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Abstract

In CSMA/CA networks in which stations have different data rates, some stations are penalized because slow
stations receive more time to transmit. Thus, a single low data rate station unfairly brings down the throughput of
the high data rate stations. We introduce a simple and standard-compliant algorithm to utilize the channel fairly.

We first provide a formulation for the throughput with mixed data rate connections. To alleviate the low perfor-
mance of high data rate stations, we introduce a mechanism that implements an adaptive scheme to adjust the packet
size according to the data rate. With this scheme, stations occupy the channel for equal amounts of time. We then

extend the scheme to a frame aggregation scheme to show how different packet sizes affect performance.
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Fig. 1. Station’s data rates throughout the simulation

I. INTRODUCTION

Wireless communications is evolving to a stage when each device will be a node in a mobile network with multiple
interfaces. This also brings the growth of multimedia applications that impose requirements on communication
parameters [1]. As a result, wireless networking is moving towards asynchronous connectivity.

We consider a scenario with several IEEE 802.11 [2]-[5] compliant nodes located near each other, which can
transmit at different data rates and packet sizes. Each node may initiate packet transmission with variable physical
transmission rates depending on its connection quality. Sometimes different IEEE standards may share the same
spectrum with the same access mechanism as we see with IEEE 802.11b [3] and 802.11g [5] networks. Similarly,
a station’s packet size can also change during the connection depending on the type of flow. We are interested in
obtaining analytical formulas for throughput in such a scenario. We suppose that every flow of a station is saturated,
i.e., there is always a packet to transmit when a station has the right to transmit [6], [7].

Our approach begins by introducing the Markov chain model from [8], which in turn is an enhancement of
Bianchi’s model [6]. The performance differences between these two models are discussed in the next section;

however, our analytical formulation can be applied to Bianchi’s model as well.
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Fig. 2. Throughput in a mixed data rate environment

Case Study:

We simulate a scenario in OPNET in order to revisit the anomaly presented in [9]. The network has five stations,
all with 11 Mbps data rate except for station I, which changes its rate over time as in Figure 1. The upper plot of
Figure 2 shows the total throughput of the network; the lower plot shows the activity in station I’s channels. As
seen, there are four channels each corresponding to one rate in IEEE 802.11b [3].

Station 1 severely impacts the network as seen in the upper plot of Figure 2. For example, between 100s and
200s (and again between 400s and 600s) station 1 with I Mbps data rate decreases the total throughput by more
than half. Figure 3 shows plots of two stations, from which one may infer that the total throughput is divided
equally, and stations with higher data rate experience the same throughput as the slow station. Recent papers [9],
[10], [11], [12] have reported this behavior in IEEE 802.11 CSMA/CA networks.

The cause of this anomaly is buried in the basic CSMA/CA channel access method: Once a station acquires the
transmission opportunity, it uses it as long as necessary to transmit a packet. As a result, if a station operates with
a lower data rate it takes longer to transmit the same payload, leading to channel under-utilization.

In general, lower data rates are selected to increase robustness against interference; each transmitter selects the

transmission rate appropriate to the wireless channel it faces. The selection mechanism is called rate adaptation;
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the mechanism is often proprietary. Several rate adaptation mechanisms are discussed [13], [14], [15].

We keep the rate adaption mechanism outside our focus, and assume that stations change their rate according to
some mechanism. As we saw, stations with the lowest quality channel will consume more channel resources than
those with better channel conditions. But in multi-rate networks, it is more efficient to equally share the channel time
rather than the channel bandwidth [11]. In [11] the nodes’ channel access is prioritized using different contention
windows in order to guarantee higher throughput for higher rate nodes. One difficulty with this approach is that
if the transmission probabilities are unequal, it is very hard to solve the Markov model since the probability of
finding the channel busy p is not the same anymore [8], [16]. On the other hand a similar paper [17], prior to [11],
guarantees equal temporal shares for all stations by allowing high rate stations to send bursts of frames in order to
extend the time they occupy the channel.

Fairness is addressed in [18]-[26]. Fairness of DCF is investigated in [21], [22], with models that tune the network
parameters with respect to channel and load conditions. The model in [20] introduces an adaptive fair protocol in
the context of IEEE 802.11e.

In this paper, in contrast with [17], we couple data rate with packet size by a packet size adjustment scheme. We
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also investigate a packet aggregation scheme at the end of the paper. Our simple modification is effective and does
not change the IEEE 802.11 standard. The modifications of [17] and [11] appear not to comply with the standard.
This paper extends our previous work [12]: We contribute detailed simulation results and obtain the throughput
formulation for different packet sizes and data rates, and analyze a frame aggregation scheme.

The paper is organized as follows. Section II describes the formulation for individual throughput and provides
the basic analysis. The formulation for mixed data rate and mixed packet sizes occupies Section III. We discuss

optimization schemes in Section IV and conclude the paper with Section V.

II. THROUGHPUT FORMULATION FOR INDIVIDUAL STATIONS

A typical medium utilization trace for a fully connected network in saturated traffic load is shown in Figure 4. We
can say that a station is either in transmission or reception or idle state. In order to construct a Markov model for the
behavior of a station we need to identify the events that trigger the state changes. Different models identify different
events. The Bianchi model, which we call (802.11%), defines an event as a virtual slot, which could be an empty-slot
or a transmission-plus-an-empty-slot, which implies that after each event the backoff counter is decremented. Of
course this ‘clustering’ assumes that there are no consecutive transmissions and each transmission, whether or not
it is successful, is followed by at least one empty-siot.

There will be two consecutive transmissions if the zero backoff (i.e., null backoff) counter is selected immediately
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after a transmission. Figure 5 shows the probability of two consecutive transmissions, obtained with the OPNET
simulation tool. As is evident from the figure, the probability decays as the number of stations increases; the
probability is significant if the number of stations is small.

The model in [8], which we call 802.11", adopts a slightly different clustering in which a virtual slot is either
an empty-slot or a transmission. This model permits consecutive transmissions. Figure 6 compares the virtual slots
in the two models.

The wireless medium is modeled as a two-state process with probability p of being busy and 1 — p of being idle.
The states in the Markov model of each station are the states of its multi-level backoff counter, indexed by (i, )
for 0 < i< mand 0 < j < W,. (Here m is the number of backoff levels and W; is the backoff window at level
1, see Figure 7.) Denote the stationary distribution of these states by b; ;. Then

m W;—1
1= Z Z bi ;. 1)

i=0 j=0

Since a station transmits in states of the form (¢, 0), the probability of transmission 7 can be obtained after solving
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Fig. 7. Independent Markov model of 802.11F for multi-level backoff

the balance equations,

1
T= Zbi’o T =2 (WHD+pW(I-(2p)™) °
i 2(1-2p)(1-p)

2)

We assume that the stations are statistically independent [8], [6]. We can then find 7 and p from (2) and p =
1 — (1 —7)"!, where n is the number of stations in the network.

Following [27], define Py, as the probability that there is at least one transmission in the considered slot time



BasicAccessMechanism

Ts(RY, P) =Tpara(R,P)+ SIFS+ 6§+ Tack(RY) + 5+ DIFS
T.(R',P

(R P) =Thapa(R,P)+ 6+ EIFS
RTS/CTS AccessM echanism )
Ty(R',P) =Trrs(R")+SIFS+6+Tors(R') + SIFS+46
4 +TDATA(R7’,P)+SIFS+(5+TACK(RZ)—‘r(s-i-DIFS
T.(R',P) =Tgrrs(R")+d+ EIFS.
and P; as the probability that a transmission is successful:
P,=1—(1-7)",
3)

Py =nr(1—71)"" L
Expressing the total throughput S as the ratio of successfully transmitted bits to the average length of a virtual-slot

gives
P.E(P]
(1 —P,)o + PsTs(RY) + (Py — Ps)T.(RY)’

S = (4)

Above, E[P] is the average packet payload size; an empty-slot has duration o and occurs with probability (1 — P;,.);
and there is a collision with probability (P;. — Ps). Also in equation (4), if the station has data rate R, TS(Ri) is
the average time the channel is sensed busy due to a successful transmission, and 7T, (R?) is the average time the
channel is sensed busy by each station during a collision.

In (5), Tpara(RY, P) is the time taken to send a packet of size P; Trrs(RY), Tors(R?), Tack (R?) are the
times taken to send the corresponding frames; T, 4, 4 (R?, E[P*]) is the average time taken to send E[P*], which
is the average length of the longest packet payload involved in a collision. (If all packets have the same size,
E[P] = E[P*] = P [6].) The propagation delay is given by 4.

From an OPNET simulation, the parameters (P;., Ps, S) are estimated as follows:

P = #Total ACK received+#Collision
tr = ZTotal ACK +#Collisiont+#Back—off slot’

(6)

P. = #Total ACK received
S 7 #Total ACK+#Collision+#Back—of f slot’

while the throughput S is estimated as the successfully received packets divided by the simulation time. Figure 8
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compares the analytical calculations for the 802.11" model with the simulation results.

From equation (4) we obtain the duration values using S, P, and P; from the simulation:

Basic | RT'S/CTS

Ts | 0.0088sec | 0.0090sec

T. | 0.0088sec | 0.0007sec

To estimate P, and P, for the 802.11° model by simulation, we note that because of the large number of stations,

consecutive transmission probability is low. As a result, equation (6) is modified for 802.11° as follows:

Pb __ #Total ACK received+#Collision
tr — #Back—of f slot

(7)
Pb _ #Total ACK received
s #Back—of f slot

Since each back-off slot for 802.11° is either a transmission-plus-empty-slot or an empty-slot, it is enough to consider
only the number of back-off slots for the total number of events. Figure 8 shows that 802.11° underestimates the
probabilities; on the other hand, 802.117 overestimates the probabilities.

Figure 9! shows the throughput performance. As one can see, the 802.117 model better matches the simulation,
especially for small numbers of nodes. Note that the plots for 802.11" and 802.11° in Figure 8 are not directly
comparable, because the definitions of P, and Ps are different. The plots of the two models in Figure 9 are
comparable as they refer to the same quantity, throughput.

We can find the throughput in a different way. Suppose the stations operate at different data rates. Consider the
first K events for a network with n nodes which take time 7'. If L is number of empty slots, M is the number of
successful transmissions and Y is the time wasted in collisions,

T=1Lo+ z”: X()Ts(R(?)) +Y, ®)
i=1

where X () as the number of successful transmission and of szation i whose data rate is R(i), and Y, X (i) = M.

For this figure, we modified the Bianchi model [6] to obtain the plots for 802.11% since the formulas for duration values ( T and T.) in
[6] lack the empty-slot time after a transmission and 7¢ lacks the EIFS period after a collusion. Without these necessary modifications, the
802.11° model would give higher throughput.

10
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Fig. 10. Duration time and rate relation for N =8 and D = 4

If P(7) is the packet size, the throughput S; of station 4 is

S; = 7 ©))

(10)

If there are M successful transmissions and stations have equal chance of transmission, X (i) = % This also follows
from the assumption that the virtual-slots are independent. In each virtual-slot, the probability of it being empty is
(1 —7)™ Thus, L = K(1 — 7)™. Similarly, the probability of finding a slot occupied by a successful transmission
of station i is (1 —7)"~1. Consequently X (i) = K7(1—7)"~1. Since there are n stations, M = Kn7(1—7)""1.
We can conclude that stations access the channel equally.

As a result, the individual throughput of station i is S; = %S, regardless of the station’s data rate. This is

validated by the simulations presented in the following sections.

III. THROUGHPUT FORMULATION FOR MIXED DATA RATE

We first evaluate the throughput when different stations have different data rates but the same packet size. The
protocol gives each station the same chance to transmit, and different data rates only affect average slot duration.
Suppose there are n stations, D different data rates, R! < --- < RP, with n’ stations in class i, i.e., with the same
data rate R’ with corresponding slot durations 77 and 7). For example, with eight stations N = 8 and four data

rates D = 4 as in Figure 10, we get the following classification, arranged from the highest to the lowest duration:

11



nl=4 | T | T,(RY) || T} | T.(RY)

n?=1|1T2|T,(R?) | T? | T.(R?)

nd =11 T3 | T,(R®) || T2 | T.(R®)

nt =2 | T | T,(RY) || T* | T.(RY)

The successful duration values can be evaluated by averaging the successful duration value of each station since
only one station is involved in a successful duration. Since we know that each station has probability Ps/n of

having a successful transmission, the new successful duration value T is

T, = E[T}] an
D i
Ry Yo n'Te.

n
When calculating the collision duration, we have to consider all the stations that are involved in the collision
and how many times they are involved. A collision’s duration value is determined by the station with the lowest
data rate. The average collision duration 7} is given by
TN R
i (12)
x TIritl(1 — r)n-1=i
This formulation considers the collision with the lowest data rate stations first. We then determine how many times
the stations are involved in the collision with how many other stations. This process is repeated from the lowest
data rate to the highest. In each iteration, lower data rates are excluded in the collision count.

Note that equation (12) is valid for all sets of data rate choices. For example, 802.11b has 4 and 802.11a has 8
data rate options. Furthermore, the equation is independent of the chosen Markov model. Any model that provides
the transmission probability 7 of a station could use the formula to obtain the collision duration values. The formula
also works if the stations have different packet sizes. In that case the grouping into classes should be based on

duration.

The throughput of a station is now given by

1 P,P(i)

S; — -
n(l—Py)o+Ts+ T,

13)

12
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Note that the individual throughput S; is the same for all stations and total throughput S is n.S; if they have the
same packet size and they equally access the channel.

We validate formula (12) with a simulation of 5 nodes and D =[ 1 9 55 11 |JMbps. E[P] is 1000 bytes
and stations are saturated. Note that RTS and CTS packets are always sent at 1Mbps.

We start each station with 1Mbps and in each step we shift one of them to 11Mbps. At the fifth step we have 5
stations each with 11Mbps. We compare our results with an OPNET simulation.

Figures 11 and 12 show that the analytical formula (13) closely approximates the simulation-based performance.
Solid lines represent the case when all stations have the same data rate. The individual throughput of the stations
is also found to be equal in the simulation, and the throughput distribution among stations is verified to be equal.
One individual realization is plotted in Figure 12.

As can be inferred from these plots, when there are 4 stations with 11Mbps and one station with 1Mbps, the
throughput is almost half that when all are with 11Mbps. A lower data rate causes a considerable degradation for

all stations.

IV. OPTIMIZATION
A. Packet Size Adjustment

Let us revisit the individual station formula represented in equation (13). Optimal packet size for a given station can
be found by taking the derivative of S; with respect to P(7), with duration values T (R(¢), P(i)) and T..(R(7), P(4)).
We find that highest throughput is achieved when the stations with lower data rate are turned off. Although this
achieves the maximum throughput, it is not fair, since the fair allocation gives equal amount of channel usage. This
could be achieved by varying packet size with the data rate. As the data rate goes low, the stations can send lower
sized packets preventing an unfair allocation to the high data rate stations.

Of course, this method can be viewed as increasing the packet size of the fast station with respect to slow
station’s packet size. However, there are some tradeoffs. Packet size has upper and lower limits; larger packets are
more susceptible to errors; and, on the other hand, smaller packets can result in an under-utilized channel. This
mechanism can be adaptively used depending on the packet size of the slow and fast stations. This method is simple

and effective and can be used within the 802.11 standard.

14



We round down the duration values to the duration value of the highest data rate because the throughput increases
monotonically with the increase in packet size (See Figure 13). Intuitively, the optimal packet size for the lower
data rate station is the packet size that gives the same duration as the highest data rate station. If the highest data
rate is R with packet size Ppn then packet size of station with R’ data rate is given for IEEE 802.11b [8], [6] by

i i ph
R's P, (R —RY)

Pri = | RM M

J- (14)

As a result the data rate and packet size are related as follows:

R(i) (Mbps) | P(i) (bytes)

11 1000
5.5 515
2 206

1 118

This channel access mechanism equalizes channel usage. Stations can hear each other and if they hear a station
with higher data rate then stations decrease their packet size to equalize their duration values with high data rate
stations. (Increasing the data rate is not a solution since it is determined by the wireless channel in conformity with
the physical layer standard.)

If Pgn and Ts(R", Pgn), T.(R", Pgn) represent the packet size and duration values of the station with the

highest data rate then, then for all 4,

TS(R(’L),P(Z)) = Ts(Rh’PRh) 5

15)
T.(R(i), P(i)) = Te(R", Pg) -
As a result the individual throughput formula equation (11) is modified as follows:
T, = PJT.(R" Pp), (16)
T. = (Pw—P)T(R", Pan), (17)
s, 1 P, P(i) (18)

n(1—Pyo+T,+T,
Figure 14 shows the improvement in throughput. Stations with 1 Mbps data rate decrease their packet size from

15
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1000 bytes to 118 bytes if a 11 Mbps station is present.
The advantage is in total throughput. On the other hand, in terms of individual throughput, high data rate stations

are better off but the low data rate stations are worse off, as seen in Figure 15.

Case Study:

We apply this mechanism to our original scenario in which there are five 11Mbps stations except for one station
which changes its data rate during the simulation. Figure 16 shows the transmitted data. The upper figure shows
the transmitted data for fast and slow stations; and the lower figure shows the channel activity of the slow station.

Figure 17 shows the total throughput compared with the situation before optimization, i.e., without the mechanism.
As expected, the improvement in total throughput decreases as the data rate of the slow station increases.

Note that a station’s throughput in OPNET is the successfully received bits per unit time; let’s call this the
“received throughput” (S™). Keeping this definition in mind, we see in Figure 18 that, with optimization, the slow
station has a higher received throughput; hence it is receiving more packets. This is explained as follows. The
optimization algorithm suppresses the transmission of the slow station and give more time to the fast stations,

which therefore send more packets to the slow station. On the other hand, the slow station sends fewer packets to

16
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Fig. 16. Data traffic sent

the fast stations.

If we define throughput as successfully transmitted bits over time and call it “transmitted throughput” (S?) as in
our Markov model analysis, we can extract these values from the received throughput. We have 4 fast stations and
1 slow station. So the slow station’s received throughput comes from 4 fast stations, each contributing one fourth
of the received traffic. On the other hand, a fast station’s throughput comes from 3 fast stations and 1 slow station.

We can conclude that transmitted and received throughput are related by

Shast = SSiow
SS10w = 14SFast — 3810wl
and the result is depicted in Figure 19.

If we consider throughput as the number of packets that has been sent correctly we infer that slow station should
have the lower throughput as compared to case prior to optimization. This is because the slow station sends fewer
bits which is shown in Figure 15. We make the same conclusion by looking at the medium access delay, which is
the waiting time of the packets in the MAC layer queue. Figure 20 shows the medium access delay for the stations.

As expected, the slow station has the highest medium access delay and fast stations have the lowest delay. Figure 21

18
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Fig. 21. Channel reservation

shows that the channel reservation, which is a metric that measures channel utilization, has increased considerably

as a result of the optimization.

B. Adaptive Packet Size Adjustment

We can also formulate a scenario for packet size aggregation, in which a station is prioritized with permission
to send larger sized packets compared to others.

Suppose there are (n — 1) stations and an access point in a network. Let’s say that each station performs a
voice session with a node outside the network [28], [29]. Let’s mark station I as the access point. We suppose that

without optimization packet sizes are equal and given by

E[P|=P(1) = P(i) forie [2,n].
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With packet size adjustment, the packet sizes are

P(1) = min((n — 1)(P(2) + I),2024)

P(2) = P(i) forie [2,n]

BIP] = 3 321 P(i)
where [ is the number of identifier bytes and 2024 bytes is the maximum allowed payload. The identifier is used
by the stations to extract their payload from the access point’s transmission. We considered 20ms segment at 8kbps
which corresponds to 64 bytes M .SDU (P(2)) for a single voice session and each station has a packet to transmit
all the time with 11 Mbps data rate. In addition, the access point does not expect an ACK packet since it transmits
in multicast.

Figure 22 shows the total throughput S of the system found with the formula explained in Section III:

P,E|[P]
Sy = I 19
T 0 =-P)o+ T, +T. (19)

One can see the substantial throughput increase from the figure. As can be inferred, the packet size of the
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access point increases with the number of stations, which increases the throughput. On the other hand, increase in
the number of stations decreases the throughput because of the increased probability of collision. Eventually the
maximum allowed packet size is reached, and the throughput starts to decrease.

Figure 23 shows the access point throughput S4 found with the formula

1 PsP(1
6 P(1)

— _ — 20
n(l—Py)o+Ts+ T, 20)

Sending packets in bursts increases the throughput of the access point. This throughput calculation considers the
successfully transmitted bits but not the received bits. As a result, stations receive packets at higher rates and the

station’s transmitted throughput Sg is found with the formula

1 P,P(2
. e)

== = —. 21
n(l—Py)o+Ts+ T, @h

Figure 24 depicts the comparison. As expected, a station’s throughput Sg with this algorithm should be lower than
that without the algorithm. This is because higher packet size of the access point increases the average duration

values. One can easily see that the following equation holds
St =84+ (n — 1)5’5.

C. Packet Aggregation

From Figure 13 we can infer that sending larger packets increases the throughput. We can conclude that each
station should aggregate the small sized packets into a big one and then send it [30]. In a scenario in which only
the access point aggregates the packets into a 2024 bytes size packets (P(1)), we obtain a performance increase
which gradually decreases as a new station joins. Figure 25 shows the total throughput and Figures 26 and 27 show
the access point throughput and stations throughput, respectively. In frame aggregation the traffic could have one
destination or multiple destinations. If multicast, there is no need for an ACK packet. Otherwise, with only one
destination, one ACK is needed and, for multiple destinations, each station may send an ACK packet one by one

with respect to their order in the received packet.
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V. CONCLUSION

The CSMA/CA scheme does not provide a fair scheduling in terms of giving equal channel usage to each station,
but it does provide equal chance of channel access. We analyzed the case when there is a low-rate station in the
network and concluded that throughput could be increased by turning that station off. A fair allocation, however,
should give equal amounts of channel usage per station. To achieve this, we introduced a mechanism to adapt the
packet size with respect to the data rate. As a result, the slow station decreases its packet size to occupy the same
amount of channel usage as the fast station. This is another way of saying to increase the packet size of the fast
station to have the same channel usage as the slow station. One or the other rule can be adopted.

This scheme is very simple and can be adopted without a change in IEEE 802.11 standard. This makes this

scheme novel compared to existing fairness algorithms.
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