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Abstract—The increasing deployment and availability of
wireless technology presents unique research challenges,
especially in the field of Quality of Service (QoS). The IEEE
802.11 wireless LAN (WLAN) standard is the most popular
WLAN standard currently in use, but is unable to provide QoS
guarantees for the growing number of wireless real-time and
multimedia applications. QoS provision is made more difficult
in a wireless network due to the lossy physical medium and the
limited resources available. Also, wired IP QoS mechanisms
such as Differentiated Services (DiffServ) do not always
perform well in a wireless environment. In this study, we
evaluate the use of Multi-Protocol Label Switching (MPLS) as
a means of adding QoS to a wired backbone with limited
bandwidth, connected to a WLAN network. We compare the
performance of MPLS Traffic Engineering (TE) with that of
DiffServ, and show that MPLS-TE is able to effectively share
the available resources among all traffic types. The eventual
goal is to implement this technique in a pure wireless network,
and attempt to improve on the current performance levels of
real-time traffic.

Index Terms—IEEE 802.11, Multi-Protocol
Switching, Quality of Service, Wireless LAN

Label

I. INTRODUCTION

HE arrival of wireless communication has had a very

significant impact on the world we live in. The cellular
phone for example, has evolved from a luxury to a necessity
for many of the world’s inhabitants. The ability to
communicate without being tethered to a cable continues to
attract more customers, as the worldwide increase in mobile
subscribers shows. Indeed, the volume of mobile data
traffic is fast becoming comparable to that of traditional
fixed networks [2].

However, the growing demand for wireless data delivery
has brought about new challenges for service providers.
Delivering real-time applications such as VoIP, online
games, and multimedia entertainment over mobile networks
is a much more difficult task than is the case in a wired
network. These applications require a certain level of
Quality of Service (QoS) support, which is lacking in
today’s IP-based networks [1], [15]-[17]. Audio and video
in particular are loss-sensitive and unsuited to congested
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links where packets are simply dropped [6].

This state of affairs has increased the interest in QoS
provision, in both fixed and mobile networks. Thus,
technologies such as Integrated Services (IntServ) and
Differentiated Services (DiffServ) were developed to add
QoS and service differentiation to IP-based networks [16],

[17].
These solutions works well enough in a wired
environment. But experience has shown that the same

principles used in a fixed network are not always applicable
in a wireless one [1], [3]. This is mainly due to the unique
problems inherent to the wireless medium, including high
bit error rates, frequent link failures, and limited bandwidth
[14].

IEEE 802.11 Wireless LAN is the most popular and
widely deployed WLAN standard, and is currently in use in
many different areas, including the business and private
sector. The 802.11 is standard is a wireless version of the
IEEE’s 802.3 Ethernet, and has become very popular since
it is robust, flexible, and cost-effective. ~Unfortunately,
802.11 WLAN is incapable of providing QoS for today’s
multimedia applications. [1], [3], [5], [14], [22], [26], [28].

The purpose of this study is to investigate the effect of
Multi-Protocol Label Switching (MPLS) on the QoS of an
802.11 WLAN. The eventual goal is enabling 802.11
networks to perform better when running real-time
applications such as voice and video.

Section II of this paper defines the concept of QoS as
used in this study. Section III is a overview of the IEEE
802.11 WLAN standard and its shortcomings. Section IV
looks at current IP QoS technologies. In Section V we
outline our experiment, and provide the results obtained in
Section VI. Section VII concludes the paper.

II. QUALITY OF SERVICE

There seems to be no single clear-cut definition for QoS.
The literature gives various different versions, most of
which agree in the main points [1], [6], [9], [18], [30]-[32].
To summarize, QoS is mainly defined as the ability of a
network or network element to provide a certain level of
assurance to the user, concerning performance and reliable
data delivery. Thus, the network must satisfy a set of
specific requirements concerning a particular service or data
flow it is transporting. These requirements can be described
qualitatively, for example “short delay” or “good quality
video.” However, they are more often measured
quantitatively, using numerical values [30].

The main measurable QoS parameters are bandwidth,



delay, jitter and packet loss.

Bandwidth — Bandwidth is a measure of the capacity of
the transmission link, and thus the amount of data it is
capable of transporting [8]. Closely related to bandwidth is
the channel throughput, which is the amount of bandwidth
available to the user, measured in bits/second. Actual
throughput is generally not the same as bandwidth, due to
channel loss, errors and physical limitations.

Delay — Network delay, usually measured as one-way
delay or end-to-end delay, is the time elapsed in
milliseconds between a packet being transmitted, and its
reception at the destination. Delay is made up of several
components, including propagation, scheduling and
switching delays [8].

Jitter — Jitter, also known as delay jitter, is the variation in
delay between packets. It is also measured in milliseconds
and is usually computed by measuring the difference in
delay between consecutive packets [8], [23].

Packet loss — The presence of too many packets in a
certain area of the network will cause some of them to be
dropped; this is known as packet loss [9].

Different traffic types are impacted in different ways by
these parameters. Non-real-time data, for example telnet
and ftp applications, are much less affected by delay and
jitter but are sensitive to packet loss [6]. Real-time
applications, including voice and video, are severely
affected by delay and jitter. For example, to satisfy high-
quality Voice-over-IP (VoIP) QoS requirements, a network
must have less than 0.25 % loss, a maximum jitter of 5 ms
and no more than 150 ms delay time [8], [23].

In the next section, we discuss the IEEE 802.11 WLAN
standard and show why it is unsuitable for QoS, especially
when transmitting real-time data.

III. IEEE 802.11 WLAN

A. The IEEE 802.11 standard

The IEEE started the development of the 802.11 WLAN
standard in the early 1990’s. The initial version was passed
in June 1997, and operated in the 2.4 GHz band using
Frequency Hopping Spread Spectrum (FHSS) or Direct
Sequence Spread Spectrum (DSSS) physical layer
technology. Speeds of 1 and 2 Mbps were possible. In
1999, the IEEE made amendments to the standard, adding
802.11b which is capable of 11 Mbps using DSSS at 2.4
GHz [6], [22], [29]. Further additions made since then
include 802.11a and 802.11g, both with data rates of 54
Mbps using Orthogonal Frequency Division Multiplexing
(ODFM). 802.11a operates in the 5 GHz band [1], [6].

According to the Open System Interconnect (OSI)
reference model, the 802.11 standard is placed at the
physical layer and the Medium Access Control (MAC) sub-
layer [1], [19], [22].

(For a detailed description of 802.11 MAC operation, see
Refs [1], [3], [5], [19], [21]). There are two modes of
operation available in 802.11 WLAN. Ad hoc mode is
distributed, and the wireless stations (STAs) communicate
on a peer-to-peer basis. Infrastructure mode consists of a
number of STAs connected to an Access Point (AP), which

provides centralized control. This is known as a Basic
Service Set (BSS). The AP can also be used to connect the
BSS to a larger network backbone.

Two different coordination functions are used to control
access to the wireless medium, namely the Distributed
Coordination Function (DCF) and the Point Coordination
Function (PCF). DCF is the default mechanism and is based
on Carrier Sense Multiple Access (CSMA), as used in
Ethernet. All the STAs contend equally for the medium,
and no STA is allowed to transmit while the medium is
busy. If however two STAs do transmit simultaneously, a
collision occurs. Unlike in a wired network, collisions
cannot be detected and thus a collision avoidance (CA)
scheme is included, forcing each STA to wait for a random
back-off time before transmitting, even if the medium is
free. After sending a frame, the STA waits for an
acknowledgement (ACK) packet from the receiver. If no
ACK is returned within a given time, a collision is assumed
and the frame is resent.

PCF is only available in infrastructure mode, and adds a
contention-free mode of access. The AP polls each STA on
its polling list, allowing it access to the medium without
competing with other STAs. PCF was introduced to support
real-time services, and can differentiate between different
traffic types. Accordingly, certain STAs can be granted
priority access to the medium.

Unfortunately, even with the use of PCF, 802.11 WLAN
is incapable of providing adequate QoS support for time and
delay-sensitive applications, as we will now discuss.

B. QoS shortcomings of 802.11 WLAN

As mentioned, guaranteeing QoS in a wireless
environment is a very challenging task. For several reasons,
the legacy 802.11 standard cannot provide QoS guarantees
for multimedia and real-time applications. The main
problems are the following:

1) Lossy and error-prone physical layer: Wireless links
suffer from interference, have a high packet loss rate, low
available bandwidth, large packet delays, and a high bit
error rate, as much as three orders of magnitude greater than
a wired link. These factors greatly reduce the ability of the
network to give consistent and reliable data delivery [1], [4],
(6], [18], [25], [30].

2) Mobility: While node mobility is the greatest asset of a
wireless connection, it unfortunately also causes difficulties.
The link characteristics constantly change as users move
about, altering the network topology. This may cause path
breaks, and further increase delays while the connection is
re-established. These unpredictable delays in the link layer
add to the problem of jitter [1], [18], [25], [30].

3) Lack of service differentiation: The basic DCF access
method is a best-effort service and provides no QoS
guarantees. All STAs are given the same priority when
competing for access to the radio medium. Even though
PCF was intended to provide for real-time services, the
polling scheme adds complexity, and reduces network
performance under high load. Bandwidth is also wasted
when using PCF, since all communications have to go
through the AP [1], [6].



IV. PROVIDING IP QOS

IP networks currently provide only a best-effort service,
even though the protocol can support different service
classes. This means that IP networks have high delay, jitter,
and unreliable packet delivery, with the Internet being the
prime example [7]. To remedy this, the IETF (Internet
Engineering Task Force) developed and standardized
several techniques for QoS provision in IP networks.

A. IntServ

IntServ emerged as a QoS approach in 1994. It was
designed to provide fine-grained QoS on a per-flow basis,
by using resource reservation [1], [7], [16], [31]. A node
that has data to transmit sends a reservation request to the
receiver to determine if the required bandwidth is available.
The Resource Reservation Protocol (RSVP) is then used to
reserve resources at each node along the intended route [15].
Two service classes were introduced, namely Guaranteed
Services (GS) for real-time traffic requiring assured
bandwidth, and Controlled Load Services (CLS) for
applications capable of tolerating some loss. All other
traffic is treated as Best Effort. Unfortunately, resource
reservation at each node adds a lot of information and
complexity to the network. This has a negative effect on
scalability and has severely limited the deployment of
IntServ [1], [15], [32].

B. DiffServ

DiffServ was introduced in 1998 in an attempt to address
the shortcomings of IntServ. DiffServ offers coarser QoS,
but is simpler and thus more scalable than IntServ [1], [31].
The routers at the edge of a DiffServ domain classify all the
incoming traffic. Packets requiring the same level of QoS
form a behaviour aggregate (BA). Each packet is then
marked with a DiffServ Code Point (DSCP) and forwarded
to the next node. The DSCP is a reference to a Per-Hop
Behaviour (PHB) which determines the queuing and
scheduling of the packet at every hop. The core routers in
the network then only need to check the DSCP value to
determine how each individual packet should be treated.
Currently, DiffServ has two PHB classes besides Best Effort
[71, 18], [12], [15], [17]. Expedited Forwarding (EF) is used
for applications requiring low delay, low jitter, and low
packet loss. Assured Forwarding (AF) is for traffic with
higher-than-best-effort requirements, but doesn’t provide
service guarantees. While DiffServ does add service
differentiation and class-based treatment, it does not
consider the forwarding route and as such cannot guarantee
bandwidth [12], [32].

C. MPLS

The IETF developed MPLS as an advanced forwarding
technique. MPLS evolved from Cisco’s Tag Switching and
was originally intended to improve router performance, but
is now being used for traffic engineering (TE), and as a
QoS-enabling technology. TE is the process of controlling
traffic flow through a network. It can be used for example
to route packets away from congested areas to avoid delay
and packet loss [10], [15]. MPLS supports both the

switching and routing functions of layer 2 and 3.

At the ingress point of the MPLS domain, the edge router
(known as a Label Edge Router or LER) attaches a short
fixed-length label to each packet, ahead of the IP header.
The label assigns the packet to a particular Forward
Equivalence Class (FEC). An FEC is a packet grouping that
is based in information contained in the packet, for example
the packet destination.  All packets belonging to the same
FEC follow the same path through the network. Forwarding
is then done by using a label-swapping algorithm to
determine the path of the packet through the network. As
the packet is forwarded, each intermediate MPLS-enabled
router (Label Switch Router or LSR) checks the incoming
label to determine the next hop and also the value of the
new label. The network-layer header is ignored, which
reduces both overhead and the size of the routing table and
improves scalability. The label is then discarded at the
egress point from the MPLS network [2], [8]-[13], [15]-
[17], [32].

The path a packet follows through the MPLS domain is
called a Label Switched Path (LSP). LSPs are set up using
IP links state routing protocols such as OSPF or IS-IS to
obtain information about available resources in the network.
Routing decisions can then be based on the availability of
resources along a path, and in this way MPLS can provide
guaranteed bandwidth for aggregated traffic flows. MPLS
does not, however, differentiate between traffic classes [11],
[32].

D. Combining MPLS and DiffServ

As seen above, MPLS and DiffServ are both suitable
candidates for providing IP QoS, but both have
shortcomings.  DiffServ can provide class-based QoS
treatment, but cannot influence the route of a packet through
the network. MPLS is able to set up paths with guaranteed
resources, but does not differentiate between flows.

The solution is a combination of DiffServ and MPLS [2],
[8], [10], [11], [17], [32]. By mapping the DiffServ IP
header to the MPLS header, the DiffServ Classes of Service
(CoS) can be used in the MPLS domain. This enables
MPLS routers to give certain packets preferential treatment
in terms of scheduling and routing.

V. METHOD

The previous sections have shown the need for adding
QoS to IP networks. We have also seen that this is a
particularly difficult prospect in a wireless network, where
network resources are limited by the radio medium.

IEEE 802.11b was chosen as the subject of this study,
since its rapid commercial acceptance has made it one of the
definitive and most widely-deployed wireless LAN
technologies [33]. Many schemes have been proposed to
improve the QoS performance of 802.11 WLAN, especially
at the MAC layer [1], [3], [14], [18]. For the sake of
brevity, these will not be discussed here. Instead, our
approach is to investigate the suitability of current IP
network QoS mechanisms for use in the WLAN
environment. We pay particular attention to MPLS, as its
label-based forwarding reduces overhead, allowing optimal



use of the limited resources in a wireless network [2], [11].
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Fig. 1. The simulation setup used in the study.

In an ad hoc environment, each wireless node would also
double as a router, forwarding data to the other nodes [18],
[19]. For this study, we adopt the infrastructure approach,
with dedicated routers forming a backbone between two
wireless networks.

Fig 1 shows the simulation setup, as implemented in the
OPNET Modeler network simulation package [34]. The
wireless component of the network consists of two 802.11b
Basic Service Sets, labelled BSS 0 and BSS 1. BSS 2
contains only one node, a WLAN server running file
transfer protocol (ftp), to act as background traffic. Each
BSS is connected to the wired backbone via a wireless
router that also serves as an access point. Each AP connects
to the backbone via a 10 Mbps 10BaseT Ethernet link,
providing approximately the same amount of raw bandwidth
as an 802.11b link. The five backbone routers are
connected by DSI1 duplex point-to-point links, each
providing only 1.5 Mbps. Thus the available resources in
the core area are severely limited, as would be the case in a
pure wireless network. There is no mobility in the network.

Of the 11 wireless stations in each of BSS 0 and 1, four
run the background applications provided by the server.
Average ftp file size is approximately 100 kilobytes. Four
stations in each BSS transmit GSM-quality voice to each
other through the backbone on a peer-to-peer basis, giving a
total voice throughput of about 26000 bytes/second. The
remaining three stations have a peer-to-peer video
conferencing connection, also through the backbone. Total
video throughput is 273000 bytes/second. All transmissions
start at 100 seconds, and the total simulation time is 300
seconds. The following scenarios are simulated:

1) Baseline, no QoS This scenario provides the basis for
comparison. No QoS methods are implemented, and the
routers handle all traffic on a First In, First Out (FIFO)
basis.

2) DiffServ QoS: DiffServ is set up in the backbone
routers. The Video traffic receives EF treatment, the voice
traffic AF, and the background traffic only Best Effort.

3) MPLS TE: LSPs are created to give the real-time
traffic a dedicated route. Voice and video traffic are each
mapped to their own FEC, which associates them with an
LSP through the backbone, while the background
applications are still routed on a Best-Effort basis.

For each scenario, the delay, throughput, and jitter (where
applicable) of each traffic type is recorded. In the next

| has a dramatically lower figure.
| response times, the MPLS simulation performs well again,
| while the baseline network has very long download delays,

section we will examine the results.

VI. RESULTS AND DISCUSSION

Let us look at how the traffic types fared in each scenario:
1) Background traffic: Fig 2 shows the average
throughput achieved by each scenario for the background
applications. The baseline and MPLS networks show
similar throughputs, while the DiffServ-enabled simulation
Looking at the download

averaging in excess of 60 seconds. The DiffServ network
also has low delays, but this is due to the much-reduced
traffic volume as compared to the other two.

2) Voice traffic: As seen in Fig 3, the MPLS network
achieves the best throughput of voice traffic. DiffServ
performs even worse than the baseline network, even
though the voice traffic was marked for Assured
Forwarding. The DiffServ network also has the highest
jitter value of the three, with MPLS performing the best in
this department. The end-to-end delay values for all three
scenarios are comparable at around 1 second. This clearly
shows that DiffServ cannot always provide QoS guarantees
through queuing and scheduling alone. MPLS shows better
performance by providing a dedicated path for the voice
traffic, thus avoiding congestion and unwanted delays.

3) Video traffic: The throughputs of video traffic for the
respective scenarios are shown in Fig 4. Clearly, DiffServ
easily outperforms the other mechanisms. It also has the
lowest delay and jitter by some margin, although this comes
at the expense of the other traffic types, as we have seen.
The MPLS network has the lowest throughput and the
highest delay variance, but has slightly lower delays than
the baseline network. It does however, provide more fairly
for the other traffic types, even at the cost of lower video
performance.
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Fig. 2. Average background traffic received in bytes/second.
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Fig. 3. Voice traffic received in bytes/second.
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Fig. 4. Video traffic received in bytes/second.

TABLE 1
SUMMARY OF SIMULATION RESULTS

Traffic type Baseline DiffServ MPLS
Ftp sent (bytes/s) *50909 3344 55270
Ftp received (bytes/s) 29242 1010 29935
Ftp upload response time (s) 20.49 1.03 19.39
Ftp download response time (s) 64.32 1.13 1.995
Voice traffic sent (bytes/s) 16517 13439 16514
Voice traffic received (bytes/s) 14929 3092 15984
Voice end-to-end delay (s) 1.130 0.957 0.970
Voice jitter (ms) 0.179 0.243 0.113
Video traffic sent (bytes/s) 168693 169413 168647
Video traffic received (bytes/s) 122296 169366 97962
Video end-to-end delay (s ) 1.055 0.041 0.942
Video delay variation 0.134 0.00005 0.123

*All values shown here are the sample mean, which includes the first 100
seconds of non-activity.

The mean results from all three scenarios as calculated by
the OPNET simulation are summarised in Table 1. We can
see from the results that each approach has its advantages
and disadvantages:

The baseline network gives all traffic equal importance,
and thus there are no guarantees, resulting in unreliable
service in a congested network. Video traffic, with the
highest network load of the three, is especially poorly
served. All traffic types are subject to the same queuing
delays, resulting in some real-time frames being dropped
while ftp traffic is served. This forces retransmissions,
which further increases network delay and congestion, as is
evident from the extremely long delay times experienced by
ftp traffic. The baseline scenario also has higher jitter
values than any of the others, as a result of unreliable packet
delivery.

DiffServ provides very good video performance with
Expedited Forwarding treatment, but this has a hugely
negative impact on the voice and background traffic. While
marking video traffic as EF guarantees low delays and
reliable delivery, the performance of the other two traffic
types suffers unacceptable degrading as a result. Voice
throughput is roughly one-fifth that of the other scenarios,
even though voice traffic receives Assured Forwarding
treatment from the routers. The lack of performance of the
best-effort ftp traffic is even more pronounced, with ftp
throughput continually declining as the simulation
progresses. In summary, we see that using DiffServ service
classes in a limited-resource environment results in the
high-priority traffic using almost all available bandwidth,
leaving insufficient capacity to service other traffic types.

MPLS provides a greater degree of fairness by using
dedicated paths and routing traffic away from congested
areas. The only negative aspect is the lack of video
performance compared to the other scenarios. Even though
the video traffic was given a guaranteed route, the available
resources were clearly not enough to guarantee QoS along
that path. The lack of service differentiation in the MPLS
domain compounded this problem. In contrast, however,
the less resource-hungry applications performed much better
than in the DiffServ or baseline scenarios. The LSP
provided for voice traffic had sufficient resources to
guarantee reliable voice delivery. Also, routing the real-
time traffic away from certain routers freed more bandwidth
for ftp traffic. As a result the MPLS scenario shows the best
ftp performance in terms of throughput and download delay
times.

VII. CONCLUSIONS AND FUTURE WORK

In this paper, we have attempted to show the suitability of
MPLS for use in networks with limited resources. Our
simulation results show that MPLS is able to provide QoS
more fairly to different traffic types than DiffServ. DiffServ
tends to give high priority data too much bandwidth and
then neglect the other traffic. MPLS traffic engineering
enables us to route different types of traffic onto dedicated
paths to improve QoS.

A further development to the current simulation setup



would be to combine MPLS and DiffServ, as discussed in
Section IV. This would ensure guaranteed QoS by using
traffic engineering and dedicated paths together with
different queuing and scheduling mechanisms for each type
of traffic.

We have not yet been able to test this technique in a
purely wireless network due to limitations in the simulation
software. However, our approach shows promise when
applied to a network with limited available bandwidth,
compared to current wired network QoS mechanisms such
as DiffServ.

The next important step is then to implement this
technique and evaluate its performance in a pure wireless
environment as soon as the software allows. In this way, we
will attempt to achieve the stated objective of improved
real-time performance by maximising the effective usage of
the resources available in a wireless environment.

REFERENCES

[1] NiQ, Rhomdani L, Turletti T, "A survey of QoS enhancements for
IEEE 802.11 wireless LAN", Wireless Communications and Mobile
Computing, vol. 4, no. 5, pp. 547-566,

[2] Palmeri F, "An MPLS-based archtecture for scalable QoS and traffic
engineering in converged multiservice mobile IP networks",
Computer Networks, vol. 47, no.2, pp. 257-269, 2005.

[3] Mangold S, Choi S, May P et al, "IEEE 802.11e Wireless LAN for
Quality of Service", Proceedings of European Wireless, Florence,
Italy, February 2002.

[4] Aad I, Castelluccia C, "Priorities in WLANSs", Computer Networks,
vol. 41, pp. 505-526, 2003.

[5] Grilo A, Macedo MM, Nunes MS, "IP QoS support in IEEE 802.11b
WLANSs", Computer Communications, vol. 26, pp. 1918-1930, 2003.

[6] Baghaei N, Hunt R, "Review of quality of service performance in
wireless LANs and 3G multimedia application services", Computer
Communications, vol. 27, pp. 1684—1692, 2004.

[71 Vandermeulen F, Vermeulen B, Demeester P et al, "A generic
architecture for management and control of en-to-end quality of
service over multiple domains", Computer Communications, vol. 25,
pp. 149-168, 2002.

[8] Filsfils C, Evans J, "Engineering a multiservice IP backbone to
support tight SLA's", Computer Networks, vol. 49, pp. 131-148,
2002.

[91 Gyires T, Wen H J, "Extension of Multiprotocol Label Switching for

long-range dependent traffic: QoS routing and performance in IP

networks", Computer Standards & Interfaces, vol. 27, pp. 117-132,

2005.

Fineberg V, Sinicrope D, Phelan T et al, "The MPLS UNI and end-to-

end QoS", Business Communications Review, pp. 27- 32, Dec 2004.

Awduche D O, Jabbari B, "Internet traffic engineering using multi-

protocol label switching (MPLS)", Computer Networks, vol. 40, pp.

111-129, 2002.

Kimura T, Kamei S, "QoS evaluation of diffserv-aware constraint-

based routing schemes for multi-protocol label switching networks",

Computer Communications, vol. 27, pp. 147-152, 2004.

[13] Cui J, Lao L, Faloutsos M, Gerla M, "AQoSM: Scalable Qos
multicast provisioning in Diff-Serv networks", to appear in Computer
Networks, 2005.

[14] Al-Karaki J N, Chang J M, "Quality of service support in IEEE
802.11 wireless ad-hoc networks", 4d Hoc Networks, vol. 2, pp. 265—
281, 2004.

[15] Hunt R, "A review of quality of service mechanisms in IP-based

networks - integrated and differentiated sevices, multi-layer

switching, MPLS and traffic  engineering",  Computer

Communications, vol. 25, pp. 100-108, 2002.

Agarwal A, Wang K, "Supporting Quality of Service in IP multicast

networks", Computer Communications, vol. 26, pp. 1533-1540, 2003.

Chuah M, Medepalli K, Park S, Wang J, "Quality of Service in Third-

Generation IP-Based Radio Access Networks", Bell Labs Technical

Journal, vol. 7, no. 2, pp. 67-89, 2002.

[10

[t}

[1

—

[12

—

[16

[}

[17

—

[18] Reddy T B, Karthigeyan I, Manoj B S, Murthy C, "Quality of service
provisioning in ad hoc wireless networks: A survey of issues and
solutions", Ad Hoc Networks, vol. 4, pp. 83—124, 2006.

[19] Xu S, Saadawi T, "Revealing the problems with 802.11 medium
access control protocol in multi-hop wireless ad hoc networks",
Computer Networks, vol. 38, pp. 531-548, 2002.

[20] Trimintzios P, Bauge T, Pavlou G et al, "Quality of service
provisioning through traffic engineering with applicability to IP-based
production networks", Computer Communications, vol. 26, pp. 845—
860, 2003.

[21] Sundaresan K, Hsieh H, Sivakumar R, "IEEE 802.11 over multi-hop
wireless networks: Problems and new perspectives", Ad Hoc
Networks, vol. 2, pp. 109-132, 2004.

[22] Zahariadis T, "Evolution of the Wireless PAN and LAN standards",
Computer Standards & Interfaces, vol. 26, pp. 175-185, 2004.

[23] Zhang L, Zheng L, Ngee K S, "Effect of delay and delay jitter on
voice/video over IP", Computer Communications, vol. 25, pp. 863—
873, 2002.

[24] Remondo D, Niemegeers I G, "Ad hoc networking in future wireless
communications", Computer Communications, vol. 26, pp. 3640,
2003.

[25] Phanse K S, DaSilva L A, "Addressing the requirements of QoS
management for wireless ad hoc networks", Computer
Communications, vol. 26, pp. 1263—1273, 2003.

[26] YinJ, Wang X, Argawal D P, "Modeling and optimization of wireless
local area network", Computer Communications, vol. 28, pp. 1204—
1213, 2005.

[27] Ziouva E, Antonakopoulos T, "CSMA/CA performance under high
traffic conditions: throughput and delay analysis", Computer
Communications, vol. 25, pp. 313-321, 2002.

[28] Aad I, Ni Q, Barakat C, Turletti T, "Enhancing IEEE 802.11 MAC in
congested environments", Computer Communications, vol. 28, pp.
1605-1617, 2005.

[29] Kane J, Yen D C, "Breaking the barriers of connectivity: an analysis
of the wireless LAN", Computer Standards & Interfaces, vol. 24, pp.
5-20,2002.

[30] Farkas K, Wellnitz O, et al, "Real-time service provisioning for
mobile and wireless networks", Computer Communications, vol. 29,
Pp. 540-550, 2006.

[31] Jamalipour A, Lorenz P, "End-to-end QoS support for IP and
multimedia traffic in heterogenous mobile networks", Computer
Communications, vol.29, pp. 671-682, 2006.

[32] Fineberg V, "QoS Support in MPLS Networks", MPLS/Frame Relay
Alliance white paper,
[http://www.mplsforum.org/tech/library.shtml#wp], May 2003,
accessed January 2006.

[33] Wikipedia online encyclopedia, "IEEE 802.11",
[http://en.wikipedia.org/wiki/802.11], January 2006, accessed January
2006.

[34] OPNET Technologies Inc, OPNET
[http://opnet.com/products/home.html], accessed April 2006

Products,

Jaco Schutte obtained his B. Eng degree (cum laude) in computer and
electronic engineering from the North-West University in 2004. He is
currently enrolled for his M. Eng degree at the same university.




<<
  /ASCII85EncodePages false
  /AllowTransparency false
  /AutoPositionEPSFiles true
  /AutoRotatePages /All
  /Binding /Left
  /CalGrayProfile (Dot Gain 20%)
  /CalRGBProfile (sRGB IEC61966-2.1)
  /CalCMYKProfile (U.S. Web Coated \050SWOP\051 v2)
  /sRGBProfile (sRGB IEC61966-2.1)
  /CannotEmbedFontPolicy /Warning
  /CompatibilityLevel 1.3
  /CompressObjects /Tags
  /CompressPages true
  /ConvertImagesToIndexed true
  /PassThroughJPEGImages true
  /CreateJDFFile false
  /CreateJobTicket false
  /DefaultRenderingIntent /Default
  /DetectBlends true
  /ColorConversionStrategy /LeaveColorUnchanged
  /DoThumbnails false
  /EmbedAllFonts true
  /EmbedJobOptions true
  /DSCReportingLevel 0
  /EmitDSCWarnings false
  /EndPage -1
  /ImageMemory 1048576
  /LockDistillerParams false
  /MaxSubsetPct 100
  /Optimize false
  /OPM 1
  /ParseDSCComments true
  /ParseDSCCommentsForDocInfo true
  /PreserveCopyPage true
  /PreserveEPSInfo true
  /PreserveHalftoneInfo false
  /PreserveOPIComments false
  /PreserveOverprintSettings true
  /StartPage 1
  /SubsetFonts true
  /TransferFunctionInfo /Apply
  /UCRandBGInfo /Preserve
  /UsePrologue false
  /ColorSettingsFile ()
  /AlwaysEmbed [ true
  ]
  /NeverEmbed [ true
  ]
  /AntiAliasColorImages false
  /DownsampleColorImages false
  /ColorImageDownsampleType /Bicubic
  /ColorImageResolution 300
  /ColorImageDepth -1
  /ColorImageDownsampleThreshold 1.50000
  /EncodeColorImages true
  /ColorImageFilter /DCTEncode
  /AutoFilterColorImages true
  /ColorImageAutoFilterStrategy /JPEG
  /ColorACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /ColorImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000ColorACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000ColorImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasGrayImages false
  /DownsampleGrayImages false
  /GrayImageDownsampleType /Bicubic
  /GrayImageResolution 300
  /GrayImageDepth -1
  /GrayImageDownsampleThreshold 1.50000
  /EncodeGrayImages true
  /GrayImageFilter /DCTEncode
  /AutoFilterGrayImages true
  /GrayImageAutoFilterStrategy /JPEG
  /GrayACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /GrayImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000GrayACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000GrayImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasMonoImages false
  /DownsampleMonoImages false
  /MonoImageDownsampleType /Bicubic
  /MonoImageResolution 1200
  /MonoImageDepth -1
  /MonoImageDownsampleThreshold 1.50000
  /EncodeMonoImages true
  /MonoImageFilter /CCITTFaxEncode
  /MonoImageDict <<
    /K -1
  >>
  /AllowPSXObjects false
  /PDFX1aCheck false
  /PDFX3Check false
  /PDFXCompliantPDFOnly false
  /PDFXNoTrimBoxError true
  /PDFXTrimBoxToMediaBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXSetBleedBoxToMediaBox true
  /PDFXBleedBoxToTrimBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXOutputIntentProfile (None)
  /PDFXOutputCondition ()
  /PDFXRegistryName (http://www.color.org)
  /PDFXTrapped /Unknown

  /Description <<
    /FRA <>
    /JPN <FEFF3053306e8a2d5b9a306f30019ad889e350cf5ea6753b50cf3092542b308000200050004400460020658766f830924f5c62103059308b3068304d306b4f7f75283057307e30593002537052376642306e753b8cea3092670059279650306b4fdd306430533068304c3067304d307e305930023053306e8a2d5b9a30674f5c62103057305f00200050004400460020658766f8306f0020004100630072006f0062006100740020304a30883073002000520065006100640065007200200035002e003000204ee5964d30678868793a3067304d307e30593002>
    /DEU <>
    /PTB <>
    /DAN <>
    /NLD <>
    /ESP <>
    /SUO <>
    /ITA <>
    /NOR <>
    /SVE <>
    /ENU <FEFF005300410054004e004100430020003600300030006400700069>
  >>
>> setdistillerparams
<<
  /HWResolution [600 600]
  /PageSize [612.000 792.000]
>> setpagedevice


