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Abstract— Wir eless Local Area Networks (WLANS)
based on the IEEE 802.11technology are becoming in-
creasingly popular and widely deployed. However, the
growing need for Quality of Sewice (QoS) guaranteesis
difficult to implement in distrib uted systemslike WLANS,
where the random acces9rotocol and the unpredictability
of the wirelesschannel make it difficult their interaction
with well-established architectures like DiffServ. Even
without trying to provide deterministic QoS guarantees,
simpler requirements are hard to get by. For example,
the basic requirement of providing fair accesgo all users
is conflicting with the nature of higher-layer protocols:
TCP is fair only under certain conditions, hardly met
by 802.11b WLANs. Another basic requirement is the
protection for short-lived TCP flows, that are sensitive
to lossesduring the early stagesof the TCP window
growth. The main contribution of this paperis the proposal
of an LLC-lay er algorithm that can be implemented on
both AP and WSs. The algorithm aims at guaranteeing
fair accessto the medium to every user, by awarding
longer transmission opportunities to WSsthat experienced
short channel failur es. At the same time, such award
mechanismcan protect short-lived flows while they strive
to get past the critical "small window regime”. We outline
the proposedsolution and presenta simulation study that
shaws the effectivenessof the new algorithm in comparison
to the standard 802.11bimplementation.

Keywords: Systemdesign, Simulations.

. INTRODUCTION

In the short span of four years since becominga
standardJEEE 802.11bWirelessLocal Area Networks
(WLANS) look setto revolutionize the way peopleare
perceving accessnetworks. By becominga ubiquitous
facility, available both in public areassuchas airports,
cafes, museums workplaces,and in private homes, it
is concevable that people will soon expect that the
same (or a comparable)QoS they receve on wired
networks in also availableto wirelessnetworks. To wit,
onecouldamuethatsaying”wired networks” and”’QoS”
in the samebreathhasoften beena debatabléssue.The

provision of QoS guaranteedas often been hindered
by several factors including, but not limited to, the
inherently best-efort servicemodel of the IP protocol,
the uncertaintyin characterizingthe traffic generation
processthe unavailability of QoSroutingalgorithmsand
protocolsthat could be deployed on a global basis,and
the poor scalability of several attemptsat defining an

articulate QoS paradigm.Among the several solutions
proposedin the literature in the past years, the most
successfubne (bothin termsof consensuandof actual
deplgyment)hasto bethe DiffServarchitecturdl]. Diff-

Servrecevedtheendorsememf IETF androuterstoday
offer a wide rangeof supportfor DiffServ capabilities.

On top of theseobsenations,wirelessnetworks offer
a whole set of new challengesto tackle. Tradition-
ally, obstaclesto QoS provisioning in wired LANSs
are: their distributed nature, the burstinessof traffic,
the unpredictability of the number of users,the ran-
dom accessprotocol. Beside these, WLANs using the
802.11btechnologyfurther add someof their own, such
as poor channelquality dependingon relative position
of Wireless Stations (WSs), interferencefrom hidden
terminals,and the anomalyobsened in [2], dueto the
different speedsat which WSs transmit. This lack of
determinismhas several dravbacks. Among them, the
guaranteeslbeitof a statisticalnature thatarchitectures
like DiffServ provide cannotbe extendedto users of
wirelesscommunities becausesven the most privileged
traffic flows (in wired parts of the network) can be
unpredictablydelayedor discardedy temporarychannel
failures.

Additional mechanismsarethereforenecessaryf QoS
guaranteeareto beprovided.|If anextensionof DiffServ
capabilitiesis to be engineeredor wired-cum-wireless
networks, two issuesare prominent: differentiation of
traffic classeqandits supportin network elementsyand
fair accesdo network resourcedor all flows within the
sametraffic class.

In this paper we addressthe latter issue, that is
fairnessamongflows and,morespecifically amongTCP



flows. We consider an 802.11b-basedVLAN where
WSsaccesghe network throughan AccessPoint (AP).

In such ervironment, fairnessis compromised,among
otherthings,by location-dependerthannelcapacityand

errors[3]. On top of that, under TCP traffic scenarios
unfairnessis exhacerbatedy the different throughput
and completiontime achieved by long- and short-lived

TCP flows, a problem that is closely related to the

intuition of long- and short-termfairness. In particular

short-lived flows, representingthe majority of todays

Webtraffic, suffer from pacletlossesoccurringduringor

just pastthe three-vay handshak phasewhenthe TCP

congestionrwindow size may nhot be large enoughso as
to trigger the Fast Recovery algorithm. Such flows are

delayedby (possibly)repeatedimeoutsthatareaffecting

them only becauseof their state, while longer flows

manageto avoid timeouts thanksto the reception of

duplicate ACKs that enable Fast Recovery. A similar

situation occursright after a timeout, when a flow is

more vulnerablebecauseof its small window, and the

dangerof repeatedimeoutscauseddy erroneougacket

marking is consistentTherefore,the time horizon over

which fairnessis guaranteeaould, if long-termfairness
werechosenresultin unwantedpenaltiesfor short-lived

flows. For the reasonsoutlined above, we focus on the

provision of short-termfairnesgo TCPflowsin 802.11b
WLANS.

The main contritution of this paperis the proposalof
anLLC-layer algorithmthatcanbe implementedat both
AP and WSs. The algorithm aims at guaranteeindair
accesgo the mediumto every user by awardinglonger
transmissioropportunitieso WSsthatexperiencedshort
channelfailures. The award mechanismworks by mon-
itoring the successfulmedium accessesver a mea-
surementwindow, and allowing short or long bursts
dependingon the WS's recenthistory By its design,this
mechanismalso favors short-lved TCP flows, which,
thanksto their small congestionwindow (and hencea
recenthistory of low throughput) alwayshave the upper
handwhen competingwith longerrunning flows.

The paperis structuredas follows: Sectionll reviews
recentcontributions from the literature on the topic of
fairnessn wirelessnetworks; an outline of the reference
scenarioin which our algorithmis supposedo operate
is then presentedn Sectionlll; the descriptionof the
algorithmis in SectionlV; the simulation settingsand
numericalresultscan be found in SectionsV and VI,

1A systemis saidto be long-termfair if all usersgain equitable
accesdo its resource$n thelong run, althoughtheremaybetransient
periodsof unbalancedaccessshort-termfairness,instead,refersto
equitable shareof resourcesin the short run. Usually, short-term
fairnessimplies long-termfairness but not vice-versa[16].

respectiely; SectionVIl concludeshe paper

Fairnessin wirelessnetworks hasbeenstudiedunder
various network scenarios,ranging from cellular net-
works and WLANS to ad hoc networks.

An initial study on fairnessin a paclet cellular en-
vironment is presentedin [3], where Lu et al. first
addressthe issue of fairnessamongwirelessusers,in
presenceof location-dependenthannel capacity and
errors. They proposea centralizedschedulingalgorithm
to be performedat the basestation, which relies on a
specialTDMA-basedMAC algorithm. Their solutionis
basedon a modified weighted round-robin technique,
wherethebasestationmaintainscreditsfor laggingflows
and debits for leading flows, in order to compensate
laggingflowsin futuretimes.Othercentralizedsolutions
appearin [4], [5], [6], wherethe goalis still to improve
fairnessn presencef location-dependerdrrorsoverthe
wirelesschannel.

Several proposalsaddressinghe problemof fairness
in ad hocnetworks have appearedin particular research
on the interactionsbetweenTCP and the 802.11MAC
layer has been carried out in [7], [8], [9]. However,
thesesolutionsspecifically addressmobility and multi-
hop communicationissues,of critical importancein an
ad hoc network ervironment.

With regardsto WLANS, of particular interest are
the works in [10], [11], [12], [13], [14], presenting
new, distributed, MAC algorithms aimed at providing
fair channelaccessA schedulingschemefor real-time
traffic, the so-called blackburst, is proposedin [10].
This solution useschanneljamming to determinethe
real-time sourcewith the longestwaiting time, i.e., the
station with the highest priority. In [11], the authors
take station priorities into accountand suggestthat the
bacloff periodbe changediccordingto a stationpriority:
the lower the priority, the higherthe maximum bacloff
period for the station. A similar approachis adopted
in [12], where two distinct bacloff periods are used
for two priority classeslIn [13] the authorsproposea
MAC algorithm derived from the 802.11 DCFE Their
schemecomputesthe bacloff periodfor the stationsso
that the obtainedbandwidth shareclosely matchesthe
self-clocked fair queueingscheme.The work in [14]
suggestghreemechanismgor servicedifferentiationin
the IEEE 802.11-basedVLANs. The authorspropose
to scale the contentionwindow, vary the interframe
spacingsand changethe maximumframelengthfor the
stations,dependingon the priority level of the station
flow. The performancef the differentiationmechanisms
is assessednderbotha TCP anda UDP traffic scenario.

RELATED WORK



The solution that we presentdiffers from all above
proposalsn thatit operatesat the link layer leaving the
802.11MAC layer mostly unchanged.

Also relevantto our work are somestudieson MAC
short-termfairnessand its impacton the TCP protocol.
In [15] the authors obsere a significant unfairness
betweenuplink and downlink flows when the DCF is
employed in a 802.11WLAN with AP. The reasonis
thatin a WLAN with N stationsthere are N uplink
CSMA instancescontendingwith only one downlink
CSMA instance(the oneat the AP). In our study we do
not obsere this causeof unfairnesssincewe deal with
TCR, i.e., a closed-loopprotocol, as will be explained
in SectionVI. Unfairnessbetweenuplink and downlink
TCP flows is alsoobseredin [17], but differentcauses
are identified. There, the authorsstudy the interaction
betweenTCP andthe 802.11MAC protocolin presence
of mobile sendersaandrecevers. They identify the cause
of unfairnessn the buffer sizeavailability atthe AP and
proposea solutionthatis basedon TCPrecevver window
manipulationat the AP. We do not tackle this aspectin
our study but restrict our analysisto unfairnesscaused
by channelunavailability.

In this sectionwe first describethe network andtraffic
assumptionsve madein orderto develop our algorithm;
we thenintroducethe channelmodel.

REFERENCE SCENARIO

A. Networkand Traffic

We considera wireless-cum-wiredhetwork scenario
as shavn in Figure 1. A fixed node S is connected
with an AP through a wired link of speed R and
propagationdelay D. This link is overprovisioned so
that no paclets are droppedat its ends. The wireless
portion is an 802.11bWLAN with N WSs. EachWS
can directly communicateonly with the AP, since we
focuson AP-coordinatedvirelessnetworks, disregarding
the ad hoc mode.The RTS/CTS(Ready-D-Send/Clear
To-Send)mechanisms employed. Also, we assumehat
WSsandthe AP operateat a datarate of 11 Mbps, even
thoughthe 802.11bstandardorovidesfor otherrates.We
deliberatelychosenot to have stationsswitch to slower
ratesuponchannelffailuresin orderto avoid compromis-
ing the WLAN overall performanceasdescribedn [2].
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Fig. 1. Network scenario

Fig. 2. Three-stateerror model

B. ChannelModel

Modeling the wirelesschannelbehaior is very chal-
lenging due to the burstinessand time correlation of
wireless errors. Furthermore WLANS may experience
location-dependenthannel errors, in that a WS can
correctly communicatewith the AP, while at the same
time anotherone may suffer frame dropsdueto errors
on the channel.n orderto considerall theseaspectsan
independenterror model for each communicatingpair
of nodeswas introduced.Therefore,given N WSs, we
have N independenerror models.

An errormodelis representedly athree-stataiscrete-
time Markov chain, as the one shovn in Figure 2.
The Markov chain time slot is equalto the aSlotTme
parameterof the 802.11bMAC sublayer i.e., 20us in
our simulations.Errors over the channeloccur in the
statedong bad (LB) andshortbad (SB) while the good
(G) stateis errorfree. Thus, a frame transmissionis
successfubnly if the error modelis in stateG for all
slotsit takesto the frameto be transmittedwhile it fails
otherwise.The differencebetweenthe long bad LB and
shortbad S B stateds thetime correlationof errors: LB

At transportlayer, TCP connectionsare established correspondsgo long bursts of errors, SB to short ones.

betweeneachWS and the fixed node S. In particular
given N wireless stations, N/2 TCP connectionsare
establishedn the uplink direction (from a WS to S),
while the remaining N/2 arein the downlink direction.

The averagenumberof bad slots experiencedwhenthe
statesL. B and.S B areenteredarerespectrely givenby:

1
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TABLE |
ERROR MODEL PARAMETERS

Lg = 1/pg =65160slots (1.3s)
Lsp = 1/ppg_s =2000slots (0.04s)
Li.p = 1/pyy_=50000slots (1s)
k=0.05

where py 1. (ppg_s) is the transition probability from
state LB (SB) to G. Similarly, the averagenumberof
consecutie errorfree slotsis given by

Lo=— @
Dgb
where py, is the probability to leave the stateG. The
parameterk is the probability that the Markov chain
movesto the LB stategiven thatit leavesthe stateG,
k also representghe probability that an error burst is
long, or, in otherterms,the fraction of long burstsover
the total numberof error bursts. The characteristicof
the error model, such as the slot error probability and
the frame error probability, can be easily derived from
the steady-statdehaior of the Markov chain.

Table| reportsthe error model parametewaluesthat
were usedto derive the numericalresults presentedn

SectionVI.

IV. SCHEDULING ALGORITHM DESCRIPTION

The goal of our schedulingalgorithmis twofold: first,
to improve the fairnessamong wireless stations that
may experiencdocation-dependerthannekapacityand
errors;and,secondarilyto provide short-termfairnesgo
TCPtraffic in orderto enhancdhe performancef short-
lived flows.

To achiere theseresults,we proceedas follows. At
the AP LLC layer, we introducea separatequeuefor
eachWS associatedo the AP, while only one queueis
implementedat the WS LLC layer A channelcondition
estimatoris associatedo eachqueue,and transmission
is allowed only for those queueswhose channelis
estimatedo be good i.e., suchthat 11 Mbps speedcan
be attained.Queuesattemptingto accessthe wireless
mediumwith a bad channelwill be allowed to transmit
againwhentheir channebecomegood Uponswitching
to good channelstate,a queuethat hasjust experienced
a bad channelis rewardedwith the possibility to send
to the MAC layer a maximumnumberof back-to-back
frames (hereinafterreferredto as “TXburst”), propor
tional to its forced silenceperiod. The MAC layer will

then use the EDCF bursting capability’ of the current
802.11edraft[18], to avoid contentionswithin the burst.

The building blocks of our algorithm are the follow-
ing:

« channelstateestimation

« queueselectionand service

« TXburstlengthsetting.

The algorithmis implementedboth at the AP and at
WSs. Note that, since only one queueis usedat each
WS, the queueselectionin not neededat WSs. Below,
we briefly describethesebuilding blocks for the most
generalcase,i.e., for the AP.

A. ChannelStateEstimation

As mentionedabore, the AP estimatesthe channel
conditions for each contendingWS. Thus, a flag is
associatedo eachLLC queueat the AP, indicating the
correspondingchannel state. The flag can take three
values:GOoD, BAD Or PROBE.

GOOD: The AP setsthe flag to Goob whenever it
receves, from the corresponding/NsS: (i) a MAC-layer
acknavledgmentin responsdo a dataframe, (i) a CTS
framein responsdo an RTS frame, or (iii) anerrorfree
dataframeor RTS.

BAD: The AP setsthe flag to BAD after a trans-
mission failure. To tell if the causeof a transmission
failure is dueto collisions or channelerrors, we resort
to a careful selectionof the valuesfor the Short Retry
Limit (SRL) and the Long Retry Limit (LRL). These
parametergontrol the numberof transmissiorattempts
without receving an acknavledgementithe numberof
attemptsaretrackedby a Long Retry Counter(LRC) and
a ShortRetry Counter(SRC).In all likelihood,the LRC
is incrementedvhenthe transmissiorof a framelonger
thanthe RTS thresholdfails dueto channelerrors[13].
Instead,the SRC is incrementedboth becauseof chan-
nel errors and becauseof collisions over the shared
medium. When LRC (SRC) reachesthe LRL (SRL)
value,the MAC layer abandonghe transmissiorof the
frameandit signalsthe failure to the LLC layer. While
LRC incrementsallow a detectionof channelerrors,
the interpretationof SRCincrementsis ambiguousWe
then apply an empirical method: we performedsome
simulationswith a large numberof contendingstations

2Setting the TxOpLimit to the size of the burst receied by the
LLC layer

3The EDCF bursting capability provides for contentionsonly for
the first frame of the burst, while each subsequenframe in the
sameburst can be transmittedafter the ACK of the previous frame
without contention If an ACK is not receved, the bursttransmission
is aborted.This recallsthe transmissiontechniqueof fragmentsin
802.11b
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(namely 40) and ideal channelconditions;as shavn in
Figure 3, the probability of SRC ever reachingvalues
greaterthan 4 is almost neggligible. We can therefore
assumehatit is highly likely that valuesof SRClarger
than 4 are dueto channelerrors. Consequentlywe set
SRL to 4 and LRL to 0. Upon reachingthesevalues,
the AP setsthe flag to BAD andthe frame discardedoy
the MAC is storedat LLC layer and usedto probethe
channelafterwards.

PROBE: The AP switchesthe flag from BAD to
PROBE when a configurabletimeout, that we named
PTIMER, expires. PTIMER startsto run whenever the
channelstate switchesto BAD, and its initial value is
doubledwhen a transitionfrom PROBE to BAD occurs.
Thedurationof PTIMER is resetto its initial valueupon
a transitionfrom PROBE to Goob. A WS whosequeue
flag hasa PROBE value cantransmita single dataframe
(or RTS) to checkthe new channelstate.The value of
the PTIMER shouldbe setsmallsoasto quickly recover
from short channelerror periods (during long channel
error periods,an excessve numberof probing attempts
is avoided by doubling PTIMER whenever the flag is
resetto the BAD value after a probing period).

B. QueueSelectionand Service

The procesof queueselectionandserviceatthe LLC
layerrelieson indicationsfrom the MAC layerregarding
the successor the failure of a frame transmissionon
the downlink. At the LLC layer, queuesare sened in
a round-robin fashion. The queue selectionalgorithm
is sketchedin Figure 4, where two macro-blocksare
outlined. The top one describeghe actionstaken when
framesare sentto the MAC layer and the transmission
outcomeis notified to the LLC layer; the bottom one
describeghe queueselection.
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Fig. 4. Queueservice(top) andqueueselection(bottom)flow charts

The communicationand data managemenbetween
MAC layerandLLC layeroccursfollowing the standard
OSI paradigm of request/indication.The LLC layer
sendsa transmissionrequestto the MAC layer along
with the frames belongingto the sameTXburst, thatare
to be transmitted Theseframesalsoremainin the LLC-
layer buffer in caseretransmissiois required.The MAC
layerthenattemptghe transmissioriollowing the EDCF
802.11eburst transmissiontechnique.If all framesin
the TXburst are successfullytransmitted(i.e., the last
MAC-layerACK of theburstis receved),the MAC layer
returnsa “frame success’indicationto the LLC layer.
If atransmissiorerror occurs,the MAC layer discards
the remainingframesin the TXburst; theseframesare
however storedat the LLC layer The MAC layer then
returnsa “frame failure” indication to the LLC layer,
togetherwith the number of successfullytransmitted



framesin the current TXburst, which can be discarded
atthe LLC layer.

When the MAC layer suppliesa “frame success”
indicationto the LLC, thefollowing casesnayoccur: (i)
if the flag of the queuethatis beingsened hasa Goob
value,the next queueis polled; (i) if the queueflag has
a PROBE value,theflag is setto Goob andthe queueis
enabledto starta TXburst whoselengthis determined
accordingto the procedureoutlinedin SectionlV-C. If
the queueis empty the next queueis polled.

Whenthe MAC layer notifies a failure, the flag is set
to BAD andthe next queueis polled.

Polling a queueinvolves checkingboth whetherit is
empty and the value of the associatedlag. In caseof
not empty queue,(i) if the flag is BAD the PTIMER
is inspected:f still running, the next queueis polled;
otherwise,the flag is setto PROBE, and the queueis
sened. Likewise, (ii) if the flag is PROBE, the queueis
sened. Finally, (i) if the flag is coop, the TXburst
lengthis computedandthe queueis sened.

We alsoremarkthateachframehasaninternaltimes-
tamp associatedo it: framesthat have beenwaiting in
the queuefor a time greaterthana STALE_TIMEOUT
valuearediscardedWe introducedthis timeoutto avoid
an excessve lateng during long channelerror periods.
We found by simulationthat settingSTALE_TIMEOUT
to 1 s allows the averageend-to-enddelay to remain
belov reasonable/alues.

C. TXhurst Length Setting

Herewe describehow to computethe TXburstlength
for the queuesbeing sened. Our goal is to provide a
fair serviceto all queuesat the AP andto all WSs. As
mentionedbefore, in this work we chooseto provide
short-termfairnessin termsof stationthroughputon the
downlink. We will describethe procedureatthe AP first,
andwe will thenextendit to the WSs.

The AP hasfirst to computea fair target throughput
(Thr_Fair), thatis the throughputvalue representinghe
fair servicesharethat eachWS mustreceve at a given
time. Sincethe offered traffic is typically time-varying,
the Thr_Fair valuemay changeratherquickly with time.
We thus computeThr_Fair by using a moving window
mean with a configurablewidth parameter(MMnLen),
which representghe amountof history that is usedto
estimateThr_Fair.

During thistime interval, the AP computegwo values:

« Total Thr : the total throughputat the LLC layer,

including both downlink and uplink traffic flows;

« WSCounter: the numberof actve WSs,computed

from the unique addressesobsened at the AP

during WinLert",
The Thr_Fair value canthenbe computedas:

Total Thr 3
WS _Counter 3)

Furthermore eachLLC queuehasassociatedvith it
a variable that keepstrack of the throughputachieved
by the correspondingWS on both the downlink and
the uplink channel, during the last WinLen period
(QueueThr(i), 1 < i < N). Note that, to provide
fairnessamongall uplink and downlink flows, we need
to keeptrack of both channels.

Next, assumejueue; is selectedo be sened,andthe
TXburstlength needsto be assessedl'he AP compares
the valuesof QueueThr(i) and Thr_Fair, and computes
the following parameterA(:) as,

Thr_Fair =

_ Thr_Fair — Queue Thr(i) 4
N Thr_Fair ’ “)

Normally, a default TXburst is allocated to every
queue.However, if A(7) is positive, this meansthat the
correspondingjueuehasachieved a throughputsmaller
than the fair target value. Therefore the queue will
receve alarger TXburstin the currentround.Otherwise,
if A(¢) is negative,it meanghatthe correspondingueue
has achieved a throughputlarger than the fair tamget
value.Hence,the queuewill receve a smaller TXburst
in the currentround.

Several choicescan be made regarding the TXburst
lengths and the A(i) intervals. We chose a default
TXburst of 3, and a TXburst allocation as a function
of A(i) asin Tablell. The choiceof a default TXburst
larger than 1 allows the fairnessprovision processto
cornverge more quickly, thanksto a systemof penalties
(TXburst smaller than default) and rewards (TXburst
larger than default) that re-balancesthe transmission
opportunitieswithin a few rounds.Theintenals of A(7)
were empirically chosenas the bestin all simulated
scenarios.

In order to allow WSs stationsto apply the same
“controlled” burstytransmissionthey needthe Thr_Fair
value estimatedby the AP, since WSs cannotcompute
the achieved global throughput.To solve this problem,
the AP must include the value of Thr_Fair in control
framesthat are broadcasion the WLAN (for example,
in the BeaconFrames).With this value, eachwireless

A®4)

4Computing the number of unique addressest the LLC layer
cannotrely upon MAC addressessincethey areremoved beforethe
framereacheghe LLC layer It is thereforenecessaryor the LLC
layerto inspectthe IP sourceaddres<arriedin eachframein order
to estimatethe numberof transmittingWSs on the uplink; while on
the downlink, eitherthe active LLC queuescanbe monitored,or the
IP destinationaddressesan be recorded.



TABLE 1
TXBURST LENGTH

A7) TXburst length
< —0.03 1
-0.03 < -0.01 2
—0.01 < 0.01 3
0.01 < 0.03 4
> 0.03 5
TABLE Il

BYTES TO SEND

Flow Length (bytes) ‘

119 | 529 4706
179 | 658 8015
251 | 948 | 13681
334 | 1650 | 26641
428 | 2861 | 284454

stationcancomputeits own A asin (4), thenchoosethe
TXburst lengthaccordingto Tablell.

V. SIMULATION SCENARIO

Simulations, run under the ns-2 simulator use the
network scenariodepictedin Figure 1. The wired link
betweenthe AP and the fixed node S hasa 55 Mbps
bandwidth and its propagationdelay is equalto 2ms.
We assumehat thereare no hiddenstations.

The systemis simulatedfor 2000 s beforeresultsare
collected,in orderto avoid transienteffects.

A. Higherlayer Settings

Thetraffic offeredto the network is generatedy TCP
connectionsxhibiting an On-Off behaior. The average
duration of the Off periodis a configurableparameter
that we vary in our simulations: during these periods
no seggmentsare generatedClearly, by tuning the value
of the Off period, we act on the systemload. When
a connectionis turned On, its durationdependson the
amountof bytesto send:this valueis uniformly chosen
amongthe onesreportedin Tablelll, thatwere derived
by measurementsf real Internettraffic [19]

A TCP connectiorrevertsto the Off phaseonly when
the senderagentreceves the acknaviedgmentfor the
last TCP sggmentthat it sentduring the previous On
period.

B. Transport-layerSettings

The TCP versionusedin our simulationis NewReno,
which is supposedo improve TCP performanceduring
Fast Recwery phases(i.e., it recovers from multiple
losseswithin the samewindow without waiting for a
timeoutexpiration). The Maximum SegmentSize (MSS)
of TCP sggmentsis equal to 1000 bytes. The initial
congestionwindow and its maximum value are set,
respectiely, at 1 and 100 segments.

C. Data Link-layer Settings

As stated above, the bit rate of WSs and AP is
11 Mbps. Minimum andmaximumContentionwWindows
are equalto 31 and 1023, respectiely. SRL and LRL
are setto 7 and 4 when the standard802.11b MAC
is simulated,while they are setto 4 and 0 when our
schemeis used (as explainedin Section IV). We set
the RTS thresholdat 400 bytesso that TCP ACKs are
never transmittedusingthe RTS/CTShandshakingLLC
gueuesat WSs are 50 dataframeslong, while they are
400 dataframeslong at the AP.

V1. NUMERICAL RESULTS

In this sectionwe evaluatethe performanceof our
schemeby comparisoragainstthe performancebtained
by the standardscheme.In the plots we label our
algorithmby ‘fair’ andthe standardbneby ‘standard’.In
orderto evaluatetheimportanceof anadaptve choicefor
TXburst, in someplots we also considera modification
of our schemean which TXburstis fixed andequalto 3;
in this case,curvesarelabeledby ‘fixed TXburst'.

We first analyzethe behaior of our schemeunder
variabletraffic conditionsby letting the numberof WSs
vary. We setthe error channelmodelparametersaccord-
ing to Tablel andtheaveragedurationof the TCP source
Off periodsto 1 s.

Figure5 shows the averagethroughputachieved by a
connectionasthe numberof WSs, N, variesbetween3
and 40. We assumefor our schemea value of WinLen
equalto 10. In the plots, curves labeledby ‘all’ refer
to valuesof the throughputobtainedby averagingover
all connectionscurveslabeledby ‘UL’ and ‘DL’ refer,
respectiely, to uplink and downlink connectionsonly.
The solid lines refer to the standardwhile the dashed
lines correspondo the proposedschemeClearly, as N
increasesthe perconnectionthroughputdecreasesthe
decreasds not proportionalto N due to the increase
with N of thecollision probability The proposedscheme
achieves almosttwice the throughputthan the standard
for arny consideredvalue of N. In terms of fairness
betweenuplink and downlink, both schemesallow the
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uplink and downlink connectionsto equally sharethe
bandwidthandachiese the sameaveragethroughput.n-
deed fairnessbetweeruplink anddownlink connections
is guaranteedy the closed-loopcontrol of TCP whose
throughputis regulatedby the averageround-trip delay
which, by meansof the forward streamof segmentsand
the backward streamof TCP ACKs, includesboth the
uplink andthe downlink delay Despitethe closed-loop
control of TCR some unfairnessbetweenuplink and
downlink connectionswas obsened in [17] underthe
standardschemedue to larger lossesat the AP than at
the WS queues.Sincein our scenariothe AP buffer is
larger than the buffer at the WSs, lossesat the AP are
smalleror comparabldo thoseat the WSs;thereforewe
do not obsene this phenomenon.

Figure 6 reportsthe throughputachieved by the up-
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Fig. 7. Averagethroughputof connectionswith size 1, 27 or 285
segmentsversusnumberof wirelessstations

WinLen, which representshe time window over which
the number of active connectionsis estimated.The
paramete¥ inLen doesnot have a remarkablempact
ontheresultsthusimplying thattheactivity of sourcess
high enoughsothatthenumberof WSscanbeaccurately
estimatedeven with short windows. The importance
of dynamically adaptingthe TXburst parametercan be
assessebly observingthe gapbetweenthe performance
of the proposedschemeandthe fixed TXburst one.

We next analyze the performanceexperienced by
flows of different length. We considervery short con-
nectionswhich contain 1 segment only, medium-size
connectiongontaining27 segments(theseare medium-
sizefiles of almost30 Kbytes)andverylong connections
with 285 segments.We highlight that, as can be seen
from Tablelll, with 1000-byte-longlr CP segmentsmore
than 80% of the connectionsare limited to 1 segment.
Figure7 reportsthe averagethroughputversusthe num-
ber of WSs. Solid lines refer to the standard,dashed
linesto the proposedschemewith WinLen =10. Under
the standardscheme)ong connectionexperiencemuch
higherthroughputthanshortonesdueto the behaior of
TCP which startsby slowly loading the network look-
ing for the optimal operatingpoint: short connections
are penalizedsince they will never reachthe optimal
operatingpoint. The differencebetweenlong and short
connectionsthroughputis reducedunder the proposed
schemej.e., the varianceof the throughputexperienced
by connectionof differentsizedecreaseslhisis a very
interestingfeatureof our solution, which is due to the
initial setting of the parameterQueue_Thr. When a
connectionstarts, its estimatedthroughputQueue_Thr
is equalto 0 and the TXburst is maximum so that we

link connectionswith different valuesof the parameter slightly favor the initial phaseof a connection.Doing
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so, short connectionsare less penalizedby the slow
initial dynamicsof TCP. Notice,however, thata different
choiceof the initial valuesof Queue_Thr and TXburst
could bettersuit transportprotocolsotherthan TCP

For the samescenario,Figure 8 shavs the fairness
amongconnectionsAs a metric of fairnesswe useJain's
fairnessindex [20]. The proposedsolution outperforms
the standardin fairness provisioning: fairness never
drops belowv 0.7 in the worst caseunder our scheme,
while it canbe aslow as0.1for thestandardne.Notice,
also, that the proposedschemefairnessis lesssensitve
to the numberof WSsthanthe standards.

The impact of WinLen and of the dynamic adjust-
ment of the TXburst on the fairnessindex is shavn
in Figure 9 where only 27-s@ment-long connections
are considered.While the choice of WinLen does
not significantly affect the fairnessindex, the dynamic
setting of TXburst is neededin orderto achiese high
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valuesof the fairnessindex.

Sincethe QoSperceved by endusersis relatedto the
time it takesto download a file, we show in Figure 10
the completion time of connectionswith 1, 27 and
285 sggments.90% of the connectionsj.e., 1- and 27-
sggmentconnectionscompletetheir transmissiorfaster
underour schemethan underthe standardone with an
obvious adwvantagefor the user

We now study the effect of the load on the perfor
manceby changingthe traffic sourcebehaior instead
of the numberof WSs. We set N to 20 and we let
the TCP source Off periods vary. Figure 11 reports
the perconnectionthroughputas the load decreases.
The proposedschemealwaysachieveshigherthroughput
thanthe standardNotice alsothat, again,the parameter
WinLen doesnot have a remarkableimpact on the
throughput. This confirms that the connectionactiity
is high enoughto be easily estimatedin a short time
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window. Onthecontrary estimatingche numberof active
connectionsbecomesdifficult when Off periods are
short; undertheseconditionsthe improvementachiezed
by the proposedschemads slightly smallerthanfor long
Off periods.

Figure 12 shows the fairnessindex versusthe average
sourceOff periodwhenwe considerconnectionsl-, 27-
or 285-s@ment-long.Again, the improvementobtained
by the proposedschemes remarkable.

We assesshe impactof channelerrorson the system
performanceWe setthe averagedurationof long error
bursts, L;g, and of short error bursts, Lgg, to the
valuesreportedin Table | and we changethe average
number of consecutte good slots so that a desired
value for the averageslot error probability is obtained.
Figure 13 reportsthe averageperconnectiorthroughput
versusincreasingvaluesof the averageerror probability,
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Clearly, thethroughputmonotonicallydecreasewith the
error probability; however, the proposedschemealways
obtains larger values of throughputthan the standard.
The gap betweenthe performanceof the two schemes
increaseswith the averageerror probability, reachinga
factor 2 for error probability equalto 0.2. The effec-
tivenessof our solution for large values of the error
probability which are the mostcritical ones,makesthe
schemeparticularly appealing.

The fairnessindex for connectionsof 1, 27 or 285
seggmentsis shavn in Figure 14 versusincreasingvalues
of the averageerror probability Fairnesds almostinsen-
sitive to errorsover the channel,however, it is always
largerfor the proposedschemeahanfor the standardne.
Moreover, connectionsof differentsize perceve almost
the samefairness,while this metric is sensitve to the
connectionsize underthe standardscheme.

As a final remark,in Figure 15 we plot the variance



of the delivery delay (time elapsedsince a frame is
enqueuedor transmissionat the LLC layer, until it is
correctlyreceived at the destination)asa function of the
averageerror probability As can be expectedfrom all
schedulingmechanismghat privilege fair service over
servicein orderof arrival, our schemeperformsworstin
term of delayvariance althoughthe performancegapis
small.

VIlI. CONCLUSIONS

The standard802.11b dictatesthat, upon detecting
poorchannelkonditions,a WS shouldattemptnew trans-
missionsafter lowering its bit rate. While this solution
maysometimegetaroundthetemporarychannefailure,
it is pointedout in [2] thatit may leadto performance
degradation of the whole WLAN. The algorithm de-
scribedin our paperdoesnot resortto bit ratereduction
upon channelfailure, thus avoiding the anomaly but it
silencesWSs while the channelis unavailable and uses
a burst award mechanisnto compensatdor the missed
transmissioropportunitiesThis solution,besideoffering
channel-timecompensationis found to be highly ben-
eficial for short-lved TCP flows, that normally suffer
from losseson their early windows when competing
with long-lived flows on a congestedink. A large set
of simulationsconfirmedthis intuition and shaved the
superiorityof our solution, with respectto the standard
scheme,in terms of throughput,flow completiontime
andfairness.
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