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Abstract
The usage of Wireless Local Area Networks is rapidly increasing throughout the world. The
technology today is not quality proof for the market’s demands. We want to be able to completely wireless perform our demands, such as confer via video or IP-telephony. This is what
we call multimedia real-time traffic. It may be achieved over the physical infrastructure in
some areas with good results. The goal of this Master’s Thesis is to analyze the possibilities
and give solutions and suggestions to achieve multimedia over the wireless networks, with
emphasis on the protocol Carrier Sense Multiple Access with Collision Avoidance
(CSMA/CA).
This Master’s Thesis is a theoretical study, and the suggested solutions have not been tested in
an actual wireless network. Instead they have been evaluated by computer simulation to give
an indication of improvements. Basic configurations are set to the same as in the IEEE 802.11
standard.
Different methods to reach possible improvements of a WLAN are studied, analyzed and
simulated. Such methods are: priority, congestion management and multi-channel protocol.
Simulation results show how the priority affects the wireless network and how a multichannel protocol improves the latency and efficiency of the network. The simulation part is
concentrated to show improvements of real-time traffic, which is time sensitive. With a multichannel protocol the network can allow more users, i.e. more traffic. Also, the network will
gain improvement in stability.
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INTRODUCTION

Chapter 1 Introduction
This section will describe the background and purpose of the thesis.

1.1 Background
The abbreviation WLAN is used for Wireless Local Area Network and may be illustrated as a
small (local) network of computer devices that communicates with no physical connections to
each other. What is used is the air, where a frequency band is specified for this kind of communication. The communication medium is therefore the same as used in ordinary television,
radio and mobile telephony.
The computer devices that communicate with each other can be everything that is suitable in a
network, such as computers, Personal Digital Assistants (PDAs), printers, scanners, etc. These
devices receive and transmit through an antenna that has a range of roughly 100 meters.
Therefore the network is just seen as a small area network.
The purposes for a WLAN are many, no cords are needed to build the network, the devices
may be mobile within the network’s range and the network is easily built.

1.2 Purpose
The purpose of this thesis is to analyse and give suggestions how to improve a WLAN.
Communication today is often time sensitive, i.e. the traffic flows must be delivered within a
certain time, hence the term real-time traffic. The network has to be able to guarantee a certain amount of quality, called Quality of Service (QoS).

1.3 Reader’s Guide
To fully understand this thesis it is preferable that the reader has some knowledge in data –
and telecommunication. A list of abbreviations is documented in the end of the report, since
many are used but also described in the text. During reading you will be guided by clambers
to the references in the written text. The clambers will contain number(s), which refer to the
reference in the end of the thesis. A clamber containing the letter G ([G]) means assumptions
by the author.

1.4 Introduction to the Thesis
This thesis consists of 7 chapters. In section 2 the problem I have been devoted to study is introduced. Section 3 is a literature study (background information) about WLANs, which was
the starting phase of this work. Section 4 describes the suggested solution that I have chosen
to base the following sections on. Section 5 describes the different methods I have thought of
and found to reach possible improvements of WLANs. In section 6 these methods are analysed more thoroughly and at last in section 7 the methods are simulated to show the effect.
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Chapter 2 Problem Definition
This section describes the goals and scope of this thesis.

2.1 Definition of the Problem
Wireless Local Area Networks (WLANs) do not support satisfying Quality of Service (QoS)
today. Factors as real-time traffic (voice and video) and multi-access communications require
new algorithms and methods that can handle priority and QoS considerations.
In this thesis the concentration will be laid at the IEEE 802.11 standard, which uses the
CSMA/CA protocol. The A and B version of this standard operates present at “best effort service” and therefore cannot guarantee real-time traffic communication. No QoS features are
involved and they only provide basic connectivity with no guarantees. No differentiations are
made between traffic and flows. A new version (IEEE 802.11e), which is not available on the
market yet, operates under “soft QoS” or “differentiated service”. Some traffic is handled with
priority in different ways. Traffic is arranged in different “Traffic Categories” and the stations
have certain queues for each of them. In this way, traffic with higher priority than others get
access to the transmission medium faster.
Unfortunately “soft QoS” is not enough to manage real-time traffic. We need a standard with
“hard QoS” or “guaranteed service” to be able to manage voice and video traffic. Many factors can and must be modified to reach this goal. Wireless features is not only needed it is also
promised by the manufactures and demanded by the market.

2.2 The Goals of the Thesis
To study the QoS issues of WLAN CSMA/CA protocol
To identify the problems of the CSMA/CA protocol for supporting of real-time traffic
To propose some solutions for improving QoS in WLAN protocols
To make theoretical/mathematical analysis and simulation of the suggested solutions

2.3 Discussion of the Goals
The first part of the thesis is to study the standards available today and understand their procedures and limits for real-time traffic. Further, technologies and mechanisms that are suitable
to reach the goal will be introduced. The second part will concentrate on how to implement
suitable solutions in the wireless environment. The ones that are possible will be analyzed and
simulated to evaluate if the solutions are constant and can be improved. It will not be sufficient to only modify one factor to reach the goal. To modify and improve a whole standard is
out of this thesis’ scope. At least one factor will be studied in detail and suggestions and more
shallow studies will be done of other factors. In the end of the thesis the simulations are covered.

2.4 Definition of the Task
Mathematical theories and proved solutions will be used to state the solutions in this thesis.
Some minor tests on how the technology works today will be done for basic understanding.
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This is not a thesis for a new standard or version of an existing standard. The task is to find
suggestions to improve the WLAN technology and further to analyze them. The analysis part
will be simulated to prove positive effects.
This is a Master’s Thesis which will reflect my prior studies in Communication System Engineering and is the last phase of my four and a half year long education. The program, Master
of Science in Communication and Transport System Engineering, which I am attending is
taught at Linköping Institute of Technology, Campus Norrköping.

2.5 Limitations
This is a theoretical study and the suggested solutions will not be able to be tested in a practical environment. The suggested solutions that are not done in other work will not be able to
be proven practically. Only theoretical proof can be stated. The resources for this thesis do not
include laboratorial test. Only computerized simulations are composed by the author. Economical issues are either not considered. The suggested solutions might be too costly for the
market.
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Chapter 3 Background Information
This section will help you understand the basic background of Wireless LAN, such as, main
purpose, technologies, mechanism and standards.

3.1 Wireless Local Area Network
3.1.1 History of Wireless LAN Networks
At the University of Hawaii in 1971, network technologies and radio communications were
for the fist time combined. The project was called Alohanet and enabled computer devices at
seven different campuses spread out over four islands to communicate with the central computer on Oahu by using the air as medium. It was set up as a star topology and the remote stations could only communicate through the central computer on Oahu. [7]

3.1.2 What is WLAN?
WLAN is the abbreviation for Wireless Local Area Network. A Local Area Network (LAN)
is a small environment of computer devices that share a communication medium. The medium is used for many purposes such as both internal (within the WLAN) and external communication (other WLANs or the Internet). Hence it is clear that a WLAN is slightly the same
as a LAN with the difference that WLAN operates wireless. Instead of sharing a physical medium such as fiber optics the WLAN shares the ether (the air) as the communication medium.
[1]
There are both advantages and disadvantages with the WLAN compared to the LAN. With
WLAN the users are much more mobile within the area of the network. With LAN the users
are fixed to a point when connected to the communication medium. Still the LAN is more developed and more reliable than the WLAN. The LAN communication technology is more efficient and errors easier to detect. Figure 3.1 illustrates different LANs. [1, 2]

FIGURE 3.1: THREE COMMON LAN STRUCTURES.

The WLAN structure basically has two different topologies: the Ad-Hoc Network and the Infrastructure Network. Ad-Hoc is a network established by different computers communicating
with each other with one of the machines as a base station (master) and the other ones being
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“slaves”. There are no fixed points in this kind of network, no structure and usually every
node is able to communicate with each other. A good example for usage of an Ad-Hoc Network is where employees bring their laptops together to communicate and share different
kinds of information at a meeting [1]. Figure 3.2 illustrates an Ad-Hoc Network.

FIGURE 3.2 AD-HOC NETWORK.

The other topology, Infrastructure Network, is a more structured architecture. Fixed network
access points (AP) are used, with which mobile nodes can communicate. The APs coordinates
the mobile nodes and creates the network. The APs are sometimes connected to landlines to
widen the network’s capability by bridging wireless nodes to other wired nodes [1]. The APs
can be other computers or routers. It is important to understand that the APs do not have to be
connected to a physical medium. They are able to also communicate wireless with other APs
and networks. Since the APs usually are at fixed points it is more efficient to have them connected to a physical medium [2]. Figure 3.3 illustrates an Infrastructure Network.

FIGURE 3.3: INFRASTRUCTURE NETWORK.

The problem with WLAN today is that it operates after “best effort” and therefore cannot
guarantee specific services such as real-time traffic, i.e. video and voice. WLAN does not
support Quality of Service (described further below), which can distinguish different types of
traffic. Certain traffic might need to be prioritized and/or be guaranteed bandwidth to be able
to function properly. [G]

3.1.3 Usage of WLANs
A trendy genre on the globe today is mobility. We want to be able to move while communicating. The mobile phone network took us there in the 1980s and people were not longer fixed
to a point when communicating by voice over the phone. [G]
Today we are able to accomplish numerous tasks on our computer units. People bring their
laptops on planes, trains, cars etc. Work gets more efficient and faster over the Internet. The
14
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usage of WLANs therefore becomes more and more important. Areas in cities and airports
can today provide “hot spots” ,with access to the Internet, where we are able to connect our
laptops or PDAs wireless to the network. Offices provides WLANs that offers mobile work
tasks. We are not bound to one single network hence we are able to move between several
with instant access, which is called handovers. [G]
For companies or other business areas a WLAN might be crucial. For a company that has a
main office and a warehouse divided by a river or another obstacle as rails, and still wants to
have a network between the two, a WLAN is a suitable solution. Also, in the warehouse there
is a lot of movement and mobility is a crucial factor. It is a question of fast business not to be
connected to a fixed point in a warehouse. Updates and changes might happen fast in such
environment. [7, G]
For a facility with historical value it might be forbidden to install a wired network, such as
drilling holes, attach cables etc. The WLAN will prevent such interference upon the environment. [7]
For companies that intend to expand their facilities or move the business to another location
and still want an intact, fast set up and working network, a WLAN offers a satisfactory solution. It is too costly to draw new cables and set up new connections each time for such a business. [G]
A WLAN improves the modern way of life today. We move fast, need information wherever
we are fast, we do not intend to be fixed to a single point. A WLAN will save time, create
mobility and flexibility and open a freer environment for the individuals. [G]

3.1.4 Standards
Today there are mainly two different standards used for WLAN: the IEEE 802.11x standard
and the HiperLAN/x standard. Both of them have many different substandards with newer
and more improved features. The first IEEE 802.11 standard was finished in November 1997
and the workgroup are constantly working to improve the technology. The two use different
protocols to access the medium, called the MAC layer. IEEE 802.11 uses the CSMA/CA,
which stands for Carrier Sense Multiple Access with Collision Avoidance. The HiperLAN
uses the TDMA/TDD protocol, Time Division Multiple Access/ Time Division Duplex. [2, 7]
The IEEE 802.11 standard is much more used than the HiperLAN. Still the HiperLAN has
come further with the problems that deal with real-time traffic. This thesis will concentrate on
the CSMA/CA standard for improvements.
There are two main types of standards, an official and a public. The first one is published and
known to the public but it is controlled by an official standard organization, such as the Institute of Electrical and Electronics Engineering (IEEE). Government and/or industry consortiums normally sponsor the official standards groups. [2, 7]
The public standards, also called de facto standards, are governed by a private organization,
such as the Wireless LAN Interoperability Forum. Public standards can often respond faster to
changes in market needs due to the faster bureaucracy in the organizations. Still the official
standards are more reliable and compliant to other developing technologies. [2, 7]
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3.1.5 Components of a WLAN
A WLAN is built of Access Points (AP) and mobile terminals/stations.
HiperLAN has named them mobile terminals and 802.11 names them stations. From now on
in this text they are denoted stations and they can consist of desktop computers, laptop computers, palmtop computers and handheld printers. [2]
Several stations can associate to the same AP at the same time. This configuration is called a
BSS (Basic Service Set) in 802.11 and Radio Cell in HiperLAN. In this text they are from
now on denoted BSS. If an AP accesses another AP they form an ESS (Extended Service Set).
The Distribution System (DS) is used to interconnect different BSSs and integrated LANs to
form an ESS (called Radio Access Network in HiperLAN). In an Ad-Hoc network it is called
IBSS (Independent Basic Service Set). This can also be done in HiperLAN but must be controlled by a Central Controller (CC) that works similar as an AP. This is since HiperLAN
needs a unit that controls the transmissions in the network. [2]
In figure 3.4 BSS 1 and BSS 2 is connected to each other using APs and the DS. If the WLAN
should be able to connect to a wired LAN a portal can be used. The portal provides logical
integration between the 802.11 and existing wired LANs. Most APs today include the function of a portal. The portal is called Convergence Layer in HiperLAN. [2]

FIGURE 3.4: EXTENDED SERVICE SET WITH

PORTAL.

3.1.6 CSMA/CA
Carrier Sense Multiple Access with Collision Avoidance is a technology that is able to feel or
sense the medium for access. In a physical LAN the technology Carrier Sense Multiple Access with Collision Detection (CSMA/CD) is used and works similar to the CSMA/CA technology. Both are protocols, i.e. rules how to access the medium. When we operate wireless it
is hard to detect a collision. Instead the CSMA/CA protocol will try to avoid them in different
ways, while the CSMA/CD is able to detect the collisions and recover them. In CSMA/CA the
Medium Access Control (MAC) layer operates together with the physical layer by sampling
the energy over the medium transmitting data. The MAC protocol is the Distributed
Coordination Function (DCF) that works as listen-before-talk scheme, based on the CSMA.
The clear channel assessment (CCA) algorithm is used and is accomplished by measuring the
RF energy at the antenna and determining the strength of the received signal, the measured
signal is known as RSSI. The protocol has a threshold rule for the Received Signal Strength
Indication (RSSI) signal strength and if the threshold is below a certain level the MAC layer
16
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tion (RSSI) signal strength and if the threshold is below a certain level the MAC layer is given
the clear channel status for data transmission. If the RF energy is above the threshold no access is given to the medium. [3] The station that wishes to transmit also has to wait for a certain duration of time, DFC Interframe Space (DIFS), before transmitting and only if the medium remains idle this additional time the station is allowed to initiate the transmission. This
is another part of the collision avoidance to prevent that two stations sense the medium idle at
the same time. [4]
The standard provides another option for CCA that can be used alone or with the RSSI, depending on the environment. Stations can use Request to Send (RTS), Clear to Send (CTS)
and acknowledge (ACK) transmission frames to avoid collisions. A station can establish
communication by sending a short RTS frame. The frame includes the length of the message
and destination to the transmitting station. The message duration is known as the network allocation vector (NAV). The NAV is used to alert all other nodes in the networks to back off
for the duration of transmission. The receiving station sends a CTS frame that echoes the
sender’s address and the NAV. If the sender does not receive a CTS frame it is assumed that a
collision occurred and the process with RTS starts over. If the sender receives a CTS frame
the data transmission starts and an ACK frame is sent back to verify the transmission. Between two consecutive frames in the sequence of RTS, CTS, data and ACK frames, a Short
Interframe Space (SIFS) gives transceivers time to turn around. SIFS are shorter than DIFS,
which gives CTS responds and ACKs highest priority access to the medium. This system is
very useful to prevent the “hidden node” problem. Since the environment can be very varying
all nodes might not be able to sense with the RSSI signal if other nodes are transmitting, those
nodes are therefore hidden from each other. [3] A disadvantage is that the extra traffic with
RTS/CTS/ACK will hence decrease the throughput efficiency.
The methods above are only different ways to avoid collisions and of course they still occur.
If a collision (error) occurs the station will wait, a new backoff time is set, for a random time
before a new attempt to transmit. The duration of the random time is determined as a multiple
of a slot time. Each station maintains a “Contention Window (CW)”, which is used to determine the number of slot times a station has to wait before transmitting. If a transmission fails,
i.e. is not acknowledged the CW size increases and the new backoff time will be the double
size of the CW. [4]
The stations that are not granted access to the medium, due to busy, do not choose a new
backoff time, just counts down the present one. The stations that have a larger random backoff
time than the other stations’ backoff times and therefore will not gain access to the medium
will be given higher priority when they resume the transmission attempt. [4] Figure 3.5 illustrates transmission in a WLAN.
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FIGURE 3.5: TIMING OF STATIONS IN A WLAN.

3.1.7 Medium Access Control Layer & Physical Layer
The MAC layer controls the medium access. The three physical sublayers control how the
data is transmitted. The physical (PHY) layer consists of Frequency Hopping PHY, Direct
Sequence PHY and Infrared Light PHY. The first one uses a method to hop from one frequency to another to transmit a few bits on each frequency before shifting to a different one.
Frequency hopping systems hop in a pattern that appears to be random, but has a known sequence. The 802.11 standard defines a set of channels that are spread across the 2.5 GHz ISM
band. The number depends on geography, North America and most of Europe have 79 channels and Japan has 23 channels. In the two first areas the frequencies span from 2.402 to 2.480
GHz and in Japan from 2.473 to 2.495 GHz. [7]
The second one uses direct channels. Different geography has certain channels, the standard
provides seven of them and USA and Europe have three pairs while one is exclusively available for Japan. In pairs they can be used simultaneously by developing a frequency plan that
avoids signal conflicts. This method provides a higher throughput than the one above. [7]
The third one describes a modulation type that operates in the 850 to 950 nM band for small
equipment and low-speed applications. [7]
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FIGURE 3.6: OSI MODEL.

The MAC layer is a Data Link layer function in a radio-based WLAN. Figure 3.6 illustrates
the logical architecture, which defines the network’s protocols. This particular one is a standard seven-layer Open System Interconnect (OSI) Reference Model, developed by the International Standards Organization (ISO). Theoretical a WLAN only operates in the two lowest
layers. All layers are still needed for a normal user in a WLAN. The following layer specifications explain why:
•
•
•
•

•
•
•

Layer 7 – Application Layer: Establishes communications with other users and provides such services as file transfer and email to the end users of the network.
Layer 6 – Presentation Layer: Negotiates data transfers syntax for the Application
Layer and performs translation between different data types, if necessary.
Layer 5 – Session Layer: Establishes, manages, and terminates sessions between applications.
Layer 4 – Transport Layer: Provides mechanisms for the establishment, maintenance,
and orderly termination of virtual circuits, while shielding the higher layer form the
network implementations details. Such protocols as Transport Control Protocol (TCP)
operate at this layer.
Layer 3 – Network Layer: Provides the routing of packets through routers from source
to destination. Such protocols as Internet Protocol (IP) operate at this layer.
Layer 2 – Data Link Layer: Ensures synchronization and error control between two
entities.
Layer 1 – Physical Layer: Provides the transmission of bits through a communication
channel by defining electrical, mechanical and procedural specifications. [7]
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3.1.8 Logical Link Control Layer
Figure 3.7 below illustrates the whole concept of the two lowest layers. It shows that the
MAC layer operates underneath the Logical Link Control (LLC) layer, which specifies the
mechanism for addressing stations across the medium and for controlling the exchange of data
between two stations. The MAC and PHY layers provide medium access and transmission
functions. [7]

FIGURE 3.7: ISO MODEL WITH TWO LOWEST LAYERS DETAILED.

3.2 Quality of Service
Quality of Service (QoS) is a method to provide better service to network traffic. More specific QoS enables you to provide better service to certain flows of traffic, giving some flows
higher priority and other lower. QoS provides a technology called Classification, which provides priority to certain flows. The flow must be identified and if desired also marked to identify its priority. A way to do this is to implement IP Precedence. In the header’s Type of Service (ToS) field of the packet the first three bits is set to a certain of priority. Each station in
the wireless environment must therefore implement a queue system for different priorities. If
the packet only is identified but not marked the classification is so-called per-hop basis. This
happens when the priority only should be given at the device it is on at present and not passed
on to the next router. Other tools of QoS are the congestion-management tool, the queue management tool, link efficiency tool and policing and shaping. [5]
The congestion management tool arranges different queues at the stations for different traffic. A queuing algorithm to sort the traffic and prioritizing it onto an output link handles overflow of arriving traffic.
•

The first-in, first-out (FIFO) queuing is the simplest form by storing packets at congestion and sends them in order of arrival when granted access to the network. This is
a default algorithm that do not make any difference between different types of traffic
and is therefore inefficient for real-time traffic. A full queue will tail drop the last
packets coming in and therefore a high-priority packet may be dropped. Nor can the
queue distinguish the difference between priorities. [5]
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•

Priority queuing (PQ) ensures that higher priority traffic is handled fastesr at the point
where it is used. PQ places packets in four different queues: high, medium, normal and
low. Unmarked packets are placed in the normal queue. [5]

•

Custom queuing (CQ) guarantees bandwidth and is used at potential congestions
points to ensure specific traffic a fixed amount of available bandwidth and leaves the
remaining to other traffic. CQ handles traffic by assigning a specified amount of queue
space to each class of packets and serving the queues by round-robin. [5]

•

Flow-based weighted fair queuing (WFQ) creates fairness among flows. This means
that the algorithm will treat the queues fair bit-wise by allowing each queue to be serviced fairly in terms of byte count. The algorithm will also weight traffic by IP precedence to provide better service for certain queues. [5]

•

Class-based weighted fair queuing (CBWFQ) allowes a network to create minimum
guaranteed bandwidth classes. A class consists of one or many flows and each class
can be guaranteed a minimum amount of bandwidth. CBWFQ is very useful when a
certain flow, such as video or voice traffic, needs to be excluded from the fairness
mechanism and be able to get the needed bandwidth. [5]

The queue management tool deals with congestion avoidance before they occur. Weighted
random early detection (WRED) may be used. Random early detection (RED) algorithms will
avoid congestion before it becomes a problem. RED monitors traffic at different points in a
network and stochastically discards packets if the congestion begins to increase. The source
will notice this and therefore slows down its transmission. WRED combines the RED algorithm with IP precedence and will therefore drop the lower priority packets and not the higher
priority ones. [5]
The traffic-shaping and policing tools are generic traffic shaping (GTS) and frame relay
traffic shaping (FRTS), used to manage traffic and congestion in the network. For policing
tool, committed access rate (CAR) is used. [5]
The link efficiency mechanisms are link fragmentation and interleaving (LFI) and real-time
protocol header compression (RTP-HC), which concentrate on queuing and traffic shaping to
improve the efficiency and predictability of the application service level. [5]

3.3 Related Work
An interesting publication is: “IEEE 802.11e Wireless LAN for Quality of Service” by
Mangold et al. [4]. This paper gives an overview of the new features of an upcoming new
standard for WLANs. IEEE 802.11 Task Group E implements support for Quality of Service.
Enhanced Distributed Coordination Function (EDCF) and Hybrid Coordination Function
(HCF) are new mechanisms that are evaluated by simulations in this paper. Obviously the
new protocol is an improvement of the legacy IEEE 802.11. Therefore the stations operating
under the IEEE 802.11e are called enhanced stations. The EDCF addresses the issue to
change the backoff time, for stations, when the medium is busy. In the legacy IEEE 802.11
the Persistence Factor (PF) is automatically set to the doubled value. Since the new standard
introduces different Traffic Categories (TCs) with different priorities the PF is used to
increase the Contention Window (CW) different for each TC. Hence the station may
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implement up to eight transmission queues with QoS parameters that determine their priority.
The HCF extends the EDCF access rules. The Hybrid Coordinator (HC) may allocate
Transmission Opportunity (TXOP) to itself to initiate MAC Service Data Unit (MSDU)
deliveries whenever it wants. But clearly after the channel has been idle for the correct
amount of time. The two new mechanisms are therefore able to give certain priority for higher
prioritized traffic. This is also studied at a lower level in Deng et al. [15], they investigate how
to achieve priority by shorter IFS times.
Another publication, “Multichannel CSMA with Signal Power-Based Channel Selection for
Multihop Wireless Networks” by Nasipuri et al. [6], addresses the issue to implement more
channels over the medium. Three to five channels are implemented; the stations are able to
choose an idle channel from a “list” (not defined how) and attempt transmission. Higher
throughput is shown for both three and five channels instead of one single.
Burrell et al. [14] have publicized a paper, “Transmission policies and traffic management in
multimedia wireless networks”, about how to code a single medium into logical channels by
Time Division or Code Division. Both solutions make it possible to have simultaneous transmissions. The disadvantage is that the coding wastes some of the bandwidth due to control
and synchronization channels. The latter solution shows a smaller loss of capacity.
Tay et al.’s [10] publication “A Capacity Analysis for the IEEE 802.11 MAC Protocol” is a
thorough study about how the protocol behaves for different types of traffic. They simulate
and discuss the impact of different sizes of the contention window and how that affects the
probability of collision and the maximum throughput.
Antonio García-Macías et al. [12], “Quality of Service and Mobility for the Wireless Internet”
is a study about; how the throughput is measured, the impact on quality of service if errors
occur and the numbers of users in a network.
All of the above publications will be referred to in the following sections. As for section 7,
which is the simulation part of this thesis, the work by Tay et al. [10] will be of importance.
They provide useful calculations and formulas for probability of collisions.
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Chapter 4 Proposed Solutions
This section lists the suggestions for improvement that will be analyzed and discussed. Some
of them will be simulated, described in the coming sections.

4.1 Discussion
As described in section 3.4 other authors have addressed the problems of the WLANs today.
They all present analyses, simulations and methods of improvements. The three suggestions
listed below are those that will be, in some matter, considered in this thesis. In the next section (5) they are all described as different methods to improve a WLAN. The priority and
multi-channel protocol are the solutions that will be thoroughly analyzed and also simulated
in this thesis. Comments about the other authors’ work done in the same area as in this thesis
are included in the appropriate section(s).
1.
•
•
•

Implement different Quality of Service measures such as:
Priority
Congestion Management tools
Classification

2. Implement full duplex in the CSMA/CA protocol
• Today only half duplex is used in a WLAN. Full duplex means that a station is able to
transmit and receive at the same time. The transmission would therefore be more efficient.
3. Implement multi-channel protocol
• Today the transmission medium is a single channel medium. If transmission could be
done on more than one channel the transmission may be more efficient.
• To be able to implement full duplex, multiple channels are needed. Both methods
would increase the throughput prominent.
The reason I have chosen to study the above suggestions of improvement is because they
do not seem too hard and expensive to implement. Also, some research are already in progress in similar areas and therefore comparisons are able to be drawn
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Chapter 5 Methods
This section describes different methods that will improve the Wireless Local Area Network
in different ways.

5.1 Priority
The IEEE 802.11 working group is currently trying to solve different QoS aspects. The Point
Coordination Function (PCF) is one way to let stations have priority access to the wireless
medium, coordinated by a station called Point Coordinator (PC). The PCF has higher priority
than the DCF (described in section 3), because it may start transmissions after a shorter duration than DIFS. This time space is called PCF Interframe Space (PIPS), which is 25 µs for
802.11a compared to the DCF Interframe Space (DIFS) that is 34 µs. The PIPS is longer than
the SIFS, which is 16 µs for 802.11a. With PCF, a Contention Free Period (CFP) and a Contention Period (CP) alternate over time, where a CPF and the following CP form a superframe. During the CFP, the PCF is used for accessing the medium, while the DCF is used during the CP. The systems demand that a superframe includes a CP of a minimum length that
allows at least one MSDU Delivery under DCF. [4, 15]
A superframe starts with a so-called beacon frame, regardless if PCF is active or not. The beacon frame is a management frame that maintains the synchronization of the local timers in the
stations and delivers protocol related parameters. The PC, which typical is in collocation with
the AP, generates beacon frames at regular beacon frame intervals, thus every station knows
when the next beacon frame will arrive; this time is called target beacon transition time
(TBTT) and is announced in every beacon frame. The beacon frame is also required in pure
DCF even if there is only contending traffic. There is no contention between stations; rather,
stations are polled. [4]
In section 3, figure 3.5 illustrates how the medium access works in ordinary DCF. Figure 5.1
below illustrates how PCF is done. Station 1 is the polling station and polls station 2. Only
station 3 detects the beacon frame and sets its NAV for the whole CFP. Station 4 does not detect (due to it is hidden to station 1) the beacon frame and keeps to operate in DCF. [4]

FIGURE 5.1: THE PCF METHOD.

The PC polls a station asking for a pending frame. Because the PC itself has pending data for
this station, it uses a combined data and poll frame by piggybacking the CF-Poll frame on the
data frame. The polled station acknowledges the successful reception. If no ACK is received
by the polling station after waiting for PIFS, it polls the next station, or ends the CFP. A specific control frame, called CF-End, is transmitted by the PC as the last frame within the CFP
to signal the end of the CFP. [4]
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The IEEE Task Group E is doing research within the area to support priority QoS, i.e. priority
schemes. The group defines enhancements to the above MAC, called 802.11e that introduces
Enhanced Distribution Coordination Function (EDCF) and Hybrid Coordination Function
(HCF). The stations are called enhanced stations and may optionally operate as the Access
Point, also called the Hybrid Coordinator (HC). The EDCF is used in the CP and the HCF is
used in both CP and CFP. [4]
The advantage with EDCF is that it allows different Traffic Categories that have different priorities at the stations. Hence this is one way to handle the QoS parameter of priority. Traffic
may be handled with multiple backoff times and is specified with the TC-parameters. When
stations sense the transmission medium idle they independently backoff for an Arbitration Interframe Space (AIFS), which is equal or greater than the ordinary DIFS and may be enlarged
individually for each TC. The normal procedure starts after waiting for AIFS, i.e. a random
backoff counter set from the interval [0, CW -1]. However, the minimum size of the CW depends on the TC, i.e. CWmin [TC]. In DCF the CW-intervals where set to CWmin=32 and
CWmax=1024. Priority over legacy stations is provided by setting CWmin[TC]<15 and
AIFS=DIFS. This means that when using AIFS, which is calculated with respect to the TC,
there will be different instances for different TCs to get access to the medium. The stations
will give longer backoff times for the lower priority traffic. [4, 15]
If an unsuccessful transmission occurs (due to collision etc) a new CW is calculated with the
persistence factor with respect to the TC, PF[TC]. An enlarged CW is set to reduce the probability of a new collision. In the legacy 802.11 the CW is just doubled after a collision, hence
PF=2. Instead the PF is used to increase the CW different for each TC, as shown in the formula below: [4]
newCW [TC ] ≥ ((oldCW [TC ] + 1) ∗ PF ) − 1

FIGURE 5.2: IFS TIMES AND DIFFERENT CONTENTION WINDOWS FOR DIFFERENT TRAFFIC CATEGORIES.

The values in figure 5.2 will be different depending on the standard that is used. For example
in IEEE 802.11a: slot = 9µs, SIFS = 16µs, PIFS = 25µs, DIFS = 34µs and AIFS >=34µs.
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5.2 Congestion Management Tool
The stations may implement different transmission queues seen as virtual stations inside a station. QoS parameters will determine their priorities. In case of a virtual collision, i.e. two or
more counters reach zero at the same time, a scheduler inside the station will grant the transmission to the TC with the highest priority. This is illustrated in figure 5.3 below. Note that
this transmission opportunity only is valid inside the station; the frame may still collide with
another frame transmitted by other stations. The QoS parameters can be adapted over time by
the HC and will be announced periodically via the beacon frames. [4]

FIGURE 5.3: VIRTUAL TRANSMISSION QUEUES FOR TRAFFIC CATEGORIES.

The Hybrid Coordination Function extends the Enhanced Distributed Coordination Function
access rules. The extension is that the HC may assign transmission opportunities to itself to
transmit MSDU Deliveries at any time but obviously only if the channel is idle for PIPS
(shorter than DIFS). This is possible because the AIFS is longer than the PIPS and cannot either have a value smaller than DIFS. [4]
During CP the transmission opportunities may start when the medium is available with respect to the EDCF rules, which means after AIFS and the additional backoff time. Another
alternative is when the station receives the special QoS CF-poll frame from the HC, which
can be sent after a PIPS idle period without any backoff time. Hence the HC can issue polled
transmission opportunities in the CP using its prioritized medium access. During the CFP, the
HC uses the QoS CF-poll frames to specify the starting time and maximum duration of each
transmission opportunity. Therefore the HC is the only factor that might grant access to the
medium. Hence stations will not try to gain access themselves. [4]
As part of the HC’s polling it demands information from the stations, which is used for controlled contention to learn which station that needs to be polled, at which times and for what
duration. The stations can send resource requests to allocate transmission opportunities. The
HC sends out control frames to indicate the start of the controlled contention interval; it forces
the stations to set their NAV for the interval. The control frame defines a number of controlled contention opportunities, i.e. short intervals separated by SIFS, and a filtering mask
containing the TCs in which resource requests may be placed. Each station with queued traffic
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for a TC matching the filtering mask chooses one opportunity interval and transmits a resource request frame containing the requested TC and transmission opportunity duration, or
the queue size of the requested TC. This is a part of the fast collision resolution mechanism
and the HC acknowledges the reception of the requests by generating a control frame with a
feedback field so that the requesting stations can detect collisions during controlled contention. [4]
Example of useful information for the HC is illustrated in figure 5.4 below and is called a
queue state element. In the TC info octet it is possible to allow a control structure of the different Traffic Categories. The three bits to the right is used to indicate the Traffic Category (07). The Express bit (0-1) makes it possible to have separate transmission queues for traffic
within the same category. A 1 indicates it to be treated as express traffic and a 0 as best effort
traffic. [9]

FIGURE 5.4: INFORMATION FRAME.

5.3 Classification
When the MAC layer gets an indication of a transmission from the higher layers it will recognize the classification in the ToS header and specify the Traffic Category in the MAC frame.
MAC frames include a priority field of three bits, thus 8 different priorities available. See table 5.1.
Priority
1
2
0
3
4
5
6
7

Set in MAC’s
priority field
001
010
000
011
100
101
110
111

Category
Background
Spare/Reserved
Best effort (default)
Excellent effort
Controlled load
Interactive video
Interactive voice
Network control

TABLE 5.1: PRIORITY BITS.

A general MAC frame format is illustrated in figure 5.5 below. The priority is a part of the
stream control field as seen in figure 5.6 below. The stream control field has two octets, i.e.
16 bits, and the priority part has three bits. They are part of the MAC header, which comprises
frame control, duration, address and sequence control information, and, optionally, traffic
category information. [8]
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FIGURE 5.5: GENERAL MAC FRAME.

FIGURE 5.6: STREAM CONTROL FIELD.

The network must be able to set up the different Traffic Categories and decide how they
should be treated in the stations. The Contention Window is one of the most crucial factors to
assign. An application could have the appearance as in figure 5.7 below for the set up of Contention Windows for different Traffic Categories. [11]

FIGURE 5.7: CONTENTION WINDOW SETUP FOR DIFFERENT TRAFFIC CATEGORIES.

5.4 Full Duplex
The following three components are crucial (see figure 5.8) in the PHY layer architecture:
•
•

Physical Layer Management: The physical layer management works in conjunction
with MAC layer management and performs management functions for the PHY layer.
Physical Layer convergence procedure (PLCP) sublayer: The MAC layer communicates with the PLCP via primitives through the PHY layer service access point (SAP).
When the MAC layer instructs, the PLCP prepares MAC protocol data units (MPDUs)
for transmission. The PLCP also delivers incoming frames from the wireless medium
to the MAC layer. The PLCP appends fields to the MPDU that contain information
needed by the PHY layer transmitters and receivers. The 802.11 standard refers to this
composite frame as a PLCP protocol data unit (PPDU). The frame structure of a
PPDU provides for asynchronous transfer of MPDUs between stations. Therefore the
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•

receiving station’s PHY layer must synchronize its circuitry to each individual incoming frame.
Physical medium dependent (PMD) sublayer: Under the direction of the PLCP, the
PMD provides actual transmission and reception of PHY layer entities between two
stations via the wireless medium. To provide this service, the PMD interfaces directly
with the wireless medium and provides modulation and demodulation of the frame
transmission. The PLCP and PMD communicate via primitives to govern the transmission and reception functions. [7]

FIGURE 5.8: THE PHY LAYER’S TWO SUBLAYERS.

The MAC layer and the physical layer interacts with each other with primitives. These are the
Physical Layer Service Primitives:
•
•
•
•
•
•
•
•
•
•

PHY-DATA.request: Transfers an octet of data from the MAC layer to the physical
layer. This primitive is only possible after the physical layer issues a PHYTXSTART.confirm.
PHY-DATA.indication: Transfers an octet of received data from the physical layer to
the MAC layer.
PHY-DATA.confirm: A primitive sent from the physical layer to the MAC layer confirming the transfer of data from the MAC layer to the physical layer.
PHY-TXSTART.request: A request from the MAC layer for the physical layer to start
transmission of an MPDU.
PHY-TXSTART.confirm: A primitive from the physical layer to the MAC layer confirming the start of transmission of an MPDU.
PHY-TXEND.request: A request from the MAC layer to the physical layer to end the
transmission of an MPDU. The MAC layer issues this primitive after it receives the
last PHY-DATA.confirm primitive for a particular MPDU.
PHY-TXEND.confirm: A primitive from the physical layer to the MAC layer
confirming the end of transmission of a particular MPDU.
PHY-CCARESET.request: A request from the MAC layer to the physical layer to reset the clear channel assessment state machine.
PHY-CCRESET.confirm: A primitive from the physical layer to the MAC layer confirming the resetting of the clear channel assessment state machine.
PHY-CCA.indication: This primitive is sent form the physical layer to the MAC layer
to indicate the state of the medium. The status is either busy or idle. The physical layer
sends this primitive every time the channel changes state.
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•
•

PHY-RXSTART.indication: This primitive is sent from the physical layer to the MAC
layer to indicate that the PLCP has received a valid start frame delimiter and PLCP
header (based on the CRC error checking within the header).
PHY-RXEND.indication: This primitive is sent from the physical layer to the MAC
layer to indicate that the receive state machine has completed the reception of an
MPDU. [7]

The two PHY Sublayers can only operate at either transmit mode or receive mode, therefore it
is not possible for the stations to transmit and receive at the same time. Neither can the MAC
layer handle transmit and receive mode at the same time. To fulfil full duplex at a station we
can use two sets of MAC layer and PHY layer (an easy way to see how this works would be
to equip the computer device with two network cards, one for transmission and one for reception). A more complicated way is to implement a new MAC and PHY layer, divided into two
different sets. One of the set would be set for transmit mode and the other for receive mode.
Both sets must be able to observe the medium for idle or busy channels, but when both sets
are inactive it is sufficient that only one of them observes the medium. Both sets will share the
same MIB, which will have an accurate update about the channels’ status. Since the MIB is
shared by both sets there will be no conflicts with double messages. To achieve this architecture a new hardware is needed or to construct an algorithm that will virtually divide the MAC
and PHY layer into two sets. [G]

FIGURE 5.9: MAC AND PHY LAYERS IN FULL DUPLEX MODE.

5.5 Multi Channel
5.5.1 Theory
To achieve multiple channels a multi-channel protocol is needed to divide the available bandwidth into k channels, where each channel cannot have a bandwidth below the sufficient
amount for real-time traffic or “broadband” capacity. Another way is to allow some channels
to have a lower capacity than real-time traffic acquires for lower priority traffic. This will depend on factors like: the total medium capacity, number of stations etc. Each station will select an appropriate channel for its packet transmission. [G]
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First, the medium can be divided into as many channels as there are operating stations in the
network but each channel cannot have lower capacity than sufficient for performing real-time
traffic. In other words: as long as we have enough bandwidth to perform real-time traffic for
each station in the WLAN, each station can be given “an own” channel. [G]

k = n if

C
≥ min BW
n

else
k=

C
min BW

Where k channels, n = users, C = capacity of the medium and minBW = minimum required
bandwidth.
For example: if we use the IEEE 802.11a, which has a capacity at 54 Mbit/s. We assume the
minimum required bandwidth to be 512 Kbit/s and 100 users in the network.
C 54 × 1024 2
=
≈ 57 4 , 553 Kbit/s, which is greater than minBW so k = 100.
n
100
In this case there would be no problem to perform real-time traffic for each station since they
theoretically would get their own channel to transmit on.
The maximum amount of channels for these criteria would be:
k=

54 × 1024 2
= 108 , thus 108 channels able to perform real-time traffic.
512 × 1024

More likely at present, the medium will have a maximum capacity of 11 Mbit/s (IEEE
802.11b), which gives a maximum of 22 channels (k). Respect is taken to the Swedish Broadband Committee, who has set the standard for minimum bandwidth of broadband to 512
Kbit/s.
When the amount of users exceeds the available allotted channels with at least the capacity of
minimal bandwidth the latter formula must be used. [G]
The numbers above are for the current situation misleading due to the fact that the 802.11b
standard only has 79 channels in Europe and North America to operate on. In Japan it is only
23 channels. Also, it is hard to determine what the minimum bandwidth should be set to in an
actual situation. A lot of traffic will need higher capacity than 512 Kbit/s, see table 5.2 for different traffic demands. The latency is the actual time from the data has been transmitted until
it reaches its destination. Further, the minimum bandwidth needs to be set with respect to the
actual data that needs to be transmitted and not to the whole frame. That is, we have a lot of
headers in a wireless system, which takes some of the bandwidth. Another factor that is complicated is that without any form of coding while transmitting there will be interference or
crosstalking between the channels due to the frequencies are too close to each other. It is recommended to have approximately 30 MHz of free space between the channels when not using
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any coding methods to prevent interference. Hence in North America and in Europe we can
only form three channels and in Japan only two. [G, 7]

Service

High Quality Voice
Medium Quality Voice
Video Conference
HDTV
SDTV
CD Quality Audio
High Speed Data
Medium Speed Data
Low Speed Data

Payload Rate
(Mbit/s)
0.064 × 2 streams
0.008 × 2 streams
1.5 × 2 streams
19.68
3
0.256
10
2
0.5

Latency
(ms)
10
30
10
90
90
100
>100
>100
>100

TABLE 5.2: TRAFFIC DEMANDS.

5.5.2 Time Division Multiplexing
Another way to form multiple channels is by Time Division Multiplexing. Lets assume that
the transmission medium transmits frames synchronous. The transmitting device sends frames
of fixed length in a continuous stream, the beginning of each frame indicates by a framelocking-word. A single channel can be created on the medium by reserving a part of the load
in every frame. The payload in the frame is divided in equally large gaps, which can be in varied size. A channel consists of a part in each frame and is completely identified by the gaps
position within the frame. [12]
A suitable time for the frame could be 125 µs. If a gap consists of an octet it gives the capacity of 64 Kb/s (8 bits times 8000 frames per second). If the medium has the capacity of 11
Mbit/s it gives 1375 bits of frame size and thereby 171 gaps per 8 bits. Of course we can combine gaps in the frames to create channels with higher capacity. Thereof we can for example
form 17 channels with a capacity of 640 Kb/s. Though, one of them must be used for the
frame-locking-word (or synchronization channel) and another for control information. This
described division by time with a continuous stream of frames and fixed frames in gaps, is
called synchronous time multiplexing and that gives fixed channels. [12]
Instead of dividing a frame into gaps, it is possible to let each channel consist of own frames.
If they are not sent in a decided order, the frames must contain addresses to with channel they
belong. The frames may have fast or varied length. If the channel only is defined by the address of the frames, then it is a logical channel. When the frames do not come in a given order
it is called asynchronous time multiplexing. [12]

5.5.3 Code Division Multiplexing
Code Division Multiplexing is a similar method as Time Division Multiplexing but instead of
using time slots, code slots are used. According to Burell et al. [14], the Time Division technique is not very efficient when adapting to simultaneous access methods, there will be a loss
per user and frame. When using Code Division there will only be a loss per frame. With very
strict demand in synchronization as in sending time sensitive traffic, such as video and voice,
the synchronization and control frames will only require 4 to 5 percent of the channels capac-
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ity. In Time Division those frames requires 60 percent of the capacity. Therefore Code Division is more suitable when dividing a medium into more channels.

5.5.4 Suggested Protocol
It is not the case that the protocol will devote each station a specified channel. All stations
will share all the channels and similar access procedures as in CSMA/CD is employed. The
basic idea with multiple channels is to decrease the probability of collision and to guarantee
bandwidth. Since the stations will have many different channels to chose to transmit on it is
clear that the probability for collision will be lower. Also if we want the system to be able to
guarantee bandwidth for specific traffic this is a fair solution where certain channels will
serve this purpose. [G]
Nasipuri et al. [6] describes a method that could be used with a signal power based channel
selection algorithm. It is modified due to the respect of Traffic Categories:
1. Each node monitors the k channels continuously, whenever it is not transmitting or receiving. The PHY layer measures the total received signal strength (TRSS) in the channels and
detects if they are above or below its sensing threshold (ST). The channels, for which the
TRSS is below the ST, are marked as IDLE. The time at which the TRSS dropped below
ST is noted for each channel. These channels are put on a free channel list in the MIB.
The rest of the channels are marked as BUSY.
2. At the start of a protocol cycle, i.e., when a packet arrives from the traffic generator there
are two cases:
(a) If the free channel list is empty, the node waits for the first channel to be IDLE. Then
it waits for an Interframe Space (IFS) period, depending on the priority of the traffic
that intends to be transmitted. Then the node also waits further during the random access backoff period, the Contention Window, before transmitting the packet. It is required that the channel remains IDLE during this period.
(b) If the free channel list is not empty, the node checks the TRSS measured in all the
channels in the list and selects the channel, which has the minimum value since that
channel is least likely to have a transmission in progress.
3. Before, as in 2, actually transmitting the packet the node checks to see whether the TRSS
on the chosen channel has remained below ST for at least the appropriate IFS period.
There are two cases:
(a) If not, the node initiates a backoff delay after the IFS.
(b) If it has, then the node initiates transmission immediately, without further delay.
4. Any backoff is cancelled immediately if the TRSS on the chosen channel goes above the
ST at any time during the backoff period. When TRSS again goes below ST a new backoff delay is scheduled.
Nasipuri et al. do not specify how to distinguish between channels or were to store the values.
An assumption could be to use the Management Information Base (MIB) for storage, described below. [G]
This protocol is not to be confused with the Frequency Hopping Physical Layer, which only
allows one user per channel at the same time. Neither confused with the Direct Sequence
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Physical Layer that does not allow the stations to receive and transmit at multiple channels
simultaneously. Different channels may be used simultaneously but not for a single station.
[G, 6, 7] Still we can use the DS parameter set in the MAC frame body to indicate which
channel to use when transmitting. [7]
A channel in a network could be formed into multiple channels by frequency division, code
division or time division. The last might be problematic when using ad hoc networks due to
the difficulty in time synchronization. [6] A new physical layer must be implemented or
modified as described in 5.1.4. [G]

5.5.5 Management Information Base
The MAC layer includes a Management Information Base (MIB) that stores parameters the
MAC protocol needs to function. The following MAC sublayer management entity (MLME)
primitives give the MAC layer access to the MIB:
•
•
•
•

MLME-GET.request: Requests the value of a specific MIB attribute.
MLME-GET.confirm: Returns the value of the applicable MIB attribute value that
corresponds to a request.
MLME-SET.request: Requests the MIB to set a specific MIB attribute to a particular
value.
MLME-SET.confirm: Returns the status of the request. [7]

The MIB could therefore be the access for the MAC layer for knowledge of the different
channels status, i.e. whether they are idle or busy. The carrier sense function is made by the
physical layer directing the PMD to check whether the medium is busy or idle. The PLCP performs the following sensing operation if the station is not transmitting or receiving a frame:
•

•

Detection of incoming signals: The PLCP within the station will continuously sense
the medium. When the medium (all channels) becomes busy, the PLCP will read in
the PLCP preamble and header of the frame to attempt synchronization of the receiver
to the data rate of the signal.
Clear channel assessment: The clear channel assessment operation determines whether
the wireless medium is busy or idle. If the medium is idle, the PCLP will send a PHYCCA.indicate (with the status field indicating idle) to the MAC layer and the opposite
if the channel is busy. The primitive is sent every time a channel changes state. [7]

In a similar way as the MAC layer, the PHY layer has access to the MIB via the following
physical sublayer management entity (PLME) primitives:
•
•
•
•

PLME-GET.request: Requests the value of a specific MIB attribute.
PLME-GET.confirm: Returns the value of the applicable MIB attribute value that corresponds to a request.
PLME-SET.request: Requests the MIB set a specific MIB attribute to a particular
value.
PLME-SET.confirm: Returns the status of the request. [7]

Instead of letting the PCLP send the PHY-CCA.indicate primitive directly to the MAC layer it
could send it to the MIB with a PLME-SET.request primitive to update the idle/busy channel
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list. The MAC layer will get the accurate information by an MLME-GET.request primitive
from the MIB, which will respond with an MLME-GET.comfirm primative. [G]

FIGURE 5.10: FLOWCHART FOR MEDIA ACCESS FOR SINGLE CHANNEL MEDIUM.

The flowchart above illustrated the scenario for accessing and transmitting on the medium for
a single channel. There is only one NAV to determine and the station keeps monitoring the
NAV until it reaches zero. Further, the station will sense the medium to make sure that is it
idle, if not it will back off for a random time and start the process over again, if yes it will
continue with the transmission of the frame. If no collision occurs, i.e. if the station receives
an acknowledgement back, the process is finished. If a collision occurs the station will back
off for a random time and start the process over again. [7]
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FIGURE 5.11: FLOWCHART FOR MEDIA ACCESS FOR MULTI-CHANNEL MEDIUM.

The flowchart above illustrates how the MAC layer at first sends a request to the MIB to access the information about the status for the channels in the network. The MAC layer will
then have an indication that there is an available channel or channels to perform a transmission on for this transmission. The preferred channel in this case is the channel with the ID 3; it
is idle and has the lowest TRSS. [G]
It is the PMD in the PHY layer that will determine if the channel is busy or not. If the TRSS
has a value of at least 85 dBm the channel is considered as busy. [7]
After the MAC layer has got knowledge of an idle channel it needs to examine the NAV content. The MAC coordinator monitors the Duration field in all MAC frames and it now knows
which channel’s NAV to examine. When the NAV reaches zero, the station can transmit if the
PHY coordinator still indicates that the channel is clear. When passing the NAV the PHY
layer will perform physical channel assessment to ensure that the station still is able to transmit. [G, 7]
If the channel is not clear the traffic has to perform a random backoff time appropriate to the
Traffic Category and then the process starts over again. The same procedure will happen if the
transmission starts and a collision occurs. [G]
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Chapter 6 Analysis
This section will cover solutions and assumptions drawn from the different methods to improve the Wireless Local Area Network.

6.1 Problems with Priority
6.1.1 Human Factors
A network’s settings can always be tampered with or changed by its administrator. The priority mechanism cannot detect incorrect priority settings. The network administrator must take
precautions to ensure the settings are accurate and remains as they are planned for the individual network. As an example for where the network not will work as planed we can consider a
company that weighted queues and priority for certain important traffic. The company has a
WLAN and uses priority setting 5, see table 5.2, for voice and 4 for another time-sensitive
traffic category, such as System Network Architecture (SNA) traffic. All other traffic has the
setting 0, the lowest (non-reserved) category. So, it is the company’s wish to have a good flow
for voice traffic, such as voice conferences. [11, G]
If not declared applications most often have the priority 0, since it is the default setting, but
some applications might be modified to request a higher priority. An engineer at the company
wishes to play a game or similar on the WLAN. The person requests a priority of 7, the highest setting, for his gaming application. So the game traffic will get the highest priority over
the WLAN medium. The game application is connected with another opponent inside or outside the WLAN. This requires a large amount of traffic, since it is a real time application. The
result will be that the company’s voice and SNA traffic will not any longer function properly.
This is just an example but a true problem of the methods of priority. [11, G]

6.1.2 Collisions
A comparison of the probability of collision, number of stations and Traffic Categories are
illustrated in figure 6.1 below. [10]

FIGURE 6.1: PROBABILITY OF COLLISION FOR DIFFERENT MINIMAL CONTENTION WINDOWS [10].
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Minimum Window
Size (CWmin)

Traffic Category

A
B
C
D
E

16
32
32
128
256

Maximum Window
Size (CWmax)

128
256
1024
1024
2048

Retransmission attempts (m) before
CWmax
3
3
5
3
3

TABLE 6.1: TRAFFIC CATEGORY SETTINGS FOR FIGURE 6.1.

Tay et al. [10] have only tested the MAC protocol for a single channel medium but from their
simulations a number of important conclusions can be drawn. As seen the probability of collision will increase prominent with the number of stations in a network. Also the traffic that has
small contention windows, i.e. high priority traffic, has a fast growing probability of collision.
The reason is obvious, with smaller contention window and with many stations we will have
attempts and transmissions on the wireless medium much more often. Figure 6.1 illustrates an
analysis of a single channel medium, so what will happen if more channels are implemented
on the medium? The probability of collision will not decrease linearly for each channel we
add but it is clear that it will decrease, which will be shown in section 7. In Tay et al. [10]
formulas for the probability (p) are defined as:
Wbackoff

1 − p − p(2 p )
=
1− 2 p

p = 1 − (1 − 1 / Wbackoff

m

W
2

)

n −1


2(1 − 2 p )
1

p = 1 − 1 −
m

W
(
)
−
−
1
2
p
p
p



n −1

Where p = probability of a collision, m = maximum contention window, Wbackoff = average
backoff window size, W = minimum contention window and n = stations
From these formulas we can understand that the probability of collision will mostly depend on
the minimum window size and the number of stations. Hence Traffic Categories, set of minimum window size (W), and number of stations per channel (n) will be the affective factors,
number of retransmission attempts (m) and thereof the maximum window will have minimal
effect. Therefore by implementing more channels we will lower the number of stations per
channel. The formulas above show that the relationship is exponentially distributed and the
probability of collision will finally converge to 100%. A network has to be careful granting
high priority traffic and also set a maximum amount of users, to reach satisfactory throughput.
[10, G]
A network cannot allow a higher collision probability than 50 percent, since the traffic would
get latency higher than allowed for a real time traffic experience. Even when having such a
large, in priority perspective, as 16 in minimal contention window we meet the maximum tol40

ANALYSIS

erance of 50 percent in collisions with only 10 users on one channel. It might not be a demand
to have more then 10 users in a network for traffic such as voice or video but surely future
demands will be higher. [G]
Collisions are a very large problem for WLANs. The following calculations taken from
García-Macías et al. [12] will show why:
The time to transmit a single frame in a network for the CSMA/CA protocol is calculated as:

Tsingle

= T pr + Ttr + SIFS + ACK + DIFS

[sec]

Where, Tsingle is the transmission time for a single host without any collision, Tpr is the preamble time for the frame; Ttr is the frame transmission time (size/bit rate).
The numbers are set for the IEEE 802.11b (11 Mbit/s) standard and a 1534 size of frame.
Tsingle = 144 µs + 1.11ms + 10µs + 210 µs + 30µs = 1.51ms
This gives a proportion (r) of the useful bandwidth as:
r=

Ttr
Tsin gle

=

1.11
= 0.734
1.51

The propagation is neglected and we get a usage of the bandwidth to about 73 percent. If we
will have multiple hosts and consider collisions, we have to add an additional random backoff
time. Not considering priority it is normally distributed between [0, CW-1] * slot time with
the minimum Contention Window set to 32 units and a slot time to 20 µs.
Considering a mean of one collision per transmission attempt the extra time will be:
WCW = (32 − 1) ∗ 20µs = 310µs
The proportion then will be:
r=

1.11
= 0.61
1.82

Hence, there is only an efficiency of 61 percent with one collision occurring, which gives the
usage of bandwidth to 6.71 Mbit/s compared to 8.03 Mbit/s for no collisions occurring. That is
a decrease of roughly 16 percent.
For a mean of two collisions the numbers will drop to an efficiency of 40 percent and a usage
of the bandwidth of 4.4 Mbit/s.
These numbers has been calculated without any priority and the usage of the bandwidth will
not decrease as much at first stage with high priority traffic due to the smaller contention window but since the probability and the actual numbers of collisions will increase rapidly with
such traffic we will still experience the same tendency.
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These calculations really show the importance of instruments for lowering the probability of
collisions. García-Macías et al. also claims that the number of users in a network will strongly
affect the quality of service.

6.2 Interference
As described in section 5 we are only able to form about 3 channels in the excising IEEE
802.11 WLAN, due to the interference between the channels and we need a 30 MHz free
space between channels. But if we go back to the theory and would be able to form 79 channels at the frequency of 1 MHz each we could prove the usages as following:
Shannon’s formula says that the capacity (C) can be derived from the bandwidth (B) with a
logarithmic respect to the signal to noise ratio (S/N), as show in the formula below:

(

= B log 2 1 + S

C

N

)

[b s ]

The signal to noise ratio (S/N) is a relationship between the energy of the signal and the energy of the noise, calculated shown below:
S

N

= 10 log10

Energy of signal
Energy of noise

[dB]

Hereof the higher signal to noise ratio the better quality at the receiver. So, using Shannon’s
formula for a quite poor signal to noise ration of 30 dB we would still get a transmission capacity of roughly 10 Mbit/s per 1 MHz. Considering better signal to noise ration, we get better
capacity. [13]
Only considering 3 channels would give a much less probability of collision for transmission
attempts. Roughly we could consider having 30 stations working below 50 percent of collisions instead of 10 for high priority traffic. If we then consider more channels such as numbers up to 10 we would prominent be able to extend users in a network. [G]

6.3 Opportunities
6.3.1 Multi-Channel Protocol
As discussed above the need for alternative medium access methods would be a big improvement for the number of users and would allow better throughput. Nasipuri et al. [6] have
simulated a protocol that allows more than one channel. The protocol is signal power based
and proves better throughput. They simulate with one, three and five orthogonal channels, i.e.
the same frequency is only used once at the same time, such as figure 6.2 below illustrates.
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FIGURE 6.2: ORTHOGONAL CHANNELS [6].

The figure 6.3 below shows the result of such a simulation. The five-channel simulation gives
the highest throughput when the channels are picked depending on the signal power (MC-SP).
If not taking respect to the signal power and only choosing the channels randomly, the
throughput will decrease, as in the simulations for MC-RC. It is not declared why that happens and my previous assumptions tell that the probability of collisions would decrease when
having more channels. My assumption to this is that the configuration for an idle channel is
set to 85dBm. Since probability is taken in account there has to be a selection and the channel
with the lowest probability of collision, i.e. the lowest signal power, must be chosen as in the
MC-SP protocol. Not making such selection it is like seeing the channels as one single channel. This might be due to the hidden node problem, which is not taken into account. That can
be solved with the RTS/CTS method, which will increase the traffic on the medium a bit but
lower the probability of collision. The simulation did not consider the signal power at the receiving station, only at the transmitting. Implementing such a method will lower the collision
rate even more.
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FIGURE 6.3: THROUGHPUT WHEN USING MULTI-CHANNELS [6].

6.3.2 Full Duplex
There are many advantages with the full duplex method. A station will locally experience
about the double throughput but most important is for use in dual conversations such as video
and voice. Although video and voice allows a latency of about 10 –30 ms, it is a question of
quality to be able to receive voice or video packets at the same time as they are being sent
from the same station. As table 5.2 in section 5 shows, traffic as voice or video will demand
two different streams for proper usage. Since a conference is a streaming feature the station
during this kind of traffic will be contending to receive and transmit the streaming traffic. Implementing full duplex would avoid such a thing and the latency factor would improve. [G]
The best and less costly way would be to virtually implement full duplex. The MAC layer and
the PHY layer must be able to distinguish between transmission and receiving at the same
time. The primitives between the two layers must work at the same time with both modes active. Full duplex is only of use when having more than one channel to transmit on. Otherwise
there is no need for it. What has to be done virtually is to implement another MAC address, so
there are two of them working simultaneously. [G]

6.3.3 Priority
Mangold et al. show in their simulations that priority will in certain conditions give higher
throughput for traffic with higher Traffic Category. They used five stations connected to an
Access Point in a separated network. For the EDCF three different categories with different
parameters are used:
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AIFS
CWmin
CWmax
PF

High
2
7
7
2

Medium
4
10
31
2

Low
7
15
255
2

TABLE 6.2: PRIORITY SETTINGS.

What their simulations proved were that higher priority streams achieve higher throughput
due to smaller AIFS, CWmin, and CWmax values compared to lower priority streams. This is
illustrated in figure 6.4 below. It is shown that the network is stable and working fine with the
starting scenario with five stations. When adding stations, the only stable traffic is the high
priority and that is to the cost of the loss of the lower priority traffic.

FIGURE 6.4: THROUGHPUT FOR DIFFERENT TRAFFIC CATEGORIES [4].

Again it is very important to set up accurate parameters to get the desired performance out of
a network. The following figure 6.5 illustrates that issue.

FIGURE 6.5: COMPARISON BETWEEN PRIORITY AND LEGACY STATIONS [4].
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As seen the importance is not only what contention window the traffic flow will be given but
also the IFS values. While giving the priority traffic the IFS time to AIFS = DIFS + 4 slots
(slot time is 9 µs) it has lower throughput than the traffic without priority (in this case a legacy station) except for the opportunity when the contention window is very small. The legacy
station uses an access time equal to DIFS (34 µs) and therefore gets an advantage over the
priority traffic in most occasions. If setting the same access time criteria for both enhanced
and normal stations, there will be a much better prioritizing for priority traffic due to the backoff counter decrements.
If using the even more improved Hybrid Coordination Function, which extends the EDCF
rules as described in section 5, there is possible to accomplish an even lesser delay for the priority traffic as shown in figure 6.6 below.

FIGURE 6.6: DELAY COMPARISON BETWEEN DIFFERENT TRAFFIC CATEGORIES [4].
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Chapter 7 Simulation
This section will describe simulations made with different Traffic Categories and multi channels.

7.1 Method
I used the software Visual Basic to program my simulator. The reason is because it has a
powerful programming language and an advanced interface module. My goal is to provide
myself, and possibly others, with an easy understandable and an accurate simulation tool.
I started with the programming process after I had read a numerous of theoretical and practical simulations from other authors. Also, I studied the theory behind all the methods described
in section 5 and 6.

7.2 Description
At the interface it is possible to change and test all different variables and values that are of
importance, discussed in the previous sections. It is possible to simulate a system that is similar to the already existing standard IEEE 802.11a and IEEE 802.11b. This is for further
knowledge about the available standards today. The features that I have added are both priority traffic and a multi-channel protocol that can be simulated separately or combined.
To understand the simulations program, the following analysis and results, it is strongly recommended to first read the previous sections.
The multi-channel protocol is simulated as k different orthogonal channels that operate simultaneously.
The priority protocol will only consider the access time at the medium for different Traffic
Categories.
The whole simulation tool is based on probability of collision with the approximation that the
maximum window size has minimum effect on the result. The probability is based on the
minimum window size, the number of users and the number of channels.
A few assumptions are also taken to lower the complexity: When simulating a number of stations it is assumed that all stations have a full queue to transmit and that they all are active.
The stations are equipped with the full duplex method so there is no virtual contention within
the stations between incoming and outgoing traffic. It is also assumed that it is possible to create as many channels as wanted by coding and that the MAC layer and PHY layer are able to
sense and have access to all channels. When using settings for priority it is assumed that the
stations will behave as described in previous sections.
When dividing the medium into different channels, the calculations are based on the fact that
the probability of collision will decrease. To gain a more realistic result a loss variable is
added to the protocol.
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The key numbers in these simulations are; probability of collision, efficiency of the channel(s), latency and the relationship between the probability of successful transmissions and the
efficiency (useful bandwidth).

7.3 Goal
My goal of the simulation program and the simulations was to analyse and understand the behaviour of a WLAN in different situations and for different parameter settings and to reach an
improvement of implementing and combining the priority and multi-channel protocols.

7.4 Simulations and Results
Transmissions in a WLAN are based on many variables and different situations. Below different scenarios are described, simulated and discussed.

7.4.1 Single Channel Medium, 11 Mbit/s
The following simulations, in the parts 7.4.1 and 7.4.2, I have used the settings for the IEEE
802.11 standard. The average frame size was set to 1535 bytes and the ACK frame size to 230
bits. SIFS = 10 µs, DIFS = 30 µs, slot time= 20 µs.
As described in previous sections the organisation IEEE has proposed to implement different
Traffic Categories. According to Tay et al. a WLAN is not very functional if the probability
of collision is greater than 50 percent. The following diagram (7.1) below illustrates traffic
flows with different minimum contention window and their probability for collision as the
number of stations increase.
Comparing diagram in figure 7.1 with the results from Tay et al. shows very similar results.
The simulation model in this thesis does not consider the maximum contention window,
which has a minimal effect on the output. Still the model is accurate and validated compared
to Tay et al. In this thesis, the following formula for the probability for collision (p) is used:

1


p = 1 − 1 −

 CW min 

( n k )−1
,for n,k>0

Where, n = number of users and k = number of channels
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FIGURE 7.1: COMPARISON IN PROBABILITY OF COLLISION BETWEEN DIFFERENT MINIMUM CONTENTION WINDOWS.

It is hard to determine how many users that should be allowed to use the transmission medium
simultaneously, just by studying the probability of collision. The higher probability the more
collisions will occur and therefore more retransmissions. The result will be a slow and much
delayed network. To illustrate this factor the following diagram in figure (7.2) will show the
latency for each traffic category, while the number of users increases. The latency describes
the delay from that the data intends to be sent, to that it actually will reach its destination. In
this thesis, the following formula for latency (l) is used:

l

=

CW min
C 
S /   + DIFS +
* slot
n
k


 
  +1
k
, for n,k>0
2 * (1 − p )
2− p

Where, S = frame size. The formula is deducted from Tay et al. [10] and García-Macías et al.
[12], with the author’s addition to calculate with more than one channel. The turnaround time,
which is the ACK and SIFS time, is not taken into account. That should be considered for
continuous transmissions. Collisions are hard to calculate and simulate, therefore the denominator is the calculation for the rate of success. The latency value could therefore only be considered as a comparison value and may not be perfectly accurate. Still single event simulations show similar results compared to García-Macías et al. [12]
In the denominator the expression for the percentage of a successful transmission is used. The
reason that not the expression (1 - p) is used comes from Tay et al. This is for simplicity when
the number of stations is above five (n > 5) and is a geometric distribution and all simultaneous collisions count like one. The time it takes for the receiver to sense the medium and send
the acknowledgment is neither considered.
49

SIMULATION

Delay

Latency (ms)

60
50

CWmin 8

40

CWmin 16
CWmin 32

30

CWmin 64

20

CWmin 128

10

CWmin 256

0
0

20

40

60

80

100

120

Stations
FIGURE 7.2: COMPARISON IN LATENCY BETWEEN DIFFERENT MINIMUM CONTENTION WINDOWS.

As described in section 5, certain types of traffic only tolerates a maximum value of latency.
Real-time traffic such as high quality voice and video can only be delayed for 10 ms or the
traffic is useless. As seen in diagram in figure 7.2, if using a very low setting for the minimum
contention window (as in high priority traffic) there will occur a large amount of collisions
and the traffic must be retransmitted many times. Therefore the traffic will be much delayed
and the network can only handle a certain number of users to guarantee quality of service.
Table 7.1 below shows how many stations that are able to transmit simultaneously for the different traffic categories to keep the latency below 10 ms for high quality voice traffic, and below 30 ms for medium quality voice traffic.
CWmin

8

16

32

64

128

256

Maximum stations
to keep the latency 22
below 10 ms

45

90

>100

>100

>100

Maximum stations
to keep the latency 30
below 30 ms

62

127

>100

>100

>100

TABLE 7.1: COMPARISON OF MINIMUM CONTENTION WINDOW AND NUMBER OF STATIONS FOR LATENCY
RESTRICTIONS.

Further it is interesting to study the efficiency of a network as the number of users increase.
Section 5 describes how the usage of bandwidth is calculated. It is not possible to use the
whole bandwidth of a transmission medium due to the times for waiting and signalling. The
diagram in figure (7.3) below illustrates the useful bandwidth for different minimum contention windows as the number of stations increase. In this thesis, the following formula for useful bandwidth (r) is used:
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r

=

2 * (1 − p )
*
2− p

(S / C )
(S / C ) + DIFS + w * slot + SIFS + ACK
n
  +1
k

* C * k , for n,k>0

Where, C= the capacity of the medium. The formula is taken from Tay et al. [10] with the author’s addition to consider k different channels. Note that the capacity (C) is the accurate
value for each channel.
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FIGURE 7.3: COMPARISON IN USEFUL BANDWIDTH BETWEEN DIFFERENT MINIMUM CONTENTION WINDOWS.

The maximum useful bandwidth is achieved with very few stations and high priority traffic
flows. Though, the efficiency will decrease rapidly due to the low probability of successful
transmissions. The result will be as diagram in figure 7.2 illustrates, that the traffic will be delayed. Mangold et al. achieved the same results but they never showed the effect when increasing the stations to above 15. They also declared that they only used 5 stations in their
network and the parameters and capacity of the newer standard, IEEE 802.11a. Simulations
with those parameters will be shown later in this section.

7.4.2 Multi Channel Medium, 11Mbit/s
The following simulations will show an improvement in many aspects using more than one
channel. It is hard to determine how many channels that should be used. Each network and
traffic flow have different parameters and preferences. Therefore many different scenarios
have been simulated. The same settings as for the single channel medium are used.
Calculations and formulas are the same as for the previous simulations. To understand the effect of adding channels without any restrictions, the network is simulated with 150 stations
and iterated up to 100 channels. Normal traffic is used, i.e. minimum contention window is set
to 32. The following diagram in figure (7.4) shows the result:
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FIGURE 7.4: RELATIONSHIP BETWEEN USEFUL BANDWIDTH, LATENCY AND PROBABILITY OF COLLISION WHEN
CODING CHANNELS.

As seen the probability of collision is extremely high when using 150 stations and only one
single channel. Also the latency and efficiency, i.e. the useful bandwidth, is catastrophic. The
simulation shows that the latency is extremely high when using one single channel, due to the
probability of collision is 99 percent. The network is almost completely congested. The conclusion is that using this condition is not possible. When adding more channels (dividing the
medium) improvements are noticeable in the efficiency and the probability of collision. The
latency will at first improve due to the dropping probability of collision but then be worse due
to the lower capacity per channel.
The best solution for a specific network depends on many factors, such as how time sensible
the traffic is and how many active users can be allowed to load the network.
The above simulation is just an indication how this would work theoretically, it is not very
realistic for today’s methods to divide a medium into more channels. As described in section
6 there will be a loss when coding into orthogonal channels. The loss will be per coded channel as the following formula describes:

C =

(1− k * loss ) * C

, for k >1

There will be a break a point when dividing the channels if adding a loss variable, i.e. there
will not be any gain after a certain amount of channels.
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FIGURE 7.5: RELATIONSHIP BETWEEN USEFUL BANDWIDTH, LATENCY AND PROBABILITY OF COLLISION WHEN
CODING CHANNELS AND HAVING 4 % LOSS.

Diagram in figure 7.5 illustrates a simulation with a 4 percent loss, 150 stations and a maximum of 25 channels (it is not possible to have more channels due to capacity). With these parameters there is no gain in coding more than 7 channels. The effect will be 5.7 Mbit/s useful
bandwidth, 14.2 ms latency and 47 percent probability of collision, compared to using a single
channel: 0.18 Mbit/s useful bandwidth, 63.6 ms latency and 99 percent probability of collision. Still, allowing 150 users will have a latency above 10 ms for all combinations, therefore
it is impossible to guarantee real-time traffic. The optimum for latency is in this case at 4
channels. The number of users has to be decreased.
There is another variable that not have been considered so far, the minimum required bandwidth. In the simulation above when coding into 25 channels as maximum, there will be a capacity of 0.0176 Mbit/s (18 Kbit/s) per channel. 6 channels gives accordingly a capacity of
1.47 Mbit/s per channel. As described in previous sections it also must be taken into consideration what capacity each channel must have for specific traffic.
The simulation showed that there were satisfying values between 4 and 7 channels. The next
simulation therefore shows an iteration for the number of stations with 6 channels to study for
how many stations the latency is kept under 10 ms and 30 ms.
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FIGURE 7.6: RELATIONSHIP BETWEEN USEFUL BANDWIDTH, LATENCY AND PROBABILITY OF COLLISION WHEN
CODING 6 CHANNELS AND HAVING 4 % LOSS.

The result shows that with these conditions it is possible to have 80 active stations to keep the
latency under 10 ms and 359 stations to keep it under 30 ms.
Compared to only using a single channel there is actually no improvement in latency under 10
ms but a huge improvement for latency under 30 ms.
The next simulation shows the comparison between latency and useful bandwidth for 1 to 6
channels with 4 percent loss.
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FIGURE 7.7: COMPARISON IN LATENCY BETWEEN 1 TO 6 CHANNELS AND NUMBER OF STATIONS.
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The acceleration in latency is much more aggressive when using fewer channels. That is the
answer to why there is an impairment in the number of stations under 10 ms compared to the
single channel case. Also, the system will behave much more stabile with more channels.

Useful Bandwidth (Mbit/s)

Efficiency
10
9
8

6 Channels

7
6
5
4
3

5 Channels
4 Channels
3 Channels
2 Channels
1 Channel

2
1
0
0

50

100

150

200

250

Stations

FIGURE 7.8: COMPARISON IN USEFUL BANDWIDTH BETWEEN 1 TO 6 CHANNELS AND NUMBER OF STATIONS.

The useful bandwidth will improve prominent when using more channels. There is a balance
of how many channels that should be used depending on what traffic that intends to be sent
and how many users there is in a network. If the network capacity demand is to be able to
send traffic with a delay under 10 ms and be able to use as many stations as possible, it is recommended to use 3 or 4 channels, 146-149 stations are then able to be active simultaneously.
If the demand is to keep the delay under 30 ms, diagram in figure 7.7 shows that 6 channels is
the best option but further simulations show that also 7 and 8 channels allows for around 250
users to be active.
As seen in diagram in figure 7.8 the optimum in useful bandwidth for the different channel
coding differs between 8.5 and 9.4 Mbit/s. The optimum does not point at when using only
one station (as maybe expected), due to the higher probability that it will start a transmission
earlier when contending with few others. It might not be the actual case but most probably it
is since that is the idea of having a contention window. The main purpose here is to show a
more stabile constant level of the efficiency when using more channels.

7.4.3 Single Channel Medium, 54 Mbit/s
The two following simulations, 7.4.3 and 7.4.4, are done with the similar settings as the IEEE
802.11a standard. SIFS = 16 µs, DIFS = 34 µs, slot time= 9 µs. The tendency in result is the
same as previous simulations, so there is no discussion for these simulations.
The probability of collision will be the same as for the 11 Mbit/s medium, since that simulation does not consider the capacity.
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The latency factor will obviously be improved with a capacity of five times bigger than in the
previous settings. Diagrams in figure 7.9 and 7.10 show the result from simulation latency for
different traffic categories.
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FIGURE 7.9: COMPARISON IN LATENCY BETWEEN DIFFERENT MINIMUM CONTENTION WINDOWS.
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FIGURE 7.10: COMPARISON IN LATENCY BETWEEN DIFFERENT MINIMUM CONTENTION WINDOWS.
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TABLE 7.2: COMPARISON IN MINIMUM CONTENTION WINDOW AND NUMBER OF STATIONS FOR LATENCY
RESTRICTIONS.
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FIGURE 7.11: COMPARISON IN USEFUL BANDWIDTH BETWEEN DIFFERENT MINIMUM CONTENTION WINDOWS.

7.4.4 Multi Channel Medium, 54Mbit/s
As in the previous simulation there will be improvements by coding more channels in the aspect of having many users in the network. The diagram in figure (7.12) below shows the result in latency for channels vs. users. A 4 percent loss is used and the maximum amount of
channels possible to use is 16 ,to achieve latency less than 10 ms.
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FIGURE 7.12: COMPARISON IN LATENCY BETWEEN 1 TO 16 CHANNELS AND NUMBER OF STATIONS.

7.4.5 IP Phone Scenario
A company plans to install a WLAN for IP phone as main purpose. Medium voice quality will
serve the purpose for the company. 75 % of the medium’s capacity is calculated for the IP
Phone service. The IEEE 802.11b standard will be implemented. The company wish to know
the best solution for these preferences.
Medium quality voice traffic demands 8.2 Kbit/s and tolerates latency of 30 ms. The priority
is set to a higher level to provide better quality than normal traffic, i.e. minimum window is
set to 16. A loss of 4 percent is taken into account. Simulations show following results in diagram in figure 7.13.
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FIGURE 7.13: COMPARISON IN LATENCY BETWEEN 1 TO 8 CHANNELS AND NUMBER OF STATIONS WHEN HAVING
MINIMUM WINDOW SET TO 16, 4% LOSS, MINIMUM BANDWIDTH 0.008 MBIT/S AND USING 75% OF THE
TRAFFIC.

The optimum is to choose 6 channels since it keeps the latency under 30 ms for the highest
number of stations. Suppose that the company only has 50 potential users at the moment, and
then the optimum choice would be 2 or 3 channels. Still the company will be able to expand
their IP Phone network as much as possible, thus the first choice is the best.

7.4.6 Video Conference Scenario
Another scenario could be that a company wishes to have a videoconference with 40 users.
The network needs to be set up to prioritise the conference and will use 80 percent of the capacity. The Traffic Priority is set to two levels above normal traffic; say minimum contention
window is 8. This time the loss will be 5 percent per coded channel due to the demanding traffic and synchronization must be stricter. The company’s WLAN operates in the IEEE 802.11a
standard with a capacity of 54 Mbit/s.

59

SIMULATION

UBW (Mbit/s), Latency (ms)

40 Stations, 80% Traffic, CWmin 8, 5% Loss
30
25
20
Useful BW

15

Latency

10
5
0
0

5

10

15

Channels

FIGURE 7.14: RELATIONSHIP BETWEEN USEFUL BANDWIDTH AND LATENCY WHEN USING 20 STATIONS, MINIMUM
CONTENTION WINDOW 8, 5% LOSS, 1.5 MBIT/S IN MINIMUM BANDWIDTH AND USING 80% OF THE TRAFFIC.

It is only possible to form a maximum of 12 channels due to the minimum required bandwidth
(1.5 Mbit/s) for video traffic. All combinations make the demands possible apart from only
having a single channel. The latency optimum is when coding 4 channels (2.85 ms) and the
useful bandwidth optimum is when forming 7 channels (20.56 Mbit/s). The differences in
forming 3 to 7 channels are very small in this scenario, it will have bigger impact if having
more users in the network.
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Chapter 8 Conclusions and Future Work
All the methods for improvements that have been described, analysed and simulated have in
most cases shown better results than the methods used today. It has to be taken into account
that this has only been a study in a theoretical matter and have not been tested in a real environment. For the scope of this thesis that would alas be impossible, since it would take
months or years to complete that task.
To change and improve a standard is complex but to reach the market’s demands it is necessary. The main suggestion in this thesis is to implement a multi-channel protocol, which is not
suggested by any standard organizations as far as I know. The theoretical study (section 5 &
6) and the simulation part (section 7) have shown a great deal of improvement for a WLAN.
Still there are obviously occasions where it will not be of any advantage for the network.
Therefore it is strongly recommended that the buyer and user of a network first analyse the
purpose of it. A simulation tool as used for section 7 could be of big importance and use.
When using real-time traffic in dual communication, the full duplex technique is to be recommended to avoid virtual collisions and delay by packet loss. As proven in section 7, multi
channels are needed to be able to provide a Quality of Service when the number of users increase. Thus, one of the problems in a WLAN is that the system experiences instability and a
multi-channel protocol would make it more stable for variations in number of stations and
contention windows.
The priority of traffic factor is also recommended to ensure the time sensitive traffic to get
fast access to the channels. The disadvantage is that the network will get more congested but
still it is necessary to provide real-time traffic. It is not preferable to have time sensitive traffic
wait in a queue after non-time sensitive traffic. For example, we would rather wait longer for
a web-browse request than to loose a voice packet. It is also important to have accurate configurations for priority so it will not be used incorrectly.
An idea with the multi-channel protocol is that the administrator is supposed to be able to
change the coding of the channels whenever demanded. Another idea is that the network uses
a similar tool as the simulation tool in this thesis to automatically and dynamically change the
coding to optimise preferred traffic or all traffic.
As for future work it would be interesting to study more Quality of Service measurements
such as allocated bandwidth. Traffic flows may be able to request a certain amount of bandwidth based on Differentiated Services (DiffServ). The traffic is seen as different classes that
request the bandwidth from the total capacity. Extension of the simulation tool to study how
many different traffic flows behave at the same time in the network. Also investigate how the
hidden note problem and signal strength will affect the real-time traffic. Therefore a mobility
variable would be interesting to study.
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Appendix A, Abbreviations
ACK
AIFS
AP
BBS
CA
CC
CCA
CDF
CFP
CF-Poll
CF-End
CP
CSMA
CW
CWmax
CWmin
dB
dBm
DCF
DS
EDCF
ESS
GHz
HC
HCF
IBSS
IEEE
ISO
IP
LAN
LLC
MAC
MHz
MIB
MSDU
NAV
NM
PC
PCF
PF
PHY
PIFS
QoS
OSI
RF
RSSI
RTS/CTS
SIFS

Acknowledgement
Arbitration Inter Frame Space
Access Point
Basic Service Set
Collision Avoidance
Central Controller
Clear Channel Assessment
Complementary Cumulative Distribution Function
Contention Free Period
Contention Free Poll
Contention Free End
Contention Period
Carrier Sense Multiple Access
Contention Window
Contention Window Maximum
Contention Window Minimum
Decibel
Decibel mille watt
Distributed Coordination Function
Distribution System
Enhanced Distributed Coordination Function
Extended Service Set
Giga Hertz
Hybrid Coordinator
Hybrid Coordinator Function
Independent Basic Service Set
Institute of Electrical and Electronics Engineers
International Standard Organization
Internet Protocol
Local Area Network
Logical Link Control
Medium Access Control
Mega Hertz
Management Information Base
Medium Access Control Service Data Unit
Network Allocation Vector
nanometer
Point Coordinator
Point Coordinator Function
Persistence Factor
Physical
Point Coordinator Function Inter Frame Space
Quality of Service
Open System Interconnect
Radio Frequency
Received Signal Strength Indication
Request to Send/Clear to Send
Short Inter Frame Space
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TC
TCP
TDD
TDMA
TRSS
TXOP
WLAN

Traffic Category
Transport Control Protocol
Time Division Duplex
Time Division Multiple Access
Total Received Signal Strength
Transmission Opportunity
Wireless Local Area Network
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Appendix B, Simulation Tool
The figure below illustrates the interface of the simulation program that has been used to
achieve the results in section 7. In the upper left hand corner configurations for different sets
of times may be chosen, as described in previous sections. Underneath, in the lower left hand
corner, the contention window may be adjusted. The maximum contention window and the
persistence factor is not taken into account in this program (which was the thought at first,
therefore the appearance).
In the middle column the size of the frame and ACK is set, as well as the capacity of the medium, number of stations and channels. In the bottom it is possible to choose how much of the
traffic that should be taken into account and also the loss when simulating coding.
The right hand side shows the results of the simulation. The type of simulation is always set to
Probability.
In the lower bar it is possible to simulate single events or to iterate with respect to number of
stations or channels. The results of the iterations are written to a text file.

FIGURE B.1: INTERFACE OF THE SIMULATION TOOL.
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