace and that the demand for
hancedcapabilities will continue growing. It is expected that in the near future, wirddéss
andmultimedia services will grow in popularity and that there will be an increasing need for
spectrumzefficientadio networks to support such services.

UMTS and MBS

Within the assembly of nine RACE Mobile Projects, there were initially a numberfer-dif
entinterpretations of the user and service requirements for systems RSAWTS (Ui
versalMobile Telecommunication System) and MBS (Mobile Broadband System). Each
RACE project was associated with a unique grouping of manufacturers, network providers,
operatorsR&D institutes and universities, with their own interpretations of UMTS and MBS

[7].
This situation was soon clarified and thdetihg views brought into harmongoth UMTS

andMBS arenow seen as intended for provision of enhancedtcapability services well be
yondthe potential of current technologies.

UMTS exploits the 2 GHz radio band and is a multizfunction, multitservice, multizapplica
tion digital system for multizoperator environment that will use end+of+the+centurytechno



logy to support universal roaming andesfmultimedia services requiring up to 2 Mbps
throughputUMTS must meet two goals: support all those services that customers can pres
ently access via conventional cellular systems, andhbeto accommodate yet undefined
multimediaservices and applications.

On the other hand, the goal of MBS is to allow full integration of mofiM ferminals
with afixed ATM network. This integration should nofedt the end+to+end relation of the
protocolsat the AM adaptation layer (AAL) levelMBS intends to expand the data rates
(upto 150 Mbps) and provide broadband services based bhtéchnology (the bit rate over
the air interface is above 2Mbps but lower bit rates are also available; high bit rates over
34Mbpscan be realised by using parallel frequency channels).

Mobile networks have been developed throughout the following generations:
1stgeneratiorof mobile networks: analog technology (e.g. AMPS).

2ndgeneration of mobile networks: digital technology with TDMA
technique(GSM)

3rd generation ofmobile networks: digital, ISDN and BxISDN tech
nologies(UMTS, MBS).

Since it is easy to confuse UMTS objectives with the objectives of second generation net
works, the @8UMTS \ision® statement was prepared.dontrast, MBS is positioned within
adifferent stage of technological development. T@ahnologies necessary to support MBS
arerelatively less mature and hence the RACE project focused more on technology-develop
mentthan system issues.

MBS system is based o Mzlike transport which dérsVirtual channelscarrying data
with variable bit rates. It is based on cellular topology with very small cells (microcells) and
is intended to work within multixservice and multixoperator environments.

MBS installation will be a few years behind the installation of UMTS because the high bit
ratesand the MBS operating frequencies pose serious technical challenges. Many applica
tionscan be satisfied with UMTS, but its 2 Mbps maximum data rate is a limiting factor for
usersof multimedia systems, especially if high definition media are used. History has shown
thatthe demand for capacity is ever increasing and therefore many users wiNlB&ed
MBS will not actually replace UMTSt will only supplement it to cater for users with higher
bandwidthrequirements.

Integration Between Mobile and Fixed B£ISDN Networks

MBS and UMTS will interwork via the fixed IntegratBdoadband Communication Net
work (IBCN). It is likely that dual MBS/UMTS mobile terminals might be manufactured for
the convenience of network users.

Systems based on wireless technologies will have to evolve towards supporting a wider
rangeof applications including voice, video, data and multimedia. The ideal scenario will
be characterised by several Mobile Audiisual Terminals by which users, via a base station
connectingwired and wireless networks, access multimedia services provided by network
nodes(servers) distributed over a high speed communication backboti@sgim, in recent
yearsresearchers' attention has been directed towards the integration between mobile com
municationsystems and broadband networks, such as BxISDN. Such integration requires
third generation wireless information systems based on the following characteristics:
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Massive radio coverage in densely populated urban areas;

Packettransmission and switchirfgr easy integration with broad
bandnetworks;

Multiple Access Protocol with high levels of flexibility andief
ciencyin supporting future integrated services;

Simple bandwidth management strategies to perform statistical
multiplexing of many users on a common channel inside eadio
cell.

The main purpose of this thesis is to deal with the third issue mentioned above (Multiple
AccessProtocols). In the next chapters we will overview some of the better known medium
accesgontrol protocols to identify the issues that need to be addresgerldasign of a suit
ableMAC scheme for future mobile broadband networks.
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Chapter 3 Medium Access Contnl Protocols
In Communication Networks

In telecommunication systems, when two or more users are sending information to a com
mon channelat the same time (e.g. frames overlapping in time), there is a collision of the
framessent, and the frames will not be received corregtiy users involved in collision will
be notified of the condition and then try to send the same information again at another time.

In the wired networks the users themselves can detect the channel status (busy or idle) by
sensinghe channel before sending data, as well as detect the collision by sensing the channel
during the transmission. Howevdhis is much hardeand sometimes impossible, in the
wirelessenvironment where users can not seheecommunication channel directly ¢ler
differenceshetween the transmitted and received signal levels, shadowing and hidden termi
nal phenomena). Therefore, medium access control (MAC) mechanisis effettiveness
will be strongly dected by the transmission medium used in the network. Good MAG- proto
col means high channel utilisatiorfiefency, low service access delatable throughput and
fastresponse to the channel status.

In this chapterwe provide an overview of issues important in the design of Medium Access
Protocols,and introduce generic mechanisms used in the multiple access control.

3.1 Medium Access Contol Techniques

In a communication network where a number of users share the limited bandwidth-of trans
missionmedia to send information, there must beaacess control protocol to coordinate
all users and prevent access collisions. Medium Access Control (MAC) protocol is function
ally responsible for controlling access to the transmission medium. The core of MAC proto
col is its multiple access technique.

Multiplexaccess techniques may be classified into three types [8]:

Deterministic(or channel division) access where channel is divided
by TDMA, FDMA or CDMA. This division may be fixed or adjusted
on a callxbyzxcall basis;

Controlledaccess (polling or tokentpassing) where a common chan
nelis used by a single user until it no longer needs to keep the chan
nel. Then the right to use the channel is passed onto another user;

Randomaccess where all users can contend for a channel. There is
little or no access control and collisions may occur

Deterministic multiple access technique dedicates a specific portibe physical channel
(subdividedon time, frequency or code basis) to the user for the duration of a call. This tech
niqueis not efective in a mixed trdic environment, where the bandwidth required by any
of the users varies from user to user and with time.

Controlled access technique works quite well in wireline systems butntiagrbe serious
problemswith controlling 2tokens® in wireless, high error rate environment. Contraked
cesstechniques for wireless environment tend to use dynamic reservation principle to allo
cateportions of channel bandwidth to the users.
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In random access techniques, access control functions are distributed among users. This
givesthem more freedom to access the common communication channel only when it is
neededand therefore increases the protocbtefncy when dealing witbursty trafic. On
the other hand, special care must be taken to avoid (or at least control the number of)}-the colli
sions.

When designing MAC protocols for Mobile Broadband Netwonlesneed to consider a
few new issues and requiremenigart from those already addressed in the mobile communi
cationsystems known at present. Some of these issues are discussed below

Statistical Multiplexing

Most calls consist of many active (when the source generates data) and silent (when the
sourcedata is idle) periods. loase of voice communications, an important feature of modern
mobile radio communications systems is that speech gaps occurring during conversations are
detectedby speech codecs and not coded into information packets [9]. This helps to reduce
theaverage bandwidth requirements of a voice call by about 50%.

Because dthe bursty nature of triid generated by voice and other sources, the cenven
tional fixed channel allocation becomes ifii@ént when the ratio betweanean silent period
lengthand active period length is ¢g (this ratio is defined dmirstinesof the source). For
example voice source burstiness is approximately 1.4 as the mean talk peajojol ot
mately1.0 second and the mean silent period is approximately 1.35 second. If the communi
cationchannelcould be dynamically allocated to sources only during their active periods,
alarge proportion of bandwidth could be saved and used to service other calls. This technique
exploitsthe fact that with a lge number of sources, the total datte from all sources to
getherat any time should be close to the average data rate from all sourcadavger pe
riod of time. Such technique is commonly knowrsteistical multiplexingof sources based
on their bursty trdfc characteristics.

For most multimedia applications, the source data catesary from very low (nearly zero)
to very high rates during the same session. Such multimedia calls with variable data rates are
mostefficiently serviced by carrying multiple logical connections on the same transmission
medium.This results in dynamic (on demand) bandwidth allocation and statistical multiplex
ing.

The statistical multiplexing gais defined as the ratio of the number of sources supported
by the system over the number of channels required to support the users. For example, if our
systemhas 30 physical channel and can serve 60 users simultan¢bediatistical muki
plexing gain of the system will be 2. Note that the channels referred to above have capacity
suchthat each of them separately can support transmission of data from one source (i.e. its
capacityhas to reflect the peak data rate of a source).

Statistical multiplexing saves channel capacity in a system with bursty sources, but also
introducesnew problems. One of the problemmgow to notify the network (the MAC proto
col) of the active/silent periods start agntlpoints. Also, a strict coordination between users
Is required to avoid colliding with one another when sending data. The control signalling will
bemore complex to allow the exchange of bandwidth allocation requests (with required data
ratein a burst and other tifad parameters) as well as theual setup and termination mes
sagedraditionally exchanged between users and the network.

To summarise, we can say as follows:
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1. Peak cell rates of the tfaf generated by each source have a significapact on statisti
cal multiplexing gain. This impact becomes stronger as the burstiness of sources increases.

2. Burst length relative to silence lengtleats statistical multiplexing gain.

3. Fixed channel allocation is not suitable to multimedia services. Packetdddsed
schemes utilising statistical multiplexing seem to be much more suitable.

3.2 Common Featues of Mobile Systems

The digital cellular radio environment usually consists ofgelaumber of terminale-
catedwithin the communication range of a Base Station. The terminals may be located in an
area where |ge buildings and/or other features of the terrain reflect the radio waves-and re
sultin multiple propagation paths. Associated with each path is a propagation delay and an
attenuationfactor depending on the obstacl@®sent in the path of the electromagnetic
waves.When a continuous waveform (CW) is transmitted, the multip&lctetesults in the
fluctuation of the received signal envelope that is Rayleigh distributed. Such channel is
knownas a Rayleigh fading channel [10].

Thecommunication channel in mobile networks is mucked#nt from that of the fixed
networks.Multipath fading mentioned above, interference and oth&culifto predict and
control factors mean that the usual bit error rates of a mobile radio channel is always higher
thanthat of a fixed® channel.

In a packettbased radio network, when the received signal level falls below a certain thres
hold, the whole packewill be lost. This may cause extra delay and contention in the system
becausdhe mobile station needs to retransmit the same packet. Therefoeg;aheous
transmissionn mobile radio environment has strongeet on the total system performance.
Forexample, a contending ugen the upzlink) who encountered a transmission ,gnes
to contend for another slot to rextransmit the lost packet, while a user already hdidimg) a
width reservation mapave to give up its time slot. In another example, a user is not allowed
to transmit in a requested slot unless an error free acknowledgment of the reséasafon
rived in the previousrame. Increased loss of slot reservation requests / acknowledgments
dueto transmissiorerrors will always cause an artificial increase in thditrabntending
for the shared bandwidth, fuelling further the link congestion. Urleascontrol mecha
nismsare implemented based on the actual (meastinédpad, contention based channel
accessvill always be vulnerable to congestion caused by temporary indreelsannel error
rate.Channel congestion may cause significant delays in obtaining bandwidth reservations
andcan severely degrade the communication quality

Besides the high Bit Error Rate (BER), MAC schemes designed for mobile radio channel
haveto address the problem of hidden terminal. Unlike in the fixed network environment
whereeach node can easily sense the channel directly to decide whether or not itnsdbusy
bile stations in wireless networks face strong limitations on their channel sensing capability
Firstly, the lage diference between the transmitted and received signal levels make the sens
ing difficult. Secondlyterminals which can communicate with base station may not be able
to hear each other due to being divided by a distance longer than their usual communication
range,or by an obstacle (a building, a hill etc...) attenuating the transmitted signal below the
receptionthreshold. Theffects mentioned here strongly limit théeetiveness of carrier+
senseébased MAC schemes. In fact, Carggnse Multiple Access (CSMA) schemes are in
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someradio environments nmore efective than purely random MAC schemes (e.g. Aloha)
[51].

All the efects mentioned above stronglffect the overall performance of medium access
control protocols in mobile radio networks. Special care must be taken in designing access
control protocol for such environments.

3.3 Multiple Access Communications

|dealisedSlotted Multiple Access Model

The idealised model describkdlow provides simplifying assumptions necessary to evalu
atethe contention that occurs when multiplades use the same transmission medium: Con
ceptually,we view our system as a combinatiomofransmitting nodes and one receiver

The simplifying assumptions are as follows:

1.Slotted systemMle assume that all transmitted packets have the same length and that each
packetrequires one time unit length of the channel time (called a slot) for transmission. All
transmittersare synchronised so that the transmission and reception of each packet-starts ex
actly at the beginning of a slot and ends at the end of the same slot.

2.Poisson arrivalsAssume that packets arrive for transmission at each of trensmit
ting nodes according to the Poisson processes.

3.Collision or perfect eception:Assume that if two or more nodes send a packeginen
time slot, there is @ollision and the receiver obtains no information about the content or
sourceof the transmitted packets. If only one node sends a packet in a given slot, then the
packetis correctly received.

4.lmmediate feedbacl&ssume that at the end of each transmission, the transmitting node
obtainsfeedback from the receiver informing if the packet just transmitted was received cor
rectly.

5.RetransmissionAssume thaéach packet involved in a collision must be retransmitted
in some later slot, with further retransmissions if necessati the packet is successfully
received A node with a packet that must be retransmitted is said badidogged.

The above assumptions have twieef. The first is to turn the system into a discretextime
systemthus simplifying analysis. The second is to precldéioiethe moment, the possibility
of carrier sensing or early collision detection. Both may be introduced later as an extension
of the model above.

SlottedALOHA

The ALOHA network was developed in 1970s to provide radio communication between
the central computer and various data terminals located at the campuses of the University of
Hawaii[11]. The basic idea of the algorithm is that each node simply transmits a newdy arriv
ing packet in the first sloafter the packet arrival, thus risking occasional collisions but
achievingvery small delay if collisions are rare. This approach should be contrasted with the
Time Division Multiplexing (TDM), in which, withm nodes, an arriving packet would have
to wait for an average afV2 slots for its turn to transmit. Thus, Slotted Aloha transmits
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packetsalmostimmediately with occasional collisions, whereas TDM avoids collisions at
the expense of longer delays.

When a collision occurs in slotted Aloha, each node involved in the collision discovers the
collision (at the end of the slot according to the idealised model, or aftackm®wledgment
timezoutperiod in real systems) and becomes backlogged. If each backlogged node were to
simply retransmit in the next slot after being involved in a collision, then another collision
would be inevitable.

In slotted ALOHA, the colliding packets are fared and retransmitted after a randam
transmissiordelay The terminals holding bigred packets are said to be in a blockede
with retransmission probability. The retransmission control (bacRgiroblem is one of the
importantissues in the Slotted Aloha protocol. Sevenathods to stabilise slotted ALOHA
systemdy controlling the retransmission probabilgylynamically have been proposed in
theliterature [12,13].

Some of the methods mentioned above first estimate the noirimcklogged terminals
accordingto the result of the transmission in the previous slot, and then compsiteg the
backlog estimation, while other methods directly estimatsing the result of the transmis
sionin previous slot. In the system with infinite population, all of the above metuisve
thetheoretical maximum throughput of slotted ALOHA, i.e. 0.37 packets per slot.

Protocols based on slotted ALOHA have been adopted widely in local wireless communica
tions. The slotted ALOHA is used not only by itself as a multiple access protocol but also
asa component of many packet/bandwidth reservationtbased protocols [14].

Carrier Sense Multiple Access (CSMA)

In many multiple access systems, such as local area networks, a node can hear whether or
not other nodes are transmitting after a propagation and detection delay which is short rela
tively to the packet transmissidime. The detection delay is the time required by a receiver
to determine whether or not some other node is currently transmitting.

The major diierence between CSMA and the ordinary slotted Aloha is that idle slots can
bedistinguished (with some delay) from packet transmission sladsidtde can detect idle
slotsquickly, it can initiate packet transmission in the idle slots with a much lower risk of
collision.

The success of CSMA relies on sensing the cae#sy to accomplish with wired medium.
Thisis the primary reason why CSMA has been so successful in wired networks (e.g. CSMA/
CD in 2Ethernet®). Carrier sense multiple access (CSMA) yielded a considergileve
mentover slotted Aloha in the situation where all nodes could hear all other nodes and the
propagatiordelay was short. For linetoftsight radio, the propagation delay is typically small
relativeto packetransmission times, and therefore the CSMA could be expected to work
well. Unfortunately there might be obstructions between radio nodes so that they are unable
to hear each otheMoreover radio transmission (especially in mob&ievironment) is sub
jectto fading and variable noigevels, so that the activity of another node, even within the
usualcommunication range, may be hard to detect in a short time period. For these reasons,
carriersensing is not very fefctive for packet radio applications [15].
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ReservationtBasetultiple Access

We will now look at a very simple way of increasing the throughput of multiple access chan
nelsknown as reservation multiple access. If the transmitted packets are relatively long, it
may be very indicient to waste long slots on randomly occurring collisions and idle slots.

It may be far more @&€ient to send very short packets either in a contention mode or a fixed
TDM mode, and to use those short packets to reserve longer contentiontfree slots for the
transmissiorof payload data. Thus, the slots wasted due to idle periods and collisions are all
short,while the longer payload data slots are nevasted, leading to a higher overalfi-ef
ciency.There are many dérent systems that operate in this way

In multiple access reservation systems, the format of a reservation packet is not so much
importantas the purpose it servessimply has to contain enough information to allow the
basestation to perform the reservation and then communicate it back to the terminal(s) of
interest.For example, witlthe instantaneous feedback indicating success or collision that we
havebeen assuming in our idealised model,réservation packet does not have to contain
any informationbeyond its mere existence. After a successful reservation packet is trans
mitted, either the next full time slot or some predetermined future slot can be automatically
allocatedfor transmission of the corresponding data packets. The reservation packets can use
anyaccess strategincluding time division multiplexing and slotted Aloha.

One example of the reservation multiple acgeetocol discussed above is Reservation
Aloha protocol. The Reservation Aloha (R+tALOHA) protocol wiast proposed by
Crowtheret al.in 1973 [16]. According tdéhe protocol, terminals contend for channel access
asin slotted Aloha and, if successful, get a reservation to transmit a number of packets (a
burst) in that reserved slot using time division multiple access over a number of TDMA
frames.The slot reservations make this protocol appropriate for statistical multiplexing of
sourceghat generate multiple packet messages (bursts).
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Chapter 4 Evaluation of Existing MAC Protocols
for Mobile Packet Networks

We have already mentioned the importance of having a well designed MAC protocol capa
ble of working in a mixed trdiic environment brought about by thext generation mobile
networksintegrated with the fixebdroadband network infrastructure. This chapter will focus
on a brief evaluation of the existing MAC techniques for mobile packet networks.

We consider a cellular network with one base station in each cell. Each cell has ajrezallo
catedbandwidth divided into upzlink and downzlink on a frequency division bagisinW
eachlink (upzlink, downzlink), the diérent trafic streams are separated on a time Iséstis.

Both downzlink and upzlink channedse divided into fixed length frames. Frame length is
calculatedn the initial system design and is equal to a multiple number of basic time slots
(could be designed to carryTM=like cells). The slots can be reservedtse by trdic
sources.Downzlink is controlled by the base station and operated in broadcast mode, while
theupzlink is shared among all users within the cell. The MAC protocol controls user access
to the upzxlink only

4.1 PRMA (Packet Reservation Multiple Access)

Goodmaret all. proposed Packet Reservation Multiple Access (PRMA) protocol for packet
voiceterminals in cellular systems. The PRMA protocol [a#gmpts to solve the multiple
accesgroblem by combining the advantages of two other protocols: the slotted Aloha proto
col and the TDMA protocol. PRMA can be used to transmit packetised voice and data among
anumber of wireless (mobile) terminals in a microx and picoxcellular environment {e.g. in
doorwireless LAN). Although the transmission of data is an attractive feature of the protocol,
its main use is for speech communication. For voice transmissgpgeh activity detector
is used, resulting in the transmission of bursts of packets equivalent to talkspurts when a user
is speaking, and no packets at all when a user is silent (during the talk silence period).

R + Reserved slot
A + Available slot

Figure4.1 Frame structure of PRMA

A typical frame structure of a PRMA protocol, identified in a number of works (e.g. in [13])
assuitable for UMTS, is shown in Fig. 4.1

PRMA protocol works as follows:

to send voice packets, a station can contend for any available slot and
if successful, it will have that slot as its reserved slot (denoted as R
slot) in subsequent frames until the end of its burst (e.g. talkspurt);
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thereis no reservation for data tfaf Data packets have ttontend
for available slots (denoted as A slots) whenever there is data to be
sent;

feedbackirom the Base Station (e.g. reservatamknowledgment,
slot status) is given at the end of every slot;

the frame rate is identical to the arrival rate of speech packets in a
singlesourceand therefore the protocol can handle voice transmis
sionduring a talkspurt by allocating one slot per frame to the voice
source.

PRMA protocol has been previously proposeddocommodate wireless terminals with-dis
continuougransmission requirements particularly for speech and data. This packet transmis
sion protocol closely resembles reservation ALOHA. Howeirdormation packets from
thosesources whose output cannot be delayed beyond a certain time are lost if the slot re
servationdelay exceeds that timpgcket dopping theshold during periods of link conges
tion. PRMA is distinct from RtALOHA by its response network congestion (packets are
not queued forever in the source fawj and by its short round trip propagation time [18].

The primary advantage of PRMA is it§i@ent use of speech activity detectors to obtain
a bandwidth diciency improvement over TDMA. A significant disadvantage of PRMA for
variablezratesources appears to be the need for exchange of control information every time
the source rate is changedcause it was initially designed for constant bit rate voice packet
transmissioronly. The possibility of collisions on the reservation channel and tHeutsf
onthe overall throughput of tharotocol limit its use in a variabletrate environment where
thereare more reservatiaequests per unit of payload data than in the constant bit rate voice
transmissiorenvironment. Another disadvantage is that in PRMAbi&se station broadcasts
anacknowledgment message after every time blded on the information it received in
thattime slot. Thus the terminals have to listeth® acknowledgment in every time slot to
decideon their course of actioim future time slots. Hence, the receiver in the terminal is
active all the time and consumes more poweaddition,in the PRMA ,as the tréfc in-
creasesthe probability of finding available slots in the frame decreases and the access delay
increases without limit. These advantages and disadvantages can be summarised as follows:

Advantages:

efficient use of speech activity detectors to obtain bandwidth ef
ciencyimprovements over fixed TDMA (i.e. bandwidth is used only
whenthere is speech data to be transmitted);

availableslots are randomly distributed within a fraseethat aver
ageaccess delay is minimised.

Disadvantages:

fixed length slots are not always suitable for mixedizanviron
ments;

whena collision occurs between reservation requests, a whole slot
is lost £ waste of bandwidth;
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thereis no reservation in subsequent frames for data sources produc
ing multiple packet messages. That introduces significant increase
in the number of access requests per unit of payload data;

focused on providing good quality access for voice users only

4.2 PRMAxBased Potocols with Improvements

Thereare a number of variations of the basic PRMA protocol, which solve gbthe prob
lemslisted above. The most commonly known improved protocols are [19+£24]:

PRMA++

The protocol was designed for use in the RACE R208BMA system.Two separated

(up and down) links are divided into fixed length frames with constant number of slots which
havepretassigned ddrent functions:

Rzslots(Reservation Slots £+ ALOHAxbased access) and Itslots (In
formationSlots + contentiontfree access) in the upzlink;

Azslots(for ACK packets and Allocation packets) and Itslots (for
FastPaging packets) in the downzlink.

The number of Rtslots/Ixslots and their positions in a frame is predefined by the base station
andremains unchanged during system operation. The separation bewvemi and in
formationslots allows dilerent degrees of qualityeing maintained for these two groups of
slots. Because the number of Rtslatsswell as their position within the frame are fixed (R+
andAtslots areassumed to be distributed evenly across the transmission frame), there will
bean access delay comparable to the frame length even at low loads.

Subzxframe 1 Sub+frame 2
IRI21213 4 % R 1 | 1/RL12 3 R 1]

/
Fast Pagin Fast Pagin
ACK ACK

R +Reservation slot

Figure 4.2 PRMA++ frame structure

The number oA slots and their positions in a frame are also predefined by the base station.

Because the number and positions of Rxslots are fixed and predetermihedase sta
tion, mobile terminals do not need listen to ACKs in the end of every slot to identify its
statusand users know in advance where the control slots are. Hence, there will be less confu
sionabout when and where to access the channel (less errorsaccéss control procedure
dueto erroneous transmission of control information). Howea®discussed before, fixed
andpredefined frame structure makes the protocol less suitable for application in multimedia
environment.
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From the discussion above, w@&n see that PRMA and PRMA++ are both significantly
differentfrom access protocols used in the second generation nsgbtkams which allocate
aslot for the duration of a call (call level multiplexing, assuming no handover). PRMA and
PRMA++ protocols are based on talkspurt level multiplexing rather than on the call level
multiplexing, but are still focused primarily on voice service. They allow automatic centinu
oustransmission until the last packet of a burst from a user is transmitted, butallmwot
multiple slot assignment for data sources other than corstanatte voice. Both of them use
arequest queue in the base station to store and process Access Requests (centrally controlled
bandwidthallocation).

Minislot PRMA

In PRMA, in the event of a collision between Access Requests, an entire slot is wasted.
Minislotted PRMA protocol can overcome this disadvantage by dividing each stbe of
PRMA frame into a number of minislots, each off&ignt length to transmit the header of
avoice or data packethe improvement is obvious: due to the increased number of times
anactive user can attempt to makeeaervation thanks to the the division of a slot onto a
numberof minislots, there are less collisions between Access Requestbgamaount of
bandwidth wasted in the event of a collision is smaller

In order to meet the performance requirementigh quality channel must be provided
for the access request messages in ordairionise their loss due to channel impairments.
An obvious alternative is tose separate control channels for slot reservation. Since access
requesimessages are short in duration, short control slots (minitslots) and a high degree of
diversity/redundancynay be used to provide high quality channels for these messages.

D+RMA (Dynamic Reservation Multiple Access)

The protocol is based on PRMA++ frame structure (with R+ and Itslots) plus a dynamic
adaptationof percentagef bandwidth for reservation in each frame to the curreridraf
conditions,coupled with a suitable bandwidth allocation stratddne number of time slots
in a frame is fixed but the division betwemservation and information slots can be changed
dynamicallyaccording to the network load status.

f= N slots (fixed)
N = Nr + Ni (interchangeable)
| + Information slots; R + Reservation slots; Ni + numberstdts; Nr + number of R slots

Figure4.3 Frame structure of DtRMA

With the protocol, dynamic managementeservation bandwidth (to cater for originating/
terminatingcalls or handovers) by modifying the number of active R+slots within the frame
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canbe achieved. Particularlgt the end of each frame, the base station runs an algorithm
which examines chann&ad (i.e. counts the number of terminals within the microcell which
havea connectiorestablished) and determines a suitable Nr value. This algorithm is executed
by the Reservation Bandwidth Controllér hysteresis main is introduced which permits
achange in Nr only when thefefed load shows an actual tendencyisihg (when crossing
alow limit) or falling (when crossing a high limit).

D+RMA protocol allows multiple slots assignment, that is a user can ask for and reserve
anumberof information slots as required. It is therefore suitable for 3rd generation cellular
mobile radio systems supporting multimedia ficaf

RMAV (ReservationMultiple Access with "riable Frame Length)

The frame structure of RMAIs the same as for PRMA, withreserved slots (R slots) and
only one competitive slot (C slot) for making reservation.

Frame = n Reserved slots + 1 Competitive slot

The number of reserved slatsa frame (and therefore the frame length) increases as the
systemload and/or the number of active terminals increases

In RMAV, a terminal can reserve as many slots as needed, up to a giveRkdiohits|ot
containsan access control field and a data field, which are used to caoteds to a slot and
to transport a data packet, respectiv@ye bit within the access control field is thserva-
tion accesdit (RQ), used for a slot reservation.

RMAV uses four types of acknowledgment packets (R+, S+, C+, and IzACK) to give feed
back to the mobile stations (for each slot, or for all slots within one frameaiokaowledg-
mentframe + AF).

R+ACK (reserved); the packet was successfully transmitted and one
slotin the next frames is reserved,;

S+ACK (success); the packet transmissias successful but no slot
reservatiornad been made;

C+ACK (collision); a collision occurred and if a reservation had
beenrequested, it also failed;

I+ACK (idle); no terminal transmitted a packet in the corresponding
slot.

Packettransmission using competitive slot

Each terminal with packet(&) be transmitted accesses the competitive slot with probability
p. The following backdfscheme is used in RMA during system initialisatiorp is set to
one.The base station updates the valup af the end of each frame depending on the status
of the competitive sloty(is divided by two if the collision occurs in the competitive slot, and
is multiplied by two if the slot is idle). Otherwiseremains unchanged.

When a terminal accesses the competitive slot, if it wames@yve a slot in the next frame,
it sets RQ bit of the competitivgtot to 1. Otherwise, RQ bit is set to zero. The base station
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broadcastshrough the Whner (WIN) field of the Acknowledgment Frame (AF) the identi
fication of the terminal that successfully accessed the competitive slot. As a result, all termi
nalsthat accessed the competitive slot can identify the witineo terminal accessed the
competitiveslot, the acknowledgment packet is ItACK.

Packet transmission using reserved slot

Newreservation:A terminal that successfully accessed the competitive slot with RQ bit set
to one inthe preceding frame, counts the number of R+AGKthe corresponding ARs-
sumethe number is. The terminal then accesses title reserved slot (i.e. the last reserved
slot) of the current frame with probability one.

MaintainingreservationBy setting the RQ bit of the slot to 1. When the terminal receives
AF for the current frame from the base station, it counts the R+t&\@khin the range from
thefirst to thekth ACK in AF again and uses the number as the position of the restoved
belongingto it in the next frame.

Reservationelease:By setting the RQ bit to zero.

Multiple reservation in a frame

RMAV allows multiple slot reservations for a terminal but the number of slots that each
terminalcan reserve in one frame cannot exceed the maximum number of reserved slots (R
slots)provided in a frame for one connection. When reserving a slot, a terminal can access
the competitiveslot and if successful, the number of reserved slots that belong to-it is in
creasedy one.

The number of reserved slots in a frame varies within the raniy&fi@ax] depending on
the system load and the number of active termidl§aking account of the competitive slot,
therange of the frame length is [{Rmax + 1].

The protocol can be summarised with the following list of advantages and disadvantages:

Advantages:

The protocol combines all the advantages of PRMA, PRMardD+RMA protocols in
the sense of dynamic adaptation of bandwidth allocation procedure to the actual demand on
transmissiorcapacity Other advantages are:

shortdelay in light load, and high throughput in heavy load condi
tions;

theeffects of bit errors caused by channel impairments are not{propa
gatedto the next frame. Mobile stations can adapd correct the
error for the next frame independentlihis does not disturb any
packettransmissions by other terminals;

adaptivityto the number of active terminals and system load eondi
tionstthe protocol copes well with frequent terminal insertions and
deletions.
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Disadvantages:

thereis only one competitive slot in each framettWthe number of
active users increasing, the probability of collision in the contention
slotwill increase, and hence the access delay will grow rapidly;

thereis no provision for dferent treatment of users with fdifent
QoSrequirements. There is no bandwidth allocation strategy tdenti
fied within the protocol to deal with the dynamic frafenvironment

of future mobile broadband systems supporting multimedia ser
vices.

We can conclude ouorief overview of the available MAC schemes for packet radio net
workswith an observation that there is still no protocol which ctaecgtely and diciently
dealwith mixed trafic environments, and provide an optimum tradéhefween QoS pa
rametergthroughput and access delay) of multipleficegtreams. Moreovedue to the vari
ablecell generation rates in the multimedia services environment)At& scheme should
be able to adjust the allocated transmission capacity to the variable shorttterm requirements
in order to maintain high level of bandwidth utilisation. The existing protocols do not seem
to be very efective in this regard.

4.3 Important Issues in Designing MAC for MBS

First of all, the choice of a suitable multiple access technique should take into consideration
the channel impairments due to the fact that the propagation of radio signals between wireless
terminalsand the base station is stronglyeated by multipath é#cts and propagation
losses.This suggests the use of a combined FDMA/TDMAltiple access system as de
scribedin [25]. Frequency hopping and diversity schemes with coding are other alternatives.

Secondlyto allow full integration with fixed broadband networks, transmissionT®éfiA
like cells and virtual channels (VC) based network service over the air interface would be
preferred.

The mobile stations have to share the common system bandwidthafeddyding taheir
negotiatedQoS. Special attention has to be paid to the maximum cell delay and other QoS
characteristics of realxtime oriented (CBR, VBR) services.

The slot length in the MAC protocfar the next generation mobile networks has to have
its length equivalent to oneTM cell together with the necessary overhead for training se
guencesynchronisation, forward error control aggard time. Howevern contrast to 2nd
generatiorcellular systems, where each mobile station accessed its own synchronous time
division multiplex (STDM) channel, statistical multiplexing of feifent trafic streams on
theair interface requires that several mobile stations share the same physical channel. The
MAC protocol has to be able to allocate the share of bandwidth to mobile stations on demand
fastenough to reflect their instantaneous bandwidth and Qual®gfice (Q0S) require
ments, but without adversef@tt on the QoS experienced by other mobile stations.

A fair and eficient medium accessontrol based on singleTM cell granularity of access
seemdo be possible only when the allocation of slots is contrdilled central entity + Base
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Station.The central MAC control entity (dhe Base Station) implements a service strategy
accordingto which the mobile stations are given access to the channel.

In an mixed trdfc environment, a static system of relative priorities betweBv Aervice
classe{CBR>VBR>ABR>UBR) is usually implemented.ithin the classes of CBR and
VBR services the relative geency discipline is considered, where the priorities of bandwidth
requestsdepend on their waiting timand their connectiontspecific QoS requirements.
Underthis strategythe probability of cells (and/or bursts of cells) bemig (exceeding their
duedate)is minimised. Cells which have exceeded their maximum tolerable delay- (deter
minedby the service QoS requirements) will be discarded from the system without transmis
sion.

The main diierence between thelTMzlike multiplexingat the air interface, and a typical
wireline ATM multiplexing is the distribution of the multiplexing functions between wireless
terminalsand the base station. In the case of wirelii®Anultiplexing, cells are automati
cally inserted into free slots (determined at the terminal by means of carrier sense, +.e. by di
rectobservation of the channel at the physical infrastructure level), and there is no need for
a central coordination entity (medium accessitroller). The situation is dédrent in radio
environmentwhere MSs canndirectly coordinate their mutual access to the shared physical
channel A medium access controller needed to cozordinate access to the shared channel,
which requires frequergxchanges of control information between the mobile terminals and
the central base station. THast and reliable transmission of such control informatien be
tweenMSs and the BS is of crucial importance to tHeieint and stable medium access-con
trol performance. Inerms of the MAC design, this may mean that all the control messages
shouldbe grouped into a separatentrol subframe where the transmission can be of higher
priority and reliability than that of the payload frafpackets.

The next idea is to consider polling or tokenzpasgingpcols. ©ken passing among mo
bile nodes is not feasible since a loss of token is very likely in fading channels and in wireless
networksthatdo not guarantee a fully connected or even well connected topdlogyext
possibilityis to use base station controllgalling, since typical wireless networks are struc
turedaround base stations serving moliteles. Such centralised control may provide reli
ablemedium access control over fading alythamic channels. Therefore, it has been pro
posedas a possible medium access control in wireless LANs [26]. Howaapite of its
good reliability polling (as known within the domaof wired terminal access) is nofief
cient.Base stations would typically require hand+shaking and a strict registration procedure
for mobile nodes, resulting large overheads for hand+shaking and restrictions on roaming.

A multiple access protocol for wireless networks must be a compromise between centralised
anddecentralised approaches. Therefore, a family of new multiple access protocols, called
randomlyaddressed polling (RAP) is proposed in [27£31], which can be consideeegrm
tralisedversion of polling. RAP is based on the following assumptions:

a centralised protocol (such as polling) is reliable, especially for
wirelessnetworks that usually operate with unpredictable channels,
thoughit requires constant monitoring of all nodes;

constantmonitoring of all mobile nodes is not feasible in wireless
networks.ThereforeRAP requires the knowledge of the @random
address®f only active users (rather than all users).

25



Finally, we consider servicing timexboundedficalby reservation protocols with frame
structurebased on time slots equivalent toMktlike cells. If timexbounded services are re
quired, reservation is obviously the simplest solution. The typical approach is to form a
superframestructure based on eithapsolute or relative timing and to have some frame(s)
in the superframe provide the timexbounded services. Cutralmigst all MAC protocols
for wireless networks support this kind of constant bit rate reservation mechanism.

It is useful taconclude that in mobile systems the correct reception of control information
Is of highest importance, therefore the access requests from mobile stations are likely to be
acceptedirst (with high priority), and then processedthg base station bandwidth alleca
tion algorithm. D aid the high priority transfer @éservation requests, a separate control
channel can be provided for reservation requests at the end of each frame, consisting of a
numberof minislots. The number of minislots in the reservation request subframe can be ad
justedaccording to the the changes in the relative reservation requést traf

4.4 Requirements for an Improved MAC Protocol

The discussion from previous sections of this chapter leads us to a conclusion that a MAC
protocolthat addresses in a satisfactory manner all important requirements of the future gen
erationbroadband mobile networks is yet todesigned. In particulawe can formulate a
list of most important improvements that would be expectexlich a protocol over the pro
tocolsdiscussed in section 4.2 (our 2wish list®) as follows:

1. Better support for varying multimedia tfiafmixes by a provision of natural sup
port for different classes of trid (CBR, VBR, ABR, UBR) simultaneously;

2. Better handling of QoS requirements of mixedficafy a provision of independ
ent reservation request queues for alffitaypes and a use of Bandwidth Alleca
tion and Call Admission Control policies implemented as separate entities, inde
pendent of the medium access mechanisms used in the MAC protocol, and easily
modifiable;

3. More flexible reservation principles (e.g. introduction of multiple slot reserva
tions spanning over a sequence of frames for dafectvath long bursts) im
proving the flexibility of service policies, improving fairness where needed, and
reducing the overheads for transmission and processing of reservation requests;

4. Reduction of bandwidth losses due to collisions of reservation requests by a use
of short reservation minislots and dynamically adjustable boundary between the
payload and control subframes (to cater for dynamic changes in the relative re
servation requests load);

5. Dynamic adaptation of servicing policies, bandwidth allocation mechanisms and
frame structure to changing tiiafcharacteristics, propagation delay and bit error
rate in the radio environment;

6. Adaptable (by means of appropriate configuration of system parameters) to a
broad range of mobile communications systems.

PRMAtbased medium access control seems to be the most promising candidate fer a proto
col satisfying all the enhanced requirements of the future generation broadband mebile net

26



works.We will add the following assumptions which seem to support the requirements for
mulatedbefore.

fixedxlengthframe to support voice tifa (1 slot in a frame per ac
tive speech source);

multiple slot assignment in a frame for high bit rate data streams;

useof contentionzbased access minislots for transmissibarod
width reservation requests;

continuougeservation (spanning across marames) for multiplex
packetdata messages;

useof local queues (at the source) for payload data, and global
gueuedat the BS) for access requests;

servicepriority and QoS negotiation on a perzcall basis, rexnegoti
ablewhile calls are active;

useof a call admission control policy based on the network-oper
ationalstatus;

statisticalmultiplexing at burst level (e.gpandwidth reservation for
the entire talkspurt duration in case of voiceficgf

We will use most of the above ideas to construct our new MAC protocol mechanism.
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Chapter 5 New Medium Access Contyl Protocol
for Mobile Br oadband Networks

Following the formulation of requirements for a MAC protocol in Chapter 4, we will now
presenta proposal for a new MAC protocol that we believiersf some improvements (in
terms of both performance and operational flexibility) over the protocols reviewed
Chapters.

We will consider a single cell mobile network structure where a central base station serves
numberof mobile stations within its designated area. Radio link between base station (BS)
andmobile stations (MSs) is divided into two separate radio channels for upzlink and downz+
link transmission respectively (frequency division). In the downzlink channel, BS has total
controloverthe packet transmission, and the channel is operated in a broadcast mode without
collisions.All packet transmissions from all MSs within the cell to the central BSare=d
outvia the upzlink channel. It is here (upzlink channel) where contention, collisions, reserva
tion and inbound signallingring about the channel access complexity that calls for-a me
dium access protocol.

5.1 The New Ppotocol: DtBRMA

The new MAC protocol proposed in this thesis wilkreferred to as DtBRMA (Dynamic
BurstReservation Multiple Access). It is a protocol derived from the family of packet re
servationprotocols, with a number modifications that are intended to improve its perform
ancein accordance with the requirements listed in Chapter 4.

The Protocol Frame Structure

Figure 5.1 shows the frame structofeour new protocol (D£BRMA). Some slots at the
endof each frame are divided into minislots used for MAC related control purposes.

data subframe  __°-__ _

downzlink
data subframe (M) —_—

up=link

Fig. 5.1 D+BRMA frame structure

The downzlink minislots (2ALL° in Fig. 5.1) are used to confirm new reservations and
inform of the allocated slot positions (ALL control packets) as well as their changes. The
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minislotsin the end of the upzlink frame (®Reservations® minislots) are used for slot reserva
tion requests.

Reservations of multiple slots are possible, as shown by the double+ and triplexslot reserva
tion examples in the figure.

The MAC protocol uses fixed length frame structure.a¥sumed a fixed frame length for
simplicity and to provide the potential for carrying synchronousi¢rak frame is composed
of two subframes, the data (D) subframe and the reservation (R) subframe. The data subframe
consistsof M data transmission slots, and the reservation subframe consistsooitridl
minislots.In the R subframe, mobile stations transmit reservation requests in order to receive
dataslots reservations in the next D subframe. The boundary betweeratiek ® subframes
is not fixed, but instead can be varied according to thedraquirements.

The frame structure of the downzlink channel is exactly the same as thatup-timé
channelwith the Reservation minislots replaceaw by the Allocation (ALL) control miri
slots.

We denote the length of data slotrioyand the length of control minislot oy The ratio
a = m/nmust be an integer and candbitrarily chosen as one of the system design param
eters.

Modelsfor Servicing Reservation Requests

Two types of reservation requests servicing model can be considered, an openzxloop and
aclosedzloop. In the openzloop case, a remote station generates requests independently of
whetheror not it has received a response from the base station. In the closed+loop case, the
remotestation maynot generate a new reservation request until it has completely received
aresponse (e.g. an Access Request response in the form of a feedbgu#cket) from the
basestation.

We propose a combination of these two models: a hybodel which introduces a timez+out
for the transmission of reservation requests. That is, after the transmission of tliesdingh
tion request, a mobile station starts its laeajuest timerThe station stops transmitting its
requestsf and only if it receives a response from the base station or the timer is timedzout.
In the first case, the station will starts its session as requested with the base station according
to the base station response. In the latter ¢hganobile station will try to access the system
againafter arandom backzoff time.

5.2 The Basic Pptocol Mechanism

The protocol controls access of mobile stations to the common radio link bandwidth as fol
lows:

1. If a mobile station has data to send, it contendarigrone of the available R minislots

in the upzlink using slotted Aloha access principle, then it listens to the ALL (alloca

tion) minislots inthe downzlink until it receives a feedback information from the BS.

If the feedback does not come, molstation will retsend the access request after

a given time (long enough compared with round trip propagateay and proces
singtime in the BS).

2. If the Access Request is successfully received by the BS, it will be placed into a queue
in the BS corresponding to the type of service requested,wait to be processed
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by a bandwidth allocation algorithm. At this time, the MS will be notified of suecess
ful reception of the request via ALL slots and will subsequedligte the request
from its bufer.

3. BSsends the reservation acknowledgments to the MS by using ALL packets which
showthe position(s) of the allocated slot(s) in the next uplink frame.

4. Downzlink channels are controlled and used by the base station only so there is no
collision at all and MSs can be informed prior to every frame where they can receive
their data packets in the downlink data stream.

5. Datapackets belonging to dégrent multimedia data streams are queued in separate

MS local queues and wait until the MS retrieves themtrfmnsmission to the BS. If

the waiting time exceeds a specified limit, the data packets will be discarded. This

preventsunnecessary transmissions of late packets and hence saves the channel ca
pacity.

6. |If after a given time the MS does not receive any feedback from the BS (in this case
the access timer expires), the entire call will be stopped (blocked).

7. Whentransmitting the last packet of a burst, the MS informs the BS of 2End of Burst®
(EOB) status (by setting a special purpose EOB bit of the data packet to 1), and if it
is the last packet of the entire call, the 2EOC° (End of Call) bit is set to 1, too.

Based on the EOB and EOC bits extracted from the received data packets, as well as access
requestgjueuedat the BS, the BS can run the Bandwidth Allocation algorithm that results
in individual treatment for each call according to thefizdype it represents and the specific
QoSparameters negotiated during the call setxup.

5.3 Bandwidth Allocation

Admission decisions| BandwidthAllocation

QI (voice ¢ A

BRii 3
Q2 (video)

BRai >

Q3 (ABR datalf
BRsi 3 —

Q4 (UBR data)
BRu4i

- e

Available channel
bandwidth (one
up link frame)

Figure5.2 Bandwidth Allocation structure
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From nowon, we will refer to the access requests (reservation requests) as bandwidth re
guestyBRS).

Figure 5.2 illustrates the entities involved in bandwidth allocation mechanism. All the band
width requests (BRs) are received and queued in the BS. They contain information about the
requiredbandwidth allocation and QoS parametessiipporimultimedia trafic, one of the
QoSparameters will be the §pe° of service required. 8provide4 different queues in the
BS for 4 different types of trdic. A newly received BR will be placed in a corresponding
queue(CBR, VBR, ABR or UBR respectively).

Another QoS parameter specifiacdevery BR will be the required bandwidth associated
with the call (measureth number of slots in a frame)ole calls always require one slot
in a frame in order to make the synchronous circuit emulation possible c®IBRin con
trast, require dferent numbers of slots per frame depending on Hweirce rate in a given
burst.Moreover ABR and UBR calls do not specify any required bandwidth but this param
etercan be used to inform the BS of the total message length or the minimum preferable
numberof slots for each data call. Thiformation is important to the BS when it activates
the Bandwidth Allocatioralgorithm. Note that for the purpose of this simulation, for simplic
ity the ABR service has been modified as described in Chapter 6 (sactiata sources).

Based on the BRsurrently queued in the 4 request queues, BS can appljeativef band
width allocation algorithm to assign the available bandwidth to the requesting users accord
ing to the current status of the queues and the bandwaidtifiable to new requests. The
simplestalgorithm can be a FIF@lgorithm for each queue from the highest priority queue
downwardsReal time services like voice and video are always of the highest pridBE/
datatransmission is of the lowest priority

We can easily introduce sophisticated bandwidth allocation and call admission algorithms
which can be based on QoS negotiation, queue weighting based on any arbitrary criteria, and
networkmanagemennformation e.g. load status and handover predictions from adjacent
cells,to make our protocol work moedfectively. We proposed the following algorithm as
anexample to start with, but envisage a number of further developments as necessary to make
the protocol perform at its fullest.

The channel available bandwidgithe total number of data transmission slots in one frame.
This may be adjusted frame after frame if the boundary betweemndteontrol subframes
aswell as the number of reserved data slots are changed. The remaining number of free slots
will be the actual available bandwidth that can be used for allocation to new requests.

We assume that every requesthie request queues will be timexstamped with its arrival
time, to facilitate delaytbased allocation strategies.

Waiting time weighted queues algorithm:

1. First of all, allocate the available bandwidth to the stream (delay senséale,
time) traffic requests. If there are requests in CBR and VBR queues at the same time,
therequest with longer waiting time will be processed first.

2. If the longest waiting request cannot be served because dfdiesufbandwidth,
the next oldest one in the CBR/VBR queues will be considered.Wilibe repeated
until there are no more requests to serve or no more bandwidth to allocate.

3. Then, the algorithm will allocate the remaining bandwidth (if any) to the requests
placedin the non realttime queues (ABR first, then UBR). The principle is the same
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as for realttime queues above, i.e. the longest waiting request is considered and
servedif there is enough bandwidth to do so, thenriegt longest waiting one etc...,
until there are no more requests waiting or no more bandwidth to allocate.

4. After allocation of slots to a bandwidth request, the requediscarded from the
queue.

5. For the next frame, the allocation starts again from the strediu tjaéues.

5.4 Characteristics of the DxBRMA Piotocol.

We can summarise our proposed protocol with the following comments.

The protocol uses minislot structure with minislot positions known to the users, so that spe
cial level of protection can be provided for signalling minislots with little overhead.

The boundary between reservation and data subframes can be dynamically adaosted
ing to the current trdéit conditions. This makes the protocol much mofedive in a varying
mixedtraffic environment.

The protocol employs multiplexing at the burst level instédbe call level. That is, BRs
aresent to the BS for every burst individualiind bandwidth is allocated to the user only
for the burst period. This leatis a lower number of requests produced (one per burst only)
andeffective statistical multiplexing of bursty tfaf sources.

The protocol mixes multimedia tfef streams in an &ctive way considering the required
QoSand other factors such as waiting time and type of service in any arbitrary elasen
It can also consider the thafexpected to be handed over from other cells if we have enough
informationfrom higher protocol layers (from the Network Layer level in this case).

It is expected that the protocol will show better performanae other existing MAC proto
cols. The major reasons for that are:

adaptiveboundaries between control and data subframes based on
current trafic conditions (exactly as many request miniskagse-
quired);

lower level of requests contention (reduced by the bursttlevel-multi
plexingand adaptive minislot capacity);

multiple slot reservationkeading to less bandwidth requests per unit
of payload trdic (only one BR is sent for the whole n slots of one
burst);

flexibility of mixing traffic within the available bandwidth leading
to a better bandwidth utilisation;

envisagedise ofmobility (hand+overs) predictions to aid the band
width allocation algorithm, leading tosanaller portion of the avalil
ablebandwidth set aside tccommodate tra€ from MSs handed
over by neighbouring cells.

It has to be stressed that the most important feature of the proposed MAC scheme is the
flexibility in applying any chosen bandwidth allocation scheme, including elaborate adaptive
mechanismshat may utilise networkxlevel informatiofhis is made possible by the clear
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functionalstructure of the protocol, whereby such entities as separate request queues for vari
oustypes of trafic sources, available transmission resources tlaatéandwidth allocation
mechanisnmare clearly identifiable within the BS, and independent from each other
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Chapter 6 Modelling of the Piotocol

Our next task is to confirm that our proposed MAC scherigethe expected performance
advantageslT'he most important questions related to this task are:

1. How the performance of our protocol, expressed in terms of throughput-(band

width utilisation), delay andairness to various types of tfiaf (fairness in sharing

systemresources among users), compangth the performance of the best known
PRMAxbasedMAC protocols for various mobile multimedia tiiafmixes?

2. How lage an improvement in the average bandwidth utilisatim be achieved

by using network+level information (e.g. realxtime predictions oficrainded over

from neighbouring cells) as part of the input detahe bandwidth allocation mecha
nism?

Investigations related to tfiest question will require some kind of modelling of the proto
col mechanisms (for the newly proposed, and for the known @benchmark® protocols), as well
asa choice of suitable source fiafmodels and trdic mix scenariosn respect to which the
protocols'performance will be compared.

The second question will require, in addittorprotocol and tréit source models, suitable
modellingof traffic sources'mobility and the mechanism by which the bandwidth allocation
procedureused within the MAC protocol is supplied wiphedictions of trdfc handed over
from neighbouring cells.

Since the task of answering the two questions above requires a great deal of maailling
simulationexperiments, we will not provide the full answers in this thesis. The simulation
experimentswill be carried out to confirm correct operation of the proposed protocol, and
to test its ability to perform in a mixed tfef environment. W will also obtain somperform
anceevaluation results which will be then compared to our expectations and to the perform
ance evaluation results on other pagkservation protocols known from the literature. The
secondyuestion will not be addressed in this thesis by means of appropriate experiments. It
will only be answered in general terms in the conclusions to the thesis.

One possible view ajur MAC protocol, identifying component mechanisms that may need
to be modelled, is shown in Figure 6.1.

Traffic sources, as well as individual component mechanisms of the pratoatd,be in
itially characterised with simple analytical models. Howeiveeeds to be recogniséthat
comprehensivanalytical modelling, including accurate capture of complex interactiens oc
curring between the components of the protocols in question, would be viezultdiff not
impossible.Moreover such complex analytical models would have very limited value as
meandor obtaining meaningful performance results fofeté#nt trafic mixes and mobility
scenariosThus, only very simple analytical models will be used as a basis for building and
subsequentlyalidating components of the simulation models. WMl mention the expecta
tionsderived from such simple analytical modelling alongside with the descriptions of the
experimentslesignedo validate the simulation model, as well as in the discussion of the
validationexperiments results. The component simulation models will be joined together to
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form comprehensive model of our proposed MAC protocol which will be then used to obtain
performancesvaluation results.

) r—————————————=———-— .|
Conﬂeﬁtli)n_l'iegu_ellst Call control entities =__| Network
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Figure 6.1 MAC protocol mechanism.

6.1 Source models

Traffic sources will be modelled as CBR (a simplified voice source model represents CBR
sources)VBR (a simplistic video source model represents VBR sources) andalatas
(for ABR and UBR service disciplines). For the performance evaluation purposes, a number
of traffic mix (source mix) scenariogill have to be created in order to reflect the conditions
underwhich our protocol may operate. Thegd be typically based on mobile multimedia
communicatiorscenarios found in the subject literature2 Mcognise that the task of devis
ing realistic trafic mix scenarios may be a fidult one, since there is little knowledge as yet
of the communications requirements that the population of users may present to future Mo
bile Broadband Networks.

The source models will be incorporated iatsimulation model, where the fdifent trafic
mix scenarios will béormed by creating multiple instances of terminals incorporatirigreif
enttraffic sources, associated witlgaven cell and communicating with the same Base Sta
tion.
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CBR (Moice) Sources

A speech source creates data packets according to its pattern of talkspurts and silence gaps.
For simplicity, we will assume here that all talkspurts and silence gaps have exponentially
distributedduration times and are statistically independent of each dtheraveraggalues
of talkspurt and gap lengths vargm speaker to speaker and should normally be determined
from experiments. The values listed below and used in our computer simulation models fol
low other simple studies of MAC protocols performance for voicédraf.g. [32].

Mean silent period length: 1.35 sec.
Mean burst period length: 1.0 sec.
Required data rate: 0.4 (slot/frame)

{ERD_BURST § .\ £ {ERD_SILEHCE)

’

-

.
.
{CALL_TERMTHATEDS LDLE

Figure 6.2 dice source model

\oice sources are characterised with simple 3+state MMkoulated Poisson Process
model(MMPP). A voice terminal is considered to be in one of the following three states:

NEW_CALL = the source is in silence state and is scheduling a new call by sending
to the call control entity a new connection request (CR) after a random call gap (gap
betweenthe calls) time. Note that such model of independent generation of the gap
time and call time has been chosen to avoid problems witlyeherated values of

call time exceeding on occasions the generated values of call interarrival time.

SEND # the source is in an active (talkspurt generation) state. When CR for a new

call is accepted by the call control entity at the BS, the source trangiis &iate and

sendsone bandwidth request (BR) for the entire talkspurt to the loc&rbatk well
asdata packets in every new frame.
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IDLE + When the talkspurt ends, the source transits to IDLE state, and after the sche
duledsilence period returns back to the SEND state.

From the SEND and IDLE states, the source can return back to the NEW_CALL state if
the generated value of call length has expired (in other words, the call is terminated).

The transition probabilities between the three states were calculated to reflect typical voice
sourceqe.g. as in [32]).

VBR Sources

The only diference between our VBR source model and the voice source model is that the
variablebit rate sources produce a number of packets per frame that is subject to random vari
ation. In other wordsthe data rate in a burst will vary from burst to burst. 8&n assume
thatsuch VBR model could be usead a simplistic model of video tfaf. Experiments show
thata simple video conference call can be modelled as a chain of video bursts and gaps be
tweenthe bursts with average packet rates nearly constant withiinsa Therefore, with
simplicity of the model being one of our goals, we use for our experiments a variable bit rate
(VBR) source which produces burstéth 4 different packet rates and 4 fdifent burst
lengthscorrespondinglyMore accuracy can be introduced to this model at the expénse
complexity,however we chose to focus our study on modelling the MAC protocol mecha
nisms,not the trafic sources themselves. Inaccuracies in representing realzlife sources (e.qg.
video) with our simplistic VBR model will not &ct greatly our MAC performance evalu
ation experiments. All we need to show that the protocol performs well for varyirfig traf
mixes,is some model of VBR source producing data bursts witbrdiit packet rates.

In summaryVBR sources are modelled with a threexstate Markov Modulated Poisson Pro
cessmodel similar to the voice source model, but witliedént transition probabilitieghe
SENDstate in fact hides four dérent states in it, by means of a random variable determining
which of the four diferent bursts is being generated. More compexkov Modulated pro
cessmodels (e.g. as in [33+£34]) may also be considered for the future modéNi&R (e.g.
video) sources. This is, howevdreyond the scope of this thesis.

Data Sources

Data sources wilbe serviced by the BS according to theaable Bit Rate (ABR) and
UnspecifiedBit Rate (UBR) service classes. For both of these classes, the data sources will
bemodelled by Markov Modulated processes. In the simplest case these will be just twozstate
models(source silent or source producing datt@ chosen peak rate). In more complex cases
(notcovered in this thesis), the models may be based on a number of states, each characterised
by a different source data rate, to reflect the variable (bursty) nature of sources.

ABR and UBR data sources models are the same. THeyfdifim each other only by the
way the bandwidth allocation algorithm at the BS treats their bandwidth requests. The ABR
callsalways have higher prioritfhe models of ABR and UBR data sources are 2tistate
kov processes as shown in Fig. 6.3.
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{CALL_ACCEPTED)

Figure 6.3 Data source model

The data call (ABR or UBR type) is generated when a source has produced a multiple packet
messagéhat needs to be transferred to the other user via the BS. Thereforecalldatae
presentedy one data burst with variable burst length (measured in number of data packets
produced)In the SEND state, the data source sends a specified nundsagiackets to
thelocal bufer. This number should normally be varied (especially for ABR service) accord
ing to the feedback from BS on tfiafload conditions. Howevem our simulation experi
ments we decided to reduce the complexity ofirabntrol mechanisms by removirige
flow control mechanism from the service discipline for ABR service. Thus, the ofdy- dif
encebetween the ABR and UBR services will be the priority with which the ABRUBR
bandwidthrequests are treated, as well as an artificially introduced limit on the total ABR
traffic admitted (unlike in the @real life® ABR specifications, ttedl admission procedure
atthe BS will allocate bandwidth to ABR calls, thus rejecting these calls that wrocéed
theavailable bandwidth). Although far from the reality of ABR service, such solution serves
well the purpose of our modelling, which is not the performance evaluation of ABR service
disciplines,but theevaluation of trédfc mixing ability of our MAC mechanism. From that
point of view ABR and UBR calls from data sources are used only to demonstrate that all
bandwidthavailable after the needs of CBR and VB&Is were satisfied, will be used to
servicedata calls (this will be seen the simulation results as 2topping up® of the totafficaf
capacityof our system with the tra€ from data sources). When the total number of packets
representinghe message length is reached, the call is terminated and the source returns to
the NEW_CALL state for scheduling a new call.

6.2 Models of Piotocol Mechanisms

Because the models are intended for the simulation experiments, and particularly for per
formanceevaluation, certain parts of tipeotocol can be simplified or omitted. It is important
to understand which mechanisms are moddlldigt and which are not, in order to decide
whetherthe model is applicable to a particular simulation study
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Call Admission Contro

MAC protocol functionsvill be simulated and the protocol performance compared with
thatof other well known MAC schemes applicable for the mobile communication environ
ment.For simplicity the exchange of signalling messages between Call Control entities in
the MS and BS is not implemented in detail. Since we want to consider the MAC protocol
performanceonly, the Call Control functions will be implemented as an exchange-of in
formationbetween MSs and BS via a simplified 2Call control entities® blook.sWhply as
sumethat the request for signalling channel, the creation (assignment) of the signalling chan
nel,and then the exchange of signalling messages in order to set up a call, are albaarried
within the Network Layer protocol entities thae not modelled here. In our models, the Call
Controlblock behaves as if all the signalling had already taken place and the call was either
admittedand set up, or rejected. This is consistent with the separation between sie¢+gil
functionscarried out within the Control Plane of the protocol stack (requestgnalling
channelvia Metasignalling entityassignment of the signalling VC, and then the exchange
of signalling messages related to call settup and assignment of a VC for the purpose of user
payloadtransfer in the User Plane), and tbever level protocol functions carried within the
UserPlane after the user VC is established.

MAC protocol then acts as a controller for packimg ready+tottransmit data packets into
the data slots of the upzlink channel according to the allocation information provided by BS.

At the beginning of each call, MS will send a Connection Request (CR) to the 2Call control
entities®block and wait for response. When an 2Accept® signal is received, the MS starts
schedulinghe bursts of packets. At the beginning of every burst (talkspurt, video burst or
databurst), a special Bandwidth Request packet (BR) is produced and sent to the BS in order
to reserve data slots in the following upzlink frames (until the end of the burst). BR packets
aretransmitted irthe control minislots on a random access basis (slotted Aloha). Payload
packetsare sent in the reserved Data slots (contentiontfree).

ReservationMinislots Contention

The streams of reservation requegtsbe generated by the source models (every source
will send its own BRSs). The requests will contend forige of reservation minislots accerd
ing to a slotted Aloha access mechanism. For simple slotted Aloha access, both analytical
anddiscretetevent simulation models are simple and well studied in the literature [35].

As described before, the upzliakd downzlink frames are each divided into two-sub
frames:data subframe and control subframe. In the control subframenber of short mini
slots are provided for sending Bandwidth Requests from MSs to the BS in the upzlink frames,
andacknowledgment packets (Allocation of data slots in the next upzlinksdafeame)
from the BS to MSs in the downzlink frames.

Most of the time the system will work with 5 minislots in the control subframe (the default
numberof minislots at the initialisation time). MSs with ready+totsend Bandddtiuests
in their BR queues can send these requests at raimdame of the 5 minislots in every frame
until they receive acknowledgments. The acknowledgment (in the form of an ALL packet)
informsthe MS that its request was successfully received by the BS, and queued at the corres
pondingrequest queue, so that the MS can stop repeating transmissions of the same request.
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Reservation/DatéSubframes Boundary Adjustment

The boundary between the Reservation and Data subframes in our protocol is adjusted de
pendingon the current ratio of BR packetsdata packets generated by the sourcesdfid
scenarioswith prevalence of 2fragmented® tfaf (large numbers of short bursts) will be
characterisety a lage ratio of reservatiorequests to payload data packets, and therefore
will require lager proportion of a frame designated for reservation minislots. Regular
(stream)traffic, such as voice tr&€ or long, multiplezslot messages, will generate tess
servationrequests, and therefore the reservation subframe may be in this case shorter

The contention status of the uplink minislots is measured by counting the number of empty
minislotsin the upzlink frame. This can b@nslated into the probability of empty minislot
which can be used as a measure ofitdbad in the control subframe. Since under high load
conditionsthe total number of payload packets generated within the systearly constant
(its mean value is limited by the Call Admission Contmén equivalent of the total system
capacity),the trafic load can be directly used as a criterion for adjustment of the number of
requestminislots in a frame.

When the trdic load exceeds a threshold value, toatrol subframe is said to be in a high
load state and thprotocol automatically increases the number of minislots in the next frame
by adding one slot (equivalent to 5 minislots in our frame structure design) taken from the
datasubframe to the control subframe. Now the corguliframe contains 10 minislots, and
theresulting trafic load decreases, so does the level of contention and the number of collid
ing Bandwidth Requests. If the tfiafload in thel0 minislots increases again beyond a thres
hold value, another group of 5 minislots will be added to the control subframe. When the
traffic load in the control subframe drops below a threshold value (with some hysteresis
maintainedby the control algorithm), the control subframe is reduced by 5 minislots, down
to the initial value of 5 minislots per frame.

It is worth a note that the mechanism caspond reasonably fast to the changinditraf
conditions.To get a measurement of the probability of empty minislot, we neeodutat
emptyminislots over a feirames. For example, with 5 minislots in a frame, 5% accuracy
would require on average 4 frames window within which the empty minislots are counted.
This, as explained in thiollowing chapters, would be equivalent to 60 ms response time of
the adjustment algorithm + a much fasiere scale than the time scale of the CBR and VBR
burstsgeneration (typically 100 + 1400 ms)

The resulting boundary adjustment mechanism keeps the level of contention in the control
subframe down to a value that ensures a reasonably low number of collisions, and therefore
limits the average bandwidth allocation delay (the bandwidth allocation selag time
from issuing a Bandwidth Request to the reception of bandwidth allocation acknewledg
ment).Thus, while the Bandwidth Requests can always be transmitted with a guasartteed
cessrate (and average delay), the number of slots in a frame sacrificed for that jepese
exceedshe actually required (determined by tiatonditions) level. Usefulness of this sim
ple adaptive mechanism will be demonstrated in the simulation experiments described in
Chapters3 and 9.
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RequesQueues

To store BRs from diérent sources, we provide 4fdifent subqueues at the BS, one for
eachtype of servicdCBR,VBR, ABR or UBR) respectivelyVhen a new request is received
by the BS, it is inserted into the appropriate subqueue.

Request queues follow a simple FIFO queuing mechanism, easy to model both analytically
andby discrete event simulation. The requests memorised in the queues (service type, band
width requirements and the request arrival time) are accessible to the Bandwidth Allocation
procedure.

Bandwidth Allocation Algorithm
As describedh the previous chapteBandwidth Allocation algorithm will be modelled as

oneprocess which accesses the 4 BR queues, retrieves one request ainal tathecates part
of the amount currently available data transmission slots to that request as required.
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Chapter 7 OPNET Simulation Models

Thesimulation models of the MAC protocols are built using the OPNET simulation envi
ronment.Mobile Station andase Station functional structure can be easily defined within
this environment with use dhe graphical node editor tool, and appropriate control {oper
ation) algorithms defined and associated with efactctional block. The OPNET enviren
mentsupports an easy way for creating networks of various structures by invoking multiple
instance®f network nodes, and allows the user a choice of transmission medium (ready to
usemodels)oy which these nodes are connected. These, and many other useful features of
OPNETsimulation environment make it the environment of our choice for the MAC-proto
col simulations.

7.1 Network configuration

Figure7.1 Mobile network configuration

The network we are going to simulate consists of one cell with a radius R. A Base Station
(BS) is situated at the centre of the cell and controlhalcommunications within the cell
in a centralised mannehat is all the communications from the Mobile Stations (MSs) have
to go through the BS. ¥/consider a Mobile Statido be INACTIVE if the distance between
it and the BS is equal or greater thhea cell radius R, and ACTIVE if it is located within
thecell radius. These terms are applied only to the terminals when thesadygefor com
munication(ON state); all other terminals which are not in communication are said to be in
OFF state.

7.2 The Radio Link

It is desirable for a MAC protocol to support multiple physical channels (PHYS). It may
be possible to develop a MAC with enough external handles (configuration options} to sup
porta range of PHYs. Howevor simplicity, in our studywe chose a radio link with raw
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channebit rate in the range of 2 + 10 Mbps (enough to support the highest data rates required
by our MAC protocol). All other parameters such as frequency band, power level ef trans
mitters,antenna type and modulation scheme are the simulation attributes that will be set to
caterfor the requirements of our MAC protocol with agarenough main as to not limit

the protocols performance in any waln other words, the radiok chosen for the simula

tions provides more than our protocol needs, and therefore it is the protocol itself that deter
minesthe capacity of our system.

7.3 Frame and Cell Structure

In our studywe consider a 47 bytes payload field plus 3 bytes mobile specific heBliar A
like cell (cell size equal 50 bytes). The choice was togeldegree arbitrary aradthough
suchcell structure worked well for the simulation experiments (protocol performance evalu
ation),it may need to be redesigned for operation with more realisticctsaiurces and des
tination. Such changef the basic frame andTMzlike wireless cell structures would not
affectthe characteristics of the protoaoln fact its performance should be fairly insensitive
to the specific frame and cell design.

In the cellular environment, most control functions can be assigned to the Base Station. Fur
thermore the number of distinctixtual Connections within the cell is also limited. This-per
mits modifications of the AM cell structure to suit the centralised radio network environ
ment. The wireless AM cell will haveless bits provided for addressingrfMal Connection
Identifier) in the header and a significant part of the payfteld devoted to error detection
andcorrection. Itis assumed that at the Base Station, the wirel€stells will have to be
rexpackagedto the AM cells for the outgoing tr&t, andthe ATM cells rexpackaged into
thewireless AM cells for incoming tréffc. Such operation makes sense for transfer of cells
acrosghe boundary between two totallyféifent transmission environments (low quality
high BER radio links and high qualityery low BER fibre optic links).

For the payload field, if we chose approximately 1/2 channel coding rate to improve channel
error protection characteristics, there would bel®1Alike cells at theair interface to be cen
vertedinto one original AM cell at the BS before further routing to tlreed network. This
meanghat from the 47 bytes payload field we could use only 24 bytes for actual user informa
tion, the remaining 23 bytes would be used for error protection purposes.

The modified AMzlike cell structure is shown in Figure 7.2, where the fields of the cell
canbe explained as follows:

CID: Connection Identification Number
EOB: End Of Burst

EOC: End Of Call

CLP: Cell Loss Priority

RSV. Reserved

HEC: Header Error Control

FEC: Forward Error Control
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C I D (8 bits)

EOB | EOC|CLP |RSV HEC (4 bits)
I A R R B A

HEC (8 bits)

DATA PAYLOAD
(24 bytes)

PAYLOAD FEC
(23 bytes)

Figure 7.2 AMzlike cell structure

It needs to be understood that for the purpose of protocol performance evaluation, the actual
frameand cell structures are not as much important as the protocol mechanisms. It is always
possibleto scale the number of frames in a second, the number of cells in a frame, the payload
sizein a cell etc... up or dowior the simulation purposes, and obtain the same results on the
basic protocol performance. Theason for that is that we do not study the exadidreliar
acteristics of the sources or the exact throughput of the protocol with a given frame structure
(in absolute terms, e.g. in bits per second), but the performance of the protocol mechanisms
(e.g.relative throughput, tr6€ mixing ability, ability to adapt to varying tra¢ mixes and
intensitiesetc...) instead. This, as long as the frame structure and the ¢hafracteristics
of the sources used in simulations are known, and the limggatigtical multiplexing can
be evaluated from these known characteristics and usaid the interpretation of simulation
results,will remain unchangetbr a fairly broad range of specific protocol andftcatources
configurations.

One important reason for departures from the reapstitocol and trdic sources configu
rationsmay be the amount of processing tiar&l memory consumed by the discrete event
simulations.It has been found that the OPNET simulations involving a few tens (48 + 96)
of Mobile Stations and a frame/cell structure as calculated later in this section, took up to 50
hourseach for relatively simple cases. If the number of discrete events processed in each
simulationrun can be reduced, the time savings can be significant. Since the reduction in the
numberof simulated trdfc sources would severelyfatt the characteristics of the total
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traffic stream presented to the system (e.g. by removing fiwt ef mixing trafic from a

large population of sources arldus afecting the statistical multiplexing gain of the system),

it was not considered a good way to reduce the processing involved in simulations. Instead,
the number of frames per second in the system (and the number of events related to frame
timing and packet transmission) was reduced nearly three times, shortening the simulation
runs by a similar factor

The reduction in the number of frames per second reduces the actual data rates that can be
supportedy the system (the frame structueenains the same, i.e. 30 slots as described later
in this section), but the basic behaviour of the protocol will not change if only the data rates
generated by the sources are redwasbrdingly In fact, owing to the way the relationship
betweenthe dataates supported by our MAC protocol and the data rates generated by the
sourceshas been implemented in the simulation models (the sources produce a specified
numberof packets per MAC frame), this reduction is automatic. The only thing that is
changedvith the reduction of the number of frames per second is the number of packets gen
eratedin a burst of data produced by a source, and thus the number of frames equivalent to
a burstof data. Howeversince the protocol allocates bandwidth (and exploits statistical
multiplexing) at the burst level, and the typical burst spans across a fewftEames, the
threexfold reduction in the numbeafrframes per burst does nofeadt greatly the perform
ancecharacteristics of interest. Even with the reduced frame rate (66 frames per second in
our simulation experiments), the shortest burst from the VBR source spans over more than
6 frames, and the longest oftalkspurt from the voice source) over 90 frames. Increasing
thesenumbers to nearly 17 frames for the shortest burst, and 231 frames for the longest burst,
asit would be in the case of 170 frames per second calculated, vedadd not change the
simulationresults.

We will now calculate the required number of frames per se@ttithe number of slots
in a frame. If a radio link with approximately 2 Mbps rbitrate is used, the maximum cell
ratethat can be supported by that channel is

2 Mbps / (50 x 8) bits = 5000 cells/sec

To support the synchronous voice service (synchronous circuit emulation), we assume that
theerror control coding rate needed is approximately 1/2, and therefore the amount of voice
source data one time slot (wirelesBM\cell) can carry will be 24 bytes per slot. If the voice
sourcedata rate we choose in our model is 32 kbps, then the number of cells required to trans
mit one voice channel is

32 kbps / (24 x 8) = 170 cells/sec

The frame structure must be constructed so that the voice channel is supported with 1 cell
perframe (synchronous circuit emulation service). Hence, one frame must consists of

5000/ 170 = approx. 30 time slots

As already explained, other frame/cell configurations can be selected as well. For example,
a change in the channel error coding rate will change the number of wirdibssels
neededo transmit one voice call and lead to a change in the resulting number of slots per
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frame.In other cases, if we choose higher raw data rates in the channel (say 10 Mbps), the
total number of slots per frame may be increased to add to the syapamity Whatever the
specificchoice of the channel rate and frame/cell structure, the protocol mechanismat will
changelt is a strength of the proposed protodbaét it is very flexible and should be adapt
ableto any system + from medium data rates (widexband) systems tatégtates (broad
band)systems.

PacketFormats

There are 3 types of packets used insinulation program. 2Data® packets are used for
payloadinformation transferThey areproduced by the trA€ sources in the 8SEND® state.
Onthe other hand, tRBR° and 2ALL° packets are used for exchange of control information
betweenMSs and BS onlyThe 2BR° packets are produced at the beginning of every data
burstand carry bandwidth requests from MSs to the BS. They make use of control minislots
in the upzlink control subframe. The 2ALL° packets are used by the BS to inform MSs about
theallocation of data slots in the next upzlink frame. ¥AkEL° packets are broadcast by
the BS to all MSs in the control minislots the control subframe of the downzlink channel.
The packet formats are shown in Figure 7.3 below

Control packets  (packet length: 10 bytes)

BR Bandwidth Request, sent from MS to BS
CID MIN | NS FEC for every new burst of data.
Allocation of slots in consecutive
CID 1(2]i - FEC
ALL m frame, sent from BS to MS.
Data packets (packet length: 50 bytes)
Data HEADER Data Payload - - FEC

Figure 7.3 Packet formats

MIN = Mobile Identification NumbeiThis is the unique ID number identifying each MS
thewhole network (6 bits).

CID % Connection Identification numbd@this is the ID number assigned individually to each
connectionaccepted by the BS (8 bits).

NS + Number of slots per frame required for thditrdfurst (2bits).
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FEC £ Forward Error Correction bit$here could be as many as (23 x 8 = 186) FEC bits
for the payload data in a cell.

i + 1 bit, represents one of the M available Data slots in every frame and can be 0 or 1 to repre
sentthe Free/Reserved statofsthe Data slot assigned to the connection with the specified
CID (1 bit).

HEADER + ATM=like cell header includes CID, EOB, EOC, CIEB5V and HEC as de
scribedbefore (3 bytes).

7.4 Node and Ppocess Models

Mobile Station node model
OPNET model of Mobile Station node is shown in Figure 7.4 below

|
1) call Ppntcal 1)

I L&
IDI () ()

At T ox_point ant_tx

Figure 7.4 Mobile Station node model
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At the MS, Call_control block takes care of the call setup/teardown processes. When a new
call is to be scheduled, this block sends a remote interrupt to the BS with @Con_Req? ICI
(InterfaceControl Information), requesting a new connection to be admitted &ys#bem.

The ICI specifies the initiating MIN (Mobile Identification Number), type of service and the
averagebandwidth required for the connection. WherfAocepted® ICI associated with a
remoteinterrupt is received, the MS knows that the new connection is accepted and instructs
the corresponding generator block (denoted as S1 + S4) to transit to the 28SEND®° state. From
this moment, the generator block will generate data packets according to the statistics of the
burstand silence periods.

Generator blocks take care of the data packet generation acdorthegervice type and
the prexset source tifaf characteristics. Wmodel 4 types of tra€ sources, as shown in
Appendix1.

The BUFFER block is responsible for receiving data packets as well as bandwidth requests
from the generator blocks, queuing and retrieximem for sending to the MAPPING block
whenrequired. It maintains 5 subqueues, @eall the BRs received from 4 generator blocks
and4 other subqueues for payload packets from each source.

The FIITER block receives the packets transmitted on the downzlink channel, filters them
to extract ALL packets, and uses their contents to update the 2Allocation® map. If a data
packetis received, it is transferred to the upper protocol lefrelsur simulation, the FILER
block sends received data packets to the SINK block because we are not interested i the con
tentsof the payload packets).

The MAPPING block is responsibier the transmission of packets in the upzlink channel.
Firstof all, it must reconstruct the frame structure based on the synchronis&ionation
receivedfrom the BS. This is done with the help of a broadcast signal sent from thie BS
the beginning of every frame, informing about the number of control minislots in that frame.
Becauseéhe frame length is fixed (e.g. 30 slots in our simulations) and the data slatsrand
slotslengths are known to the MS, it can then build the next frame exactly as instructed by
the BS.

When a new frame is built and the frabwindary is defined, for every new data slot the
MS reads the 2Allocation® map contents to see if that slot is allocated to onecafrthee
tionsinitiated before. If it is, the MAPPING block instructs the corresponding data subqueue
in the BUFFER block to send its data packet, one at a time. This process is repeated until the
lastdata slot of the frame.

The control minislots follow the dasdots. For every new minislot, the MS instructs the
BUFFERDblock to send the first packet from the BR request subqueue (if there isi@mg- T
missionof BR packets in control minislots is, as described before, based on a random access
principle. This requires thagvery MS with a ready+to+send BR packet is restricted te send
ing that packet only once in a frame. Prior to the beginning of every control subframe, the
MS generates a random number ranging from 1 to the total number of minislots in that frame
and,based on this random numpeecides on the minislot used to send the BReRiht
MSscan generate the same random number sadiisgions can occur when two or more
BR packets are sent in the same minislot. In this cas&3heill not receive any packet and
therequests involved in the collision must be transmitted again.

The rest of the model, radio_rx, radio_tx, ant_rx, ant_tx and rx_point blocks, are functional
blocksrelated to the radio transmissisystem. They are build+in (ready to use) blocks pro
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vided by the OPNET programming environment. Their functions as well as model-param
eterscan be found in the OPNET modelling manual.

BaseStation Node Model
The OPNET model of Base Station node is shown in Figure 7.5.below

call gontrool
|

DEMAPFING

ant o oe_point
Figure 7.5 Base Station node model

The Call_control block at the BS is a peer entity to the Call_control block at tmedésS.
It receives theonnection requests sent from all the mobile nodes, runs a call admission con
trol algorithm using the ICI information received from the MS initiating the call (MIN of the
mobile station which requested a connection setup, the associated type of service required,
and the required bandwidth), and sends back to the mobile node of interest the @8Accepted®
or 2Rejected® signals.
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As we discussed before, the call admission control function is one of the network layer func
tionsand is not in the centre of our interest.Make our MAC protocol model work, we
chooseto model thesimplest possible call admission control algorithm and hide all the ex
change®f signalling messages between the BS and MSs requiréueferll setup/teardown
andcall maintenance. A new connection will be accepted whenever the available bandwidth
is equal or lager to the bandwidth required by the connection.

The DEMAPPING block has the same functions as those of tA&RIblock in the MS
model,except that if a BR packet is received, this block firstly sends a DEL_BR signal back
to the MS of interest to prevent that MS from resending the same BR. Then the DEMAPPING
block checks the 2Received BRC table to see if the newly received BR packéeismtifrom
theold ones (if there are any) belongitegthe same connection (marked with the same CID).

If this is a new bandwidth request, the corresponding BR packdtensknt to the ALLOCA

TION block for further processing. If data packets are received, they are sent to the higher
layer protocol entities (in our model, these packets are sent to the SINK block instead, be
causewe focus only on the MAC issues and therefore are not interestieel aontents of
payloadpackets).

The MAPPING block is responsible for ttransmission of packets in the downzlink radio
channelPackets are broadcast in the downzlink according to a contentiontfree access princi
ple. The MAPPING block receives data packets from the BUFFER block above and sends
themone at a time in every downzlink data slot, as well as 2ALL° packets in the control
minislots. The MAPPING block constructie frame based on the knowledge of the number
of minislots that must be included in a frame, and makes the Baoeture known to all the
MSsat the beginning of every new frame. This is done by sending a broadcast sigeal at
beginningof every frame to inform all MSs of the number of minislots in a frame.

The ALLOCATION block is the most important block the BS node from the point of
view of the MAC protocol studyBandwidth Allocation algorithm and subframe boundary
adjustment calculations are executed within this block.

When a new BR request is received from the DEMAPPING block, it is inserted into one
of the request queues according to the typseofice required. The ALLOCAON block
maintains4 different queues to accommodate requests for 4 typssrates as discussed
in the previous chapters. Requestshaf same type are queued in the same queue one after
anotheraccording to the FIFO principle. When a nBR is inserted, it is timexstamped with
theinsertion time.

At the beginning of every new frame, the ALLOOAN block activates the Bandwidth
Allocation algorithm. Afterprocessing all the requests stored in its queues, or after allocating
all slots available in the frame, the ALLOTHKON block collects all the 2ALL° packets +e
sultingfrom the allocation procedure and sends them t@WEFER block. There, they will
be queued again in the 2ALL° queue and walit for their turn to be transmitted to the MSs.

The BUFFER block has one 2ALL° queue arfior every new 2ALL° minislot, thidlock
retrievesone ALL packet from the ALL queusnd sends it to the MAPPING block for trans
missionin the downzlink channel.

The transmission of packets, whether they are data or 2ALL° packets, is controlled by the
BS so the downzlink channel is always operatedhncadcast mode and collisiontfree. All
packetsare transmitted to the MSs withe MIN field specifying which MS is the destination
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for the transmitted packet. Therefore, the MSs can extract the packets on the basis of MIN
bits in the packet header

The blocks specific to radio channel are the same as described before for the MS node. They
implementthe upzlink and downzlink radio channels.

Traffic Generation and Call Admission Control Mechanisms

Call Admission Control and Connecti®equest processing are network layer levelfunc
tionsand as such are not in the centre of our attention (we study the MAC protocol). However
in our simulation model, these functions have to be performed in some way to create the ne
cessaryenvironment within which the models of the MAC protocol operate. For simplicity
we model the signalling channel between the MS and BS by means of internal (i.e. built into
OPNET)exchange of information between the MS and BS model entities. The model uses
the OPNET communication mechanism of REMOTE interrupit) associated Interface
Control Information (ICI) following the data formats shown in Figure 7.6 below:

MIN Type Required bandwidth
Con_Req ICI

MIN Type CID
Accepted ICI

Figure 7.6 ICI formats associated with REMOTE interrupts

where

MIN + Mobile Identification Number

Type = pe of service required,

Required bandwidth + the average number of slots required for the connection,
CID * Connection Identification number

Every mobile station within the network is assigned one unique MIN (it is a netwark con
figuration parameter). The mobilation can initiate four types of calls modelled in this pro
jectas CBR, VBR, ABR and UBR services. The @MIN° ang/p&° fields of Con_Req ICI
representhe type of service requested, and the 2Required bandwidth® field carries additional
informationused by the Call Admission Control process at the BS.
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When a Con_Req IClI is receivetis processed by the Call Admission Control (CAC)
procedureat the Base Station. Because CAC mechanisms are not of our primary concern, we
chosethe simplest CAC algorithm possible. A connection is accepted if the available channel
bandwidthis equal to or layer than the bandwidth required by the call.

The total available bandwidth is expressed in number of slots avaiabfeame. ® make
useof statistical multiplexing, the bandwidth required by each call is specified in terms of
theaverage bandwidth required by this call. The value of the required bandwidth has to be
chosencarefully toreflect the actual requirements presented by the calls. For example, we
canconsider the required bandwidth for a voice call as being 0.4 packets per frame (not 1
packetper frame as it would be in case of fixed channel allocation). This results from the
voice call 2duty cycle® (mean talkspurt time 1.0 seconds and mean silence time 1.5 seconds).

Whena new call is accepted, the base station assigns an unused Connection ldentification
Numberto the request, and sends it back to theWidShe 2Accepted® ICI. From now on,
the call (connection) will beeferred to by is CID which is unique throughout the simulated
network.This CID will be recorded in the 2ACCEPTED? table at the MS together with the
associatedervice type.

When the 2Accepted® ICI iseceived, the MS will instruct its generator block (correspond
ing to the accepted service) to make a transition to a 2call active® state argestdtion
of payload packets. The transition between the 28SEND° and 2IDLE?° states and the time the
sourcewill be in each state, as well as the number of packets it produces in the 2SEND?° state,
areservice dependent design parameters, and reflect the burst and silence Atiedse
ginning of every burst, the MS has to send a Bandwidth Request (BR) to the BS in order to
receivebandwidthallocation (reservation of a slot). BRs are sent in the contentiontbased
minislotsprovided athe end of each frame. When the reservation of slot(s) is confirmed by
sendingback an ALLpacket to the requesting MS, the payload packets can be transmitted
in the reserved slot(s) to the BS.

Due to the access delays of BR packets, the payload packets will be delayed, too. This would
causediscarding of payload packets still in transit (in thefdmfat the end of a call when
the call termination request is made. Therefore, after a call termination request is made, the
call will be terminated only after its last packet ha&en received by the BS. In order to imple
mentthis, we provided an additional mechanism for the Call Control to recognise the mo
ment in time when the last packet of a call is received at the BS. This mechanism uses the
aend of Call®° (BEOCY?) bit in the packet headdrhe EOC bit is set to 1 if this is the last packet
in a call, and to 0 otherwise. When the BS receives a data packet, it checks whether it is the
aend of Call® packet. If so, the BS will then cancel all reservations made faotin@ection
in question and update the 2Allocation® map as \aslthe 2available bandwidth® variable
andall other variables assigned to the call. Only then thascatinsidered to be terminated.
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Chapter 8 Validation of the Model

The simulation model of the MAC protocol proposed in this thesis is complex enough to
requireathorough validation before it can be used to obtain results on protocol performance.
All components of the model were thoroughly tested (individually and together) theing
developmenbf the model, and therefore we may say that the neodpEration does not-re
veal any obvious modelling/programming errors. Following that, we toegbsign a series
of experiments thawvould confirm the validity of the model, i.e. its conformance to the as
sumptionamade, and the rules of behaviour specified for the proddseldlm Access Con
trol protocol.

In an ideal case, it should be possible to validate all components of thesepalately
However,the interdependencies of the parts of the model on each other sometimes make this
task verydifficult if not impossible. W will validate some parts of the model separataig
othersby observing results of simulations involving nearly the entire model.

The overall plan of the validation experiments can be described as follows:

1. \Validation of CBR (voice) source: patterns of calls, talkspurts and packets-genera
tion, call and burst statistics.

2. Validation of VBR (video) source: patterns of calls, bursts and packets generation,
call and four types of bursts statistics.

3. \alidation of data source: patterns of call generation, call and message length stat
istics.

4. Validation of Call Control blocks at MS and BS, and of the Call Admission Con
trol mechanism: ability to accept/reject calls, correct CAC decisions (accepting/
rejecting calls on the basis of required and available bandwidth), ability to accept
calls from diferent types of sources (tfiaf mixing).

5. \Validation of Bandwidh Requests generation and transmission mechanisms: cor
rect generation of BRs associated witHet#nt types of calls, correct reception of
BRs (including the call type and bandwidth requirements information), transmis
sion of BRs in minislots, throughput of the control subframe.

6. \Validation of Control/Data subframes boundary adjustment: ability to adapt to
changing BR load, throughput of the adaptive control subframe.

7. Validation of Bandwidth Allocation mechanism at the BS: correct allocation of
bandwidth in response to BRs fromfdient types of accepted calls, ability to
mix traffic from different types of calls, conformance with the bandwidth alloca
tion rules specified for the system (i.e. for CBR, VBR, ABR and UBR services),
throughput characteristics for flifent trafic types, overall throughput and band
width utilisation (in mixed trdfic environment).

8. \Validation of reservation acknowledgments transfer mechanism in the downzlink
channel.

9. \alidation of the payload data transfer mechanism (including correct insertion of
packets by MSs in response to reservation acknowledgments).
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The first six validation steps (points 1 through to 6 above) can be completed as separate
experimentswvith the model components of interest eiteeparated from the model (and
usedas parts of smaller and simpler validation models), or used together with other compo
nents,but under such experimental conditions that their behaviour can be obsepasdte
ly from the behaviour of the rest of the MAC model.

The last three validation steps (point8 and 9 in the list above) can be only performed
in an experiment involving the entire model. Howegarce most of the model components
werevalidated in the preceding validation steps, these experiments entitle us conclusions as
to the validity of the entire model. Furthermore, it will sdmtome obvious that many of
the validation experiments not only build our confidence in the model, but also provide us
with valuable information regarding the performance of the newly proposed MAC protocol.

8.1 Voice Souce \alidation

Figure8.1 below shows the model used in the experiments.

Call request
Voice ——— | cCall admission
source - — — — — control
Call accept
| (startxgen)

:

Sink

Figure8.1 \bice source validation (simulation model configuration).

The model consists of 1 voice source model, a 2minimum?® Call admission control block
andone packet sink. The simplified call admission control block always accepts (immediate
ly) the newly generated calls, so that the call generation statistics can be freely observed and
recorded. The sink block is used to destroy the generated packets and therefore avoid exces
sive use of memory

The voicesource statistics (all random variables distributed according to the negative expo
nentialdistribution) used in the experiment were as follows:

mean call/gap length: 3 minutes/3 minutes,
mean silence length: 1.35 seconds,
mean talkspurt length: 1.0 seconds.
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Experiment 1.1 The voice call generation was simulated for nearly 400 000 seconds (simu
latedtime), and the generation patterns / statistics of interest collected oveémghafe ex
pectthat the patterns and statistics of interest will be as specified above.

Example call generation pattern (9 voice calls captured) is shown in Figure 8.2 below

calls {1 -* call, 0 -% gap)

0.5 e

time (=zech {x1000%

Figure 8.2 ¥ice call generation.

The voice calls are shown in the graph as black bars. The pattern seems to be consistent
with the negative exponential distribution and the voice call statistics specified above.

The pattern of talkspurts and silence periods is shown in Figure 8.3 Bglain, the pattern
appeardo be consistent with the negativexexponentially distribtakdpurt and silence
times.

Talkzpurts {1 - talkspurt, 0 -* =zilence)

1.525 1.E5 1.E75 1.6
time {=ec) (x1000%

Figure8.3 \bice talkspurt generation.

Packet generation pattern within a talkspurt is shown in Figure 8.4. A voice source produces
1 packet per frame during a talkspurt and no packets during silence periods. This can be clear
ly seen in the graph where that captures two example talkspurts separatatebyge period
approximatelyl second long.
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Wolce packets {1 -* packet, 0 -:* idle)

1
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time {=echy (x1000%

Figure 8.4 Vdice packet generation

Thevoicesource statistics (mean values of call, gap, talkspurt and silence times) were gener
atedas running averageshis, apart from convgmg eventually to the true average of the
variablesof interest, helps us judge the behaviour of the random number generator used by
the OPNET simulation environment.

Meangap time between calls, mean call time, mean talkspurt length and mean silence period
areshown in figures 8.5, 8.6, 8.7 and 8.8 respectivéiythese results were obtained from
onesimulation run. Since we are interested in the validity of our mode| amdithe number

of calls/bursts (events of the same type) generated during the run and used to calculate the
meanvalues is very lare, the singlexrun approach seems to biecsarit.

Mean gap time (zec)

400

oo fod
oo |
o | RN WSS SR U SO S S
RN NS SR U SR S —
R VO oot D N N N TR B
100

4
time (=ech (x100000%

Figure 8.5 Mean voice call gap time
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Figure 8.6 Mean voice call time.

Mean talkspurt time {zec)
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Figure 8.7 Mean talkspurt length.
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Figure 8.8 Mean silence period

The resultpresented in figures 8.5 = 8.8 confirm our expectations. The mean call length
andcall gap time were expected to be 180 seconds each, while the graphs show values slightly
in excess olL75 seconds. The &#rence is due to the fact that the statistics of interest were
measured based on the events sasdtart and end of talkspurt rather than on the values of
time obtained from the random number generabeend of the last talkspurt generated in
a call always comes before the end of the randomly generated call time. The bebaviour
therandom number generator mag of some concern, considering the fact that over the en
tire simulation run there were up to 1000 calls generatedeXjgected a fastepnvegence
of the running averages to the true mean values. The mean talkspurt and silence times appear
to be exactly as expected.

We can summarise the experiment with a conclusion that the voice soods behaves as
expected.

8.2 VBR Source \alidation

We used a similar model configuratias for the voice source validation. The voice source
modelwas replaced by a VBR source, and the Call Admission Control and Sink blocks were
thesame.

TheVBR source statistics (call, gap, silence and burst times distributed accordeggtiove
exponentialdistribution) used in the experiment were as follows:

mean call/gap lengths: 3 minutes/10 minutes for pattern observation,
3 minutes/3 minutes for call statistics observation
mean silence length: 0.1 second,

mean length of burst type 10.1 second,
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mean length of burst type 20.2 second,
mean length of burst type 30.5 second,
mean length of burst type 40.9 second,
burst type 1 packet rate: 1 packet/frame,
burst type 2 packet rate: 2 packets/frame,
burst type 3 packet rate: 3 packets/frame,
burst type 4 packet rate: 4 packets/frame.

Experiment 2.1 The call generation was simulated for 1 hour of simulated Beeeration
patternswere recorded accordinglfote: the registration of generation patterns results in
largeamounts of data recordedeWave decided to perform a shorter experimeabserve

the patterns, and then a longer one to record the call statistics.

The example call generation pattern is shown in Figure 8.9, and the burst generation pattern
in Figure 8.10 belowThe patterns are consistent with our expectations. The burst generation
pattern shows bursts of varying packet rates. Observation of the burst generation pattern cor
respondingo a longer generation time (not shown here) confirmed the expectatidhethat
higherrate bursts prevail in the pattern.

calls §1 -* call, 0 - gap)

1] 0.5 i 1.t 2 2.5 3 3.5 4
time {=zechy (x1000%

Figure 8.9 VBR call generation pattern

Packetszs generated in bursts {packetzSframe)

coo Lol Loz 03 Log 05
time {=zec)h

Figure 8.10 VBR burst generation pattern
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Experiment 2.2VBR traffic generation was simulated fdrO0 hours of simulated time and
the call and burst time statistics collected accordingly

The mean call time, mean gap time, mean silence period and mean burst times for bursts

of types 1 to 4 are shown in figuresB.8.12, 8.13 and 8.14. All these values are as specified.

450
400
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Mean call time {sec)
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time {=zechy (x100000%

Figure8.11 Mean VBR call length

Mean gap time (zec)

n 0.5 i 1.5 2 2.5 ] 4.5 4
time (=ech (x100000%

Figure 8.12 Mean VBR gap time

Mean zilence time {zsec)h

] 3.5 4
time {sec) {x100000%

Figure 8.13 Mean VBR silence period
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Figure 8.14 Mean VBR burst lengths

The mean packet rate (over all bursts and silence periods) is shown in8Elgubelow|t
canbe seen that the mean rate is approximately 2.7 packets/frame. This value agrees with the
weightedaverage calculated oviur types of bursts and 4 silence periods (one silence pe
riod after each burst).

Mean packet rate (packetsSframe)
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Figure 8.15 VBR packet generation rate
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We can summarise by stating that the results presented here allosousltale that our
VBR source model behaves as expected.

8.3 Data Source \alidation

We use the same model configuration as in voice and VBR sources validatiatat@dhe
sources used with the 2minimum® Call Admission Control and Sink blocks. A data call con
sistsof one message with randonggnerated length (in number of packetsithitl the call,
there is no gaps between packets. Therefore, the only statistics of interest for data source will
bethe mean call time (the time needed to transmit one message to the tatevitiuimaxk
mum packet rate i.e. 30 packets per frame) and the mean gap time between calls.

The data source statistics used in our validation experiment were as follows:
mean gap length: 5 minutes,

mean call length: 1 minute

Experiment 3 We simulated trdic generation in two runs (fhour and 100 hours). The
shorterrun was used, an the VBR source validation, to record the call generation pattern,
andthe longer one to record the call statistics.

The call generation pattern is sown in Figure 8.16 below

Data load generated (packets frame)

.5 3 3.5 4
time {=ec)y (x1000%

Figure 8.16 Data call generation pattern

The graph showslIdata calls within 1 hour with data packet generation rate of 30 packets
perframe each.

The mean call length and mean gap time between calls are shown in figures 8.17 and 8.18.
Themean call length is shown to be 62 seconds, and the mean gap time is nearly 300 sec.
They match the expected parameters very well, with the mirferetfices due tthe way
in which the end of call is determined in the simulation model.
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Figure 8.17 Mean data call length
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Figure 8.18 Mean data gap length between data calls

8.4 Validation of Call Control and Call Admission Control
(CAC) Mechanisms

The simulation model configuration is made of 96 MSs and 1 BSofiljestatistics of
interestare the numbersf calls admitted to the system forfdilent CAC thresholds and
traffic mixes. The CAC threshold (availabdandwidth) is changed to control the number
of calls that can be admitted to the system. The result obtained from simulation is then com
paredto the number of calls expected for a given CAC threshold. Since the Call Control block
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atthe MScommunicates directly with the tffsources, and the CAC is a part of Call €on

trol at the BS which communicates with the Call Control aMi$s via builtxin remote inter

rupt mechanism of the OPNET environment, the operation of dlbeks in the model is
irrelevantto the operation of the CC and CAC. Our experiments can therefore validate the
CCand CAC operation independently from the operation of dileeks in the MAC model.

The CAC operates according to 8implest possible algorithm: initiallit is given a certain
amountof available bandwidth. When a call arrives (we use CBR and VBR calls only), it
checksif the available bandwidth is greater than the bandwidth required by a call (0.43 slots/
framefor CBR, and2.66 slots/frame for VBR calls). If so, it accepts the call and subtracts
the bandwidth required by a call from the available bandwictierwise it rejects the call.

If a call is terminated, the CAC returns the appropriate amount of bandwidth to the available
bandwidth.

To carry out our experiments, we ndecensure that the tfaf generated by the sources
is greater than the triat that can be admitted kipe CAC. The voice (CBR) source statistics
listed below reflect that requirement.a/éxpectin average of 48 callsfefed by the MSs
atany instance of time. This is equivalent to an average of 19.2 packets per frafeecof of
CBR trafic. To observe the tr&€ mixing at the CAC levelye also need to introduce VBR
traffic. We chose 30 minutes gap between VBR datlsn each source, which for 96 MSs
resultsin approximately 9.6 VBR calls or 25.5 packets per frarfered to the system.

The diferent types of calls can be generatedreg MS independently from each other (i.e.
it is possible that an MS involved in a voice call will generate a VBR call at the same time.

\oice source statistics:

mean call/gap lengths: 3 minutes/3 minutes
mean silence length: 1.35 second
mean talkspurt length: 1.0 second

VBR source statistics:
mean call/gap lengths: 3 minutes/30 minutes
mean silence gap length: 0.1 second
mean burst 1 (1 packet/frame) length: 0.1 second
mean burst 2 (2 packets/frame) length: 0.2 second
mean burst 3 (3 packets/frame) length: 0.5 second
mean burst 4 (4 packets/frame) length: 0.9 second

Experiment 4.1 The CAC available bandwidtivas set to 10, 15 and 29 slots (packets/
frame)in three consecutive simulation runs. Only voice sources were activatedcivded
the number of calls simultaneously in the system for 400 seconds of simulated time.

Theresulting plot of number of calls in the system versus time for the first run (CAC thres
hold 10) is shown in Figure 8.19.
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Figure 8.19 Number of voice calls in the system (CAC = 10 slots)

With 10 slots available per frame, we expect our system to be able to admit 23 calls
(1/(1+1.35)= 0.43 slots/frame eactHjrom the graph we can see that the number of simulta
neouscalls accepted by the CAC grew steadily from 0 at the start of simutaticto the
level of 23 calls. Once it reached the limit of 23 calls, it never exceeded that limit.

Figure 8.20 shows the numberaalls simultaneously in the system for CAC threshold set
to 15 slots.

Rumber of woice calls accepted {15 slots awailabled
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Figure 8.20 Number of voice calls in the system (CAC = f3"ot)=
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With 15 slots available, we expect to be able to accept 34 voice calls. Again, the graph in
Figure8.20 agrees with that expectation.

The number of calls admitted to the system with CAC threshold set to 29 (the maximum
number of slots available for payload firain a 30£slot frame) is shown in Figure 8.21.

Rumber of woice calls accepted (23 =slots awailabled
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Figure 8.21 Number of voice calls in the system (CAC = 29 slots)

With 29 slots, the system can admit 67 voice calls simultaneddislyever the source
statisticsare set to dér an average number of simultaneous calls equal to 48, and therefore
the CAC does not have a chance to limit the number of calls adnuttibe system. It may
be worth a note that the number of calls simultaneously in the system shown in Figure 8.21
is slightly more than 50. Whave observed before (compare the call/gap statistics for the
voice source = Experiment 1.1) that the number of calls generated by the source fluctuates
in short term mor¢han we would wish fofThe only sure way to avoid a distortion of simula
tion results caused by this is to use a number of long simulation runs to obtain results of in
terest. In this case, since we are only interested in the operation of CAithasraof calls
in the system, one realisation of the process is what we know to observe that operation.

Experiment 4.2We activated VBR in addition to the voice sources used in the previeus ex
periment,to observe mixing of trlt at the CAC level. The CAC threshold value was set
to 15 slots per frame.

The resulting number of calls simultaneously in the system (total of both voice and VBR
calls)is shown in Figure 8.22.
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Figure 8.22 ©tal number of CBR/VBR calls in the system

As can be seen from the graph in Figure 8.22ntlmaber of calls in the system is now limited

to 29. Since the bandwidth required bYBR call is 2.66, the bandwidth remaining after one
VBR call is accepted is 12.34. This can accommodate 28 voice calls. The total number of calls
in the system, if one of them is a VBR call, can therefore be 29. Thus the resultsrshown
Figure8.22 mean that most of the time only atideo call was in the system. This may be
consideredsomewhat strange at first, since the number of VBR cdbsenfto the system

Is on average 9.6 calls at any instant of time. The explanatitimsatan be found if we cen
siderthe VBR call generatiorate (less than 2 calls in an hour from one source) as compared
to the voice call generation rate (10 calls in an hour from one souritb)th& 15 slots avail

ablein the system, for most simulation runs the nuntdfemice calls dered to the system

will be close to the limit before any VBR calls are generated. If this happens, and the available
bandwidthis fully occupied by voice calls, the terminatiohone voice call does not free
enoughbandwidth for a VBR call to be admitted. There have to be 6 of them terminated to
admitone VBR call. If, howevemne VBR call is admitted, whenever it terminates a new
VBR call is likely to be admitted because the bandwidth frgedy a terminating call is duf

cientto admit another VBR call.

The above observation points a serious weakness of our simplistic CAC: it is not fair to
the VBRsources under overload conditions. The obvious remedy is to avoid the high load
conditions,so that when the fdred trafic is stabilised, all sources have a fair chance to have
their calls admitted. Another possibility is to modify the CAC algorithm so it treats the
sourceswith high bandwidth requirements fairer under the high load conditioassaumed
atthis stage that experiments 4.1 and 4.2 demonstrate the CAC operation well ermugh. W
will point out later (in other results) the visible signs of CAC operation aadiliy to mix

traffic of different types.
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The observation of 2thresholding® on the number of calls admitted in the experiments dis
cussedbove, also confirms the operation of Call Control atavi8 BS ends (the admission
or rejection of calls by the CAC has to be followed up by the Call Control blocks iM#th
andBS to take déct that can be observed in our experiments).

8.5 Validation of Bandwidth Request (BR) Tansfer Mechanism

Our next task is to test the Bandwidth Request (BR) generation and transfer mechanisms.
We need to verify:

1. That the MS produces the expected number of BRs for a given souficestedf
istics.

2. That the BRs carry correct information about the bandwidth required for each
type of call.

3. The correct reception of BRs at the BS end.
4. That the throughput characteristics of BR minislots are as for slotted ALOHA.

The simulation model consists of 96 MSs and 1 BS, @8R and VBR trdfc generators
activatedas required in specific experiments. The control (minislot) subframe boundary ad
justmentmechanism was deactivated to keep the number of minislots in each control sub
framealways equal to 5.

Usually under atypical® operating conditions we want to keep the BRdraiad low so
thatonly few BRs are lost due to collisions in the minislots, and the number of received BRs
atthe BS end is nearly the same as the numbBRsfgenerated at the MSs. The need to limit
the number of collisions is due to the fact that every lost BR causes delay in the allocation
of bandwidth for a talkspurt. It may be desirable to keep the BR load well hiedqoint
of best throughput of slotted Aloha.

To verify the BR generation and transfeechanisms as in points 1 + 3 above, we will use
typical source statistics (as used in previous experiments). It can be easily shown that such
sourcesjf the number of calls in the system is limited by appropriate setting of the CAC
thresholdwill not overload the 5 BR minislotvailable in the experimentso Verify the
throughputof the control subframe (point 4 above), howewer have to be able to modify
the source statistics (burst generation statistics in this case), so tisautices produce more
BRs from the same number of calls in the system. One way of achieving thattqapdnsf
ateshorter burst more frequently

Experiment 5.1We ran our simulation for voice sources only for 400 seconds, with CAC
threshold set to 10 slots/frameeWxpect that this will stabilise the number of calls in the
systemafter a short time, and keep the BR load nearly conatahat a low level. This, in
turn, should ensure that the number of BRs received is nearly the same as the nwriger of
nal BRs generated.

The number of BRs generated by the voice calls in the system @@tdCAC threshold
we should have 23 calls simultaneously in the system) is plottEdyjure 8.23. The values
plottedwereobtained by counting the number of BRs generated in every 500 frames window
(equivalentto approximately 7.5 seconds of simulated time) and dividing thenfdmta
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of 500 x 5 (500 frames and 5 minislots in a frame). Since a typical voice source generates
onetalkspurt in 2.35 seconds, under low BR load conditions there should be 1 BR packet
generatedn 2.35 sec. From 2@alls, we should have 23 BRs generated in 2.35 seconds, or
9.787BRs per second. it a framelength of 15 ms as used in our experiments, there should
be0.147 BRs per frame (5 minislots in a frame), or 0.029 BRs per minislot. The simulation
resultsresults in Figure 8.23 confirm that expectation.

Rumber of ER:s generated {requests/minislot)

.04

03

R e s e

" S— S —

0. 005 ...................................... ........ | ..................................................

100 200 00 400
time (=zech

Figure 8.23 Number of voice BRs generated

Experiment 5.2We disactivated CBR (voice) sources and activated VBR sources with typi

cal traffic statistics as listed before (e.g. for experiment 4.2). CAC thresholdetas 15
slots/frameso that the number of VBR calls admitted to the system could be 5. For the typical
VBR source statistics, we can calculate the expected total number of BRs and the number
of BRs for each VBR burst type separately follows:

Total BRs  :0.018 BR/minislot (4 BRs over 2.1 sec. in total)

BRs type 1 :0.0045 BR/minislot (1 BRs over 2.1 sec. in total)
BRs type 2 :0.0045 BR/minislot (1 BRs over 2.1 sec. in total)
BRs type 3 :0.0045 BR/minislot (1 BRs over 2.1 sec. in total)
BRs type 4 :0.0045 BR/minislot (1 BRs over 2.1 sec. in total)

Figure 8.24 shows the number of VBR calls simultaneously in the system. This number
Is limited to 5 calls, as expected for the CAC threshold value set to 15 slots/frame.

69



Humber of WER calls accephed

1

1] n. 25 0.5 0.75 1
time {=zechy (x1000%

Figure 8.24 Number of VBR calls in the system (CAC: 15 slots)

Figure 8.25 shows the average nunddéBRs (total and for bursts of type 1) generated by
the VBR sources at the MSs . The results match the values expected and hence validate the
BR generation mechanism. The same results wiet@ned for the other 3 burst types as for
typel.
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Figure 8.25 Number of VBR burst requests generated (normalised over 1 minislot)

In a similar wayas the number of BRs generated (counting BRs over each window of 500
frames),we recorded the number BRs received at the Base Station. Comparison of the
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numberof BRs generated at the MS with the corresponding number of BRs received at the
BS, we can verify further that the BRs are transmitted to the BS with negligible losses. Simi
lar comparisons made for each specific type of VBR bursts fuvdrdy that the BS receives
correctlythe information contents of BRs (counting BRs ofaiént types is based on the
informationcontents of the BR packets).

To better visualise the throughput characterigifdhie minislot channel for BRs generated
by different types of VBR bursts, we plotted the nunifd8Rs received against the number
of BRs generated for each window of 500 frames. The results for type 1 and type 2 bursts
areshown in Figures 8.26 ar&127. It is easy to see that the low load throughput for BRs
generatedy different types of VBR bursts is linear (except occasional minor departures
from the linear function due to delays in reception of BRs caushifyof received BRs from
the 500 frames window in which they were generated to the next one). Results in Figures 8.26
and8.27 mean that the BR transfer and reception (including the transfer and reception of the
informationcontentsf the BR packets) behaves as expected, i.e. all BRs generated are even
tually received correctly at the BS.

ER= receiwved (tppe 1% (x0.001)

ER:z generated {typpe 13 {x0.001%

Figure 8.26 ¥pe 1 BR throughput

ER=s received (tppe 2% (x0.001)

n i 2 3 4 & 3 7
ER=z generated {typpe 2% {x0.001%

Figure 8.27 ¥pe 2 BR throughput

Experiment 5.31n this experiment, we aimed at verifying the BR throughput characteristics
of the minislot subframe under a broad range of load conditiotidh be confirmed that

71



the minislot channel behaves in a way expected tfpical slotted Aloha system, we can
concludethat the BR transfer mechanism operates corré@lintroduce broad range of BR
loadson the minislot channel, we removed the Clixfiitation on the number of calls ad
mittedto the system. Sincge intend to observe the BR generation and transmission, not the
payloaddata transmission, and the transmission mechanisms in control arstilofasanes
areindependent from each othare can be sure that the experiment will deliver reliable in
formationabout the BR transfer mechanism. In addition, we will be changing the burst gen
erationstatistics of the sources to control the BR load.

Normally to obtain throughput characteristics of slotted Aloha channel, one needs to con
ducta series of simulations for precisely controlled loads and combine the resutisento
throughputcurve. For simplicitywe decided tdollow a less time consuming way we ob
servethat the number of calls admitted to the system will steadily grow from 0 to some maxi
mumvaluedetermined by the call generation statistics and number of sources as the simula
tion progresses through its initial stages, it then follows that the BR load generated will also
rangefrom 0to high loads. Using the method of counting the numbers of BRs transmitted
(theactual channel load, not the original BRs generated by sourcesjcaied over each
window of 100 frames, we can obtain a number of @hroughput vs. load® points, equivalent
to points obtained from a series of simulations with precisely controlled loadh@se the
100frames window length as long enough to ensure that the numbers of BRs counted will
resultin a reasonable resolution of the throughput calculations, and short enough ¢approxi
mately 1.5 seconds) to generate many points, and capture the changes of BRelpad. W
formeda number of simulation runs for tifent values of source statistics (presented in the
table)to ensure that a broad range of BR loads is covered. Only voice sources were activated.

Silencelength (sec) 0.5 0.37 0.25
Steadyzstate BR tifad (BRs/minislot) 0.3 0.35 0.4

Figure 8.28 shows the number of calls admitted to the system for one of the simulation runs.
Within the first 200 seconds, we can observe the number of calls in the system growing stea
dily as new calls are generated.
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Figure 8.28 Number of CBR calls in the system
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The corresponding numbers of BRs generated by the voice sources is shown in Figure 8.29.
We can see that the BR tfiafoffered to the system by the voice sources follows roughly the
patternof growth shown for the number of calls in the systera.dah also notice that starting
from the point of approximately 120 seconds, tHerefd BR trafic comes close to the point
of maximum throughput of slotted Aloha (0.37 packets/minislof).sWall expect that the
actualtraffic load (including BRs retransmitted due to collisions) will grow vexgidly
aroundthis point.
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Figure 8.29 Number of BRs generated

Indeed, as can ls=en from the graph in Figure 8.30 beltnem the 120th second onwards
the control subframe experiences a rapid growth of load beyond the point of overlad as
resultof an ofered BR trdfic being higher than the maximum capacity of the slotted Aloha
channel.
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Figure8.30 BR load.
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Upon closer examination of the graphs in Figures 8r28.30, we notice that the overload
conditionfor our system starts when thdéesed BR trafic reaches approximately 0.3 BRs/
minislot. This differs from what we can expect of a slotted Aloha system (the overload should
startfrom the ofered trafic equal approximately 0.37 BRs/minislot)o €xplain this, we
needto take into account the radio channel model used in our simulations. The model as
sumesan average propagation delay of 10 microseconds. Since our misisQi micre
seconddong (5 minislots in a slot, 30 slots in a 15 ms frame), this amounts to a normalised
delayof 0.1 of a minislot. A simplistic calculation of thdeaft of such delay is based on the
assumptiorthat the vulnerability period (period of time within whiahransmitted packet
may collide with othepackets)s now 1.2 minislots instead of 1 minislot (increase by the
averagevalue of roundztrip propagation delay), and the throughput equation will be now

instead of the usual .
Thethroughput curves for slotted Aloha with delay equal to 0.1 of aasidtwithout delay
areplotted in Figure 8.31.

Throughput of slotted Aloha with and without transmission delay
as a function of load G [frames/minislot]
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Figure 8.31 Throughput of slotted Aloha

The throughput curve obtained for systith delay has its maximum of approximately
0.3for the load of approximately 0.8. This matclies results observed in Figures 8.29 and
8.30very well.

We now combined the athroughput vs. load® points obtained from all simulation runs into
onegraph. As can be seen in Figure 82w the points fall reasonably well into the pattern
thatcouldbe expected of a slotted Aloha system. Starting from the values of loads close to
0.8 BR/minislot, the points are less dense and tend fersuém inaccuracies of counting
BRsat the transmitting and receiving ends over the same 100 frames window in the presence
of long delays (caused by collisions and retransmissions). Considering the veryroayial
of BR load when the overload starts (see Figure 8.30), we should not expect many points to
fall into the regionmmediately following the maximum throughput load. Once the overload
conditionis triggered, the growing number of retransmissions causes more and mere colli
sions,and the load tends to grow out of control in a very short period of time. Thus, we either
havepoints located below the maximum throughput load, or well in the regibigh over
loads,but only few in between. Those points that our method could capiilnie the region
of small andnoderate overloads, are rare andesufom inaccuracies caused by counting
BRsover a period of time (100 frames) within which the load varied a great deabvétsl
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shapeof the curve presented in Figure 8.32 is cloghab of slotted Aloha with 0.1 minislots
delayas seen in Figure 8.31. This entitlesto conclude that the simulation model of the
minislot channeltbased BR transfer mechanism behaves as expected.

ER:z received {requests/ minizlot)

4

3 ........... ....__ ............

1l

N/ S B

1 2 3 4 ) k 7 g q
ER. load {requests/minislot)

Figure 8.32 Throughput of BR minislot channel

8.6 Validation of Control/Data Subframes Boundary Adjust
ment Mechanism

As we have discussed earliBR packets contend for the minislots in every corguts
frame.Therefore, for trdic with high content of BR packets,ttie capacity of the minislot
subframeis not suficient, the delay caused WBR overload may in turn cause excessive
bandwidthallocation delay and dropping of delayed payload packets. Thus we want to keep
the BR load in the contradubframe low by adjusting its capacity as the BR load increases.

What should be the maximum BR load in our system? If we chose the BR load to maximise
thethroughput of a slotted Aloha contmlbframe (0.37 BR/minislot, or rather 0.3 BR/mini
slotfor a system with propagation delay), the expected numkexredmissions per success
ful transfer of a BR will be

This, for G = 0.83 (approximately the maximum throughput load of a system with delay),
IS

Thus, on average, there will be additional average delay incurred for each received BR equal
to 4 frames (60 ms), because a BR is repeated after 2 frames if there is no acknowledgment
of reception from the BS, and there are 1.7 retransmissioaserage for each BR. The 60
ms additional average delay may be too much is not desirable, and thevefoeed less
collisions(lighter BR load).
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If we chose to limithe average number of retransmissions to 1 &), the range of loads

we could use, as explained in the following paragraphs, could be up to G = approx. 0.5 BRs/
minislot.

The Control/Data Subframes Boundary Adjustment Criterion

If we want to control the range of points on the S = f(G) characteristic so that our system
alwaysoperates in the region of @safe® loads, we nekhow the current values of either
S or G. Possible criteria (measurable in our system) of controlling the operating point are:

1. The number of received BR packets (S). This criterion is not suitable because it
does not determine G unambiguou#iso, using the absolute value of through
put S is associated with a danger of severe overloading if the Sméeciediby
channel errors.

2. Load G * not suitable as well because it is unknown to the BS (not measurable
directly).

3. Number of collisions * this could work (if we can count the number of collisions)
but is complicated.

4. Probability of a minislot being empty (Po) * this method will work, because we
can measure Po directgnd then calculate G from its value following the equa
tion hence (note: the factor 1.2 is used again
to account for propagation delay).

Also, Po can be measured at the BS by counting the empty stothddise Po as a criterion
for boundary adjustment.

Usingthe already knowthroughput curve (shown in Figure 8.31) and the plot of probability
of empty slot as a function of load G (shown in Figure 8.33 below), we can derive criteria
(thresholdvalues of Po) for switchingetween 5, 10 and 15 minislots in order to adjust the
capacityof the control subframe.

Probability of empty minislot
as a function of traffic load G [framessminislot]
for slotted Aloha with propagation delay 0.1 minislots

-
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O—=tWkmb-0i0-=—=
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Figure 8.33 Probability of empty minislot (Po) vs G.
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The Boundary Adjustment Algorithm (BAA)

The system starts up with 5 minislots in the control subframe. Based on threshold values
of Po found from the appropriate graphs (implementing the goal of limiting the average
numberof retransmissions to less than 1), we can formulate the following algorithm:

1. Calculate the percentage of empty minislots (Po) over a short time window (use a
sliding window method, i.e. for each new frame calculate the Po over the number
of most recent frames equal to the window size).r&ked to determine what win
dow size should be. For accuraaye need more frames (and higher count of
empty slots) in the windowvhile for fast response of the adjustment mechanism
we need short windawrhe minimum window size for 5% accuracy (this seems
to be a good enough accuracy for the purpose of boundary adjustment) is 4
frames, considering that there are 5 minislots in each frame.

2. If Po < 0.65 (equivalent to G = 0.35; note that we applied some safegynnar
the choices of threshold values), then add 5 more minislots, tRewercentage
of empty minislots will have to be calculated over 10 minislots in a frame, not 5
as before. Since this operation did not change the original BiR wéered by
sources, we can use the throughput curve to find the new G for the 10 minislots
case.

3. From 10 minislots, if Po > 0.85, then remove 5 minislots (go back to 5 minislots).
If, however there is further decrease in Po to less than 0.65, add 5 more minislots
(now there will be 15 minislots in total). The @return® Po threshold has been de
termined again from the available plots, with some additionagimé&w maintain
some overlap (hysteresis) between the upwards ad downwards directions of ad
justment.

The final algorithm is shown with a use of state transition diagram in Figure 8.34.

Po < 0.65 Po < 0.65
5 minislots 10 minislots 15 minislots
Po >0.80
X

Figure 8.34 Data/control subframe boundary adjustment algorithm

The principle of the adjustment operation may be illustrated with a help of throughput
curvesfor 5, 10 and 15 minislots control subframe, plotted in a coordinate system where the
load G and throughput S are relatiieethe load and throughput measured for system with
5 minislots capacity (Figure 8.35).
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Figure 8.35 Throughput of control subframe

As seen in Figure 8.35, the throughput of 5 minislots has its maximum (approx. 0.3) for
load equal to approx 0.83 BRs/minislot. The throughput of 10 and 15 minislot systems is 2
anda3 times higher than that of 5 minislots respectivéhle boundary adjustment mechanism
3jumps® from one curve to another in order to keep the operating point well below the maxi
mum throughput region (high probability of collision), while using only as many slots in the
controlsubframe as necessafjhecombined d&ct of the adjustment can be illustrated as
in figure 8.36.
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Figure 8.36 Control subframe throughput with boundary adjustment

Experiment 6.1We performed a number of simulation runs followthg same methodol
ogy as in experiment 5.3 but with the control/data subframe boundary adjustreeminism
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activated.The source statistics were set to cover a rahgédferent values of the fdred BR
load as shown in the table.

Silence length (sec) 0.8 0.5 0.25 |0.15 (0.09
Calculated BR produced (packets/minislot)0.2 0.3 0.4 0.6 1.0

The number of calls simultaneously in the system (from one of the simulation runs) is shown
Figure8.37 below

Humber of calls accepted
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Figure 8.37 Number of CBR calls in the system

The corresponding number of BRs generdbtgdhe calls is shown in Figure 8.38. It can be
seenthat the load in the simulation run illustrated in Figure 8.38 exdbedsaximum ca
pacity of our controlsubframe (with 15 minislots) by a small value ¢mlgd for a limited
periodof time.
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Figure 8.38 Number of BRs generated, overload case

The actuaBR load corresponding to thefefed load illustrated in Figure 8.38 is shown
in Figure 8.39. It can be seen that dwerload condition occurs only for the short period of
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time when the dered load exceeds the value of 1 BR/minislot (relative to 5 minislots eapaci
ty).

ER load {requests/minislot)

0o
time {sech

Figure8.39 Number of BR loaded to a minislot, overload case

To illustrate more directly the operation of digundary adjustment algorithm, we plotted
the number of minislots in a control subframe against time in Figure 8.4d@aWwsee that
initially, for small BR loads, the control frangentains only 5 minislots. As the BR load in
creasesthe control subframe capacity is switched to 10 and 15 minislotsaftereand for
longerperiods of time. Howevewhenever the load fluctuates towards lower values, the ca
pacity of the control subframe returns to the lower numbers of minislots. The algorithm re
sponddast to changes in BR tfa.

Humber of minizlots in the control subframe
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Figure 8.40 Adjustments of the number of minislots

In a similar way as in experiment 5.3, we combined the éthroughput vs. load® paints ob
tained from a number of simulation runs into one graph shown in Figure 8.41.
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Figure 8.41 Throughput of control subframe with boundary adjustment

It can be seen from Figure 8.41 tttad points fall into a pattern resembling the throughput
curveof a system with boundary adjustment (plotted in a coordinate system wher&S and
arerelative to 5 minislots capacity), as illustrated before in Figure 8.36.

To illustrate better the similarifyetween simulation results and the @theoretical® character
istics shown in Figure 8.36, we combined into one graph poibtsined from simulation
runscovering only low to medium BR loads, and presented them in Figure 8.42.

ER=z generakbed J{requests/3 minislots)
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Figure 8.42 Throughput of control subframe with boundary adjustimemoderate loads
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We can very easily see the 2fuzzy® areas where the adjustments takdqrl@&i loads
between 0.3 and 0.5, as well as between 0.7 and 0.9.

8.7 Validation of Bandwidth Allocation Mechanism
The purpose of the validation experiments described here is to verify:

1. that the available slots in every frame are correctly allocated to the calls admitted
into the system;

2. that the bandwidth allocation conforms to the simple allocation algorithm used in
the simulation models;

3. that calls of diferent types are mixed according to their bandwidth requirements
and to the service discipline assumed in our model.

To verify the operation of our entire MAC protocol model, we activated the packet dropping
mechanismDue to BR access delay and resulting delays in bandwidth allocation, the pay
load packets will be delayed. In cagkreal time services, if the packet delay exceeds a delay
limit predefined for the service in question, the delayed packet will be droppeldsekvice
specificationsset the packet delay limit for voice ftiiafto 50 + 150 ms rangand for video
traffic to the range from 50 to 100 ms. The tolerable packet droppaigability is suggested
to be 0.01 (1%). If a graph of packet dropping probability versus the total number of simulta
neoususers in conversation cae plotted, it will show the system capacity (the point where
packetdropping probability exceeds the 0.01 level).

Since there is a limit on the level of statistical multiplexing that can be achieved for a given
traffic mix and source statistics, we have to make sure that our system is not overloaded with
callsthat produce bursts at random and do not tolerateganket delays (in practice that
meanghat the CBR and VBR calls should not amount to more than 70% + 80% of the total
traffic that can be carried by the system). Some clues as to the maximum voice and VBR
traffic load tolerable in our system could be obtained by application of simple fetefivaf
mula (even though none of the typical Erlang B or Erlang C formulas are directly applicable
to our models).

The confirmation of correct operation of Bandwidth Allocation and data transfer mecha
nisms (including thelownzlink transfer of ALL packets) will be sought in the observation
thatthe mixed media tréi€ generated by the MSs gets through the system as expected, with
the priorities as prexset in the bandwidth allocation mechanism.

The network simulateith the experiments consists of 48 MSs and 1 BS. Control/boundary
adjustmenimechanism igctivated, and the CAC threshold is now set to 29 slots of available
bandwidth(the maximummumber of data slots in a frame). Whenever the control subframe
is adjusted, an equivalent of 1 slot is added to or subtracted from the available bandwidth.

In most of our experiments, we used typical voice source and VBR source statistics. The
meangap time between calls was manipulated to obtafardifit intensities of trit gener
atedby different types of sources as required in specific experiments.

mean silence period length:1.35 second
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mean talkspurt length: 1.0 second,

mean call length: 3 min.
Typical VBR source statistics:

mean silence period length: 0.1 second
mean VBR burst type 1 length: 0.1 second.
mean VBR burst type 2 length: 0.2 second.
mean VBR burst type 3 length: 0.5 second.
mean VBR burst type 4 length: 0.9 second.
mean VBR call length: 3 min.

Experiment 7.1With a typical call generation statistics as listdmbve, we ran our simula

tion with CBR (voice) and VBR sources only for 400 seconds (approximd@&i00
frames). The mean gapetween voice calls was set to 1 minute, and the mean gap between
VBR calls to 45 minutes. This was expected to result in tfegeaf CBR trdic of 15.48
packets/frameand in the dered VBR trafic of 7.98 packets/frame.

The number of calls simultaneously in the system for both CBR and VBR calls is shown
in Figure 8.43 belowWe can see that the total fiafis kept below the level triggering rejec
tionsof calls by the Call Admission Control mechanism.
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Figure 8.43 Number of CBR and VBR calls in the system

The total numbers of payload packets generated (counted in each 100 frames window) and
receivedat theBS are shown in Figures 8.44 and 8.45. The choice of 100 frames long window
(window size equal 1.5 second) did allow for a captfrenomentary overloads caused by
coincidenceof data bursts.
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Figure 8.45 ®tal payload packets received

As can be seen from thwo graphs above, sample values and the shapes of both curves
arenearly the same for most of the time. The smallééhces noticeable between the
graphsare caused by dropping packets dushgrt periods of overload. The results show
heretell us that our bandwidth allocation mechanism allocated the available channel band
width as requested by calls (BRS).

The average CBR packet delayshown in Figure 8.46, and the CBR packet dropping rate
in Figure 8.47. The delay threshold for dropping packets was set in our simulation experi
mentsto 150 ms.
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Figure 8.46 CBR packet delay
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Figure 8.47 CBR packet dropping rate
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From these two graphs we can conclude that under the total aledgé less than 0.8
of the maximum system capacityoice packets were delayed on average by 30 ms (2
frames).Only during the short periods of time when the load exceeded the 0.9 packets/slot
level, they voice packets experienced an increase in,@gldthe packet dropping rate-in
creasedeyond the 0.01 level.

Similar statistics for VBR sources (packet delay and packet dropping rate) are show in Fig

ures8.48 and 8.49.
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Figure 8.49 VBR packet dropping

It can be seen that the QoS for VBR sources is worse than that for CBR sources. Fhe appar
entlack of fairness in bandwidth allocation is due to the fact that VBR sources frequently
producebursts with packet rates up to 4 packets/frame, and therefore such burstslde less
ly to find 4 available slots in a system thabisthe vege of overload. If the system operates
underlight load conditions, then the Bandwidth Allocation mechanism will allocate-band
width fairly, exactly as the sources requested (as can be seen in the figures for the periods
of time with lighter load).

From the observations above, we shaficludethat the system should be engineered to
limit the trafic load from realttime sources thggnerate bursts at random to values ensuring
thatthere will beno momentary overloads caused by coincidence of bursts, because the delay
incurred by any trdic @smoothing® mechanism that may be applied will render the delay+in
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tolerantdata useless. The maximum load will depend on the limit on statistical multiplexing
mentionedbefore. Also, more sophisticated CAC a@dandwidth Allocation mechanisms
may be implemented to partially alleviate the problem, however none of them will be able
to remove the limit on statistical multiplexing which depends only on the statisticsfuf traf
mixedin the shared access system.

To complete the picture, the CBRBR and total throughput are presented in Figures 8.50,
8.51and 8.52. W can observe that the majority of points in the graph@talthe pattern
of linear throughput, excejt few points well visible in the VBR throughput graph which
representhe throughput under overload conditions.

CER packets receiwved {packetsS=slot)

[ e Y e [ e = R e e e e}

0 0.1 o,z n.3 0.4 0.5 0. & 0.7 n. = n.A i
CER packetz prodoced {packetsyS=lot)

Figure 8.50 CBR packet throughput

VEER packets received {packetsz/zlot)

1] 0.1 n.z n.z 0.4 n.g
WER packets produced {packetsS=zlot)

Figure 8.51 VBR packet throughput

87



Figure 8.52 ®tal (CBR and VBR) throughput

Experiment 7.2With a configuration as in experiment 7.1, added data (ABR and UBR)
traffic such that the ABR and UBR load in total could fill in the capacity gap i.e. the remaining
portion of the total available bandwidth. Since the ABR and UBR packets are assumed to be
tolerantto delays, the data calls can use the bandwidth remaining after the CBR and VBR
burstsare serviced, increasing the total utilisation of the channelcdlhgeneration statist

ics were modified to reduce the number of voice callsretl to the system, and increase
slightly the number of VBR calls tdred.

A similar set of output statistics as in the previous experimastcollected during the simu
lation. Figure 8.53 shows the number of CBR and VBR calls admitted to the system.
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Figure 8.53 Number of calls in the system
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Figure 8.54 demonstrates that even under typical load conditimhior typical burst gen
erationstatistics, theontrol subframe adjustment mechanism proves useful. Most of the
time our system workedith 5 minislots in the control subframe, however at some instances,
thenumber of minislots increased to 10 or evenmriibislots/frame due to the coincidencies
in BR arrivals from the MSs. If the tifad mix is changed and more sources generatBdraf
with very short but frequent bursts, the boundary adjustment will operate more dften in
highercapacity region.

Figure 8.54 Number of minislots in the control subframe

Throughput characteristiésr CBR, VBR and total trét (this time including the ABR
andUBR trafic as well) are shown in Figures 8.55, 8.56 and 8.57.

ABR and UBR packets can be queued until themvailable bandwidth for transmission.
Hence,whenever we have slot(s) available after allocation of bandwidth to CBR and VBR
traffic, the ABR/UBR packet(s) waiting in the Iberf will fill in the remaining part of the
frame.This results in a throughput characteristic resembling an ideal one, as Jriguwran
8.57.

Figure8.55 CBR packet throughput
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Figure 8.56 VBR packet throughput

Figure 8.57 ®tal packet throughput

The patterns of ABR and UBR packets received at the BS is shown in Figures 8.58 and 8.59.

Thesetwo in total represent exactly the load that is required to fill in the capacity of cur sys
tem.This can be seen in Figure 8.60, where under steadig tahditions the total tr&t
serviced by the system is equal to the maximum capacity of 29 data slots in a frame.
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Figure 8.58 Number of received ABR packets

Figure 8.59 Number of received UBR packets
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Figure 8.60 CBR, VBR and total numbers of packets received

CBR and VBR packet delagsid dropping rates are shown in Figures 8.61, 8.62, 8.63 and
8.64.

Figure8.61 CBR packet delay
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Figure 8.62 CBR packet dropping

Figure 8.63 VBR packet delay
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Figure 8.64 VBR packet dropping

Average delays for ABR and UBR packets are shown in Figures 8.65 and 8.66.

Figure 8.65 ABR packet delay

ABR packets experienced 2 + 3 second delay on average which is much more than the 30
msdelay for CBR and/BR packets. This confirms the operation of bandwidth allocation
mechanisnwhich applies lower priority to ABR calls than to CBR and V&#s. Since the
ABR traffic is assumed to be delaytinsensitive, the ABR packets wait irfex bufavailable
bandwidth.
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Figure8.66 UBR packet delay

The mean UBR packet delay is in order of tens of seconds and can reach more than 250
secondsThis again confirms our bandwidth allocation mechanism, which gives UBR calls
the lowest priority
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Chapter 9 Overall Protocol Performance
Evaluation

In this chapter we ran two simulation experiments, one for voicexonly and the other one
for multimedia trafic. These experiments were designed to evaluate the overall performance
of our Medium Access Control protocol and demonstrate its ability to deal with multimedia
traffic. We model only four types of trfat sources

The ordinary voice source with source data rate + CBR calls.
The low quality videozxtelephone tfiafsource + VBR calls.
The usual computer file and message transfer + ABR and UBR calls.

Experimentl Overall System Performance Evaluation foioi¢e Traffic

This experiment was designed to evalduh&eperformance of our protocol and compare
its throughput to other known packet reservationtbased protocols for a case of voicexonly
traffic.

Configuration: Forthis experiment, the network consists of 96 MSs and 1 BS. All protocol
mechanismsre activated. Only voice sources were used in the MSs.

The voice source statistics were as follows:

mean silence period length: 1.35 seconds
mean talkspurt length: 1.0 seconds
mean call length: 3 minutes
mean gap time between two calls: 2 minutes

The number of voice calls simultaneouslythe system, mean voice packet delay and
throughputcharacteristics are shown in Figures 9.1, 9.2 and 9.3.

We observed that for voicezonly tiiafthe average packeelay is approximately 25 ms,
lessthan in the case of mixed tfiaffrom experiments described in Chapter 8. This is because
with the 96 MSs and voice call generation statisticdeseribed above, our system worked
mostof the time with optimal trdiit load and rarely experienced an overload (number of
voice calls in the system rarely got higher than 65+67 calls).
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Figure 9.1 Number of simultaneous voice calls

Figure 9.2 Mean voice packet delay
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Figure 9.3 Vice packets throughput

Packet dropping rate vs. number of voice calls in the system is presented in Figure 9.4.

Figure 9.4 Packet dropping vs. number of calls

As can be seen from the graph, our MAC protocol can accept as many as 62 voice users
simultaneouslyith guaranteed packet dropping rate less than 1%.

Packet dropping rate vs. packet load is presented in Figure 9.5.
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Figure 9.5 Packet dropping vs. packet load

From the relationship between packet dropping rate and number of simultaneous users we
observethatwhen the number of simultaneous users reaches the maximum acceptable value
(62 as shown in Figure 9.4), the packet dropping rate exceeds 0.01 and the system is appears
to be in overload condition.

From Figure 9.4 we can estimate that our maximum system capacity which is 62 voice calls
over a 30zslot frame. This capacity is higher than the capEfdtiRMA multiple access pro
tocolwhich has been quoted in literature asBiiultaneous voice users over 20 time slots
frame[32]. Although one has to be careful when comparing two systems wiéhnedif
numbersof lines, slots etc... (see ErlangB law), we can say that the PRMA supports 1.85 users
perslot, while our protocol supports 2.06 users per slot. Results for 30xslot systems known
from quote the capacity &0 simultaneous users for DAMA (Demand Assignment Multiple
Access)and 61 voice users for Minislotted+tPRMA [22]e\tan see that our protocol iscer
tainly no worse than thether known protocols when it comes to its capacity measure (62
userswith 30xslot frame). Othemore interesting features of our protocol will be discussed
laterwhen we examine its performance in a mixed multimedi&drafvironment.

Similar conclusions can be drawn from Figure 9.5. The maximum achievable system
throughputis achieved at packet load of 0.89 packets/slot, which is higher than the 0.8
packets/peslot quoted for PRMA protocol.

The maximum number of simultaneous users that our system can support is:
0.89 x 30 (slots) / 0.43 (speech activity factor) = 62.09 (calls)

This, again, confirms the result derived from Figure 9.4 and discussed before.
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Experiment 2 System Performance with Mixed Multimedia Traffic

In this experiment, we use all 4 types officadources. All protocol mechanisms are -acti
vated.The methodologys the same as in Experiment 7.2 described in Chapter 8, with traf
parametergsource statistics) set to such values that the system is never overload with stream
(CBR/VBR) traffic. We can therefore observe théeet of data trdic filling in the band
width remaining after the CBR and VBR ftiiafhas been serviced.

Configuration: The simulated network for this experiment consists of 48 MSs and 1 BS.

We want our experiment to run with an average loadi¢seriitly long time after startzup)
reachingthe level of 60% othe system capacityVith 48 MSs, we set the source statistics
asfollows:

\oice source statistics:
mean silence period length:1.35 seconds
mean talkspurt length: 1.0 seconds
mean call length: 3 minutes
mean gap between calls: 257 seconds
VBR source statistics:

mean silence period length: 0.1 seconds
mean VBR burst type 1 length: 0.1 seconds
mean VBR burst type 2 length: 0.2 seconds
mean VBR burst type 3 length: 0.5 seconds
mean VBR burst type 4 length: 0.9 seconds
mean VBR call length: 3 minutes

mean gap between VBR calls: 85.7 minutes

Data source statistics:
mean ABR/UBR message length: 100 kbytes
mean gap between ABR/UBR calls:  128.5 seconds
Frame parameters:
slot length: 0.0005 sec. (Frame length: 15 msec.)
guard time between frames: 0.0001 sec.
A similar set of output statistics as in experiment 7.2 was colléctéog the simulation.

It can be clearly seen from all the graphs below that our protoceladnwell in the mixed
traffic environment. It can multiplex data packets fronfiedént types ofraffic sources. The
only difference between this experiment and experimerdré 2he call generation statistics.
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In this experiment, weried to keep the average CBR and VBR packet loads well under 10
packets/framéroughly 8 packets/frame for CBalls and 8 packets/frame for VBR calls).
Thereforewe have never observed any CBR or VBR packets delayed by more than 3 frames
andhence our packet dropping rate is 0 over the entire duration of the simulation run. The
light load conditions were also reflected by the number of minislots in the control subframe
which has never been increased over the initial value of 5 minislots.

Figure 9.6 Number of calls in the system (60%load, multimeditcyraf

Figure 9.7 CBR packet delay (60%load, multimediditiaf
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Figure 9.8 VBR packet delay (60%load, multimediaficif

Figure 9.9 Packet dropping (60%load, multimediditraf
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Figure 9.10 ABR packet delay (60%load, multimediditrpf

Figure 9.1 UBR packet delay (60%load, multimedia ficf
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Figure 9.12 Number of CBR/VBR packets generated (60%load, multimedie) traf

Figure 9.13 Number of packets received (60%load, multimedfacjraf
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Figure 9.14 Number of ABR packets received (60%Iload, multimedfec}raf

Figure 9.15 Number of UBR packets received (60%load, multimedie xraf

Figure 9.16 Number of minislots in the control subframe (60%load, multimedia)traf

We can conclude from the results collected thus far that our protocol can work well with
mixed multimedia trafic. It can provide slightly better throughput performance tharésée
known packet reservationtbased multiple acqgaesocols with voice trdit only, and flexi
bly multiplex multimedia tréfc characterised by high burstiness.
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Chapter 10 Conclusions

In this thesis, we have:

discussed mobile broadband networks capable of full integration with the fixed
broadband network infrastructure and usifddvilike cell transport over the air
interface;

discussed Medium Access Control protocols in communication systems, and for
mulated requirements for MAC protocols suitable foiVAlike cell transport
over the air interface in mobile broadband systems supporting multimedig traf

proposed a new MAC protocol capable of supporting mixed broadbafid éraf
vironment of future mobile systems;

discussed in detail the assumed source models for multimedia &red protocol
mechanisms of the proposed MAC protocol;

described the simulation model of the new MAC protocol developed within the
OPNET discrete event simulation environment;

presented and discussed the results of simulation experiments performed to vali
date the MAC protocol model,

presented and discussed the results of simulation experiments performed-to evalu
ate the MAC protoca performance.

Results of the simulation experiments discussed in the thesis reveal that the proposed new
MAC protocol:

1. works well in the mixed multimedia tfad environment,

2. provides efective statistical multiplexing at the burst level forfelient types of
multimedia services,

3. provides dynamically adjustable (adaptive) control channel for bandwidth reser
vation requests,

4. supports dynamic bandwidth allocation based on demands presentedidy traf
sources in realttime,

5. is independent of any chosen physical channel infrastructure,

6. reduces the bandwidth occupied by reservation requests by dividing control sub
frame into minislots,

responds fast to the network overload conditions,

guarantees QoS for all types of services supported, by individual treatment of res
ervation requests generated byfatiént types of calls,

9. uses the channel bandwidthigently by allocating the bandwidth unused by
CBR/VBR trafic to data (ABR and UBR) tr&¢;
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Simulation results show that in comparison with the well known PRMA protocol for packet
voice mobile networks, ouprotocol provided better overall performance in terms of system
throughputand fairness of access, as well ageims of the number of simultaneous users
servicedby the network.

We believe that further improvements of the protocol can be achieved if we find satisfactory
answerdo the following questions:

What is the optimum ratio between the data slot and control minislot lengths,
How to improve the Data/Control subframe boundary adjustment algorithm,

How to utilise information available from higher layers (e.g. predictions of users'
mobility and handzovers) in the call admission and bandwidth allocation algor
ithms,

How to improve the call admission and bandwidth allocation algorithms o pro
vide fairer treatment of bursty VBR sources under high load conditions.

Finally, we haveo stress that among the most important features of our new MAC protocol
are:

1. Cleardivision between the functional blocks of the protocol resulting in a total
independence of the functional blocks implementing policies arfattsafvicing
disciplines (Call Admission Control, Bandwidth Allocation) from the basic shared
access mechanisms; the Call Admission Control and Bandwidth Allocatior algor
ithms can be changed at any time, and be logically interconnected with any func
tional blocks of the mobile network system for the purpose of obtaining irforma
tion useful in performing their functions; the structure of request queues can be
changed by adding or removing queues for new types/subtypes of calls-and ser
vice disciplines.

2. Scalability of frame structure and transmission speed to any system needs, rang
ing from narrow+ and widexband mobile systems used primarily for voice com
munications to broad+band mobile systems supporting high speed multimedia ser
vices.
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Appendix 1. OPNET process models

MS Call_control process model

init state
idle state

. initialises all the simulation and model attributes
. empty

CALL_SETUP state: If the statistic value received from the generator block is 1

ACCEPTED state

REJECT state

(corresponds to new call request status) this state sends
CALL_SETUP ICI to the BS and start CALL SETUP
timer. If that value is 0 + send CALL_TERM ICI to the BS.

. If remote interrupt code received from the BS is 1 + the
process will transit to this state and send

CALL_ACCEPTED signal to the corresponding generator
block.

: While waiting for the response from the BS, if the CALL
SETUP timer is timed out, the process will transit to this
state and send CALL_REJECTED signal to the
corresponding generator block as well as a

CALL TERMINATED ICI to the BS.
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Voice source process model

init state
IDLE state

NEW_CALL state

SEND state

. Initialises all the simulation and model attributes,
schedule the first call.

. Wait for the new call arrival time to be elapsed to transit
to NEW_CALL state.

: When a new call interarrival time is elapsed, the process
transits to this state and sends a CALL SETUP signal to the
Call_control block and wait for response. If receive a
CALL_ACCEPTED signal is received * transfer to SEND
state to start generating actual data packets within the call
body: If the received signal corresponds to
CALL_REJECTED status + schedules a new call and
returns to IDLE state and wait for that new call arrival
again.

: Produce one BR for the entire talkspurt as well as

one data packet per frame and send to BUFFER block. If
the call length is elapsed + send a data packet with EOC bit

set to 1, schedule a new call and wait for new call

idle state

interarrival time to be elapsed. When that moment came,
the process returns to NEW_CALL state again.

- Just wait until the idle period end and return to the SEND
state. If the call duration is ended + schedule a new call
and wait for return to NEW_CALL state when that new
call arrived.
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VBR source process model

VBR source process model is very similar to the voice source process model
presented before. The onlyfdifence between these two models is that, in the
SEND state, VBR source produces not only one data packet per frame but many
(includes 1). The number of data packets that must be generated within one VBR
burst is defined prior to every burst as its burst data rate. For simplicity-(as de
scribed in the source model part of this thesis), we just support 4 burst data rates
for VBR sources and their combination with individual burst length is assumed to
be random. Therefore, by generating a random number (in a predefined range)
before entering the SEND state, the process can define the data rate of the coming
burst to be produced.

All other states are the same as in voice source model except the following extra
actions have to be taken:

NEW_CALL state : Generate a random integéri( range 1+4.

SEND state : Produce one BR for the entire burst as well as
i data packet per frame and send to BUFFER block.
idle state . Generate a random integéri range 1+4 before

returning to SEND state.
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init state
IDLE state

NEW_CALL state

SEND state

Data source models

: Initialises all the simulation and model attributes,
schedule the first call.

: Wait for the new call arrival time to be elapsed to transit
to NEW_CALL state.

: Send CALL SETUP signal to the Call_control block and
wait. If receive a CALL_ACCEPTED signal + transfer to
SEND state. If the received signal corresponded to
CALL_REJECTED status + schedule a new call and return
back to the IDLE state.

: Produce one BR for the entire message as well as 30 data
packets per frame (full load is assumed for data

sources) and send to BUFFER block. If the message length
is reached £ schedule a new call again and wait for the call
interarrival time to be elapsed to return back to

NEW_CALL state.
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MS BUFFER process model

init state . Initialises all the simulation and model attributes.
IDLE state - Empty
packets state . If a packet is received at the input port + get the packet

and insert it to the BR subqueue (subqueue 0) if it is an BR
packet or into one of the 4 data subqueues (subqueue 1 + 4)
if itis a data packet according to the type of service that
packet belongs to. At the same time, this block records the
insert time to be associated with the packet.

statistics state : According to the value of the statistic variable received
from MAPPING block, this block will retrieve one packet
at a time from the corresponding subqueue and send it to
the MAPPING block. If the waiting time of the packet is
greater than a 2packet dropping time?®, that packet will be
dropped and excluded from further transmission.

DEL_BR state : When received a DEL_BR instruction from BS, this block
knows that the BR was successfully received by the BS so
it can delete that BR from its BR queue to avoid sending
the same BR to the BS.
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MS MAPPING pr ocess model

init state
START state

Data_sl state

Send_com state

Relay Data state
Minislots state

. Initialises all the simulation and model attributes.

: Based on the code of the broadcast interrupt broadcasted
by the BS, this state will construct the structure for the
coming frame (i.e. it calculates number of data slots and
control minislots that must be consisted in the new frame)
and makes sure that the local frame will start at the same
time as the MS received this interrupt.

. At the instances of every data slot in the new frame, this
state will send a command for reading the saved
aAllocation® map to the FILER block.

. According to the value of the statistic variable received
from FILTER block when 2Allocation® map is read, this
state sends a command to the BUFFER block instructing
that one packet from the allocated data subqueue can be
transmitted if there is any

: Relay the received packet to the physical channel

: Based on the random number generated at the beginning
of every new frame, this state sends a command to the
BUFFER block for sending one BR packet (if there is any)
at the instance of the minislot chosen.
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Relay_BRstate : Relay BR packet received from the BUFFER block to
the uplink channel in the chosen minislot.

SYNCH state : Makes sure that the next frame will be synchronised with
the global network frame structure controlled by the BS
(just wait for a new FRAME_SART broadcast interrupt
sent from the BS).

117



init state
FILTER state

READ_MAP state

FILTER process model

. Initialises all the simulation and model attributes.

. Filter the received packets in the downlink channel. If it is
an ALL packet, extract the content and update 2Allocation®
map accordingly and if it is an normal data packet + send it
to the SINK.

: When received a read map instruction from the
MAPPING block, this block will read the corresponding
cell from the saved 2Allocation® map and send the content
to the MAPPING block. (Content of the cell read from the
map corresponds to the generator block to which the data
slot is allocated to).
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BS Call_control process model

init state
IDLE state
CON_REQ state

. Initialises all the simulation and model attributes.

: Empty

: When received a CALL_SETUP ICI associated with a
remote interrupt, this state runs a Call Admission Control
algorithm to decide on whether or not admitting that
request. If the available bandwidth allows to accept the new
call, this block will check the 2ACCEPTED?® table to get

a new available (unused) CID and send 2Accepted® ICI to
the requested MS. At the same time, it records the newly
accepted CR into the 2ACCEPTED? table with associated
MIN, type of service, required rate (bandwidth), allocated
bandwidth and the just admitted connection CID.

When received a CALL TERMINPED IClI, it delete the
already accepted connection from the 2ACCEPTED? table
as well as update the available bandwidth.
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Bandwidth Allocation process model

init state
idle state
INS_SUB state

ALLOC state

DEL_BR state

. Initialises all the simulation and model attributes.

- Empty

. If a BR packet is received at the input port + get the
packet and insert it into the corresponding BR subqueue
according to the type of service the BR belongs to
(subqueue 0 = 3). New BR packet is inserted®dt of

the selected subqueue accompanied with the packet
insertion time.

. At the beginning of every new frame, this state is initiated
with the running of the Bandwidth Allocation algorithm
inside as well as the frame boundary adjustment
calculations. New ALL packets are produced if there was
any new bandwidth allocation and they are send to the
BUFFER block for transmitting further to the MSs. New
value of the number of minislots that must be constructed
in the coming frame is calculated if the frame boundary
must be changed due to network current load status. This
value will be broadcasted to all the MSs at the beginning of
the next frame.

: When received a DEL_BR instruction from the
DEMAPPING, this block will delete the corresponding BR
from its BR subqueues to avoid further processing of the
same BR.
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BS BUFFER process model

This block has the same functions as that of MS BUFFER block as described
before. The only diérence is that of Left_ ALL state. Moreoy#hnis block just
cares about the transmission of ALL packets in the downlink radio channel using
the control 2ALL° minislots provided.

Left_ ALL state : This state was designed for the cases when the total
number of newly produced ALL packets is more than the
total number of control minislot available in the current
downlink frame. If this happens, this state will
automatically send the lefttover ALL packet in the guard
time slot(s) at the beginning of the next frame hence avoid
unnecessary delays in transmission of ALL packets to the
hardly waiting MSs.

All other states are the same as described in MS BUFFER process model.
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BS MAPPING pr ocess model

Again, functions of this block are similar to that of MS MAPPING block. W
are interested in the packet transmission mechanism in the unlink channel only
(for the purpose of verifying our MAC protocol) therefore this block transmits
only ALL packets to the MSs, indeed. This is the reason why we did not model
the SEND and RELX DATA states as for the MS MAPPING block.

Moreover this block has one more function of constructing new frame structure
as well as inform this structure to all the MSs by sending a broadcast intefrupt as
sociated with the required number of control minislots at beginning of every new
frame.
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BS DEMAPPING pr ocess model

init state . Initialises all the simulation and model attributes.
IDLE state - Empty.
FILTER state . Filter the received packets in the uplink channel. If it is

an BR packet, this block immediately sends DEL_BR
instruction to the successive MS for not sending again the
same BR packet (the MS can delete the BR from its queue
and therefore never retransmit the same BR to the BS).
After that, this block extracts the content of the newly
received BR to see if the same BR has been received before
(by any chance). If it is exactly new BR, this block send it

to ALLOC block for processing and update the

aBR Received® table. If it is an normal data packet + the
block sends it to the SINK.
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init state
IDLE state

NEW_CALL state

SEND state

Data source models

. Initialises all the simulation and model attributes,
schedule the first call.

: Wait for the new call arrival time to be elapsed to transit
to NEW_CALL state.

: Send CALL SETUP signal to the Call_control block and
wait. If receive a CALL_ACCEPTED signal + transfer to
SEND state. If the received signal corresponded to
CALL_REJECTED status * schedule a new call and return
back to the IDLE state.

: Produce one BR for the entire message as well as 30 data
packets per frame (full load is assumed for data sources)
and send to BUFFER block. If the message length is
reached = schedule a new call again and wait for the call
interarrival time to be elapsed to return back to

NEW_CALL state.
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