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Abstract

This paper focuses on multirate IEEE 802.11 Wireless LAN legipg the mandatory Distributed Coordination Function
(DCF) option. Its aim is threefold. Upon starting from the Itadimensional Markovian state transition model propbdsy
Malone et.al. for characterizing the behavior of the IEEE 802.11 protagibthe Medium Access Control layer, it presents an
extension accounting for packet transmission failures tduehannel errors. Second, it establishes the conditiodgruwhich a
network constituted byV stations, each station transmitting with its own bit rakél,s), and packet rate),, can be assumed
loaded. Finally, it proposes a modified Proportional FasnéPF) criterion, suitable for mitigating thhate anomalyproblem of
multirate loaded IEEE 802.11 Wireless LANs, employing thenatatory DCF option. Compared to the widely adopted assampt
of saturated network, the proposed fairness criterion eaafplied to general loaded networks.

The throughput allocation resulting from the proposed stlgm is able to greatly increase the aggregate throughptiteo
DCF, while ensuring fairness levels among the stations efsgime order as the ones guaranteed by the classical Pkoariter

Simulation results are presented for some sample scenaoioirming the effectiveness of the proposed criteriorofatimized
throughput allocation.

Index Terms

DCF, Distributed Coordination Function, fairness, IEEE280, MAC, multirate, non-saturated, proportional fagserate
adaptation, saturation, throughput, traffic, unloadedaturated.

|I. INTRODUCTION

Consider the IEEE802.11 Medium Access Control (MAC) layidrgmploying the DCF based on the Carrier Sense Multiple
Access Collision Avoidance CSMA/CA access method. The aderenvisaged in this work considehs contending stations;
each station generates data packets with constanigabg employing a bit rateREf), which depends on the channel quality
experienced. In this scenario, it is known that the DCF iga#d by the so-callederformance anomalproblem [2]: in
multirate networks the aggregate throughput is strongluémced by that of the slowest contending station.

After the landmark work by Bianchi [3], who provided an argdyof the saturation throughput of the basic 802.11 prdtoco
assuming a two dimensional Markov model at the MAC layer, yraapers have addressed almost any facet of the behaviour
of DCF in a variety of traffic loads and channel transmissionditions.

Contributions proposed in the literature so far can be ifladsin two main classes, nameYCF Modelling and DCF
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DCF modelling.This is the topic that received the most attention in thediigre since the work by Bianchi [3]. Papers [4]-[6]
model the influence of real channel conditions on the thrpuglof the DCF operating in saturated traffic conditions, levhi
[7]-[9] thoroughly analyze the influence of capture on thetlghput of wireless transmission systems. Paper [10ktiga&tes
the saturation throughput of IEEE 802.11 in presence of dealitransmission channel and capture effects. The bahaliio
the DCF of IEEE 802.11 WLANSs in unsaturated traffic condiidras been analyzed in [11]-[18]. In [19], the authors look
at the impact of channel induced errors and of the receivgdabito-Noise Ratio (SNR) on the achievable throughput in a
system with rate adaptation, whereby the transmissionafathe terminal is modified depending on either direct or liedi
measurements of the link quality.

Multirate modeling of the DCF has received some attentiateqecently [20]-[24] as well. In [20] an analytical framerk
for analyzing the link delay of multirate networks is progd In [21]-[22], authors provide DCF models for finite loamlisces
with multirate capabilities, while in [23]-[24] a DCF modfgr networks with multirate stations is provided and theusation
throughput is derived. Remedies to performance anomal&slao discussed. In both previous works, packet erroremlse

due to collisions among the contending stations.

DCF throughput and fairness optimizatiohhis is perhaps the issue most closely related to the probt&ati with in this paper.
The main reason for optimizing the throughput allocatiothef 802.11 DCF is the behaviour of the basic DCF in heteromene
conditions, with stations transmitting at multiple ratéee same throughput is reserved to any contending statiespiective of
its bit rate, with the undesired consequence that lowegtabét stations occupy the channel for most time with respebigh
rate stations [25]. Furthermore, the optimization of thgragate throughput when different stations contend forctiennel
with different bit rates cannot be done without consider@mgappropriate fairness approach; the reason is that ttewpt
throughput would be achieved when only the highest ratéosgtaccess the channel [25]. In order to face this problem, a
variety of throughput optimization techniques, which agaofor fairness issues, have been proposed in the literaRaper
[25] proposes a proportional fairness throughput all@catriterion for multirate and saturated IEEE 802.11 DCF dgusing
on the 802.11e standard. In papers [26]-[29] the authorpgs® novel fairness criteria, which fall within the classtioé
time-based fairness criterion. Time-based fairness gueea equal time-share of the channel occupancy irrespetttithe
station bit rate.

Paper [30] investigates the fairness issue in 802.11 ratdtinetworks by analyzing various time-based fairnesgrait
It demonstrates that with equal time-share of the channaljmency among multirate stations, the throughput achiéyed
reference station in a multirate scenario withcontending stations is equal to the throughput that the safeeence station
would achieve in a single rate scenario when contending ettler N — 1 stations with its same rate. Furthermore, the authors
prove that the proportional fairness criterion corresgottdfair channel time allocation in a multirate scenario.

The effect of the contention window size on the performarfda® DCF have been also investigated in [31]-[33] in a variet
of different scenarios. Finally, papers [34]-[39] have mhekevoted to the throughput optimization of the underlingdFby
optimizing a number of key parameters of the DCF, such as thérmam contention window size or the packet size.

A common hypothesis employed in the literature regards #teration assumption, which sometimes does not fit quite
well to real network traffic conditions. In real networksaffic is mostly non-saturated, different stations usuapgrate with
different loads, i.e., they have different packet ratesjlavthe transmitting bit rate can also differ among the codieg
stations. Channel conditions are far from being ideal andnopacket transmission has to be rescheduled until theislata

correctly received. Due to Rayleigh and shadow fading dant, a real scenario presents stations transmittingffarelnt bit



rates, because of multirate adaptation foreseen at thecalhyayer of WLAN protocols such as IEEE 802.11b. In all thes
situations the common hypothesis, widely employed in ttegdiure, that all the contending stations have the sameapility
of transmitting in a randomly chosen time slot, does not farigmore.

The aim of this paper is to investigate the behaviour of thé=DifCthe most general scenario of a multirate network, when
all the previous effects act jointly, as well as to present@pprtional fairness criterion which accounts for genédoalding
conditions as exemplified by the packet rateof the contending stations. Contrary to the aforementiomerks available in
the literature, we assume that th¢h station generates data packets with its own siz&(*), with its own constant ratg, by
employing a bit rateRff), which depends on the channel quality experienced, andpla/m a minimum contention window
with size WOS). Moreover, each station is in a proper load condition, whéchndependent from the loading conditions of the
other contending stations. Notice that these hypothesés e model proposed in this work quite different from the®n
available in the literature, where the saturated conditsomostly adopted. One consequence of the proposed anaytiat
unloaded, heterogeneous networks do not need any throtighgeation among stations. We propose a theoretical fvarie
in order to identify whether a tagged station is saturatékrgthe traffic conditions of the remaining stations. As artitg
point for the derivations that follow, we consider the birdinsional Markov model proposed in [12], and present thesszny
modifications in order to deal with multirate stations, ndeadl transmission channel conditions, and different pasiaes
among the contending stations.

The rest of the paper is organized as follows. Sedfibn |l jdesthe necessary modifications to the Markov model prapose
in [12], while the employed traffic model is discussed in &ecHl-DI Section[Ill proposes an analytical framework able
to verify whether a network ofV contending stations is loaded. The novel proportionaintss criterion is presented in
Section[IV, while Sectiof V presents simulation results ofne sample network scenarios. Finally, Secfioh VI draws the

conclusions.

Il. THE NETWORK SCENARIO: OVERVIEW OF THE MARKOVIAN MODEL CHARACTERIZING THEDCF

In [12], the authors derived a bi-dimensional Markov mod®l ¢haracterizing the behavior of the DCF in heterogeneous
networks, where each station has its own traffic, which cdnddinite and characterized by the parameteexpressing the
packet arrival rate. In order to deal with non-saturateddgmns, the traffic model is described by an exponentiaitgributed
packet inter-arrival process. In this paper we consider eergeneral network than [12]. Indeed, in the investigatetvork,
each station employs a specific bit ratEE,S), a specific transmission packet radg, transmits packets with sizBL(*), and it
employs a minimum contention window with sii/é’o(s), which can differ from the one specified in the IEEE 802.1hdéad
[1] (these modifications are at the very basis of the propodi fairness criterion proposed in Section 1V). A finiteryet
limit is considered in order to avoid infinite number of reriwhen bad channel conditions inhibit the station from assiul
transmission.

For the sake of greatly simplifying the evaluation of the estied time slots required by the theoretical derivatioas fibilow,
we considerN, < N classes of channel occupancy duraﬂJrFsirst of all, given the payload lengths and the data rates of
the IV stations, theV,. duration-classes are arranged in order of decreasingionsatientified by the inded € {1,---, N.},
wherebyd = 1 identifies the slowest class. Notice that in our setup acstas denoted fast if it has a short channel occupancy.

1This assumption relies on the observation that in actualons some stations might transmit data frames presertiagame channel occupancy. As an

instance, a station STA1 transmitting a packet of size 128sgt 1 Mbps occupies the channel for the same time of arst&fl@\2 transmitting a packet
of size 256 bytes at 2 Mbps.



Furthermore, each station is identified by an index {1,---, N}, and it belongs to a unique duration-class. In order to
identify the class of a station, we defineN, subsets:(d), each of them containing the indexes of the = |n(d)| stations
within n(d), with Lqy < N, ¥d and Z;V:H Lq = N. As an examplep(3) = {1, 5,8} means that stations 1, 5, and 8 belong to
the third duration-class identified by= 3, and L, = 3.

A. Bi-dimensional Contention Markov Model

The modified bi-dimensional Markov model describing theteation process of the-th statioH in the network is shown
in Fig.[d.

Let us elaborate. We consider an overall number different backoff stages, starting from the zero-th stade maximum
Contention Window (CW) size i$V,,4. = 2mWOS), with m < r, whereas the notatiol/; = min(2mW0(S), 21'W(§S)) is used
to identify thei-th contention window sizeWO(S) is the minimum contention window size of theth station). Notice that
after them-th stage, the contention window size is fixeditg, .. for the remainingr — m) stages, after which the packet is
dropped. An additional backoff stage, identified @y, —), with the same window size of the zero-th stage, is consitlere
top of the chain in order to account for the post-backoff atagtered by the station after a successful packet trarismiss
packet drop [1]. Moreover, the state labellgd 0) in Fig.[d, is used for emulating unloaded traffic conditions.

After the post-backoff stage, a station starts a new tragsion because a new packet is available in the queue, prbvide
that the channel is sensed idle for DIFS seconds. On the adratt, a new zero-th stage backoff is employed if the channel
is sensed busy. Notice that the post-backoff stage is ehterly if the station has no longer packets to transmit aftpaeket
transmission; otherwise, a zero-th stage is started. Mered a new packet arrives during a post-backoff stage,staéion
moves into the zero-th stage, as depicted in [Hig. 1. Indesmkdif stages frond to » assume that the station’s queue contains
at least a packet waiting for transmission.

A packet transmission is attempted only in the states labé¢ll 0), Vi = 0, ..., r, as well as in the stateP, 0) only if there
is a packet in the queue and the channel is sensed idle for 8d&@&ds. In case of collision, or due to the fact that trassiom
is unsuccessful because of channel errors, the backo# stagcremented and the station moves in the diatel, k), where
k=0,...,W;11 — 1, with uniform probabilityP.,/W,.1, wherebyP.,, i.e., the probability of equivalent failed transmission,
is defined asP.q =1 — (1 — P.)(1 — Peot) = Peot + Pe — Pe - Peoi. ProbabilitiesP,,; and P, are, respectively, the collision
and the packet error probabilities related to thih station.

The transition probabilities for the genesigh station’s Markov process in Figl 1 could be separatediasgrized in what
follows, depending on whether transitions start from staddackoff states or from post-backoff states.

Backoff state transitions

Pigiksr = 1, k € o, Wi(S) —2], i€[0,r]
1—Peg)(1— p .
Pp ki0 = %7 kE[O:Wo(S)*l]: i€ [0,r—1]
P . —  (=Peqg)a k 0 W(S) -1 . 0.r —1
0,k|i,0 = RO € [0, Wy , i€0,r—1] 1)
0
Pp kjr0 = <V1Vgg)>7 k€0, W0<s> —1],
PO,]CM‘,O = #7 ke [07 WO(S) — 1]
0

The meaning of the underlined probabilities is as followke Tirst equation in[{1) states that, at the beginning of emth s
time, the backoff time is decremented. The second (thirdlaggn accounts for the fact that after a successful trasson,

the station goes in post-backoff because of an empty (norty@rgpeue. In both equationg,is used to identify the probability

2In order to keep the notation concise, we omit the ap@ver the probabilities involved in the model.



Ts = ¢ 1*Perq+1)W0'bP,0

bpo {W(XB + Xp) - (qWO_(l_Q)q[;_(l_Q)WO]> Xp+ qu—[lfienger(OI]?flq) }71

K = b |awp e tf;”’] + (Wi + )P R 3)
Xo = o

Xp =

1-(1—g)%o

that the queue contains at least a packet waiting for trasssom after a time slot, and it will be better defined in Settio
[[-D] where the employed traffic model is described. The fowequation deals with the situation in which the station has
reached the retry limit and, after a packet transmissioa bilffer of the station is empty. In this situation, the statmoves

in the post-backoff stage with an empty queue. The last eguatcounts for a scenario similar to the previous one with t
difference that, after the packet transmission, the queumi empty.

Post-backoff state transitions

Ppriprtr = (1—q) ke o,w -2

Poriprir = 4 ke [0, Wy — 2]

PP,O\P,O = (1-gq)

Pp rpo = 7(1&(1_‘;;{65))(1_@ ke 0,ws —1] )

0
Po.x1p0 = q—(lipi)j;ii)(lipeq) kel Wo(s) —1]
0
Py k1po = % ke[l Wfs) —1]
Wl

The meaning of the underlined probabilities is as followise Tirst equation states that the station remains in the lpatoff
stage because the queue is empty, whereas the second e@etiunts for a transition in the zero-th backoff stage beea
new packet arrives at the end of a backoff slot. The third g8guanodels the situation in which there are no packets ngiti
for transmission, and the station remains in the st&@) (idle state).

The fourth equation deals with the situation in which theistais in the idle stat€ P, 0), and, at the end of a backoff slot,
a new packet arrives in the queue. In this scenario, the paglseiccessfully transmitted, the queue is empty, and #@st
moves in another post-backoff stage. The td?mdentifies the probability that the channel is idle, and itléined as follows

with respect to the-th tagged station:
N

PP = T[ (-m)

j=1.j#s
The fifth equation accounts for a scenario similar to the iprey one, except that the station queue is not empty after the
immediate transmission of a packet or a situation of busyebh The last equation models the scenario in which théostat
goes from the idle stateP, 0) to the first backoff stage because of a failure of the immedi@nsmission of the packet arrived

in the head of the queue.

B. Throughput Evaluation

Next line of pursuit consists in finding the probability that thes-th station starts a transmission in a randomly chosen time
slot. Due to the lengthy algebra involved in the derivatioegded for solving the bidimensional Markov chain, thetiete
that defines; has been derived in an additional document available at {dlogéreas for conciseness we show the final formula

in @) (shown at the bottom of this page), along with the otkeyr probabilities needed in this paper. Givenin (@), we can



evaluate the aggregate throughpluas follows:

N N
1 S S S
S=) 8= mPS()-(l—Pe())-PL() (4)
s=1 s=1

wherebyT,, is the expected time per slaBL(*) is the packet size of the-th station, andP'® is the probability of successful

packet transmission of theth station:
N

P =7 - T[1-m) (5)
j=1
J#s
The evaluation of the aggregate throughputih (4) requinesknowledge of the expected time per slft,. Its evaluation is

the focus of the next section.

C. Evaluation of the Expected Time per Slot

The expected time per slof,,,, can be evaluated by weighting the times spent by a statianparticular state with the
probability of being in that state. First of all, we obserhattthere are four different kinds of time slots, with fouffelient
average durations:

« the idle slot, in which no station is transmitting over theaghel, with average duratidrfy;

« the callision slot, in which more than one station is attémpto gain access to the channel, with average durakign

« the slot due to erroneous transmissions because of impetiaanel conditions, with average duratidp;

« the successful transmission slot, with average durafign

The expected time per sldf,,,, can be evaluated by adding the four expected slot durations
Tow=Ti+Tc+Ts+Tg. (6)

We will now evaluately, T¢, Ts, andTg.
Upon identifying witho an idle slot duration, and defining witR;rr the probability that the channel is busy in a slot

because at least one station is transmitting:

N
Prr=1-]]1-7) 7
s=1
the average idle slot duration can be evaluated as follows:
Tr=(1—Prg)-o (8)

The average slot duration of a successful transmissign,can be found upon averaging the probabilﬂg(/“) that only the
s-th tagged station is successfully transmitting over thanctel, times the duratidﬁés) of a successful transmission from the

s-th station: N
Ts =Y PO (1- P 1 ©)
s=1

Notice that the tern{l — Pe@) accounts for the probability of packet transmission withcliannel induced errors.

Analogously, the average duration of the slot due to errogagmnsmissions can be evaluated as follows:

N
Tp =3 PO P . 78 (10)

s=1

Let us focus on the evaluation of the expected collision, et There areN, different values of the collision probability

Péd), depending on the class of the tagged station identified.bye assume that in a collision of duratid%d) (classd



collisions), only the stations belonging to the same clas$p higher classes (i.e., stations whose channel occyparnoewer
than the one of stations belonging to the tagged statiorxewiby d) might be involved.
In order to identify the collision probablllty’c 9 et us first define the following three transmission prolitds (Pf}(%d), Pf}%d),
L(d)) under the hypothesis that the tagged station belongs tol#ssd. Probab|I|tyPTI(2) represents the probability that at
least another station belonging to a lower class transmuitd,it can be evaluated as

PR = H ITa-=) (11)

i=1 sen(i)

H(d)

Probability P, is the probability that at least one station belonging toghéir class transmits, and it can be evaluated as

P = H ITa-r) 12)

i=d+1sen(i)
ProbabilityPTC}(%d) represents the probability that at least a station in theeselassd transmits:
Pe =1- [ a-m) (13)
sen(d)

Therefore, the collision probability for a generic clastakes into account only collisions between at least on@statf class
d and at least one station within the same class (internakimoik) or belonging to higher class (external collisiortégnce,

the total collision probability can be evaluated as:

P =PI 4 pE@ (14)
whereby

P = (1= Pr®)- (1= Prg))- (15)
C(d
PTJ(Q)* ZTS H (1—-15)
sen(d) jen(d),j# s

represents the internal collisions between at least twiioegwithin the same clasg while the remaining are silent, and
Pe' = Prg” - Prg® - (1 - Pry”) (16)

concerns to the external collisions with at least one statibclass higher thad.
Finally, the expected duration of a collision slot is:
To =3 P .1 7)
d=1
Constant time duration’f’és), Tés) and Téd) are defined in a manner similar to [22] with the slight diffece that the first
two durations are associated to a generic statiomhile the latter is associated to each duration class, whépends on the

combination of both payload length and data rate of theastadif classd.

D. Traffic Model

The employed traffic model for each station assumes a Podistnibuted packet arrival process, whereby the inteik-alrr
times among packets are exponentially distributed withnmiga,. In order to greatly simplify the analysis, we consider dmal
gueue, as proposed in [12], even though the proposed asiatgsi be easily extended to queues with any length. The tiffic

each station is accounted for within the Markov model by ayiplg a probabilityi, ¢, that accounts for the scenario whereby

3A superscript(t) is used for discerning the probability among the stations.



at least one packet is available in the queue at the end oft.aslour setting, each station is characterized by its owfficr,
and the probability,(*) of the ¢-th station can be evaluated by averaging over the four tgpéime slots, namely idle, success,
collision, and channel error time slot. Upon noticing thaith the underlined packet model, the probability of havatdeast
one packet arrival during tim& is equal tol — e~ 7, ¢ can be evaluated as:
¢V = (1=Prr) (1—e ")+

R P (1= PY) (- e T )y

ST PO RO (1 e

+ N PO (1 — e TEY)

(18)

whereby the probabilitie®r g, P and Péd) are, respectively, as defined {d (M) (5), ahdl (14), wher@4s is the packet

error rate of thes-th station.

I1l. EVALUATING THE NETWORK LOADING CONDITIONS

In a previous paper [14], we proved that the behaviour of thgregate throughput in a network a&f homogeneoﬁs
contending stations is a linear function of the packet atnmate A with a slope depending on both the number of contending
stations and the average payload length. We also derivadtireal of validity of the proposed model by showing thegaece
of a critical \, above which all the stations begin operating in saturataific conditions.

This kind of behaviour, with appropriate generalizatioissalso observed when multirate and variable loaded s&t#oa
present in the network. We have to identify a set of conddifor a network to be considered as loaded. We notice in pgssin
that this framework is not generally considered in the ditere, since most papers assume saturated traffic corglittokey
observation from the analysis developed in this sectiomas in an unloaded network there is no need to guaranteesarn
since each contending stations can transmit its packets avih pace, regardless of its minimum CW, as well as othevorét
parameters.

Under the traffic model described in section1I-D, we definéoaded a network in which each contending station has a

packet rate\; less than or equal to its packet service rﬁé@:
N<Ad vie{l,... N} (19)

The reason is simple: this condition ensures that the aeepagket inter-arrival time is greater than or equal to theraye
service time of thet-th station. In such a scenario, the probabilities of ciotis among stations are very low, and each
contending station is able, on the average, to gain the sai¢odhe channel as soon as a new packet arrives in its quetieeNo
that [Lg) only depends on the packet ratgsof the otherN — 1 stations other than the tagged one.

The evaluation of the packet service rmg) in a multirate and heterogeneous network is quite difficlt][since packet
arrivals may occur during the stage of post-backoff, as aelHuring the usual backoff stages accomplished by eadbrstat
before gaining the channel for transmission. Since we desdnted in a threshold which differentiates the unsatdritom the
saturated loading conditions of the stations, we can ematoypper bound defined by tlsaturationservice rate, identified
asug), in place of the actual service ra;rng). The advantage relies on the observation that such a bowdiays evaluated
considering a post-backoff stage. Indeed, after a paciasmnission, a new packet is always available in the queusréisg

saturated traffic; therefore, the service time starts fropost-backoff phase whereby the contention WindOV\W'és). We

4By homogeneous we simply mean that the network is charaetbidy N stations transmitting with the same bit rate (no multiragpdihesis) and the

same load.



notice that the saturation service time always includegtist-backoff stage, thus its duration is longer than thaadervice
time evaluated without considering the post-backoff time.
Hence, in the remaining part of this section, we evaluatesttaration service rat,eg) = 1/TS(QU, i.e., the rate at which
packets are taken from the queue of thil station under saturated conditions.
Upon considering the tagged station identified by the indexX1, - -- , N}, the saturation service timEfQ.U can be defined
as follows [28]:
Tl = { e (PD) (iTe + Ti, Wy - 10 + 78 ) +

. T . v (20)
(PD)+ <(r +D)Te+ Y Wy Té?) /(P

=0

DROP

The first term in the summation represents the average tiateatbtation spends through the backoff stages foadmr before
transmitting a packet, i.e., the so called MAC access time.nétice that for the-th stage,i collisions of average duration
Tc, as well asi backoff stages front) to i (each of them with an average nuthr;t) of slot of durationTb(z)) occurred,
after which the packet is successfully transmitted withation 7Y, The second term of the summation takes into account
the average duration of a packet drop that occurs &fter 1) collisions and backoff stages. The whole summation is dcale
by a normalization factor that takes into account the proipalset over which the service time is evaluated.

The average number of slots for thdackoff stages, is defined as
=7(t) min(j,m
W, = (@minGm) i 1) /2,

Each slot has average durati(ﬂﬁot), which is substantially evaluated &5, in (6) except that the tagged stati¢t) is not
considered because it is either idle, or in a backoff state.

Let us discuss two sample scenarios in order to derive atyasfeobservations that are at the very basis of the fairness
problem developed in the next section. The network paraetged in the investigated IEEE802.11b MAC layer are reglort
in Table[] [1]. The first investigated scenario considers awnek of 3 contending stations. Two stations, namely S2 and S3,
transmit packets with constant rates= 100 pkt/s and\ = 500 pkt/s, respectively. The bit rate of the two stations S2 and
S3is11 Mbps. The third station, S1, has a bit rate equal to 1 Mbps apdchet rate\; that is varied in the rangg), 2000]
pkt/s in order to investigate its effects on the network loBdge behaviour of the three ratiO@/ug) is shown in Fig[R. Some
observations are in order. First of all, notice that as faBasncreases its packet rate, the cur»(@sTs(fr)v and)s - TS(SEU tend
to increase because of the increasing values of the seivies 72, and T3, experienced by S2 and S3. Notice that, as
A1 increases, the slowest station S1 tends to transmit moee.ofhe station S3 goes in loaded condition whers 20pkt/s,
while S2 can be considered loaded fara 200 pkt/s. When a station becomes loaded, the incoming pacdhedsto be stored
in the station queue waiting for transmission since theisermate, i.e., the number of packets that on average ar&sdrigy
the MAC, is below the rate by which the packets arrive in tfeish queue.

The per-station throughput achieved by the three statinrthe investigated scenario is shown in Hi@. 3. The throughpu
gained by the two fastest stations, S2 and S3, tends to dectesause of the anomaly problem in the multirate scenario:
the slowest station tends to occupy the channel longer amgkltoas far as its packet ratg increases. In the same figure,
we show two tick curves. The horizontal line L2 corresporalthe saturation throughput of S1, while the straight lineis.1
the tangent to the throughput curve passing through thénorgr very small values ok, the throughput of the station S1

grows linearly with);. Packets are mainly transmitted as soon as they arrive afl&@ layer, and the station throughput is
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approximately equal ta; - PL(). However, when the station approaches the transition pgint 89.19 pkt/s derived with the
proposed framework (this is the value »f corresponding to the relatioml/ugl) = 1), the throughput curve tends to reach
the asymptote L2, which corresponds to the saturation irput of S1. Notice that the curve L2 approximately corresiso
to 0.73 Mbps, which is\¥ - PL(") =89.19-1028 - 8 bps.

In the second scenario, the stations S1 and S2 are intef@gtedonstant packet rate noticed in the label of Elg. 4. These
two stations do not get loaded by the increasing packet fateecstation S3 since the curvas/u(sl) and )\g/ug) are strictly
less than one. As a consequence, the per-station throughpoth S1 and S2 is approximately constant across the rahge o
values of the packet ratg; as noticed in Fig.]5. On the other hand, the throughput aebigy the station S3 tends to saturate
as soon as\3 reaches the valug33 pkt/s noticed in Figl K.

In the light of the previous two sample scenario, let us sunreahe main ingredients of the results proposed in this
section. As observed in the two previous sample scenah@sniethod allows to identify whether the network is loadgd b
establishing the thresholds of each contending statiohémetwork. This issue has been overlooked in the literatuhere
the saturation assumption is widely adopted. Moreoves, ifsue is at the very basis of any throughput optimizaticatesyy
since an unloaded network does not need to be optimized.

We say that the network is loaded when every station has fictedfove its proper threshold. On the other hand, it should
be noticed that a network can be unloaded even if a subseeddt#tions is loaded. This was the case of the second scenario
described above, where, despite the fact that the statiomaS3nterested by an increasing traffic lokg the stations S1 and

S2 did not experience any performance loss (seelfrig. 5) bedheir traffics were below the respective thresholds.

IV. THE PROPORTIONAL FAIRNESSTHROUGHPUTALLOCATION ALGORITHM

This section presents the novel throughput allocatioregan, which aims at improving fairness among tNecontending
stations. In order to face the fairness problem in the moseigg scenario, i.e., multirate DCF and general statioditaa
conditions, we propose a novel Proportional Fairness @it PFC) by starting from the PCF defined by Kelly in [41]dan
employed in [25] in connection to proportional fairnessotighput allocation in multirate and saturated DCF openatio

It is known that one of the main drawbacks of the basic DCF atp®g in a multirate scenario relies on the fact that it
behaves in such a way as to guarantee equal long-term chacoets probability to the various contending stations, [25]
[30]. In order to solve this problem, various optimizatidgaithms have been proposed in the literature (see, faame,
[25]-[37]). These contributions allowed to highlight thehaviour of the DCF as well as various drawbacks when operéaiia
multirate scenario. For instance, it is known that the agape throughput of multirate IEEE802.11-like networks [gimized
when only the high rate stations transmit, while the low sitgions are kept silent. Of course, this result is not desérfrom
a fairness point of view, even though it mitigates the DCHqrenance anomaly noticed in [2].

To the best of our knowledge, the solutions proposed so fahenliterature refer to homogeneous networks in that all
the contending stations operate with the same traffic, ampiifed by the station packet ratg;,, and channel conditions.
Furthermore, almost all the works focus on saturated trafiieditions. As already mentioned before, in a practicalrsgthe
contending stations have their own traffic and are affeciedifferent channel conditions. The key observation herthét a
fair throughput allocation should account for the stati@chet rate, as well as for the specific channel conditiongespced
by each contending station.

Let us briefly mention the rationales at the very basis of thE€.PA proportional fairness optimization criterion alloes to

each station a throughpptoportionalto the station transmission rate. Resorting to the notgtioposed in [41], a throughput
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allocation vectorr = {z5;s =1,---, N} is proportional fair if the following condition holds:

N e
Z Ys —Ts - (21)
s=1 Ts

for any other feasible throughput allocation vecjor The PFC maximization problem, which satisfies]| (21), candomélized

as follows:
N
max Z log(zs) (22)
s=1
over z,€[0,Z5m], s=1,...,N

wherebyz; ,,, is the maximum throughput of theth station. Due to the strict concavity of the logarithmia€tion and because
of the compactness of the feasible regione [0,25.,], s = 1,..., N, there exists a unique solution to the optimization
problem [22). This implies that a local maximum is also globa

Given these preliminaries, in the proposed model, the ¢raffieach station is characterized by the packet arrival ate
which depends mainly on the application layer. Det,.. be the maximum packet rate among, ..., \y.

Consider the following modified optimization problem:

max U=U(S1, ,Sx5) =Y, 52 - log(S,) 23)
subjectto S; € [0,Ssm], s=1,...,N

wherebyS; is the throughput of the-th station, andS; ,, is its maximum value, which equals the station bit rﬂ?. In
our scenario, the individual throughpufs,, are interlaced because of the interdependence of the lgtidiea involved in the
transmission probabilities,, Vs = 1,..., N. For this reason, we reformulate the maximization problanorder to find the
N optimal values ofr, for which the cost functio/ in (23) gets maximized. The optimal values are then used to set the

network parameters of each station.

Due to the compactness of the feasible regigre [0, S; ], Vs, the maximum ofU(S;, - -- , Sy) can be found among the
solutions of VU = (g—fl, cee 637—[]’\[) = 0. After some algebra (the derivations are reported in the Agp®, the solutions can
be written as: N

/\Aj %-ST AA’“ :TC aaT:?, Vji=1,...,N (24)
maz Tj J jT gy maz av 0T
wherebyC = Zfil A:IT andTy,, is a function ofr,--- ,7n as noticed in[{(6).
Due to the presence df,,, a closed form of the maximum df(Sy,---,Sy) cannot be found. Notice that it is quite

difficult to derive the contribution of the partial derivati of T, on 7;, especially whenV > 1, because of the huge number
of network parameters belonging to different stations. d@kénition of T;,,, in (6) is composed by four different terms, which
include the whole set of,, Vs. In order to overcome this problem, we first numerically abthe optimal values’, Vs from
(24), then, we choose the value of the minimum contentiordmximsize,Wés), by equating the optimizing; to (3) for any
S.
The optimization criterion summarized {n_{23) will be desbas Load Proportional Fairness (LPF) criterion in theofeihg.
Let us derive some observations on the proposed throughlogtion algorithm by contrasting it to the classical PF
algorithm. Consider two contending stations with packé¢sa; = 50 pkt/s and\, = 100 pkt/s, respectively. Employing
the classical PF method, a throughput allocation is progaatly fair if a reduction ofz% of the throughput allocated to one

station is counterbalanced by an increase of more #farof the throughputs allocated to the other contending statio
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In our setup, the ratid; /A2 can be interpreted as the frequency by which the first stdties to get access to the channel
relative to the other station. Therefore, a throughputcaliion is proportionally fair if, for instance, a reductioh20% of the
throughput allocated to the first station, which has a nedtiequency ofl /2, is counterbalanced by an increase of more than
40% of the throughput allocated to the second station. In a seemath multiple contending stations, the relative frequg
is evaluated with respect to the station with the higheskgiarate in the network, that gets unitary relative freqyenc

Based on extensive analysis, we found that the optimizatiohlem [28) sometimes yields throughput allocations thanot
be actually managed by the stations. As a reference exaagsame that, due to the specific channel conditions expeden
the first station has a bit rate equal toMbps and needs to transmi90 pkt/s. Given a packet size di024 bytes, that is
8192 bits, the first station would need to transrlit92 x 200 bps~ 1.64Mbps far above the maximum bit rate decided at
the physical layer. In this scenario, such a station couldsemd over the channel a throughput greater than 1Mbps. The
same applies to the other contending stations in the netexypleriencing similar conditions. In order to face this &sswe

considered the following optimization problem

N A*
max == -log(S,
Sy 5o - log(S,) 5

over S;€[0,Ssm], s=1,...,N
whereVs =1,..., N,
. s, if \-PL(® .8 <R}
A= RY (s) ()
Py, if A PLY -8 > R

and \*

max

= max; A%. The allocation problem i (25), solved as for the LPHIN (2R)arantees a throughput allocation which
is proportional to the frequency of channel access of eaffostrelative to their actual ability in managing such fiafThe
idea relies on the observation that it is not optimal to ateca throughput that the station cannot actually manage.

The optimization criterion summarized ih_{25) will be destas Modified Load Proportional Fairness (MLPF) criterion
in what follows. As in the case of the LPF criterion, the MLPptioization problem in[(25) is solved by first numerically
obtaining the optimal values!, Vs, and then choosing the value of the minimum contention wisndizesWOS) by equating

the optimizingr to (3) independently for any.

V. SIMULATION RESULTS

This section presents simulation results obtained for @&tanf network scenarios optimized with the fairness cidte
proposed in the previous section.

We have developed a C++ simulator modelling both the DCFogmitdetails in 802.11b and the backoff procedures of a
specific number of independent transmitting stations. Timlator considers an Infrastructure BSS (Basic Servidg Bih
an Access Point (AP) and a certain number of fix stations wbarthmunicate only with the AP. Traffic is generated following
the exponential distribution for the packet interarriviadés. Moreover, the MAC layer is managed by a state machiriehwh
follows the main directives specified in the standard [1medy waiting times (DIFS, SIFS, EIFS), post-backoff, batkbasic
and RTS/CTS access modes. The typical MAC layer parametel& EE802.11b reported in Tallk | [1] have been used for
performance validation.

The first investigated scenario, namely scenario A, considenetwork with3 contending stations. Two stations transmit
packets with rate\ = 500 pkt/s at1l Mbps. The payload size, assumed to be common to all the s$atis PL = 1028
bytes. The third station has a bit rate equal to 1Mbps and kepaate\ = 1000 pkt/s.
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From [19), it is straightforward to notice that the scendkicefers to a loaded network. Figl 6 shows the service r,aé@s
of the three contending stations as a function of the packety; of the station transmitting at 1 Mbps. The operating point
of the considered scenario A is highlighted in Higj. 6. Noticat, since the service rateét) of the three stations are below
the respective packet ratag, the network is loaded. Moreover, the service rates of theetlstations tend to the same values
because of the rate anomaly problem: the station transigiett 1 Mbps reduces the service rates of the other stations.

The simulated normalized throughput achieved by eaclostaiithis scenario is depicted in the left subplot of [Elg. 7tfe
following four setups. The three bars labelled 1-DCF regméshe normalized throughput achieved by the three sttidth
a classical DCF. The second set of bars, labelled 2-PF,ifgsnthe simulated normalized throughput achieved by thé DC
optimized with the PF criterion [25], [41], whereby the atypacket rates of the stations are not considered. The $eird
of bars, labelled 3-LPF, represents the normalized thrpughachieved by the three stations when the allocation prolfP3)
is employed. Finally, the last set of bars, labelled 4-MLR#presents the simulated normalized throughput achieyeithdo
contending stations when the CW sizes are optimized withribdified fairness criterion i .{25). Notice that the thropgh
allocations guaranteed by LPF and MLPF improve over thesidak DCF. When the station packet rate is considered in
the optimization framework, a higher throughput is allechto the first station presenting the maximum value\aimong
the considered stations. However, the highest aggregasaghput is achieved when the allocation is accomplishet thie
optimization framework 4-MLPF. The reason for this behavits related to the fact that the first station requires ditraf
equal to8.22 Mbps= 103 pkt/s- 1028 bytes/pkt 8 bits/pkt, which is far above the maximum traffit §1bps) that the station
would be able to deal with in the best scenario. In this reisghe MLPF criterion results in better throughput allooas
since it accounts for the real traffic that the contendingastawould be able to deal with in the specific scenario at hand

Similar considerations can be drawn from the results shawtheé right subplot of Fig.]7 (related to scenario B), whereby
in the simulated scenario the two fastest stations are dlacacterized by a packet rate greater than the one of theestow
station. Notice that the optimization framework 3-LPF id¢eato guarantee improved aggregate throughput with regpdmth
the non-optimized DCF and the classical PF algorithms. Tgerating point of the scenario B is highlighted in Higj. 6; dxhs
on the considerations above, this is a loaded network as well

The aggregate throughputs achieved in the two investigatedarios are as follows:

Scenarios 1-DCF | 2-PF | 3-LPF | 4-MLPF

Jain’s Index|| 0.451 | 0.872| 0.724 | 0.848
A S [Mbps] 185 | 3.60 | 3.10 5.07
Jain’s Index|| 0.474 | 0.881| 0.976 | 0.847
® S [Mbps] 199 | 3.63 | 4.62 5.07

whereby we also show the fairness Jain’s index [42] evatuatethe normalized throughputs noted in the subplots offEidt.
is worth noticing that the proposed MLPF throughput allaoacriterion is able to guarantee improved aggregate tjfiput
relative to both the classical DCF and the PF algorithm, viaimess levels on the same order of the ones guaranteeckby th
classical PF algorithm.

For the sake of investigating the behaviour of the propodiedation criteria as a function of the packet rate of thenast

station, we simulated the throughput allocated to a networkposed by three stations, whereby the slowest statamsmritting
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at 1Mbps, presents an increasing packet rate in the rang80@ pkt/s. The other two stations transmit packets at theteat
rate A\ = 500 pkt/s at 11 Mbps. The simulated throughput of the three catitgy stations is shown in the three subplot of
Fig.[8 for the unoptimized DCF, as well as for the two critdrRF and MLPF. Some considerations are in order. Let us focus
on the throughput of the DCF (uppermost subplot in Eig. 8).fésas the packet rate of the slowest station increases, the
throughput allocated to the fastest stations decreasés fqust because of the performance anomaly of the DCF [2].thites
stations reach the same throughput when the slowest statesents a packet rate equali@) pkt/s, corresponding to the
one of the other two stations. From= 500 pkt/s all the way up to 3000 pkt/s, the throughput of the trstgions do not
change anymore, since all the stations have a throughpusetbby the slowest station in the network. Let us focus on the
results shown in the other two subplots of Kify. 8, labelled laldd MLPF, respectively. A quick comparison among thesesthr
subplots in Fig[B reveals that the MLPF allocation critergguarantees improved aggregate throughput for a wide rahge
packet rates of the slowest station, greatly mitigatingréite anomaly problem of the classical DCF operating in a inatdt
setting. In terms of aggregate throughput, the best salusiachieved with the MLPF criterion, which avoids that theest

station receives a throughput allocation that would not e &0 employ due to its reduced bit rate (1 Mbps).

VI. CONCLUSIONS

Focusing on multirate IEEE 802.11 Wireless LAN employing tmandatory Distributed Coordination Function (DCF)
option, this paper established the conditions under whictetavork constituted by a certain number of stations tratigrgi
with their own bit rates and packet rates can be considemdkhb. It then proposed a modified proportional fairnessrioin
suitable for mitigating theate anomalyproblem of multirate loaded IEEE 802.11 Wireless LANSs.

Simulation results were presented for some sample scansiiowving that the proposed throughput allocation was able t
greatly increase the aggregate throughput of the DCF, vetmifuring fairness levels among the stations of the same ofde

the ones available with the classical proportional faisnedgterion.
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APPENDIX
The objective of this section is to derive the maximum of thaction U (Sy,---,Sy) in (23) as a function ofr,, Vs =
,...,N.
Upon substituting[(5) and(6) inl(4), and deriving with resipe 7;, we obtain:

9 i A log L7'- ﬂ(l — 7)1 = POYPLD | =
87_]' —1 Amaz T Zk_l N
= ki
0 o A al
= ‘ . _ _ p®
ar; Z; N log7; + glog(l Tr) + log(l — PXY)+
= ki
+log(PLW) — 1og(Tav)} =
P N
— log; + Z log(1 — 71) — log(Taw) (26)
07 = Amas k=1
k#i

whereby the last relation stems from the independenda(%fand PL® on ;. Exchanging the derivative with the summation

yields:
)\j 1 1 N )\k C aTav

T )\mazifw aTj ,

S - Vj=1,...,N (27)
mazx Tj —Tj k=1 k4]

wherebyC = Zi]il A By equating[(27) to zero[ (24) easily follows.

Amaz
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Fig. 1. Markov chain for the contention model of the generit station in general traffic conditions, based on the 2-taydshaking technique, considering
the effects of channel induced errors, unloaded traffic itimmd, and post-backoff.
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Fig. 2. Behaviour of the ratid\t/ug) =Xt -Ts(ﬁ)m in (I9) in a network of three contending stations (labelldd S2 and S3) as a function of the packet
rate A1 of the slowest station S1 transmitting at 1 Mbps. The other stations transmit at 11 Mbps with constant packet ratepectively equal td 00pkt/s
and 500pkt/s. The packet size PL is equal to 1028 bytes for the thoeteading stations.
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Fig. 3. Behaviour of the per-station throughput in a netwofkthree contending stations (labelled S1, S2 and S3) asaidanof the packet rate; of the
slowest station S1 transmitting at 1 Mbps. The other twdstattransmit at 11 Mbps with constant packet rates, respéctequal to100pkt/s and500pkt/s.
The packet size PL is equal to 1028 bytes for the three coimgreiations.
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Fig. 4. Behaviour of the ratiat/ug) =Xt -Ts(ﬁ)m in (I9) in a network of three contending stations (labelldd S2 and S3) as a function of the packet rate

Mg of the fastest station S3 transmitting at 11 Mbps. The stafith transmits with constant packet ratgpkt/s at 1 Mbps, whereas the station S2 transmits
with constant packet rat€00pkt/s at 11 Mbps. The packet size PL is equal to 1028 byteshithree contending stations.
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Fig. 5. Behaviour of the per-station throughput in a netwofkhree contending stations (labelled S1, S2 and S3) asaiidanof the packet rata 3 of the
fastest station S3 transmitting at 11 Mbps. The other twtiosis transmit with constant packet rates, respectivelyaktp 10pkt/s and100pkt/s. The packet
size PL is equal to 1028 bytes for the three contending sitio



TABLE |

TYPICAL NETWORK PARAMETERS

MAC header 28 bytes Propag. delayr, 1 pus
PLCP Preamble 144 bit PLCP Header | 48 bit
PHY header 24 bytes Slot time 20 us
PLCP rate 1Mbps Wo 32
No. back-off stages, m 5 Winaz 1024
Payload size 1028 bytes SIFS 10 us
ACK 14 bytes DIFS 50 ps
ACK timeout 364us EIFS 364 us
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Fig. 6. Behaviour of the critical packet ratesg) =1/Tt,,,) in a network of three contending stations as a function effthcket rate\; of the slowest
station transmitting at 1 Mbps. The other two stations tmahsvith a constant packet rate equal 300pkt/s at 11 Mbps. Notice that curvetg) related to
the stations at 11 Mbps are superimposed since they bothogrti same network parameters.
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Fig. 7. Simulated normalized throughput achieved by thm@ending stations upon employing 1) a classical DCF; 2) D@ PF allocation; 3) DCF
optimized as noted i (23); and 4) DCF optimized with the ML&Ferion. Left and right plots refer to scenarios A and Bspectively.
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Fig. 8. Simulated normalized throughput achieved by thar@ending stations as a function of the packet rate of theesdbstation in DCF, LPF and MLPF
modes.
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