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Abstract— Wir eless Local Ar ea Networks (WLANs)
based on the IEEE 802.11 technology are becoming in-
creasingly popular and widely deployed. However, the
growing need for Quality of Service (QoS) guaranteesis
difficult to implement in distrib uted systemslik e WLANs,
where the random accessprotocol and the unpredictability
of the wir elesschannel make it difficult their interaction
with well-established architectures lik e DiffServ. Even
without trying to provide deterministic QoS guarantees,
simpler requirements are hard to get by. For example,
the basic requirement of providing fair accessto 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 losses during the early stages of the TCP window
growth. The main contribution of this paper is 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 transmissionopportunities 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
shows the effectivenessof the new algorithm in comparison
to the standard 802.11bimplementation.
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I . INTRODUCTION

In the short span of four years since becoming a
standard,IEEE 802.11bWirelessLocal Area Networks
(WLANs) look set to revolutionize the way peopleare
perceiving accessnetworks. By becominga ubiquitous
facility, available both in public areassuchas airports,
cafes,museums,workplaces,and in private homes,it
is conceivable that people will soon expect that the
same (or a comparable)QoS they receive on wired
networks in alsoavailable to wirelessnetworks. To wit,
onecouldarguethatsaying”wired networks” and”QoS”
in thesamebreathhasoftenbeena debatableissue.The

provision of QoS guaranteeshas often been hindered
by several factors including, but not limited to, the
inherentlybest-effort servicemodel of the IP protocol,
the uncertainty in characterizingthe traffic generation
process,theunavailability of QoSroutingalgorithmsand
protocolsthat could be deployed on a global basis,and
the poor scalability of several attemptsat defining an
articulateQoS paradigm.Among the several solutions
proposedin the literature in the past years, the most
successfulone(both in termsof consensusandof actual
deployment)hasto betheDiffServarchitecture[1]. Diff-
Servreceivedtheendorsementof IETF androuterstoday
offer a wide rangeof supportfor DiffServ capabilities.

On top of theseobservations,wirelessnetworks offer
a whole set of new challengesto tackle. Tradition-
ally, obstaclesto QoS provisioning in wired LANs
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 addsomeof their own, such
as poor channelquality dependingon relative position
of Wireless Stations (WSs), interferencefrom hidden
terminals,and the anomalyobserved in [2], due to the
different speedsat which WSs transmit. This lack of
determinismhas several drawbacks.Among them, the
guarantees,albeitof astatisticalnature,thatarchitectures
like DiffServ provide cannot be extendedto usersof
wirelesscommunities,becauseeven the mostprivileged
traffic flows (in wired parts of the network) can be
unpredictablydelayedor discardedby temporarychannel
failures.

Additional mechanismsarethereforenecessaryif QoS
guaranteesareto beprovided.If anextensionof DiffServ
capabilitiesis to be engineeredfor wired-cum-wireless
networks, two issuesare prominent: differentiation of
traffic classes(andits supportin network elements)and
fair accessto network resourcesfor all flows within the
sametraffic class.

In this paper, we addressthe latter issue, that is
fairnessamongflows and,morespecifically, amongTCP
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flows. We consider an 802.11b-basedWLAN where
WSsaccessthe network throughan AccessPoint (AP).
In such environment, fairnessis compromised,among
otherthings,by location-dependentchannelcapacityand
errors [3]. On top of that, under TCP traffic scenarios
unfairnessis exhacerbatedby the different throughput
and completiontime achieved by long- and short-lived
TCP flows, a problem that is closely related to the
intuition of long- andshort-termfairness1. In particular,
short-lived flows, representingthe majority of today’s
Webtraffic, suffer from packet lossesoccurringduringor
just pastthe three-way handshake phase,whenthe TCP
congestionwindow sizemay not be large enoughso as
to trigger the Fast Recovery algorithm. Such flows are
delayedby (possibly)repeatedtimeoutsthatareaffecting
them only becauseof their state, while longer flows
manageto avoid timeouts thanks to the receptionof
duplicate ACKs that enableFast Recovery. A similar
situation occurs right after a timeout, when a flow is
more vulnerablebecauseof its small window, and the
dangerof repeatedtimeoutscausedby erroneouspacket
marking is consistent.Therefore,the time horizon over
which fairnessis guaranteedcould, if long-termfairness
werechosen,resultin unwantedpenaltiesfor short-lived
flows. For the reasonsoutlined above, we focus on the
provision of short-termfairnessto TCPflows in 802.11b
WLANs.

The main contribution of this paperis the proposalof
anLLC-layer algorithmthatcanbeimplementedat both
AP and WSs. The algorithm aims at guaranteeingfair
accessto the mediumto every user, by awardinglonger
transmissionopportunitiesto WSsthatexperiencedshort
channelfailures.The award mechanismworks by mon-
itoring the successfulmedium accessesover a mea-
surementwindow, and allowing short or long bursts
dependingon theWS’s recenthistory. By its design,this
mechanismalso favors short-lived TCP flows, which,
thanksto their small congestionwindow (and hencea
recenthistoryof low throughput),alwayshave theupper
handwhencompetingwith longer-runningflows.

The paperis structuredasfollows: SectionII reviews
recentcontributions from the literature on the topic of
fairnessin wirelessnetworks;anoutlineof the reference
scenarioin which our algorithm is supposedto operate
is then presentedin SectionIII; the descriptionof the
algorithm is in SectionIV; the simulation settingsand
numerical resultscan be found in SectionsV and VI,

1A systemis said to be long-termfair if all usersgain equitable
accessto its resourcesin thelong run,althoughtheremaybetransient
periodsof unbalancedaccess;short-termfairness,instead,refers to
equitableshareof resourcesin the short run. Usually, short-term
fairnessimplies long-termfairness,but not vice-versa[16].

respectively; SectionVII concludesthe paper.

I I . RELATED WORK

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

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

Several proposalsaddressingthe problemof fairness
in adhocnetworkshave appeared.In particular, research
on the interactionsbetweenTCP and the 802.11MAC
layer has been carried out in [7], [8], [9]. However,
thesesolutionsspecificallyaddressmobility and multi-
hop communicationissues,of critical importancein an
ad hoc network environment.

With regards to WLANs, of particular interest are
the works in [10], [11], [12], [13], [14], presenting
new, distributed, MAC algorithms aimed at providing
fair channelaccess.A schedulingschemefor real-time
traffic, the so-called blackburst, is proposedin [10].
This solution useschannel jamming to determinethe
real-timesourcewith the longestwaiting time, i.e., the
station with the highest priority. In [11], the authors
take stationpriorities into accountand suggestthat the
backoff periodbechangedaccordingto astationpriority:
the lower the priority, the higher the maximumbackoff
period for the station. A similar approachis adopted
in [12], where two distinct backoff periods are used
for two priority classes.In [13] the authorsproposea
MAC algorithm derived from the 802.11 DCF. Their
schemecomputesthe backoff period for the stationsso
that the obtainedbandwidthshareclosely matchesthe
self-clocked fair queueingscheme.The work in [14]
suggeststhreemechanismsfor servicedifferentiationin
the IEEE 802.11-basedWLANs. The authorspropose
to scale the contention window, vary the inter-frame
spacingsandchangethe maximumframelengthfor the
stations,dependingon the priority level of the station
flow. Theperformanceof thedifferentiationmechanisms
is assessedunderbotha TCPanda UDP traffic scenario.
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The solution that we presentdiffers from all above
proposalsin that it operatesat the link layer leaving the
802.11MAC layer mostly unchanged.

Also relevant to our work are somestudieson MAC
short-termfairnessand its impacton the TCP protocol.
In [15] the authors observe a significant unfairness
betweenuplink and downlink flows when the DCF is
employed in a 802.11WLAN with AP. The reasonis
that in a WLAN with

�
stationsthere are

�
uplink

CSMA instancescontendingwith only one downlink
CSMA instance(theoneat theAP). In our study, we do
not observe this causeof unfairnesssincewe deal with
TCP, i.e., a closed-loopprotocol, as will be explained
in SectionVI. Unfairnessbetweenuplink anddownlink
TCP flows is alsoobserved in [17], but differentcauses
are identified. There, the authorsstudy the interaction
betweenTCPandthe802.11MAC protocolin presence
of mobile sendersandreceivers.They identify thecause
of unfairnessin thebuffer sizeavailability at theAP and
proposea solutionthat is basedon TCPreceiver window
manipulationat the AP. We do not tackle this aspectin
our study, but restrict our analysisto unfairnesscaused
by channelunavailability.

I I I . REFERENCE SCENARIO

In thissection,wefirst describethenetwork andtraffic
assumptionswe madein orderto developour algorithm;
we then introducethe channelmodel.

A. Networkand Traffic

We considera wireless-cum-wirednetwork scenario
as shown in Figure 1. A fixed node S is connected
with an AP through a wired link of speed � and
propagationdelay � . This link is overprovisioned so
that no packets are droppedat its ends.The wireless
portion is an 802.11bWLAN with

�
WSs. Each WS

can directly communicateonly with the AP, since we
focusonAP-coordinatedwirelessnetworks,disregarding
the ad hoc mode.The RTS/CTS(Ready-To-Send/Clear-
To-Send)mechanismis employed.Also, we assumethat
WSsandtheAP operateat a datarateof 11 Mbps,even
thoughthe802.11bstandardprovidesfor otherrates.We
deliberatelychosenot to have stationsswitch to slower
ratesuponchannelfailuresin orderto avoid compromis-
ing the WLAN overall performance,asdescribedin [2].

At transport layer, TCP connectionsare established
betweeneachWS and the fixed node S. In particular,
given

�
wireless stations,

�����
TCP connectionsare

establishedin the uplink direction (from a WS to S),
while the remaining

�����
are in the downlink direction.

802.11b
WLAN

WS N WS
N−1

R, D

wired link
AP

WS 1
WS 2

WS 3

S

Fig. 1. Network scenario
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Fig. 2. Three-stateerror model

B. ChannelModel

Modeling the wirelesschannelbehavior is very chal-
lenging due to the burstinessand time correlation of
wirelesserrors. Furthermore,WLANs may experience
location-dependentchannel errors, in that a WS can
correctly communicatewith the AP, while at the same
time anotherone may suffer frame dropsdue to errors
on the channel.In orderto considerall theseaspects,an
independenterror model for eachcommunicatingpair
of nodeswas introduced.Therefore,given

�
WSs,we

have
�

independenterror models.
An errormodelis representedby a three-statediscrete-

time Markov chain, as the one shown in Figure 2.
The Markov chain time slot is equal to the aSlotTime
parameterof the 802.11bMAC sublayer, i.e.,

�����
	
in

our simulations.Errors over the channeloccur in the
stateslong bad (LB) andshort bad (SB), while the good
(G) state is error-free. Thus, a frame transmissionis
successfulonly if the error model is in stateG for all
slotsit takesto the frameto be transmitted,while it fails
otherwise.Thedifferencebetweenthe long bad �
� and
shortbad ��� statesis thetime correlationof errors: �
�
correspondsto long bursts of errors,SB to short ones.
The averagenumberof bad slotsexperiencedwhen the
states�
� and ��� areentered,arerespectively givenby:

������� �
����� � and �
����� �

����� � (1)
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TABLE I

ERROR MODEL PARAMETERS

�� "!$#&%('�)+*,!
65160slots (1.3s)��-/.0!1#2%3'4*5) - !

2000slots (0.04s)��67.8!$#&%('4*5) 6
=50000slots (1s)9

=0.05

where ����� � (����� � ) is the transition probability from
state �
� ( ��� ) to : . Similarly, the averagenumberof
consecutive error-free slots is given by

�
;<� �
�=�>� (2)

where �?�@� is the probability to leave the state : . The
parameterA is the probability that the Markov chain
moves to the �
� stategiven that it leaves the state : ;A also representsthe probability that an error burst is
long, or, in other terms,the fraction of long burstsover
the total numberof error bursts.The characteristicsof
the error model, such as the slot error probability and
the frame error probability, can be easily derived from
the steady-statebehavior of the Markov chain.

Table I reportsthe error model parametervaluesthat
were usedto derive the numericalresultspresentedin
SectionVI.

IV. SCHEDULING ALGORITHM DESCRIPTION

Thegoalof our schedulingalgorithmis twofold: first,
to improve the fairnessamong wireless stations that
mayexperiencelocation-dependentchannelcapacityand
errors;and,secondarily, to provide short-termfairnessto
TCPtraffic in orderto enhancetheperformanceof short-
lived flows.

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

then use the EDCF bursting capability2 of the current
802.11edraft [18], to avoid contentionswithin theburst3.

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

channelstateestimationB
queueselectionandserviceB
TXburst lengthsetting.

The algorithm is 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 mentionedabove, the AP estimatesthe channel
conditions for each contendingWS. Thus, a flag is
associatedto eachLLC queueat the AP, indicating the
correspondingchannel state. The flag can take three
values:GOOD, BAD or PROBE.

GOOD: The AP setsthe flag to GOOD whenever it
receives, from the correspondingWS: (i) a MAC-layer
acknowledgmentin responseto a dataframe,(ii) a CTS
framein responseto an RTS frame,or (iii) an error-free
dataframeor RTS.

BAD: The AP sets the flag to BAD after a trans-
mission failure. To tell if the causeof a transmission
failure is due to collisions or channelerrors,we resort
to a careful selectionof the valuesfor the Short Retry
Limit (SRL) and the Long Retry Limit (LRL). These
parameterscontrol the numberof transmissionattempts
without receiving an acknowledgement;the numberof
attemptsaretrackedby a Long RetryCounter(LRC) and
a ShortRetry Counter(SRC).In all likelihood,theLRC
is incrementedwhenthe transmissionof a framelonger
than the RTS thresholdfails due to 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 abandonsthe transmissionof the
frameand it signalsthe failure to the LLC layer. While
LRC incrementsallow a detectionof channel errors,
the interpretationof SRC incrementsis ambiguous.We
then apply an empirical method: we performedsome
simulationswith a large numberof contendingstations

2Setting the TxOpLimit to the size of the burst received by the
LLC layer.

3The EDCF bursting capability provides for contentionsonly for
the first frame of the burst, while each subsequentframe in the
sameburst can be transmittedafter the ACK of the previous frame
without contention.If anACK is not received, theburst transmission
is aborted.This recalls the transmissiontechniqueof fragmentsin
802.11b.
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(namely, 40) and ideal channelconditions;as shown in
Figure 3, the probability of SRC ever reachingvalues
greater than 4 is almost negligible. We can therefore
assumethat it is highly likely that valuesof SRClarger
than 4 are due to channelerrors.Consequently, we set
SRL to 4 and LRL to 0. Upon reachingthesevalues,
the AP setsthe flag to BAD andthe framediscardedby
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
channelstateswitchesto BAD, and its initial value is
doubledwhen a transitionfrom PROBE to BAD occurs.
Thedurationof PTIMER is resetto its initial valueupon
a transitionfrom PROBE to GOOD. A WS whosequeue
flag hasa PROBE valuecantransmita singledataframe
(or RTS) to checkthe new channelstate.The value of
thePTIMER shouldbesetsmallsoasto quickly recover
from short channelerror periods(during long channel
error periods,an excessive numberof probing attempts
is avoided by doubling PTIMER whenever the flag is
resetto the BAD valueafter a probingperiod).

B. QueueSelectionand Service

Theprocessof queueselectionandserviceat theLLC
layerrelieson indicationsfrom theMAC layerregarding
the successor the failure of a frame transmissionon
the downlink. At the LLC layer, queuesare served in
a round-robin fashion. The queueselectionalgorithm
is sketchedin Figure 4, where two macro-blocksare
outlined.The top one describesthe actionstaken when
framesare sentto the MAC layer and the transmission
outcomeis notified to the LLC layer; the bottom one
describesthe queueselection.

MAC 
frame TX

MAC 
indication

PROBE GOOD
or 

PROBE?

queue
empty?

GOOD

FAIL

SUCCESS

YESNO

Send Frames
to MAC

Poll next
queue

queue
empty?

Flag
value?

PTIMER
expired?

-> BAD 

->PROBE 

-> GOOD
Compute Burst

length

Compute 
Burst
length

GOOD

PROBE

BAD

queue
selection

queue 
service

YES

NO

Fig. 4. Queueservice(top) andqueueselection(bottom)flow charts

The communicationand data managementbetween
MAC layerandLLC layeroccursfollowing thestandard
OSI paradigm of request/indication.The LLC layer
sendsa transmissionrequestto the MAC layer along
with theframes,belongingto thesameTXburst, thatare
to be transmitted.Theseframesalsoremainin theLLC-
layerbuffer in caseretransmissionis required.TheMAC
layerthenattemptsthetransmissionfollowing theEDCF
802.11eburst transmissiontechnique.If all frames in
the TXburst are successfullytransmitted(i.e., the last
MAC-layerACK of theburstis received),theMAC layer
returnsa “frame success”indication to the LLC layer.
If a transmissionerror 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,
together with the number of successfullytransmitted
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framesin the currentTXburst, which can be discarded
at the LLC layer.

When the MAC layer supplies a “frame success”
indicationto theLLC, thefollowing casesmayoccur:(i)
if the flag of the queuethat is beingservedhasa GOOD

value,the next queueis polled; (ii) if the queueflag has
a PROBE value,the flag is setto GOOD andthe queueis
enabledto start a TXburst whoselength is determined
accordingto the procedureoutlined in SectionIV-C. If
the queueis empty, the next queueis polled.

Whenthe MAC layer notifiesa failure, the flag is set
to BAD and the next queueis polled.

Polling a queueinvolves checkingboth whetherit is
empty and the value of the associatedflag. In caseof
not empty queue,(i) if the flag is BAD the PTIMER
is inspected:if still running, the next queueis polled;
otherwise,the flag is set to PROBE, and the queueis
served. Likewise, (ii) if the flag is PROBE, the queueis
served. Finally, (iii) if the flag is GOOD, the TXburst
length is computedand the queueis served.

We alsoremarkthateachframehasan internaltimes-
tamp associatedto it: framesthat have beenwaiting in
the queuefor a time greaterthan a STALE TIMEOUT
valuearediscarded.We introducedthis timeoutto avoid
an excessive latency during long channelerror periods.
We found by simulationthat settingSTALE TIMEOUT
to 1 s allows the averageend-to-enddelay to remain
below reasonablevalues.

C. TXburst LengthSetting

Herewe describehow to computethe TXburst length
for the queuesbeing served. Our goal is to provide a
fair serviceto all queuesat the AP and to all WSs.As
mentionedbefore, in this work we chooseto provide
short-termfairnessin termsof stationthroughputon the
downlink. We will describetheprocedureat theAP first,
andwe will thenextend it to the WSs.

The AP hasfirst to computea fair target throughput
(Thr Fair), that is the throughputvaluerepresentingthe
fair servicesharethat eachWS must receive at a given
time. Sincethe offered traffic is typically time-varying,
theThr Fair valuemaychangeratherquickly with time.
We thus computeThr Fair by using a moving window
mean with a configurablewidth parameter(WinLen),
which representsthe amountof history that is usedto
estimateThr Fair.

During this time interval, theAP computestwo values:B
Total Thr : the total throughputat the LLC layer,
including both downlink anduplink traffic flows;B
WSCounter: thenumberof active WSs,computed
from the unique addressesobserved at the AP

during WinLen4.
The Thr Fair valuecan thenbe computedas:

DFE?G HJILK3G � DNMPOQI�R DSE?GT � U M�V=W,O&X/GZY (3)

Furthermore,eachLLC queuehasassociatedwith 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),

�\[ K][ �
). Note that, to provide

fairnessamongall uplink anddownlink flows, we need
to keeptrack of both channels.

Next, assumequeue
K

is selectedto beserved,andthe
TXburst lengthneedsto be assessed.The AP compares
the valuesof QueueThr(i) andThr Fair, andcomputes
the following parameter̂̀ _ K+a as,

^`_ K+a � DSE?G HJILK3GFbdceV�X/V�X DFE?G _ K+aDSE?G HJI�K(G Y (4)

Normally, a default TXburst is allocated to every
queue.However, if ^`_ K+a is positive, this meansthat the
correspondingqueuehasachieved a throughputsmaller
than the fair target value. Therefore the queue will
receive a largerTXburst in thecurrentround.Otherwise,
if ^`_ K+a is negative,it meansthatthecorrespondingqueue
has achieved a throughput larger than the fair target
value.Hence,the queuewill receive a smallerTXburst
in the currentround.

Several choicescan be maderegarding the TXburst
lengths and the ^`_ Kfa intervals. We chose a default
TXburst of 3, and a TXburst allocation as a function
of ^`_ K+a as in Table II. The choiceof a default TXburst
larger than 1 allows the fairnessprovision processto
converge more quickly, thanksto a systemof penalties
(TXburst smaller than default) and rewards (TXburst
larger than default) that re-balancesthe transmission
opportunitieswithin a few rounds.The intervalsof ^`_ K+a
were empirically chosenas the best in all simulated
scenarios.

In order to allow WSs stations to apply the same
“controlled” burstytransmission,they needtheThr Fair
value estimatedby the AP, sinceWSs cannotcompute
the achieved global throughput.To solve this problem,
the AP must include the value of Thr Fair in control
framesthat are broadcaston the WLAN (for example,
in the BeaconFrames).With this value, eachwireless

4Computing the number of unique addressesat the LLC layer
cannotrely uponMAC addresses,sincethey areremoved beforethe
frame reachesthe LLC layer. It is thereforenecessaryfor the LLC
layer to inspectthe IP sourceaddresscarriedin eachframein order
to estimatethe numberof transmittingWSson the uplink; while on
the downlink, eitherthe active LLC queuescanbe monitored,or the
IP destinationaddressescanbe recorded.
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TABLE II

TXBURST LENGTH

gNhji�k
TXburst lengthlnm
o/p o@q

1m
o/p o>qrl`m
o7p o #
2m
o/p o # lso7p o #
3o/p o # lso7p o@q
4tuo/p o@q
5

TABLE III

BYTES TO SEND

Flow Length (bytes)

119 529 4706

179 658 8015

251 948 13681

334 1650 26641

428 2861 284454

stationcancomputeits own ^ asin (4), thenchoosethe
TXburst lengthaccordingto Table II.

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 has a 55 Mbps
bandwidthand its propagationdelay is equal to 2ms.
We assumethat thereareno hiddenstations.

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

A. Higher-layer Settings

Thetraffic offeredto thenetwork is generatedby TCP
connectionsexhibiting an On-Off behavior. The average
duration of the Off period is a configurableparameter
that we vary in our simulations:during theseperiods
no segmentsaregenerated.Clearly, by tuning the value
of the Off period, we act on the systemload. When
a connectionis turnedOn, its durationdependson the
amountof bytesto send:this value is uniformly chosen
amongthe onesreportedin Table III, that werederived
by measurementsof real Internettraffic [19]

A TCPconnectionrevertsto theOff phaseonly when
the senderagent receives the acknowledgmentfor the
last TCP segment that it sent during the previous On
period.

B. Transport-layerSettings

The TCP versionusedin our simulationis NewReno,
which is supposedto improve TCP performanceduring
Fast Recovery phases(i.e., it recovers from multiple
losseswithin the samewindow without waiting for a
timeoutexpiration).TheMaximumSegmentSize(MSS)
of TCP segments is equal to 1000 bytes. The initial
congestionwindow and its maximum value are set,
respectively, at 1 and100 segments.

C. Data Link-layer Settings

As stated above, the bit rate of WSs and AP is
11 Mbps.Minimum andmaximumContentionWindows
are equal to 31 and 1023, respectively. SRL and LRL
are set to 7 and 4 when the standard802.11b MAC
is simulated,while they are set to 4 and 0 when our
schemeis used (as explained in Section IV). We set
the RTS thresholdat 400 bytesso that TCP ACKs are
never transmittedusingtheRTS/CTShandshaking.LLC
queuesat WSs are 50 dataframeslong, while they are
400 dataframeslong at the AP.

VI. NUMERICAL RESULTS

In this section we evaluate the performanceof our
schemeby comparisonagainsttheperformanceobtained
by the standardscheme.In the plots we label our
algorithmby ‘f air’ andthestandardoneby ‘standard’.In
orderto evaluatetheimportanceof anadaptivechoicefor
TXburst, in someplots we alsoconsidera modification
of our schemein which TXburst is fixedandequalto 3;
in this case,curvesare labeledby ‘fix ed TXburst’.

We first analyzethe behavior of our schemeunder
variabletraffic conditionsby letting the numberof WSs
vary. We settheerrorchannelmodelparametersaccord-
ing to TableI andtheaveragedurationof theTCPsource
Off periodsto 1 s.

Figure5 shows the averagethroughputachievedby a
connectionasthe numberof WSs,

�
, variesbetween8

and 40. We assumefor our schemea value of WinLen
equal to 10. In the plots, curves labeledby ‘all’ refer
to valuesof the throughputobtainedby averagingover
all connections;curves labeledby ‘UL’ and ‘DL’ refer,
respectively, to uplink and downlink connectionsonly.
The solid lines refer to the standard,while the dashed
lines correspondto the proposedscheme.Clearly, as

�
increases,the per-connectionthroughputdecreases;the
decreaseis not proportional to

�
due to the increase

with
�

of thecollisionprobability. Theproposedscheme
achievesalmost twice the throughputthan the standard
for any consideredvalue of

�
. In terms of fairness

betweenuplink and downlink, both schemesallow the
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Fig. 6. Averagethroughputof uplink connectionsversusthenumber
of wirelessstations

uplink and downlink connectionsto equally sharethe
bandwidthandachieve thesameaveragethroughput.In-
deed,fairnessbetweenuplink anddownlink connections
is guaranteedby 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 and the downlink delay. Despitethe closed-loop
control of TCP, some unfairnessbetweenuplink and
downlink connectionswas observed in [17] under the
standardschemedue to larger lossesat the AP than at
the WS queues.Since in our scenariothe AP buffer is
larger than the buffer at the WSs, lossesat the AP are
smalleror comparableto thoseat theWSs;thereforewe
do not observe this phenomenon.

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

T K3W � X7W , which representsthe time window over which
the number of active connectionsis estimated.The
parameter

T K(W � X/W doesnot have a remarkableimpact
on theresults,thusimplying thattheactivity of sourcesis
highenoughsothatthenumberof WSscanbeaccurately
estimatedeven with short windows. The importance
of dynamicallyadaptingthe TXburst parametercan be
assessedby observingthe gapbetweenthe performance
of the proposedschemeand the fixed TXburst one.

We next analyze the performanceexperiencedby
flows of different length. We considervery short con-
nections which contain 1 segment only, medium-size
connectionscontaining27 segments(thesearemedium-
sizefilesof almost30 Kbytes)andvery long connections
with 285 segments.We highlight that, as can be seen
from TableIII, with 1000-byte-longTCPsegments,more
than 80% of the connectionsare limited to 1 segment.
Figure7 reportsthe averagethroughputversusthe num-
ber of WSs. Solid lines refer to the standard,dashed
lines to theproposedschemewith

T K3W � X7W � 10. Under
the standardscheme,long connectionsexperiencemuch
higherthroughputthanshortonesdueto thebehavior of
TCP which startsby slowly loading the network look-
ing for the optimal operatingpoint: short connections
are penalizedsince they will never reach the optimal
operatingpoint. The differencebetweenlong and short
connectionsthroughputis reducedunder the proposed
scheme;i.e., the varianceof the throughputexperienced
by connectionsof differentsizedecreases.This is a very
interestingfeatureof our solution, which is due to the
initial setting of the parameter

cJV�X/V�X DSE=G
. When a

connectionstarts,its estimatedthroughput
cJV�X7V�X DSE=G

is equal to 0 and the TXburst is maximumso that we
slightly favor the initial phaseof a connection.Doing
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Fig. 9. Fairnessindex of connectionswith size27 segmentsversus
numberof wirelessstations

so, short connectionsare less penalizedby the slow
initial dynamicsof TCP. Notice,however, thata different
choiceof the initial valuesof

cJV�X/V�X DSE=G
andTXburst

could bettersuit transportprotocolsother thanTCP.
For the samescenario,Figure 8 shows the fairness

amongconnections.As a metricof fairnesswe useJain’s
fairnessindex [20]. The proposedsolution outperforms
the standard in fairness provisioning: fairness never
drops below 0.7 in the worst caseunder our scheme,
while it canbeaslow as0.1for thestandardone.Notice,
also, that the proposedschemefairnessis lesssensitive
to the numberof WSsthan the standardis.

The impact of
T K3W � X/W and of the dynamic adjust-

ment of the TXburst on the fairnessindex is shown
in Figure 9 where only 27-segment-longconnections
are considered.While the choice of

T K3W � X/W does
not significantly affect the fairnessindex, the dynamic
setting of TXburst is neededin order to achieve high
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Fig. 10. Averageconnectioncompletion time versusnumber of
wirelessstations
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Fig. 11. Averagethroughputversusthe averagevalueof the source
Off period

valuesof the fairnessindex.
SincetheQoSperceivedby endusersis relatedto the

time it takes to download a file, we show in Figure 10
the completion time of connectionswith 1, 27 and
285 segments.90% of the connections,i.e., 1- and 27-
segmentconnections,completetheir transmissionfaster
underour schemethan underthe standardone with an
obvious advantagefor the user.

We now study the effect of the load on the perfor-
manceby changingthe traffic sourcebehavior instead
of the number of WSs. We set

�
to 20 and we let

the TCP source Off periods vary. Figure 11 reports
the per-connection throughput as the load decreases.
Theproposedschemealwaysachieveshigherthroughput
thanthe standard.Notice alsothat, again,the parameterT K3W � X7W does not have a remarkableimpact on the
throughput.This confirms that the connectionactivity
is high enoughto be easily estimatedin a short time
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Fig. 13. Averageper-connectionthroughput(averagecomputedover
all connections,only the uplink ones or only the downlink ones)
versusthe averageslot error probability

window. On thecontrary, estimatingthenumberof active
connectionsbecomesdifficult when Off periods are
short;undertheseconditionsthe improvementachieved
by the proposedschemeis slightly smallerthanfor long
Off periods.

Figure12 shows the fairnessindex versustheaverage
sourceOff periodwhenwe considerconnections1-, 27-
or 285-segment-long.Again, the improvementobtained
by the proposedschemeis remarkable.

We assessthe impactof channelerrorson the system
performance.We set the averagedurationof long error
bursts, ����� , and of short error bursts, �
��� , to the
valuesreportedin Table I and we changethe average
number of consecutive good slots so that a desired
value for the averageslot error probability is obtained.
Figure13 reportsthe averageper-connectionthroughput
versusincreasingvaluesof theaverageerrorprobability.
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segmentsversusthe averageslot error probability

0.01

0.1

0 0.05 0.1 0.15 0.2

D
el

iv
er

y 
D

el
ay

 V
ar

ia
nc

e 
[s

z
2 ]

Error Probability

standard
fixed TXburst
fair

Fig. 15. Delivery delay variance versus the average slot error
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Clearly, thethroughputmonotonicallydecreaseswith the
error probability; however, the proposedschemealways
obtains larger valuesof throughputthan the standard.
The gap betweenthe performanceof the two schemes
increaseswith the averageerror probability, reachinga
factor 2 for error probability equal to 0.2. The effec-
tivenessof our solution for large values of the error
probability, which are the most critical ones,makes the
schemeparticularlyappealing.

The fairnessindex for connectionsof 1, 27 or 285
segmentsis shown in Figure14 versusincreasingvalues
of theaverageerrorprobability. Fairnessis almostinsen-
sitive to errorsover the channel,however, it is always
largerfor theproposedschemethanfor thestandardone.
Moreover, connectionsof different sizeperceive almost
the samefairness,while this metric is sensitive to the
connectionsizeunderthe standardscheme.

As a final remark,in Figure 15 we plot the variance
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of the delivery delay (time elapsedsince a frame is
enqueuedfor transmissionat the LLC layer, until it is
correctlyreceivedat thedestination)asa functionof the
averageerror probability. As can be expectedfrom all
schedulingmechanismsthat privilege fair serviceover
servicein orderof arrival, our schemeperformsworst in
term of delayvariance,althoughthe performancegapis
small.

VII . CONCLUSIONS

The standard802.11b dictates that, upon detecting
poorchannelconditions,a WS shouldattemptnew trans-
missionsafter lowering its bit rate. While this solution
maysometimesgetaroundthetemporarychannelfailure,
it is pointedout in [2] that it may lead to performance
degradationof the whole WLAN. The algorithm de-
scribedin our paperdoesnot resortto bit ratereduction
upon channelfailure, thus avoiding the anomaly, but it
silencesWSs while the channelis unavailableanduses
a burst award mechanismto compensatefor the missed
transmissionopportunities.This solution,besideoffering
channel-timecompensation,is found to be highly ben-
eficial for short-lived TCP flows, that normally suffer
from losseson their early windows when competing
with long-lived flows on a congestedlink. A large set
of simulationsconfirmedthis intuition and showed the
superiorityof our solution,with respectto the standard
scheme,in terms of throughput,flow completiontime
and fairness.
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