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Abstract

A well known defect of the standard exponential back-off algorithm used in IEEE
802.11 is its short-term unfairness between users. A user will have high through-
put shortly after a successful transmitting but the user will have a low throughput
temporarily after backing off again and again because of multiple collisions. This
variation of short-term throughput induces unacceptable delay variation for the users
that have real-time service demands such as Audio or Video. Recently algorithms
like Idle Sense [1] has been proposed to solve this problem by reducing the short-
term unfairness between users. It lets each user adapt its probability p of accessing
the channel to a predetermined optimal p* based on its observation of traffic on the
channel. In this thesis, we discuss some improvements we made to Idle Sense by
including a deterministic back-off of [(1 — p)/p] time slots after a successful transmis-
sion. Our algorithm may be viewed as a combination of Idle Sense and Zero Collision
[2]. Simulation results show the throughput our algorithm obtains is almost the same
as that of Idle Sense but short-term unfairness is reduced. Packets of each user can
be transmitted at much more regular intervals and in simulations for Voice over IP
(VOIP), the number of VOIP users with a good Quality of Service (QoS) through a

single access point can be substantially increased.

iii
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Chapter 1

Introduction

1.1 Brief history of contention-based random multi-

access protocols

The main purpose of random multi-access protocols is to share a common resource
among competing users with a Distributed Coordination Function (DCF). The re-
search on random multi-access protocols can be dated back to 1970. Norman Abram-
son and his colleagues at the University of Hawaii devised the ALOHA algorithm
[3] to solve the problem of channel allocation. In ALOHA, the shared resource is
the wireless communication channel provided by a satellite. Competing users are the
stations scattered on the several islands. The idea is that, each user can try to trans-
mit whenever it has packets. If the transmission is successful, it can continue. If a
collision occurs, each user involved in the collision has to wait a random back-off time
before they can retry the channel. From this original idea, lots of improvements have
been made, and a large protocol family has been developed upon it. Among these
improvements, slotted ALOA, Carrier Sense Multiple Access protocol (CSMA), Car-
rier Sense Multiple Access with Collision Detection (CSMA/CD) and Carrier Sense
Multiple Access with Collision Avoidance (CSMA/CA)[4, 9] have been implemented.

The technology of mobile computing and wireless portable equipment are developing

1
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2 1. INTRODUCTION

quickly. Consequently the research on random multi-access protocols has intensified
to develop decentralized back-off random multi-access protocols for medium access

control for Wireless Local Area Networks (WLAN) and Ad-Hoc networks.

1.2 The problems and research interests in differ-

ent times

The research of contention-based random multi-access protocols mainly focuses on the
study of the DCF. At first, the emphasis was on improving throughput [6]. After the
RTS/CTS scheme was released, the maximal saturated throughput of system almost
reaches its optimal value. Then research interest changed to another important area:
fairness. As we all know, 802.11 can easily achieve long-term fairness, but not short-
term fairness because of the bursty characteristics [7] of the DCF of 802.11 itself. This
short-term unfairness can cause large service delay even when traffic is not very heavy.

For the recent popular real-time services, this service delay becomes unacceptable.

Researchers have tried to conceive of new DCF's to improve short-term fairness.
One important research direction is the study of adaptive back-off algorithms. These
algorithms try to adjust the collision probability or the number of inactive time slots
between transmissions to a predefined value by adapting the access probability of
users. The adaptation is based on real-time traffic measurement. Idle Sense [1, 8] is

the best known algorithm in this research direction.

Besides adaptive back-off algorithms such as Idle Sense, there are other kinds of
algorithms aiming at improving short-term fairness and QoS (Quality of Service). An
interesting proposal is Zero Collision [2]. This algorithm sets the number of slots of
between successive transmissions to a predetermined global constant we could call a
transmission round. Each user keeps track of the status of slots in every transmission
round. Once a user succeeds in finding a slot to transmit in a transmission round,

it will wait this predetermined number of slots until it transmits again in the next
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1.3. CONTRIBUTION AND STRUCTURE OF THIS THESIS 3

transmission round. This slot changes its status to occupied and other users will not
try to use it in next round. New users and users who suffered a collision compete

only for the slots which are inactive in the last round or in the last several rounds.

In this research, while some improvements have been achieved, lots of problems
arise. Some of these algorithms need to change the standard frame format of 802.11,
some of them are too complicated to implement. Some like Zero Collision are not

robust. There is still room for improvement.

Recently, as more and more real-time services have been provided, the QoS of
the DCF measured by the standard deviation of packet delay becomes a critical index
of performance, especially as a measurement for short-term fairness. The standard
deviation of packet delay for the adaptive algorithms [1, 8] are smaller than for 802.11,
but they are still large.

1.3 Contribution and Structure of this thesis

This thesis presents an adaptive algorithm which makes a considerable improvement
in short-term fairness over the algorithm (Idle Sense) in [1]. To evaluate the perfor-
mance of our algorithm, Idle Sense and 802.11b with binary exponential back-off, we
use three kinds of measurement in our simulation: the overall saturated throughput;
the overall mean of the period between two consecutive successful transmissions for
each user and the standard deviation of the above period. The QoS of the DCF can
also be estimated from the last two measurements. We also estimate the performance
of three algorithms for Voice over IP (VOIP) applications by simulation. We measure
the mean and standard deviation of voice signal delay of users in the system. From
the sirnulation results, we found that we make a considerable improvement to Idle
Sense in term of QoS for VOIP. This means substantially more users may sustain

VOIP connections via a single access router.

The structure of this thesis is as follows: Chapter 2 introduces some terminology
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4 1. INTRODUCTION

and gives the description of some related wireless packet network protocols. Chapter
3 gives the description of some recent works in the back-off algorithm. Chapter 3
gives the description of our algorithm. In Chapter 5 we compare the performance
between our algorithm, Idle Sense and 802.11 with binary exponential back-off using
simulation. Chapter 5 is a brief description of some former results we got in the
course when we developed our algorithm. Chapter 6 is some results of experimental
algorithms. Chapter 7 is a summary of thesis and some work we want to do in the
future. Appendix A lists some detailed results of simulations in Tables and Appendix

B lists some important source code of the simulation experiments.

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



Chapter 2

Background and wireless packet

network protocols

In this chapter, we will give a description of some related wireless packet network

protocols.

2.1 Related contention-based random multi-access
protocols

The principle of ALOHA [4] is quite simple. Each user that has data packets tries to
transmit its data. An attempt may result in a successful transmission or a collision.
If it is successful, the user will continue to transmit. Otherwise, if it is a collision,
the user will wait a random back-off time before trying to retransmit this packet.
ALOHA gave a good solution in the special scenario of transmissions via satellite
from dispersed users without wire-line connections. However, when ALOHA was used
in other scenarios, it was found that its efficiency is rather low, the maximum of its
saturated throughput is only about 17 percent. Here the maximum of the saturated
throughput is the theoretical throughput when each user accesses the channel with

the optimal access probability, where the packet size is 1 and the overhead is 0.
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6 2. BACKGROUND AND WIRELESS PACKET NETWORK PROTOCOLS

To improve the saturated throughput, slotted ALOHA and CSMA [4, 9] were
developed. Slotted ALOHA separates time into discrete time slots and the users
can only transmit data at the beginning of a time slot. The maximum saturated
throughput for slotted ALOHA can reach 36 percent. CSMA takes advantage of
carrier sensing to avoid collisions between new transmission attempts and ongoing
transmissions. Depending on the access probability with which the user accesses the
channel when the channel is inactive, CSMA is also called p-persistence CSMA. The
maximum saturated throughput can reach more than 85 percent when p is very small.
CSMA/CD is mostly used in Ethernet local area networks. It can detect collisions and
stop a ransmission involved in a collision immediately after its occurrence. CSMA/CA
is widely used in wireless situation in which collision detection is impossible and the
RTS/CTS (Request To Send/Clear To Send) mechanism is used to avoid data packet
collision. In 1999, IEEE released its 802.11 standard [5] for the WLAN.

2.2 IEEE wireless packet network protocols

In this section, we introduce some related IEEE wireless packet network protocols. In
general, wireless packet network protocols are classified by the size of their coverage
range. Figure 2.1 shows the classification of wireless packet network protocols with

their coverage ranges.

802.15, 802.11, 802.16 and 802.20 are the four best known wireless packet network
protocols. 802.15 originated from Bluetooth technology, now also called WiMedia.
It is used in a Wireless Personal Area Network (WPAN) such as a home, a small
office or an operation room, etc. Its range of coverage is the smallest, less than 10
meters. 802.11 is the most widely used. One of its popular variants is 802.11b or
Wi-Fi. It is used in a Wireless Local Area Network. Its range of coverage is larger
than 802.15, about several ten meters. 802.16 is also called WiMax ,which is used in

Wireless Metropolitan Area Network (WMAN) as the backhaul to link Local Area
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2.2, IEEE WIRELESS PACKET NETWORK PROTOCOLS

Figure 2.1: Classifications and Ranges of the Various IEEE Wireless Networking

Standards.

Network to core network. It covers a range about 50 kilometers. 802.20 called mobile

WiMAX is also used in WMAN. It covers a range similar to 802.16. But it focuses on

supporting mobile users moving with a velocity up to 250 kilometers per hour. The

new 802.22, on the other hand, is used in Wireless Regional Area Network (WRAN)

and aims to provide broadband access across entire “regions” for a coverage range up

to 100 kilometers. Table 2.1 summarizes other features among these four protocols.

Protocol | Spectrum | Max. Data rate | Channel Plan | Modulation User type

802.15 24G/60G | 11 M/2 G bps | TDD OFDM Portable

802.11 2.4G/5.5G | 11 M/54 M bps | TDD HRDSSS/OFDM | Portable

802.16 | 2G-11G 2 M-155 M bps | TDD OFDM Portable/Nomadic
802.20 <3.5G >1 M bps TDD/FDD OFDM Mobile

Table 2.1: Comparison of wireless packet network protocols

The focus of this thesis is 802.11. It is often used together with 802.16 as in
802.11 has several variants, 802.11a, 802.11b and 802.11g. Table 2.2

Figure 2.2.

summarizes the features of physical layer of these variants.
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8 2. BACKGROUND AND WIRELESS PACKET NETWORK PROTOCOLS

s 80211
Smartphone  Accesspoint  Hib

g 80211 802169
Smaniphone  Accesspoint  Hub

Figure 2.2: 802.11 and 802.16.

For the MAC layer, all these variants of 802.11 has two options for their Medium
Access Control. One option is central control with a Point Coordination Function
(PCF). Another option is distributed control with a Distributed Coordination Func-
tion (DCF). This thesis focuses on the study of DCFs. All DCFs of 802.11 variants
use Carrier Sensing Multiple Access (CSMA). Figure 2.3 is the brief description of
operation of CSMA in 802.11.

First, the user monitors the state of the channel by carrier sensing; If the channel
stays idle for a DIFS, the user reduces its back-off counter by one every time slots
when channel keeps idle. If the channel is busy, the user freezes its back-off counter

until the channel can keep idle for a DIFS. Second, when back-off counter reaches
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2.2. IEEE WIRELESS PACKET NETWORK PROTOCOLS 9

Protocol | Spectrum | Max. Data rate | Modulation | Spread spectrum type
802.11a | 5.5G 54 Mbps OFDM FSS
802.11b | 2.4G 11 Mbps HR/DSSS | DSS
802.11g | 2.4G 54 Mbps OFDM FSS

Table 2.2: Comparison of variants of 802.11

Siot Time
DIFS DIFS
STATION A I' | PACKET A ] “I
| bt » 1
43210 ACK
SIFS
STATION B ; -
DIFS { DIFS
——— —+— o
ACK £ 765 32140
Slot Time 5: frozen backoff time
Slot Time

Figure 2.3: the brief description of operation of CSMA in 802.11.

0, the user transmits it data and reset its back-off counter according to the back-

off algorithm. The most important factor to decide the MAC performance of these

protocols is the back-off algorithm they use. This is the research interest of this thesis.

The next section is an introduction of the back-off algorithm in IEEE 802.11.
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10 2. BACKGROUND AND WIRELESS PACKET NETWORK PROTOCOLS

2.3 The binary exponential back-off algorithm in
IEEE 802.11

802.11 is a protocol based on CSMA /CA with a binary exponential back-off algorithm.
Its core mechanism for medium access control is its DCF. The idea [6] is that all the
users in the system share a common wireless channel. When a user has a data
packet to transmit, it monitors the state of the channel by carrier sensing. If the
channel stays inactive for a period of time equal to a distributed inter-frame space
(DIF'S), each user starts measuring fixed length (say 20 us) time slots. A user waits
a random back-off time measured in slots before transmitting in order to minimize
the probability of a collision with other users. Also, to avoid channel capture, a
user must wait a random back-off time after successful transmissions, even if the
channel is inactive. If the channel becomes active again, the user keeps monitoring
the channel until it again stays inactive for a DIF'S. For reasons of efficiency, the
DCF of 802.11 uses discrete time slots. The user can transmit only at the beginning
of each time slot. The size of time slot depends the propagation delay, the time to
switch between receiving and transmitting, and the time that the MAC layer needs
to be informed of the state of the channel from the Physical layer. 802.11 uses a
binary exponential back-off DCF. At the beginning of transmission, each user sets
the initial value for its back-off counter to a random value chosen uniformly between
0 and CW,,,;, — 1. Here the back-off counter is the random time measured in time
slots that a user waits before it begins transmitting. CW,,,;,, is the minimal contention
window. It is the interval in which each user uniformly chooses its back-off counter
for the first transmission or any transmit attempt after a successful transmission.
If the transmission is unsuccessful, the user doubles its contention window up to a
maximum value CW,q, = 2™CW, . Here m is the maximal back-off stage. After
the channel stays inactive for a DIF'S, the back-off counter is reduced by one every

time slot whenever the channel stays inactive but is kept ”frozen” when the channel
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2.3. THE BINARY EXPONENTIAL BACK-OFF ALGORITHM IN IEEE 802.11 11

is active (sensed active during a transmission or a collision), and the back-off counter
starts decreasing again after the channel keeps inactive for a DIFS again. When the
back-off counter reaches zero, the user transmits.

802.11 has bursty transmission characteristics because of its binary exponential
back-off DCF. Under binary exponential back-off algorithm, if a user suffers several
collisions, this user may have a very long back-off time before its next transmission.
This is not a big problem for data transmission because it does not have a large
impact on its overall throughput. But this bursty behavior causes short-term unfair-
ness between users and results in increased variability in the time between packet
transmissions and in unacceptable service delay, especially for services with a high

real-time requirement.
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12 2. BACKGROUND AND WIRELESS PACKET NETWORK PROTOCOLS

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



Chapter 3

Recent work

In this chapter, we will give a description of some recent research on DCF for 802.11.

3.1 Idle Sense

Idle Sense, an adaptive back-off algorithm for the Ethernet or wireless LAN was
presented in [1]. In this algorithm, as in 802.11, each user maintains a back-off
counter and a contention window. If the channel is active, the back-off counters of
users remain unchanged until the channel stays inactive for a DIFS. The back-off
counters is reduced by one whenever the channel stays inactive for one more time
slot. When a user’s back-off counter reaches zero and the channel is inactive, this

user begins its transmission.

The difference between this adaptive back-off algorithm and the back-off algo-
rithm in 802.11 is its way of calculating the contention window. By observing the
transmission event, each user 4 adjusts its access probability p; towards an optimal
value p* without ever knowing number of users N in system. To do this user i esti-
mates the probability of an inactive slot with §;. In practice user ¢ examines the last
B slots. Slots which are inactive are counted 1. Slots which are active are counted 0.
The estimate ¢; is the number of ones divided by B. The target probability that an

any time slot is an inactive slot is exp(—s*). s* is a predefined global constant given

13
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14 3. RECENT WORK

in [1]. The user can adjust its p; consistently to make the estimate §; approach the
target exp(—s*). In particular Idle Sense essentially performs the following adjust-
ment. User ¢ adjusts it’s transmission probability from the old value p?™® to the new
value pl*e:

Additive increase if §; > exp(—s*) then set pPe® = pold + ¢,

i
Multiplicative decrease if §; < exp(—s*) then set p*¥ = p¢l¢/q.

The effect of this algorithm is to stabilize each p; at p* = s*/N where ¢; will be
close to exp(—s*). The p; tend to the same value because its AIMD (Additive Increase
and Multiplicative Decrease) (a > 1) mechanism reduces the difference between the
pi’s. The associated contention window CW; for user 7 is given by p; = 2/(CW, + 1)
and the back-off is chosen randomly from this window.

AIMD is a feedback control algorithm. We can intuitively understand how it
works by looking at Figure 3.1.

d2=d1
=d3

d6=45

Access probability

d2/a d5=

.
L

time

Figure 3.1: Principle of AIMD
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3.2. ZERO COLLISION 15

Figure 3.1 shows two users who are synchronized and additively increase and mul-
tiplicatively decrease together. Assume user 1 and user 2 have access probabilities p;
and ps respectively. The difference between the two access probabilities is d1 = p;—ps.
After an additive increase, the difference between the two access probabilities is the
same; i.e. d2 = dl = p; — py. However, after a multiplicative decrease, the difference
between the two access probabilities reduces to d3 = d2/a = (p; — p2)/a. In this
'saw tooth’ manner, the access probabilities of the two different users approach the
same value, but this common value continues the ’saw tooth’ behavior. However, in
Idle Sense and our algorithm, different users adapt their access probabilities asyn-
chronously based on their asynchronous observation of traffic on the channel. So
the access probabilities of different users can not in fact converge to the same value.

Instead there is a constant fluctuation around a central value.

3.2 Zero Collision

Zero Collision was presented in [2]. There are two main ideas. One is that wasting
some inactive slots only has small impact on the performance because the length of
an inactive slot is much shorter than an active one. Another is that each specific
network has a limitation on its maximum number of users because of its hardware
and software restraints.

Figure 3.2 and 3.3 gives an illustration of operation of Zero Collision.
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Figure 3.2: Three transmission rounds and user a, b and n have allocated slots.
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Figure 3.3: d is a successful new user; e and f are unsuccessful.

In this algorithm, the number of slots in each transmission round is fixed. Each
user keeps monitoring the status of slots in every transmission round. A user may
keep transmitting in the fixed slots in the transmission round if it succeeded in last
round. New users and users suffering a collision only compete for the slots which are
inactive in last round or last several rounds.

In Figure 3.2, a,b...n are users who successfully transmit their data into fixed
allocated slots. They will continue to transmit in the same slots in every transmission
round until they have no data to transmit. In Figure 3.3, user d, user e and user f
are new users. User d transmits successfully and will keep transmitting in the same
slot. User e and user f compete for a slot but they collide. So they will wait for a
random back-off time until they can again compete for a slot. [2] shows that this
algorithm has very good performance when the capacity limit of network is not very
large (maximum number of user up to 128). However, Zero Collision suffers from a
lack of robustness. If a user fails to detect a transmission from another hidden user,
then his internal description of a transmission round is false. This will lead to an

incorrect calculation of his allocated time slot and that will result in a collision.

3.3 Kalman Filter

[12] presented an estimation method for the number of users in the system using

the extended Kalman Filter. Simulation shows the extended Kalman Filter is more
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accurate and effective than ARMA filter. We tried to use the extended Kalman
Filter in our algorithm. Every user estimates the number of users N based on the
observation of the traffic using the extended Kalman Filter as in [12] and each user
adapts its access probability as p = s*/N. Here s* is the same constant as Idle Sense.
But we found the simulation result is poor. The accuracy and the convergence speed
of the estimate using the extended Kalman Filter are not very good, especially in the

dynamic case when users arrive and depart.

The performance of 802.11 and Idle Sense will be compared with the performance

of our algorithm in the next chapter.
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Chapter 4

Our Algorithm

In this chapter, we will introduce our adaptive algorithm, which is an improvement

for Idle Sense.

4.1 Throughput and Fairness

The two main factors in performance evaluation are throughput and fairness. The
main goal is to improve these factors to ensure a good quality of service (QoS) for

each user.
Throughput, Long-term fairness and short-term fairness

Throughput is the channel utilization; i.e. the long term proportion of time spent
transmitting (payload) data. In this thesis, we use throughput as the primary per-
formance measure. Long-term fairness is the equality of transmitting opportunities
that each user gets over a long time period. Short-term fairness is the equality of

transmitting opportunities that each user gets in a relative short time period.

In this thesis, we use the standard deviation of the period between two consec-
utive successful transmissions for each user divided by the mean time between these
two successful transmissions to measure the relative variation of packet delay of the

streams from each user as the measure of fairness. In the case of VOIP, we use the

19
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mean and standard deviation of the voice signal delay for each user as the measure

of service quality.

4.2 Mathematical inference

Suppose there are IV users in the system with a common access channel which the
users share in a decentralized manner [10]. Time is slotted and users can only try
to transmit at the beginning of time slot. All users always have packets to transmit.
Each user has a back-off counter k& and keeps an access probability p as a state.

A hypothesis that the back-off’s of various users decouple when N gets large was
developed in [6] and was justified theoretically in [11]. According to this hypothesis,
the back-off’s of the various users are mutually independent as the number of users in
the system becomes large. As a result, if the channel is inactive and the probability
a user accesses the channel is p, the chance that none of the N users access the
channel is (1 — p)V; that one user accesses the channel and successfully captures it is
Np(1 — p)¥~! and that a collision occurs is (1 — Np(1 — p)V~! — (1 — p)M).

The state of the channel can be seen as a three-state semi-Markov chain: trans-
mission with a length of L., collision with a length of L, or inactive with a length
of 1. L,q is the payload of a transmission and the unit of length is an inactive time
slot. Then the throughput is the proportion of time that the channel can be captured
successfully by a user is:

LpaNp(1 —p)N 1
LyNp(1—p)N=1+ Lo(1 = Np(1 —p)V-1 = (1 = p)N) + (1 = p)N

Figure 4.1 gives the throughput as a function of access probability p when N is
3,6,15,40,100. Red line is for N = 3. Blue line is for N = 6. Green line is for N = 15.
The two black ones are for N = 40 and N = 100. We can see that the larger the

number of users N is, the smaller the optimal p is.

To optimize the throughput, we can maximize the above proportion. It is also
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Figure 4.1: Throughput as a function of average access probability of users.
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