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Abstract— Throughput, delay, and fairness are three most
important performance metrics in IEEE 802.11-based wireless
networks. In this paper, we provide a simple but precise analytical
model to evaluate the above three metrics. Different from the pre-
vious models that have focused either on throughput or on delay,
our model is unique as we obtain throughput, delay, and fairness
all together. Moreover, by considering the fact that a packet
may be dropped after a finite number of retrials, we distinguish
five cases of packet delay, and derive the relationship among
them. Using the proposed model, we carry out an extensive and
insightful performance evaluation of IEEE 802.11 under different
system parameters. Our results show that the throughput, delay,
and fairness are quite sensitive to the system parameters being
chosen, demonstrating the importance of performing dynamic
tuning of the system parameters in IEEE 802.11. Moreover, the
optimal values of the parameters are inconsistent with each other
for different performance metrics, implying that some tradeoff
among the metrics must be made in the dynamic tuning. Finally,
our results also show that the previous models have overestimated
the throughput as well as the packet delay.

I. INTRODUCTION

Recently, wireless local area networks (LAN) and wireless
ad-hoc networks have attracted considerable research inter-
est. IEEE 802.11 [4] is the de facto standard for Wireless
LANs, and it defines two MAC protocols: Point Coordination
Function (PCF) and Distributed Coordination Function (DCF).
DCF is a Carrier Sense Multiple Access/Collision Avoidance
(CSMA/CA)-based MAC protocol. Due to the distributed na-
ture, DCF is also popularly used in wireless ad-hoc networks.

In this paper, we focus on the performance evaluation of
the DCF MAC protocol. Throughput, delay, and fairness are
the three performance metrics that are of great interest to us.
Most of the published work on the performance analysis of
DCF focused either on throughput or on delay. In contrast,
in this paper, we develop a simple analytical model that is
able to evaluate the above three metrics all together. Our
model assumes that a station transmits in a randomly chosen
slot time with an independent probabilityτ , and the packet
being transmitted experiences a collision with an independent
probabilityp. In fact, τ andp characterize the main feature of
the binary exponential back-off (BEB) algorithm used in DCF,
and they can be obtained using the published models (e.g.,
[1]). With τ andp, we carry out the analysis for throughput,
delay, and fairness. Using the proposed model, we carry out

an extensive performance evaluation of DCF by varying the
system parameters such as the retry limit, and the minimum
and maximum contention window.

Our Main Contributions:
• In the throughput analysis, we provide a general analysis

about the sensitivity of the throughput with respect to the
system parameters, which is not available in the published
papers. We also improve the preciseness of the throughput
calculation by correcting some of the values used in [1].

• In the delay analysis, while the published models ([3],
[10]) assume infinite retrials for a given packet, our
model considers the fact of finite retrial in IEEE 802.11.
Moreover, we have defined five kinds of delay and derived
the relationship among these delays. Our analytical results
show that these delays have very different values, show-
ing the importance to distinguish them. Such an analysis
is original and novel and has not been appeared in the
published models on delay analysis.

• We have carried out an original fairness analysis based
on the the probability distribution of the delay that is
obtained in the delay analysis. The fairness analysis of
IEEE 802.11 has not been done by the published models.

• Through an extensive performance evaluation of DCF
based on the proposed model, we gain several insights
about the behavior of IEEE 802.11. We arrive at several
conclusions that are contrary to those obtained in previous
models. For example, we find that the previous models
assuming infinite retrials have overestimated the delay,
and thus led to misleading conclusions. Our results also
have great implications on the dynamic tuning of the
system parameters in IEEE 802.11.

The remainder of the paper is organized as follows. In
Section II, we describe the basic techniques of IEEE 802.11.
The analytical model is presented in Section III. A thorough
performance evaluation is carried out in Section IV. Future
work and related work are given in Section V. The paper is
concluded in Section VI.

II. BASIC TECHNIQUES IN IEEE 802.11 DCF

The DCF defines two methods for accessing the medium:
the two-way handshake and the four-way handshake. In the
two-way handshake, the sender first transmits a Data frame to



the receiver, which responds with an ACK frame if it receives
the Data frame correctly. On the other hand, in the four-way
handshake, a sequence of Request To Send (RTS), Clear To
Send (CTS), Data, and ACK frames, is transmitted for the
transmission of every single data packet.

The IEEE 802.11 adopts the well-known Binary Exponen-
tial Back-off (BEB) algorithm as its Contention Resolution
(CR) mechanism, which is described as follows. Whenever
an attempt to transmit a packet fails, a retransmission is
scheduled, unless a retry limit (saym) is reached. Every
station maintains a Contention Window (CW) and a back-
off time counter. Before every transmission (including the
retransmission), the station first backs off by a time according
to Equation (1), unless the back-off time counter already
contains a non-zero value, in which case it is unnecessary
to generate a new random back-off counter.

Backoff T ime = Random() × SlotT ime (1)

The SlotTime is specified by the physical layer, and the
randomvalue is uniformly distributed over the range[0, CW ].
For the first transmission attempt of a packet, theCW is
set to CWmin. Whenever a retransmission is initiated, the
CW is increased. TheCW increases to itsmaximumvalue
after m

′

retries. After that, the CW remains at the maximum
value until the retry limit (i.e.,m) is reached. Once the retry
limit is reached, the packet is dropped, and the CW is reset
to CWmin. The CW is also reset toCWmin whenever a
transmission attempt is successful. For convenience, we call
a retransmission attempt as astage. If we denote thestage
numberby indexk, which is in the range[0,m], the CW can
be expressed as:

CWk =

{

(CWmin + 1) × 2k − 1 0 ≤ k < m
′

(CWmin + 1) × 2m
′

− 1 m
′ ≤ k ≤ m

(2)

When a station (sayH) is transmitting a packet, the other
stations freeze their back-off counter. After stationH com-
pletes the transmission of the packet and thus the medium
becomes idle, all the contending stations first defer for a DCF
Inter-Frame Space (DIFS) period. Then, stationH generates a
new random counter and backs off before it initiates another
transmission. On the contrary, the other stations simply resume
to count down from theirfrozenback-off counters. Contrary
to a successful transmission, when a collision occurs, all the
colliding stations will generate a new random counter.

III. A NALYTICAL MODEL

In the analysis, several popular assumptions have been
made: (1) There are a finite number of stations (sayn) in the
network, and all the stations can hear each other (i.e., single-
hop network); (2) Stations are always backlogged, meaning
that a station always has packets waiting to be transmitted;
(3) Ideal channel conditions (i.e., no transmission error or
capture); (4) RTS/CTS handshake is used; and (5) The data
packets have a fixed length.

A. Modelling Binary Exponential Back-off

In [1], by modelling the stochastic process representing
the back-off counter at a given station as a discrete-time
Markov chain, the values of two parameters that characterize
the binary exponential back-off (BEB) algorithm are obtained.
The first parameter is thetransmission probability, τ , with
which a station transmits in a randomly chosen slot time. The
second parameter is theconditional collision probability, p,
representing the probability of a collision experienced bya
packet given that it is transmitted on the channel.

In the calculation ofτ , the author in [1] did not consider
the frame retry limit used in IEEE 802.11. In light of this, the
authors in [12] have extended the model by considering the
retry limit. According to [12],τ can be expressed in Equation
(3), which is displayed on the top of the next page.

Moreover, the relationship betweenτ andp is as follows,

p = 1 − (1 − τ)n−1 (4)

Equations (3) and (4) represent a nonlinear system with two
unknownsτ andp, which can be solved using numerical tech-
niques. With these two parameters, many performance metrics
can be obtained. In the following subsections, we discuss how
the throughput, delay, and fairness can be obtained. Note that
the discussion below can also be made based on any other
model (e.g., [2]) as long asτ andp can be obtained from the
model.

B. Throughput Analysis

Now we calculate the normalized system throughputS,
defined as the fraction of time that the channel is used to
successfully transmit payload bits. The description in this
subsection mainly follows from [1], except that we provide
clearer insights in the model.

To computeS, we need to analyze what happens on the
shared medium in a randomly chosen slot time. The slot
may correspond to an idle slot, a collision, or a successful
transmission. LetPidle, Pcol, and Psucc be the probabilities
that a randomly chosen slot corresponds to an idle slot, a
collision, or a successful transmission, respectively.

It is easy to see thatPidle is equal to the probability that
none of the n stations transmits on the shared medium in a
randomly chosen slot time. Therefore,

Pidle = (1 − τ)n (5)

Clearly, if there is a successful transmission in a randomly
chosen slot time, it means thatexactly onestation transmits
on the shared medium in the slot. Therefore,Psucc can be
expressed as,

Psucc = nτ(1 − τ)n−1 (6)

Obviously, whenever more than one stations transmit on the
shared medium in a randomly chosen slot time, a collision
occurs. Therefore,Pcol is,

Pcol = 1 − (1 − τ)n − nτ(1 − τ)n−1 (7)



τ =







2(1−2p)(1−pm+1)
W (1−(2p)m+1)(1−p)+(1−2p)(1−pm+1) m ≤ m

′

2(1−2p)(1−pm+1)

W (1−(2p)m
′
+1)(1−p)+(1−2p)(1−pm+1)+W2m

′

pm
′
+1(1−2p)(1−pm−m

′

)
m ≥ m

′ (3)

whereW = CWmin + 1.

Now, let σ, Tcol, and Tsucc be the duration of the slot
corresponding to an idle slot, a collision, or a successful
transmission, respectively. Therefore, the average duration
(represented byTavg) that a generic slot lasts is,

Tavg = Pidleσ + PsuccTsucc + PcolTcol (8)

Now, the throughputS can be calculated as,

S = E[payload information transmitted in a slot time]
E[length of a slot time]

= Psucc×E[P ]
Tavg

= Psucc×E[P ]
Pidleσ+PsuccTsucc+PcolTcol

(9)

where E[P ] is the average payload size (in terms of time
units, e.g.,µs), and thusPsucc ×E[P ] is the average amount
of payload information successfully transmitted in a generic
slot time.

By dividing the numerator and denominator of Equation (9)
by Psucc, the throughput can be expressed as follows,

S =
E[P ]

Tsucc + Pcol

Psucc
Tcol + Pidle

Psucc
σ

(10)

The above formula is quite intuitive. The denominator
represents the average amount of time spent in order to observe
a successful packet transmission on the channel. Specifically,
we can view the packet transmissions on the channel as the
bernoulli trialswith a success probabilityPsucc. Therefore, the
number of slots (including the slot for the successful transmis-
sion) required to observe a successful transmission is given
by the geometric distribution. Clearly, the average number
of slots required is simply1/Psucc. Out of these slots, the
average numbers of idle and collision slots arePidle/Psucc and
Pcol/Psucc, respectively. In addition, there is one slot for the
successful transmission. Moreover, as mentioned before, the
duration of the idle, collision, and successful transmission slots
are σ, Tcol, and Tsucc, respectively. This explains Equation
(10).

The throughputS can also be expressed as follows,

S =
E[P ]/Tsucc

1 + Pcol

Psucc
× Tcol

Tsucc
+ Pidle

Psucc
× σ

Tsucc

(11)

The sensitivity of the throughput to the system parameters
(e.g.,CWmin, CWmax, andm) can be easily analyzed from
the above formula. Clearly,E[P ], Tsucc, Tcol, and σ are
independent to the system parameters. On the other hand,
as known from equations (5), (6) and (7), the values of
Pcol, Psucc, andPidle depend onτ and p, which themselves
depend on the system parameters (see equations (3) and
(4)). Therefore, we only need to discuss the sensitivity of
the throughput with respect toPcol, Psucc, and Pidle. From
Equation (11), we know that the throughputS is sensitive to
the value ofPcol/Psucc only when the constantTcol/Tsucc

is large (compared to the first term of the denominator, i.e.,
unity). Similarly, S is sensitive toPidle/Psucc only when
the constantσ/Tsucc is large. The sensitivity analysis gives
an idea whether dynamic tuning of the system parameters is
necessary or not. For example, ifS is insensitive to the system
parameters, it may not be necessary to do any dynamic tuning
of the parameters.

As mentioned in [1], the above analysis applies to both the
two-way and four-way handshakes. To specifically compute
the throughput for a given handshake, we only need to specify
the corresponding values ofTcol andTsucc. Note that the idle
slot time σ is specific to the physical layer, e.g., 20µs for
Direct Sequence Spread Spectrum (DSSS) [4].

The specific values ofTsucc and Tcol for the four-way
handshake are as follows,
{

Tsucc = RTS + CTS + Data + ACK + 3SIFS + DIFS
Tcol = RTS + DIFS + SIFS + CTS

(12)
It may be noticed that the above expression is different from

that in [1]. First, the propagation delayδ is no longer included
in the above formula since the Short Inter-Frame Space (SIFS)
has already containedδ according to the standards [4]. Another
difference is that in the expression ofTcol, we have added
an additional term,SIFS + CTS. As stated in [1],Tcol

is the period of time during which the channel is sensed
busy by the non-colliding stations. After a collision, the
colliding stations wait for a time equal toCTSTimeout (or
ACKTimeout in the two-way handshake case). On the other
hand, the non-colliding stations defer by an Extended Inter-
Frame Space (EIFS) value since they cannot interpret the
contents of the colliding frames. Moreover, the EIFS value
is equal toDIFS +SIFS +TxT ime(ACK), which is large
enough for the complete transmission of the CTS or ACK
frame (note that CTS has the same length as ACK). Therefore,
if CTSTimeout or ACKTimeout is set to the time needed
for the transmission of the CTS/ACK frame (which is true in
the popularly adopted NS-2 simulator), then,Tcol for all the
stations, whether involved in the collision or not, will be the
same. Therefore, theSIFS+CTS term should be included in
Tcol. Clearly, the above modifications are important to obtain
a more precise value of the throughput. The model in [1]
overestimates the throughput as it uses a smallerTcol.

C. Delay Analysis

In IEEE 802.11, there is no queue at the MAC layer
itself, and thus IEEE 802.11 standards have not specified any
queuing mechanisms. However, normally there should be a
queue at the top of the MAC layer. Therefore, in general, the
delay that a packet experiences should include two parts, i.e.



the delay experienced in the queue and the delay experienced
at the MAC layer. We only focus on the MAC layer delay.
Since there aremultiple stations contending for the shared
medium and IEEE 802.11 DCF is arandomaccess protocol,
the MAC layer delay is arandom value, which requires a
detailed analysis. Five types of delay at the MAC layer are
relevant to this analysis, which we will discuss in a little while.

As we know, in IEEE 802.11, if a packet is handed to
the MAC layer from the upper layer, the packet may be
transmitted successfully in one or several trials, or the packet
will be dropped if the retry limit is reached. In both cases,
the MAC layer will notify the upper layer about the final
status of the packet (i.e., transmitted successfully or dropped).
Therefore, the MAC layer delay should be defined to be the
time intervalfrom the instantthat the packet is handed to the
MAC layer to the instantthat the upper layer gets a notification
from the MAC layer regarding the final status of the packet.
Accordingly, we can define the following four kinds of delays.

Delay Dsucc: if a packet is successfully transmitted, what
is the delay experienced at the MAC layer?

Delay Ddrop: if a packet is dropped, what is the delay
experienced at the MAC layer?

DelayDnotify: combining the above two cases, what is the
delay before the upper layer will get a notification from the
MAC layer about the final status (transmitted or dropped) of
the packet?

DelayDintersucc: from the viewpoint of an upper layer at a
givenstation, what is the delay between two successful packet
transmissions?

Note that in the definition ofDintersucc, the successful
transmissions must belong to a single station only. Also, as
shown later,Dintersucc is directly related to the throughput
that a single station gets, from which we can obtain the total
system throughputS that has been derived in the previous
subsection.

At last, to show the error introduced by the infinite retrials
assumption [3], [10], we are also interested in the following
delay:

Delay Dinfinite: if we assume that a packet will always
be retransmitted (i.e., infinite retrials) until it is transmitted
successfully, what is the delay experienced at the MAC layer?

In the following subsections, we discuss how to compute
the above delays. In the calculations, we assume that the
packet handed to the MAC layer must experience the back-
off process, though the back-off process is unnecessary if the
shared medium is idle at the instant the packet is handed to
the MAC layer. However, under the saturation condition, the
probability of such an event should be very small and thus we
can safely ignore it.

1) Derivation ofDsucc: Clearly, Dsucc depends upon the
number of back-off stages that a packet experiences, as well
as upon the back-off counter generated at each stage. Figure
1 gives an example of the back-off process experienced by
a packet at a given station. In the figure, the shaded blocks
represent the events in which the given node is involved. In
the example, the packet experiences three stages (from stage

0 to stage 2) before it is transmitted successfully, and the
back-off counter (represented byB0, B1, andB2, respectively)
generated at the stages are 3, 4, 2, respectively.

From the figure, it is easy to find that the back-off counter
at the given station decrements by one after every slot time if
the slot corresponds to: (1) an idle slot, (2) a collision between
other stations, or (3) a successful transmission betweenother
stations1. Since we know that the duration of the idle, collision,
and successful transmission slots areσ, Tcol, and Tsucc,
respectively, we can easily get the delay that is contributed
by the idle slots, as well as by the collisions among other
stations, and by the successful transmissions of other stations.
For instance, in the above example, during the back-off process
for the given packet, the number of idle slots is 4, while
the numbers of collisions and successful transmissions among
other stations are 3, and 2, respectively. Therefore, the delay
contributed by the back-off slots is4σ + 3Tcol + 2Tsucc. In
addition to this, the delayDsucc should include the time spent
on the collisions that the given stationitself is involved, e.g.,
2× Tcol in the above example. Finally, theDsucc should also
include the time needed for the successful transmission of
the given packet, i.e.,Tsucc. Therefore, the delayDsucc is
(4σ + 3Tcol + 2Tsucc) + 2Tcol + Tsucc. In the following, we
provide a formal method to calculateDsucc for a general case.

Idle ColSuccIdle Col SuccCol Idle Col Idle

B0= 3 B1= 4 B2= 2 B0= ?

Succ

Dsucc

New pkt New pktCol

Fig. 1. Illustration of Delay for Successful Packet

Let Bi be the random back-off counter generated at stage
i, and letB(j) be thesumof the back-off slots generated at
stages from 0 toj. Therefore,

B(j) =
∑j

i=0 Bi (13)

We know thatBi at stagei follows the uniform distribution
in the range[0, CWi], whereCWi is expressed by Equation
(2). It is easy to get the probability mass function (pmf) of
B(j), which is simply aconvolutionof the pmfs of allBi

wherei ∈ [0, j]. Clearly,B(j) is in the range of[0, B(j)max],
whereB(j)max =

∑j

i=0 CWi.
Since the probability that a transmission experiences a

collision is p, the probability that a packet is successfully
transmitted at stagej (starting from stage0) is,

Psucc(j) = pj × (1 − p) 0 ≤ j ≤ m (14)

Moreover, the probability that a packet is dropped because
the retry limit (i.e.,m) is reached is,

Pdrop = 1 − ∑m

j=0 pj × (1 − p) = pm+1 (15)

Let Psucc(j, b) be the probability that the packet is success-
fully transmitted at stagej (0 ≤ j ≤ m), and the sum of the

1In fact, according to IEEE 802.11, corresponding to a collision or a suc-
cessful transmission, the counters at the stations do not decrement. However,
the imprecision caused by such an approximation is insignificant.



back-off slots generated up to stagej is equal tob. Therefore,
Psucc(j, b) can be expressed as,

Psucc(j, b) = Psucc(j) × Pr(B(j) = b) 0 ≤ j ≤ m (16)

Similarly, let Pdrop(b) be the probability that a packet is
dropped, and the sum of the back-off slots generated up to
stagem is equal tob. Therefore,Pdrop(b) can be expressed
as,

Pdrop(b) = Pdrop × Pr(B(m) = b) (17)

Since Dsucc represents the delay of a packet that is suc-
cessfully transmitted, we should only consider the packetsthat
are successfully transmitted while excluding the packets that
are dropped. Therefore, we define the following conditional
probability, P

′

succ(j, b), which represents the probability that
the back-off process for a packet ends at stagej and the sum
of the back-off slots generated up to stagej is b, given that
the packet is successfully transmitted. Therefore,

P
′

succ(j, b) =
Psucc(j, b)

1 − Pdrop

(18)

As a generalization of the example given in Figure 1, the
corresponding delay,Dsucc(j, b), which represents the delay
of a packet that is successfully transmitted at stagej and the
sum of the back-off slots generated up to stagej is b, is as
follows,

Dsucc(j, b) = b × Tavg + j × Tcol + Tsucc (19)

Note that there is an approximation in the above equa-
tion, that is, we have simply usedb × Tavg to represent
the duration of theb number of back-off slots. In fact, if,
among theb number of back-off slots, there arebcol number
of slots corresponding to collisions,bsucc number of slots
corresponding to successful transmissions, andbidle number
of idle slots, the delay contributed by theb number of back-
off slots is (bcolTcol + bsuccTsucc + bidleσ). The random
variablesbcol, bsucc, bidle, and b can be characterized by a
multinomial probability distribution. However, it makes the
analysis extremely complex. Moreover, the error introduced by
the above approximation is very small ifb is relatively large,
which is normally true in IEEE 802.11. For example, when the
minimum contention window is 32, the average valueb should
be 16 even if all the packets experience only one stage (i.e.,
stage 0). Therefore, the above approximation is reasonableand
will be used throughout this paper.

Equations (18) and (19) express the probability mass func-
tion of the delayDsucc in terms of the stage number (i.e.,j)
and the sum of the number of back-off slots (i.e.,b). Therefore,
the average ofDsucc is,

Dsucc =

m
∑

j=0

B(j)max
∑

b=0

Dsucc(j, b) × P
′

succ(j, b) (20)

After a few simple steps, we get the following,

Dsucc = Tsucc+
1

1 − Pdrop

m
∑

j=0

[Tavg×B(j)+j×Tcol]Psucc(j)

(21)
whereB(j) is the average ofB(j), and can be expressed as,

B(j) =
B(j)max

2
=

∑j

i=0 CWi

2
(22)

From Equation (21), we can easily calculate the value of
Dsucc under any given set of system parameters.

With the probability mass function of the delay expressed
by equations (18) and (19), we can compute other important
metrics, such as the standard deviation of the delay.

2) Derivation ofDdrop: Similar to the derivation ofDsucc,
we present an example in Figure 2 for the case that a packet
will be dropped. As shown in the figure, in contrast to the case
of a successful transmission, if a packet is dropped, the back-
off process experienced by the packet must reach the retry
limit (i.e., stagem).

SuccIdle Col Col Col Idle Idle

B0= 3 B1= 5 Bm= 2 B0= ?

Ddrop

New pkt AnotherCol

Dropped

Idle Succ Idle

Fig. 2. Illustration of Delay for Dropped Packet

To computeDdrop, which represents the delay of a packet
that is dropped, we define the following conditional probability
as done in the derivation ofDsucc,

P
′

drop(b) =
Pdrop(b)

Pdrop

= Pr(B(m) = b) (23)

where Pdrop(b), Pdrop, and B(m) have been defined in
equations (17), (15), and (13), respectively.

The corresponding delay, using the same approximation as
in Equation (19), can be expressed as follows,

Ddrop(b) = b × Tavg + m × Tcol + Tcol (24)

The above two equations express the probability mass
function of the delayDdrop. The average ofDdrop is,

Ddrop =

B(m)max
∑

b=0

Ddrop(b) × P
′

drop(b) (25)

After some simple steps, we get the following expression,

Ddrop = Tcol × (m + 1) + Tavg × B(m) (26)

whereB(m) is the average value ofB(m), and is equal to
B(m)max/2.

The variance of the delay can be obtained as follows (note
that all Bi are independent to each other),

V ar(Ddrop) = T 2
avg × V ar(B(m)) = T 2

avg × V ar(

m
∑

i=0

Bi)

= T 2
avg ×

m
∑

i=0

V ar(Bi) (27)

whereV ar(Bi) = (CWi
2 + 2CWi)/12.



3) Derivation ofDnotify: The probability mass function of
the delayDnotify is expressed by equations (16), (19), (17)
and (24). Note that we should not use the conditional prob-
abilities expressed in equations (18) and (23) sinceDnotify

represents the delay for a general packet (that is either dropped
or successfully transmitted). The average ofDnotify can be
obtained as follows,

Dnotify =

m
∑

j=0

B(j)max
∑

b=0

[Dsucc(j, b) × Psucc(j, b)]

+

B(m)max
∑

b=0

[Ddrop(b) × Pdrop(b)] (28)

After some simple steps, we get the following expression,

Dnotify = (1 − Pdrop)Dsucc + PdropDdrop (29)

The above result is quite intuitive. The first term expresses
the fact that the packet is successfully transmitted with a
probability(1−Pdrop) and the corresponding average delay is
Dsucc, while the second term expresses the fact that the packet
is dropped with a probabilityPdrop and the corresponding
average delay isDdrop. We can also compute the standard
deviation ofDnotify.

4) Derivation ofDintersucc: In contrast toDsucc, Ddrop,
and Dnotify discussed above, we are not able to get the
probability mass function of the delayDintersucc. However,
we can get the average value ofDintersucc. Specifically, we
can view the packet transmissions at a given station as a
bernoulli experimentwith the probability of failurePdrop, and
the probability of success(1 − Pdrop). Therefore, to observe
a successful transmission at the given station, the number of
trials required follows a geometric distribution. Clearly, the
average number of trials required is simply 1

1−Pdrop
. Among

these trials, a fraction ofPdrop trials fail and the packets
are dropped, and each of the failing trial lasts on an average
Ddrop duration. Obviously, among the trials the last trial must
be successful, and it lasts on an averageDsucc duration.
Therefore, the average delayDintersucc can be obtained as,

Dintersucc =
Pdrop

1 − Pdrop

Ddrop +
1 − Pdrop

1 − Pdrop

Dsucc

=
Dnotify

1 − Pdrop

(30)

The last expression is quite intuitive. To observe a successful
transmission at a given station, on an average, the station gets
1/(1 − Pdrop) notifications and the average duration between
two consecutive notifications isDnotify.

Interestingly, using the above result, we can also obtain the
throughput at any single station, which is simply equal to
E(P )/Dintersucc. Observing that every station gets the same
throughput in a long term, if there aren number of stations
in the network, then the total system throughputS can be
obtained as follows,

S =
E(P )

Dintersucc

× n =
E(P )

Dsucc +
Pdrop

1−Pdrop
Ddrop

× n (31)

Note that in the above we obtain the system throughput by
examining the events at a typical station. This is differentfrom
the throughput analysis discussed in Section III-B, where the
throughput is obtained by examining the events on the shared
channel.

Equation (31) relates the delay, throughput, and packet loss
probability, and thus it may be of great importance in develop-
ing dynamic control algorithms that aim to achieve a tradeoff
among the delay, throughput, and packet loss probability.

5) Derivation ofDinfinite: Now we derive the delay under
the infinite retrials assumption that is adopted in [3], [10]. Let
Pinfinite(j, b) be the probability that a packet is successfully
transmitted at stagej (0 ≤ j < ∞), and the sum of the back-
off slots generated up to stagej is equal tob. Therefore,

Pinfinite(j, b) = Psucc(j) × Pr(B(j) = b) j ∈ [0,∞)
(32)

where Psucc(j) is defined in Equation (14) except that the
range of j is changed to[0,∞), and B(j) is defined in
Equation (13). Clearly, the corresponding delay is as follows,

Dinfinite(j, b) = b × Tavg + j × Tcol + Tsucc j ∈ [0,∞)
(33)

The above two formulas form the probability mass function
of the delayDinfinite. Therefore, the average ofDinfinite is,

Dinfinite =

∞
∑

j=0

B(j)max
∑

b=0

[Dinfinite(j, b) × Pinfinite(j, b)]

=
m

∑

j=0

B(j)max
∑

b=0

[Dinfinite(j, b) × Pinfinite(j, b)]

+

∞
∑

j=m+1

B(j)max
∑

b=0

[Dinfinite(j, b) × Pinfinite(j, b)] (34)

After several simple steps, we find that the first term is
simply equal to(1 − Pdrop)Dsucc. This is very intuitive as
explained now. Under the infinite retrials assumption, the
probability that a packet is successfully transmitted at a stage
later than stagem is equal to the probability that the packet
is dropped if the retry limit ism. Therefore, the probability
that a packet is transmitted successfully at one of the initial m
stages is(1−Pdrop), and the average delay of such a packet is
Dsucc. This explains the first term. After some simple steps,
the second term of Equation (34) (let us represent it byT2),
can be expressed as follows,

T2 = Pdrop[Tsucc + (m +
1

1 − p
)Tcol +

(
B(m)max

2
+

CWmax

2

1

1 − p
)Tavg] (35)



The above term is also quite intuitive. If a packet experi-
ences more thanm stages (with a probabilityPdrop), it will
first experiencem collisions. Then, the average number of
additional collisions experienced is simply1/(1 − p) due to
the memorylessproperty of the geometric distribution. The
above arguments explain the term(m+ 1

1−p
)Tcol in Equation

(35). Now we explain the term(B(m)max

2 + CWmax

2
1

1−p
)Tavg.

Specifically, B(m)max/2 represents the average number of
back-off slots in the firstm stages. Then, at every additional
stage, on an averageCWmax/2 slots are involved, and the
average number of additional stages is simply1/(1−p). In the
above discussion, we have assumed that once the CW reaches
its maximum value (CWmax), it does not increase any more
in the remaining stages.

From equations (34) and (35), we obtain,

Dinfinite = (1 − Pdrop)Dsucc + T2 (36)

We can also express the average delay as follows,

Dinfinite = (1 − Pdrop)Dsucc + PdropDdrop + T3

= Dnotify + T3 (37)

where

T3 = Pdrop[Tsucc +
p

1 − p
Tcol +

CWmax

2

1

1 − p
Tavg] (38)

We notice thatDinfinite is always larger thanDnotify as
well as Dsucc (since Dnotify is always larger thanDsucc).
Therefore, in generalDinfinite overestimates the delay. In
fact, as shown later by the numerical results, the results of
Dinfinite is very misleading wheneverp (or Pdrop) is large.

From equations (32) and (33), we can also numerically
obtain the standard deviation ofDinfinite.

D. Fairness Analysis

IEEE 802.11 is fair in thelong-term (e.g., equal average
delay or throughput) in asingle-hopnetwork2. However, due
to the randomness involved in the binary exponential back-
off (BEB) algorithm, substantialshort-termunfairness remains
even in a single-hop scenario as clearly shown in [7].

In general, unfairness can be measured in terms of the
throughput or the packet delay. To measure the short-term
unfairness through the packet delay, an ideal way is to first
get the probability distribution of the delay experienced at all
the stations, and then see how variable the delay is. Clearly,
higher variability implies a more unfair system. However, to
get such a distribution, we need to model the system state
in a way that there is at least one separate parameter used
to represent the state of each station, making the state space
very large if the number of stations is large. On the other
hand, if we assume that the probability distribution of the delay
experienced at a given station is similar to the distribution of
the delay experienced at all the stations, the problem becomes

2Note that in amulti-hopscenario, IEEE 802.11 cannot even maintain the
long-term fairness among the contending stations [8].

much easier as we only need to consider the states at a typical
station. We adopt this approach as it is much simpler but still
able to reveal the general trend of the unfairness, though it
may not give a very precise measurement of the unfairness.

In the previous subsection we have already obtained the
probability distribution of the delay (e.g.,Dsucc) experienced
at a typical station. Therefore, we now only need to de-
velop a metric to quantify the variability of the delay and
thus reflect the unfairness. The standard deviation is a good
candidate, however, it is not independent of scale (i.e., the
unit of measurement) [5] as shown by the following example.
Considering there are two different schemes to distribute a
common resource to three users, the delays experienced by
the users under the two schemes are as follows:

Scheme I={1, 2, 3}
Scheme II={2, 4, 6}
Clearly, the two schemes deliver the same fairness as far as

the delay is concerned. However, the standard deviation of the
delay under the two schemes are

√
2 and 2

√
2, respectively.

Therefore, if we use the standard deviation as a metric to
reflect unfairness, we will arrive at a misleading conclusion:
the second scheme is two times more unfair than the first one.
It is clear that the standard deviation is not a good metric to
reflect the fairness as it is not scale independent. Now we look
at the coefficient of variation (COV) of the delay, which can
also reflect the variability of the delay. The COV is defined
as,

COV =
Standard Deviation

Average
(39)

Clearly, the COV under the above two schemes are the same,
i.e.,

√
2

2 , implying that they deliver the same fairness. In fact,
as mentioned in [5], COV in many senses is a good metric to
reflect fairness. In general, the larger the COV is, the broader
the delay spreads, and thus the more unfair the scheme is.
Numerically, we can easily find the value of the COV of the
delay from the results in the previous subsection.

Since the Jain’s index [5] is a more popular metric for the
unfairness, now we discuss how to relate the COV to the Jain’s
index. If there aren number of users sharing the common
resource, and useri gets a proportion ofxi, the Jain’s index
is defined as follows,

Jain’s Index=
[
∑

i xi]
2

n
∑

i x2
i

(40)

On the other hand, the square of the COV is as follows,

COV 2 =
Variance

Average2
=

x2 − (x)2

(x)2
(41)

Now we can get the relationship between the COV and the
Jain’ index as follows,

Jain’s Index=
[
∑

i xi]
2

n
∑

i x2
i

=
[ 1
n

∑

i xi]
2

1
n

∑

i x2
i

=
(x)2

x2

=
(x)2

(x)2 + x2 − (x)2
=

1

1 + x2−(x)2

(x)2

=
1

1 + COV 2
(42)



Clearly, while the COV is boundless, the Jain’s index is in
the range of[0, 1]. However, note that the Jain’s index obtained
from the COV in our case is not able to tell exactly how unfair
the system is since we obtain it through the delay distribution
at a typical station rather than through a distribution of the
delay experienced at all the contending stations.

IV. PERFORMANCEEVALUATION OF IEEE 802.11

In this section, we present the performance results for the
four-way handshake in IEEE 802.11 DCF under the Direct
Sequence Spread Spectrum (DSSS) physical layer [4]. Table I
lists the values of the parameters used in the calculation.
Rather than using the same transmission rate (i.e., 1 Mbps) for
both the Data and control frames as in [1], to closely follow
the standards, in our calculation the transmission rate forthe
Data frame is 2 Mbps while that for the control frames is 1
Mbps. Using the parameters listed in the above table, we can
calculateE(P ), Tsucc, andTcol, which are 4096µs, 5440µs,
and 716µs, respectively.

TABLE I

IEEE 802.11 PARAMETERS USED IN THECALCULATION

Payload of data packet 1024 bytes

Data 1024 bytes + MAC header + PHY header

RTS 20 bytes + PHY header

CTS 14 bytes + PHY header

ACK 14 bytes + PHY header

PHY Header 192 us

MAC Header 28 bytes

Basic rate 1 Mbps

Data rate 2 Mbps

Slot time 20 us

SIFS 10 us

DIFS 50 us

EIFS 364 us

As shown in the previous section, the performance depends
on four parameters:n, CWmin, CWmax, and m. In all the
following performance graphs, the horizontal axis represents
the number of stations in the network (i.e.,n). The vertical axis
represents one of the four performance metrics (throughput,
packet drop probability, delay, or fairness) while in a graph
one of the three system parameters (i.e.,CWmin, CWmax, or
m) is varied and the remaining two parameters are fixed at
their standard values. The standard values [4] are as follows:
CWmin = 31, CWmax = 1023, andm = 6.

A. Throughput Results

Figures 3-5 present the throughput results. From the figures,
we can make three main observations: (i) Compared to the
throughput presented in [1], the throughput obtained here is
much smaller; (ii) In general, the larger theCWmin, CWmax,
and m are, the larger the throughput is. On the other hand,
when the network size (i.e.,n) increases, the throughput
normally decreases; (iii) The throughput is quite sensitive to
the system parameters (i.e.,CWmin, CWmax, andm) as well
as to the network size, which is contrary to the observation
made in [1].

There are two reasons behind the first observation. Firstly,
since the model in [1] has not considered the retry limit (i.e.,
it assumes infinite retrials), it overestimates the throughput
as mentioned in [12]. In fact, this can also be easily verified
from Figure 5, which shows that the throughput increases with
the increase of the retry limitm. The second reason is as
follows. As mentioned in the discussion for Equation (12),
Tcol in our calculation is larger than the one in [1]. On the
other hand,Tsucc is smaller than that in [1] since we use a
higher transmission rate for the Data frame. As a result, in our
calculation, the time spent on collisions increases while the
time spent on the payload transmission decreases. The above
arguments explain why the throughput obtained here is smaller
than that in [1].

To explain the second observation (i.e., how the throughput
changes with the system parameters), we first need to look
at the values ofTcol/Tsucc and σ/Tsucc as discussed in the
context of Equation (11). In our calculation,σ/Tsucc is very
small (i.e., 20/5440) compared to the unity, and thus the
throughputS is insensitive to the value ofPidle/Psucc. On
the contrary,Tcol/Tsucc is relatively large (i.e., 716/5440),
and thusS is sensitive to the value ofPcol/Psucc. Therefore,
to explain the second observation, we only need to look at
the value ofPcol/Psucc under different system parameters.
Clearly, the largerPcol/Psucc is, the smaller the throughput
is. To exemplify this, Figure 6 presents the value ofPcol/Psucc

when theCWmin is varied. We notice that the ratio increases
as theCWmin decreases or asn increases, explaining why
the throughput in Figure 3 decreases in these two cases.

Now let us explain the third observation. As mentioned,
Tcol/Tsucc is quite large in our case, and thus the throughput
S is very sensitive to the system parameters. In contrast,
the Tcol/Tsucc is very small (i.e., 8/191.36) in [1], and thus
the throughputS presented there is insensitive to the system
parameters.

Here, we would like to point out that in the emerging
IEEE 802.11 standards (e.g., IEEE 802.11-b, -a and -g), the
Tcol/Tsucc is becoming larger because the transmission rate
of the Data frames (which determinesTsucc) is increasing
(e.g., can be as high as 54 Mbps) while the transmission
rate of the control frames (which determinesTcol) remains
small. Therefore, we expect the throughput in the emerging
standards to be more sensitive to the system parameters, and
thus the dynamic tuning of the system parameters will be of
great importance in these standards.

B. Packet Drop Probability Results

Figures 7-9 present the packet drop probability. From the
figures, we find that, the drop probability increases when
CWmin, CWmax, or m decrease. This is due to the fact
that whenCWmin, CWmax, or m decrease, the conditional
collision probabilityp increases. We also notice that the drop
probability is quite large (e.g., larger than 0.5) when the
network size is large. This observation will be useful when
we explain the large difference between the delayDnotify

andDinfinite later.
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Fig. 6. RatioPcol/Psucc under variableCWmin

C. Delay Results

In figures 10-14, we first present the five kinds of delay
by varying CWmin. From the results, we find that: (i) In
general, in the first three kinds of delay (i.e.,Dsucc, Ddrop,
and Dnotify), the larger theCWmin is, the larger is the
delay; (ii) In contrast,Dintersucc andDinfinite decrease when
CWmin increases; (iii)Ddrop is much higher thanDsucc (note
that the vertical axes have different scales), whileDnotify

stands in between the above two; (iv)Dinfinite is much larger
thanDsucc andDnotify, showing the error introduced by the
assumption of the infinite retrials.

The first observation is quite intuitive, and can be explained
by the fact that a largerCWmin should result in a larger
average number of back-off slots. Also, the trend ofDintersucc

with respect toCWmin coincides with the trend of throughput
with respect toCWmin. In fact, using Equation (31), we can
obtain similar throughput results as those presented in Figure
3. The trend ofDinfinite with respect toCWmin is similar to
that obtained in [3], and gives the same misleading conclusion:
a largerCWmin results in a smaller delay. Now we explain
why the trend corresponding toDinfinite is contrary to that
of Dnotify (as well as ofDsucc andDdrop). As known from
Equation (38), the difference betweenDinfinite andDnotify

becomes larger when the conditional collision probabilityp (or
Pdrop) becomes larger. Clearly, whenCWmin is smaller,p is
larger, resulting in a larger error in the calculation ofDinfinite.
On the contrary, the error is much smaller whenCWmin is
larger asp becomes smaller. Therefore,Dinfinite becomes
larger under smallerCWmin. In conclusion, whenever the
conditional collision probability (or the packet drop probability
Pdrop) is large, the assumption of infinite retrials will result
in a large error in the calculation of the delay.

Figures 15-17 present the standard deviation of the first
three kinds of delay (i.e.,Dsucc, Ddrop, and Dnotify) for
different values ofCWmin. In general, they follow the similar
trend as the average delay.Dnotify has a larger standard
deviation than the other two since it considers the delay of all
the packets (i.e., dropped as well as successfully transmitted),
and since there is a large difference between the average delay
of the packets being dropped and those being transmitted
successfully.

In the above, we have presented the delay results when
CWmin is variable. Similarly, we have also obtained the
results whenCWmax or m varies. However, here we only
present the average ofDsucc in figures 18-19. In general, the
larger theCWmax andm are, the larger is the average delay.
Under variableCWmax or m, the average of other kinds of
delay and their standard deviations, in general, have the trend
similar to those under variableCWmin.

D. Fairness Results

Figures 20-22 present the Coefficient of Variation (COV) of
Dsucc for different values ofCWmin, CWmax, andm, respec-
tively. To recall, a larger COV implies a more unfair system.
From the figures, we can clearly make two observations: (i) In
general, the larger theCWmin is and the smaller theCWmax
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Fig. 10. Average delayDsucc under variableCWmin
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Fig. 11. Average delayDdrop under variableCWmin
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Fig. 12. Average delayDnotify under variableCWmin
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Fig. 13. Average delayDintersucc under variableCWmin
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Fig. 14. Average delayDinfinite under variableCWmin
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Fig. 15. Standard deviation ofDsucc under variableCWmin
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Fig. 16. Standard deviation ofDdrop under variableCWmin
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Fig. 17. Standard deviation ofDnotify under variable
CWmin
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Fig. 18. Average delayDsucc under variableCWmax
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Fig. 19. Average delayDsucc under variablem
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Fig. 20. Fairness under variableCWmin
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Fig. 21. Fairness under variableCWmax
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Fig. 22. Fairness under variable retry limitm



and m are, the more fair the system is; (ii) As the network
size (i.e.,n) increases, first the system becomes more unfair,
and then after a certain value ofn it becomes more fair.

We now explain the first observation. In IEEE 802.11,
whenever a station transmits a packet successfully, it resets its
contention window toCWmin. Clearly, ifCWmin is small, the
station that has just transmitted a packet successfully is more
likely to get control of the medium again. On the other hand,
if CWmin is large, it gives other stations more opportunity to
transmit on the medium, explaining why the system becomes
more fair whenCWmin is larger. Now we consider the fairness
with respect toCWmax. Clearly, the contention window at
a station will becomeCWmax only when the station has
experienced collisions successively. Therefore, ifCWmax is
large, the colliding stations, though they have already suffered
a lot, will be more unfairly treated, explaining why the system
is more unfair when theCWmax is larger. As for the retry limit
m, if it is small, a station that has experienced collision(s)
will drop the packet early and will reset its CW toCWmin,
and then will schedule the transmission of a new packet. On
the contrary, ifm is large, the station may have to schedule
the retransmission of a packet more number of times, which
leads to a larger contention window, and in turn, short-term
unfairness. Therefore, in this manner, the early dropping of a
colliding packet contributes to the fairness, though it certainly
results in more number of collisions as the stations become
more aggressive. This explains why the system is more fair
when m is small. From observation (i), we may reach an
interesting conclusion regarding the back-off policy: to achieve
better fairness, we should always use a medium-size CW
without any retrial for the unsuccessful transmissions.

For the second observation, we first explain the reason why
the system becomes more unfair when we begin to increasen
(e.g., from 2 to 17). This is due to the randomness involved in
the binary exponential back-off (BEB) algorithm. In particular,
some stations may experience collisions consecutively while
other stations can transmit packets without experiencing any
collision. With the increase ofn, collisions are more likely
to happen, explaining the increasing amount of unfairness.
In fact, we have also observed this phenomena in the sim-
ulation results presented in [7]. However, when the collision
probability increases beyond a certain value along with the
increase ofn, most of the stations will experience collisions
before they can transmit any packet successfully, and therefore,
it tends to become more fair for all the stations. In the
extreme case, when the number of stations becomes infinite,
the collision probability tends to unity, and no station can
transmit any packet successfully. Therefore, every station has
zero throughput (or infinite delay), implying absolute fairness
among the contending stations!

E. Summary of the Performance Evaluation

In this subsection, we give a brief summary of the perfor-
mance of IEEE 802.11 in single-hop networks. With respect to
the throughput, we find that it is quite sensitive to the chosen
system parameters. This would be particularly true in the

emerging IEEE 802.11 standards. Therefore, dynamic tuning
of the system parameters is of great interest to achieve optimal
performance. We also find that the throughput calculated in the
model of [1] is higher than that in our model, which is more
precise. As for the delay, we show that the first four kinds
of delay under the finite retrials condition have very distinct
values, showing the importance of distinguishing among them.
We also find that theDinfinite (i.e., delay under the infinite
retrials assumption) has a large error, and thus leads to
misleading observations. For the fairness performance, weget
an interesting conclusion about the back-off policy: to achieve
better fairness, a medium-sized contention window should be
used without any retrial of the unsuccessful transmissions.

Table II summarizes how the system parameters should
be selected (in terms of “large” or “small”) to achieve the
desired performance (i.e., higher throughput, smaller delay,
and better fairness). By “smaller delay”, we mean a smaller
value of the average as well as the standard deviation of
Dsucc, Ddrop, and Dnotify. As shown before, whenDsucc,
Ddrop, andDnotify are smaller,Dintersucc andDinfinite are
larger. SinceDintersucc is directly reflected by the throughput
and Dinfinite is misleading, we do not need to consider
these delays when optimizing the delay performance. Also,
since a given set of system parameters, which yields a higher
throughput, results in a smaller value of the packet drop
probability, we do not need to present the desirable system
parameters for a smaller packet drop probability.

From the table, we find that a set of system parameters
delivering a good performance for one metric, may deliver a
bad performance in terms of another metric. For example, if
we aim to achieve a higher throughput, the table shows that
we should use a large value ofCWmax andm. However, the
table also tells us that we should use a small value ofCWmax

and m if we aim to achieve better fairness. In other words,
a trade-off among the metrics must be made in the dynamic
tuning of the system parameters.

TABLE II

INTERDEPENDENCE BETWEENPERFORMANCE ANDPARAMETERS

Higher Throuhgput Smaller Delay Better Fairness

CWmin Large Small Large

CWmax Large Small Small

m Large Small Small

Parameter
Metric

V. RELATED AND FUTURE WORK

A. Related work

In the literature, many analytical models have focused on
the calculation of the throughput (or capacity) of IEEE 802.11.
For example, paper [2] derives the theoretical throughput of
IEEE 802.11 by relating IEEE 802.11 to a p-persistent CSMA
protocol. Paper [9] derives the throughput of IEEE 802.11
by using average analysis technique. However, the above
models have oversimplified the calculation of the transmission
probability τ , which is determined by the BEB algorithm. In



contrast, papers [1] and [12] derive a more precise value ofτ
by modelling the stochastic process representing the back-off
time counter as a discrete-time Markov chain.

While most of the published models focus on the throughput
of IEEE 802.11, two recent work [3], [10] concentrate on the
delay analysis. However, neither of them have considered the
retry limit, resulting in a large error as shown in this paper.
Also, they do not distinguish the five kinds of delay defined
in this paper, which have very different values.

Though many papers (e.g., [8], [11]) have focused on
achieving fairness in IEEE 802.11, there are very few an-
alytical models to quantify the unfairness in IEEE 802.11.
We are only aware of one model [6] that analytically shows
the short-term unfairness in IEEE 802.11 due to the hidden-
terminal problem. However, the above model is very specific
to the topology being given and thus it is not clear whether
the model can be extended into a general single-hop network
with a large number of stations.

B. Future Work

Motivated from the results obtained in this work, one main
future work is to develop a dynamic tuning mechanism, which
can achieve a reasonable tradeoff among the performance
metrics. One possible method is as follows. We should first
define a function, which characterizes the weights of the
performance metrics according to the user preference. Using
such a function, under any given network size (i.e.,n), we
can calculate the corresponding optimal system parameters
(i.e., CWmin, CWmax, and m) that maximize the preferred
function. This can be easily achieved using a table, which
stores the optimum values of the systems parameters for
different network sizes and for different weights that could
be used in defining the function. The table can be prepared
off-line. The estimation of the network size can be achieved
by using the methods in [2], [7].

Another important future work is to extend the analysis by
relaxing the assumptions made at the beginning of Section III.
While the analysis should be easily extended when the as-
sumptions (2)-(5) are relaxed as discussed in [10], [1], it may
not be trivial to extend the model for a multi-hop network.

VI. CONCLUSIONS

In this paper, we have proposed a simple analytical model
to evaluate the throughput, delay, and fairness performance in
single-hop IEEE 802.11 networks. Using the proposed model,
we have carried out an extensive performance evaluation of
IEEE 802.11 under three different system parameters (i.e.,
CWmin, CWmax, and retry limitm). Our results show that
the throughput, delay, and fairness are quite sensitive to these
system parameters, and thus dynamic tuning of the parame-
ters is of great interest to achieve the optimal performance.
Moreover, the optimal values of the parameters may not be
consistent with each other for different performance metrics,
implying that some tradeoff among the metrics must be made
in the dynamic tuning. Finally, our results also show that the

published models have overestimated the throughput as well
as the packet delay.
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