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Abstract
This study was aimed to analyse the network performance of IEEE 802.11n while
running different applications on different operating systems using different IP
versions. Applications included FTP downloading, streaming video, VoIP and VVoIP.
The operating systems used were: Windows 7, Windows Server 2008 R2 and Ubuntu
11.10.
For the experiment, a wireless LAN was built that included two PCs and one AP.
Experiment included 6 tests: standard (running only testing tools), FTP downloading,
streaming video, both FTP downloading and streaming video (running
simultaneously), VoIP and VVoIP. Both FTP down loading and streaming video were
the only tests running multiple applications.
Test results indicated that when running multiple applications, network performance
was worse than applications running separately. Application that used a lot of network
resources like FTP downloading significantly lowered the network performance on
delay and jitter. The findings revealed that OS had great influence on network
performance. Among the 3 OSs used, Windows 7 performed best and Ubuntu 11.10
performed worst. IP versions did not show better or worse performance than each
other. However, the performance was different between IPv4 and IPv6 depending
upon the particular application and the OS used.
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1 Introduction
1.1 Wireless Local Area Network (WLAN)
Wireless network has been used in many situations including business enterprises and
homes. The advantage of wireless network is that the location of devices is flexible,
and users do not need to worry about cabling. Without complex cabling, wireless
network is easy to setup and use. Currently, IEEE 802.11 family is the most used
wireless LAN protocol.
“The initial version of the 802.11 standard was completed in 1997.” (Perahia &
Stacey, 2008). Currently the IEEE 802.11 family includes 802.11a, 802.11b, 802.11g,
and 802.11n. In the earlier implementations of the 802.11, security was a serious
problem. WEP proved to be insecure. They tried to improve the security of WEP, but
the security problem did not resolve; 104 bit WEP would be broken in one minute.
(Tews, Weinmann, & Pyshkin, 2007). With new security algorithm, the security
problem has eased (Prasad & Prasad, 2005). The wireless network would find
increase of usage in the future. However, user’s requirements for network
performance would be also higher. Wireless network meeting user’s requirements is
another potential issue particularly with wireless networks.

1.2 Area of Study
IEEE 802.11n is the newest standard in IEEE 802.11 family. The current 802.11n
standard was published in 2009. There is not much research done on IEEE 802.11n
performance under the newer set of operating systems and addressing stacks. It is well
appreciated that that there will be increased usage of 802.11n wireless based networks.
The purpose of the research is to analyze the performance of 802.11n wireless
network in different environments. In this research, different applications over
operating systems and IP versions are involved in this thesis to study the performance
of 802.11n WLANs.

1.3 Challenging Issues
The challenging issues this research will face include:
Measuring network performance when running applications: This study does not use
simulation platform to simulate the network, but running real applications. Therefore,
testing the network performance would be an issue. The solution to this issue is that
1

using network traffic generator to generate a data stream and analyze this data stream
when it is running separately and with other applications. Those applications do not
provide information like delay, jitter and packet loss. And it is very hard to get that
information even using other tools. Therefore, study of a single data stream that is
generated by network traffic generator is much more practical and it could reflect the
network performance. Though it cannot directly test the network performance while
multiple applications are running, using indirectly way is effective, which means
analysis one data stream among the multiple data streams.
Identifying the performance difference when the difference is not significant: There
are many factors that will influence the performance of 802.11n wireless network like
hardware (mainly AP and network adapters), environment (indoor or outdoor;
obstacles), distance between AP and clients, and interference with other wireless
signals. Therefore, it will be hard to judge the effect of a particular factor on network
performance. To minimize the influence of uncontrollable factors, the experiments
will be repeated several times and the results averaged.

1.4 Research Goals
The research goal of this study is to analyze the network performance of 802.11n
wireless network while applications are running individually and together in different
environments. Mainly, the goal is about the network performance for single
application. The study also includes some tests to evaluate the network performance
when two applications are running simultaneously. Comparison of the network
performance differences when applications are running individually and together, this
study is going to analyze the effect of multiple data stream on network performance.

1.5 Research Contributions
The contributions of this study are:




Analysis of the network performance of 802.11n WLAN when running real
applications.
Gathering valuable data for future study on 802.11n network performance and
user requirements.
To help users of 802.11n technology select appropriate OS for the relevant
application(s) in use. In addition, this study helps with deciding which version of
the TCP/IP protocol version should be used where a choice exists between the
two.

2

1.6 Thesis Structure
The structure of this thesis is as mentioned below:











Chapter 2 includes some background knowledge about 802.11 wireless networks,
a brief history of 802.11 wireless network. Some important members of 802.11
family are highlighted.
Chapter 3 is a review of related works. It is mainly about network performance of
802.11 WLANs. It covers different aspects like QoS, performance of particular
applications, influence of OS, influence of IP version and the influence of
interference.
Chapter 4 includes the questions this research is going to answer and the research
hypotheses. In this chapter, the research method used is introduced in detail.
Chapter 5 covers how the experiment is designed and setup. It explains
experiment design, the software and hardware used, tools selected and the setup
test bed.
Chapter 6 describes the procedure of data gathering in detail. It also includes the
gathered data.
Chapter 7 is about analysis of gathered data. This chapter includes figures and
tables based on the experimental results. Analysis includes different aspects
The rest chapters discuss the research outcome, introduce further work,
summarize the experimental results and finally go on to the conclusion.
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2 Background
2.1 802.11 Wireless Network
IEEE 802.11 includes several network protocols for implementing WLANs. The
earliest 802.11 protocol was released in 1997. It works on 2.4GHz ISM band which is
also used by most members of 802.11 family. It uses CSMA/CA as the medium access
method. Channel bandwidth is 20 MHz. It is the standard bandwidth of 802.11
wireless network protocols. There are two data rates, 1 Mb/s and 2 Mb/s. It supports
two modulation methods DSSS and FHSS. The approximate indoor covered range of
802.11-1997 is 20 m and outdoor covered range is about 100m.
In the consumer market, 802.11b/g/n are the most used 802.11 wireless network
protocols. IEEE 802.11b was published in 1999. Compared to 802.11-1997, it has
higher maximum date rate (11Mb/s) and lager covered range (about 38m indoor and
140m outdoor). It uses the same 2.4GHz ISM band and bandwidth (20MHz). For
modulation method, 802.11b only uses DSSS.
IEEE 802.11g was published in 2003. The main improvement of 802.11g compared to
802.11b is much higher theoretical throughput. To reach the higher throughput,
802.11g uses OFDM as the modulation scheme. 802.11g supports DSSS too. It uses
same ISM band and bandwidth as 802.11b.
IEEE 802.11n was published in 2009. Compared to 802.11b/g, it introduces server
new features; include MIMO and 40MHz channel (Flickenger, 2009). MIMO allows
wireless devices to use multiple antennas to reach higher throughput (Yarali & Ahsant,
2007). It supports four MIMO streams. When 40MHz channel enabled, each MIMO
stream can reach a 150Mb/s data rate in theory. Therefore, the maximum raw data rate
of 802.11n is 600 Mb/s. 802.11n can operate on either 2.4GHz or 5GHz ISM band.
When it operates on 2.4GHz ISM band and 40MHz channel, each 40MHz is a
combination of two 20MHz channels. IEEE 802.11n also improved in MAC (Hegde,
2006). Manufactures started to produce product support for 802.11n, when it was in
draft form. Even now, there are many products supporting 802.11n (draft 2.0) and not
the 802.11n-2009 version.

2.2 Wireless Network Performance
To measure network performance, throughput, delay, jitter, packet loss are the
common parameters studied.

4

Throughput: it is measured in (bit per second). In general, throughput is the average
data rate in the network. In this research, throughput is measured in one node. It
reflects the average data rate between the two nodes. Due to there are only PCs in
total, it is also considered as the network throughput.
Delay: it describes how long it takes to transfer a packet from one node to another in
the network. In this research, delay is measured by software tool. Therefore, the delay
results include the time taken for data transfer from application level to physical level
and physical level to application level. Usually it is measured in millisecond (ms).
Lower delay means better network performance.
Jitter: in computer networking, it is also called delay jitter or packet delay variation. It
is the delay difference in a data flow. It reflects the stability of network. Lower the
jitter, better network performance.
Packet loss: it happens when the packets of data fail to reach the destination. It could
be packet lost during transmit, dropped by node or for other reasons. Usually, it is
measured in percentage. Also, it should be low when the network performance is
good.
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3 Literature Review
3.1 Literature review
Zhu and Cao (2004) proposed a relay-enabled PCF protocol to improve the
performance of IEEE 802.11b WLAN. They simulated and compared the performance
of proposed protocol and auto rate fallback (ARF) protocol, which had been
implemented in products. Simulation results showed that the proposed relay-enabled
PCF protocol could improve the network performance in term of throughput and
delay compared to ARF.
Dunn, Neufeld, Sheth, Grunwald and Bennett, (2006) tried to address the fairness in
802.11 networks. Their report indicated that setting MTU was helpful to address
fairness issues of 802.11b WLAN. It did not require any change to MAC layer; it
involved a simple configuration of the AP. They implemented an adaptive MTU
control mechanism, which added overhead to each package.
Cranley and Davis (2006) analyzed the performance of streaming video over 802.11
WLAN. They found that in addition to the network state, different encoding
parameters also affected the performance of streaming video. They sugguested the
main limitation was in MAC layer, and QoS in later 802.11 procotol would help to
enhance the performance.
Jostschulte, Kays and Endemann (2005) analyzed the problem of WLAN when user
requires high quality, real time media transmission. The protocol used in their
experiment was 802.11b. They pointed out that the reliability of data transmission
would limit the network performance. Wireless connection was not as reliable as
cable connection.
Baiamonte and Chiasserini (2006) studied about energy saving technology in 802.11
WLANs. Based on Distributed Coordination Function (DCF), they developed an
energy-efficient technique called Energy-efficient Distributed Access (EDA). And
they used NS2 simulator to test the performance of EDA. Results showed that when
EDA was enabled, energy saving improvement was up to 80% compared to when
DCF was enabled. They indicated that EDA would improve energy saving without
significantly drop on network performance.
Narbutt and Davis (2006) studied “the relationship between resource utilization in the
wireless LAN and the quality of VoIP calls transmitted over the wireless medium.”
They built an 802.11b WLAN with one AP (router) and16 clients as the test bed.
Results indicated that load of network would affect the performance of ongoing call.
6

Heavy load caused poor voice quality.
real-time applications.

They suggest that QoS was necessary for the

Ng and Liew (2007) tried to find out the maximum throughput that 802.11 multi-hop
network could deliver. They did both simulation and real-network experiments in the
research. The simulation platform they used for their research was NS-2. In both
simulation and experiments, they chose 802.11b as the wireless network protocol.
They suggested that if greedy sources were uncontrolled, that would cause high
packet-loss rate and unstable throughput. They studied both single-flow and
multi-flow in the network and found that throughput of single flow was influenced by
the hidden-node effect; there were mutual interferences between different traffic
flows.
Duffy and Ganesh (2007) studied the impact of buffering on 802.11. They used
802.11b in their research. They proposed a model to predict the network throughput
and delay within different buffering size; and used NS to simulate the network.
Simulation results indicated that increased buffering help enhance the network
performance when there were several devices sharing the bandwidth. However, it
caused serious increase in delay. Therefore, it was not suited for real-time applications
such as VoIP. They suggested that enabling QoS is necessary for later 802.11
protocols.
Gallardo, Medina and Zhuang (2007) studied QoS mechanisms for 802.11 WLANs.
They proposed and analyzed connection admission control and service differentiation
mechanisms to improve QoS in MAC layer. The proposed CAC algorithm was for
leaky-bucket constrained traffic streams, and the service differentiation mechanism
was referred to DM-SCFQ. They use OPNET as the simulation platform to test the
performance of proposed algorithms. They also tested the performance of a
well-known scheduling algorithm called WFQ for comparison. Simulation results
indicated that the performance of proposed mechanisms was acceptable and it was
better than WFQ.
There are works that compare the performance of different 802.11 protocols. The
research suggested that 802.11g and 802.11a is quite similar in coverage while the
network was deployed in small environments like residential. And 802.11a reached
higher data throughput in small environments than 802.11g. However, performance of
802.11a wireless network drops rapidly in environments with internal partitions. The
report indicated that performance difference is due to the two protocols using different
operating frequency. (Doefexi, Armour, Lee, Nix, & Bull, 2003)
Ennaji, Boulmalf and Alaoui (2009) analysed the video performance over WLAN.
The wireless protocol they used was 802.11g. The metrics they tested were Peak
7

Signal-to-Noise Ratio (PSNR), delay, jitter and packet loss.They analysed the
influence of obstacles and distance, background traffic and motion. Results showed
that increase in distance and obstacles slightly decreased the performance of network.
Heavy background noise caused great growth in delay. Fast motion caused serious
packet loss, PSNR and jitter.
Research shows that different encryption techniques affect the performance of
wireless LAN. According to different operating systems, the influences are different.
Kolahi, Narayan, Nguyen, Sunarto and Mani (2008) analysed performance of 802.11g
wireless network and used WEP-64, WEP-128 and WPA as the encryption protocols
in their research. The operating systems included Windows XP and Windows Vista
and Windows Server 2003. The research indicated that using encryption technique
affected the network performance, especially WEP. The operating systems tested in
the research did not have great affect on network performance. Results showed that
implementing encryption technique decrease the network performance. For TCP
throughput, it dropped about 6% when WEP-64 was used, while it was 9%-16% with
WEP-128. WPA had less affect on the network performance; it only caused 4-6%
decrease on TCP throughput when it was implemented.
Pelechrinis, Broustis, Krishnamurthy and Gkantsidis (2011) analysed jamming
problem of 802.11 networks. They developed a system to solve the problem. The
system is called Anti-jamming REinforcement System (ARES). In their experiment,
they implemented ARES in 802.11 networks, and tested the effectiveness in three
different environments. The results indicated that ARES could promote the network
performance when there was jamming problem.
Lakshminarayanan, Seshan and Steenkiste (2011) introduced a tool to study
performance of 802.11 WLANs in different environments. They designed and
implemented the tool called WiMed. They built up a 802.11 WLAN to test the tool.
Results suggested that the tool was able to detect non-802.11 interference source and
provide information to help user understanding 802.11 performances.
Rachedi, Lohier, Cherrier and Salhi (2010) did ” a comparative study between results
generated by a real 802.11 test bed in different outdoor and indoor environments and
3 usual network simulators (NS2,QualNet and OPNET)”. The wireless network
protocol used in this research was IEEE 802.11g. Comparison of experimental results
and simulation results, suggested that choice of the physical layer characteristics was
very important for simulators. Based on proper configuration, simulation results could
be quite close to experimental results in some scenarios.
Kekre, Bharadi, Bansode and Kaul (2011) analysed “performance problems of VoIP in
802.11 wireless mesh networks and their solutions”. IEEE 802.11b was used as the
8

wireless protocol. They pointed out that the problems faced by VoIP over WLAN
included low capacity, low performance while there was coexisting traffic, packet loss
when there was interference, MAC protocol did not meet the QoS requirement for
VoIP. To address those problems, they gave several solutions. Then they built up
802.11b WLAN to test the performance of the solutions. Experimental results
indicated that use of multiple interfaces; path diversity and aggregation, call
admission and rate control were effective to address the issues. For indoor contexts,
they suggested that the simulator could be used only to validate routing algorithms
without considering other low layer parameters.
Li, Papagiannaki and Sheth (2011) analysed “uplink traffic control in home 802.11
wireless networks”. They tried to find out a mechanism that could control uplink
flows without affecting the network performance. They gave four solutions and
evaluated the performance of solutions by using NS-3 simulation platform. The four
solutions were dropping packets, delaying ACKs, misusing of CTS and adding back
off information in ACK packets (NAV-ACK). According to simulations results, they
indicated that dropping packet, misusing of CAT and NAV-ACK were practical. But
dropping packet caused collisions and was not recommended. They suggested that
NAV-ACK could achieve accurate control and misusing of CTS could provide
high-level security.
Qi, Malone and Botvich (2009) studied the performance of multiplayer game in
802.11 WLAN. They used a theoretical model in order to predict the network
performance. They chose Quake 4 as the muliplayer real-time game, 802.11b and
802.11e as the wireless network procotol. They indicated that the capacity of 802.11b
WLAN could support about 10 Quake4 players. For 802.11e with porper QoS setting,
it could support about 15 players. Results showed that when the number of players
exceeded the capacity of the WLAN, network performance declined rapidly.
Lopez-Aguilera, Casademont and Cotrina (2010) studied the IEEE 802.11 network
deployed outdoors, while most other studies of 802.11n performance focused on
indoor enviroments. In their research, they analyzed the influence of propagation
delay on 802.11 WLANs. They delpoyed Wifi-based Long Distance networks in their
study. They used simulation tool to do the research. Simulation results showed that
progagation delay did not decrease network performance when slot time was longer
than propagation delay. However, increase in slot time might cause serious
performance degradation.
Gupta, Mohapatra and Chuah (2011) proposed “a bandwidth-based association
control framework for wireless mesh networks”. They called the framework Seeker.
The goal of the framework was to enhace the wireless mesh network perforamcne by
making intelligent decision in choosing APs. They bulit up wireless network in
9

different scenarios to test and evalute the perofrmance of Seeker. Experimental results
showed that Seekter brought obvious enhancement in end-to-end user performance.
Hung, Bensaou and Li (2010) analyzed “a cross-layer optimization problem in
multi-cell WLANs inter-AP interference problem”. They indicated that association
control alone was not enough for the problem. They proposed a cross layer
association control (combined with other rate control and contention control) to
address the problem. They did experiments to test the performance of their algorithm
and also used NS2 to simulate the condition that their lab could not provide. Results
showed that their algorithm helped to optimize network performance.
Kofler, Kuschnig and Hellwagner (2011) studied HD video streaming over 802.11g
WLANs. They foucused on the in-network adapation approach, and the the video was
coded in H.264/SVC. They suggested that their approach was on router platforms and,
it was able to adjust video bit rate according to link throuhgput. They set up a WLAN
to test the performance of the approach. Results indicated that the approach helped to
reduce or even prevent packet loss.
Stoeckigt, Vu and Branch (2011) studied VoIP in WLAN. They proposed a scheme to
promote the number of calls WLAN could support while user experience did not
significantly drop. The scheme gave higher priority to calls with lower codec quality.
When the number of calls was close to the number that network could support, users
were encouaged to switch to lower quality codec. Then, the network was able to
support more calls. They developed an analytical model to anaylze the performance of
the scheme. NS2 was used to simulate the 802.11e wireless network. Results showed
that the network capacity would increase from 16% to about 200% while using the
proposed scheme. Furthermore, the vocie call quality maintained a high level.
Kim and Choi (2011) analyzed the performance of different VoIP codecs in wireless
environments. Their research included many different wireless enviroments. One part
of their research involved a mesh network. IEEE 802.11a and 802.11b were used to
build up the network. And they used D-ITG to generate background traffic. Results
indicated that higher jitter and packet loss would cause greater distortion which
caused lower voice quality.
Some studies about the network performance of 802.11n that have been done are
covered here. Narayan, Feng, Xu and Ardham (2009B) studied the impact of 802.11n
encryption methods on network performance of Windows Vista and Windows Server
2008 operating systems. The encryption methods they tested include WEP64,
WEP128, WPA and WPA2. The hardware they used to complete the research included
three PCs with wireless network adapter and a wireless AP. They found that different
operating systems perform differently. When using WPA2 as encryption methods,
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Vista has the highest throughput, but Server 2008 has the lowest throughput. (Narayan,
Feng, Xu, & Ardham, 2009B) Then, they decided to extend their research to other
operating systems. When they finished their research, they extended the research to
four operating systems: Windows XP, Vista, Server 2008 and Ubuntu (Linux system).
The results showed that TCP traffic performs best in all the operating systems that
they tested when using WPA2 for encryption. (Narayan, Feng, Xu, & Ardham, 2009A)
Performance of WPA2 is good in this study. Therefore, considering both network
performance and security, WPA2 is the most suitable encryption method for IEEE
802.11n.
Olteanu and Xiao (2010) studied security overhead of high-speed wireless 802.11
LANs. AES was introduced to existing AFR schemes for 802.11 WLANs. They
computed the throughput, optimal frame and fragement sizes when AES was used.
And compared those values to when AES was not used. Results showed that the
throughput was greatly decreased when AES was used.
Kolahi, Qu, Soorty and Chand (2009A) also analyzed impact of WPA2 security on the
performance of 802.11n wireless LAN. They set up a server-client network. Server
installed Windows Sever 2008; clients installed Windows XP/Windows Vista. One
connection was cabled while the other one was wireless. They measured TCP
throughput in the experiment. Results showed that the network performance was
better when using IPv4 rather than using IPv6 in the study. However, when WPA2
was enabled, it resulted in less throughput.
Kolahi, Qu, Soorty and Chand (2009B) also published a study about UDP throughput
on 802.11n WLAN. They compared the performance difference between IPv4 and
IPv6 using UDP. WPA2 was enabled in their study. Windows Sever 2008 was
installed on server side; Windows XP and Windows Vista were used in client side.
With different packet size, the UDP throughput varied from about 20Mbps to about
180Mbps. The data showed that as packet size was increased, UDP throughput
increased too.
Fiehe, Riihijärvi and Mähönen (2010) studied performance of 802.11 WLANs and
impact of interference on the 2.4GHz ISM band. They set up 802.11n WLAN and
802.11b/g WLANs to do the test. Results showed that 802.11n could tolerate
interferrence. However, interference with enough power would cause siginificant
throughput reduction. They also sugguested that 802.11n WLAN performed much
better than earlier WLAN technologies.
Lin, Wang and Wei (2010) analyzed how to improve online game performance on
802.11n WLAN. They used NS2 simulator the 802.11n network. Results showed that

11

TXOP (Transmission Opportunity) could help to address the network fairness issue
for real-time online games over WLANs.
Kolahi, Singla, Ehsan and Dong (2011) focused on the influence of WPA2 on the
UDP performance. They also used 802.11n WLAN and built up client- server network.
Severs with Windows Server 2008; and clients with Windows 7. In their report, they
suggested that when WPA2 was enabled, it would affect the throughput of network;
and the influence could be either increase or decrease in throughput. In their
experiment, The UDP throughput reached highest point with open system. The
highest bandwidth achieved was 175Mbps.
Li, Kolahi, Safdari and Argawe (2011) studied effect of WPA2 on bandwidth and RTT
of 802.11n WLAN. They set up a peer-to-peer network to do the experiment. In their
research, they used Windows 7 and Fedora 12 operating system, and evaluated the
network performance for both IPv4 and IPv6. In terms of throughput, IPv4 performed
better than IPv6. They found that compared to open systems, TCP throughput drop
about 3 Mbps, and RTT increased 0.2ms when WPA2 was enabled. In the study, the
maximum bandwidth achieved in this experiment, was 48Mbps. It was a peer-to-peer
network, and both of the links are wireless. In their previous work, they set up a
client-server network with one cable connection and one wireless connection. The
maximum bandwidth was about 180 Mbps.
Li and Kolahi (2011) evaluated IPv6 in 802.11 WLAN. They measured throughput,
RTT and CPU utilization. The operating systems involved in the experiment were
Windows XP, Windows 7 and Fedora 12. The network used 802.11 protocol with
WPA2 enabled. Results indicated that IPv4 had higher throughput, lower RTT and
required more CPU usage. The researchers suggested that it was due to packets
having large overhead when using IPv6. For both IPv4 and IPv6, Windows XP had
better maximum TCP bandwidth. In case of UDP, it was Fedora 12. Overall, the study
indicated that for IPv6, Windows XP had the lowest performance and Fedora 12 had
the best.
Except for the study about IEEE 802.11n encryption methods, there were many other
studies about IEEE 802.11n. Fiehe, Riihijärvi and Mähönen (2010) studied
performance of IEEE 802.11n and interference on the 2.4GHz band. Results showed
that IEEE 802.11n could provide better network performance than other IEEE802.11
family members could; but the actual results are much lower than theoretical
maximum value. They also found something about interference. According to the
results, although any interference could reduce the performance of IEEE 802.11n
network, the network did not fail. Therefore, they recommended new IEEE802.11 that
could work on 5GHz ISM band. Bluetooth also uses 2.4GHz ISM band. Interference
issue is serious for any devices working on 2.4GHz ISM band. If the network suffers
12

from interferer issue, the performance would be very bad. IEEE 802.11n could work
on 5GHz to avoid this problem. That makes IEEE 802.11n suitable for environments
with devices working on 2.4GHz ISM band.
Wang and Wei (2009) researched IEEE 802.11n for MAC enhancement and network
performance. The research indicated that the performance of VoIP application
improved significantly when 802.11n MAC mechanisms were enhanced. The research
used NS-2 simulation platform.
The researches relating to performance of IEEE 802.11n for particular applications
are more relevant to my research topic. Riihijärvi and Mähönen (2010) studied
performance of inflight video streaming over IEEE 802.11n. They came up with
similar conclusion as Wang and Wei: 802.11n MAC mechanisms could improve the
network performance of video streaming.
Tang, He, Zhang and Fan (2010) analysed link adaptation of 802.11n networks. They
proposed a cross-layer link adaptation algorithm and an analytical model. They used
the model to evaluate the algorithm. The report indicated that the proposed algorithm
performed better than SNR based link adaptation algorithm. The performance
increased by about 20%.
Galloway (2011) studied the coexistence issue of 802.11g/n networks in 2.4GHz ISM
band. They tested the network performance of 802.11n/g while coexisting with other
IEEE 802.11 protocols and by themselves. For 802.11n, both standard channels
(20MHz) and wide channels (40MHz) were tested. Experimental results suggested
that when 802.11n network used standard 20 MHz channel, it met the same issues as
with other 802.11 protocol while coexisting with them. The researcher indicated that
for a 802.11b/g/n mixed network. CSMA/CA limited the throughput of the mixed
network. When 802.11n used wide 40MHz channel, the decline in throughput was
more serious due to a wide channel being a combination of two standard channels.
Feng, Huang and Lin (2011) proposed two ARQ mechanisms to improve the network
performance of 802.11 WLANs. One of the proposed mechanisms was called
aggregated selective repeat ARQ, the other one was called aggregated hybrid ARQ.
To test the performance of proposed ARQ schemes, they used a system C/C++
network simulation model to simulate a WLAN with one AP. Results showed that
both proposed ARQ mechanisms could improve mean service time and throughput.
Chen, Zhou, Zhao and Yu (2012) proposed error estimating coding (EEC). However
EEC did not correct errors. It was designed to predict bit error rate of packets. They
implemented it into wireless network applications. Experimental results showed that
the EEC improved the performance of applications tested.
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Piamrat and Fontaine (2011) proposed a coordinated architecture for home user of
WLAN. They aimed to achieve the user requirements in the future. They suggested
that one AP would not be able to meet the requirement. The coordination mechanism
that they proposed, can help multiple APs sharing same frequency channel and reduce
collisions to a very low level.
Choi, Park and Kim (2005) analysed the performance of 802.11 WLAN where they
used both simulation and experiment. They suggested that when the network load was
heavy, jitter and fairness dropped rapidly.
Shrivastava, Rayanchu, Yoonj and Banerjee (2008) analysed 802.11n by experiment.
They pointed out that the throughput of 802.11n can drop up to 85% when
interference with an 802.11g WLAN. They suggested that channel bonding was the
main reason for the significant drop in throughput.
Li, Leith and Malone (2011) studied the buffer sizing for 802.11 WLAN. They
suggested that fixed-size buffers would lead to high delay and low throughput. They
proposed dynamic buffer-sizing algorithms to address the issue. They did an
experiment to test the proposed algorithms. Results showed that the algorithms work
in a real environment.
Halperin, Hu, Sheth and Wetherall (2010) developed a model for predicting 802.11
packet delivery. The model was very simple and it was easy to install. It used channel
measurements and SNR to predict how the packet would be delivered. Experiment
showed that the model worked over 802.11b/g/n networks.
Kliazovich and Granelli (2008) found that the main reason why WLAN performed
poorly when there were many small packets was the big overhead added to packets.
They proposed an algorithm to improve the network performance. The algorithm was
to group small packets into a big one and send them. QoS was necessary for grouping.
They did an experiment to test the algorithm. Results showed that the network
performance was significantly enhanced by using the new algorithm.
Velásquez and Gamess (2009) compared and analysed several popular network
benchmarking tools. They studied 8 tools: Netperf, D-ITG, NetStress, MGEN,
LANforge, Network Traffic Generator, Rude & Crude and WLANTV. They suggested
that there was no a best tool. Each tool had its own advantage and disadvantage.
D-ITG reported in more detail. However, the delay results they obtained seemed
unrealistic and they met problem during installation.
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3.2 Summary
For 802.11b wireless protocol, the bandwidth is quite limited and it does not provide
QoS in MAC layer. The network performance could not reach the requirements of
applications which are delay and jitter sensitive. Later 802.11 protocols like 802.11g
and 802.11n introduce improvements in coverage and throughput. 802.11n have
implemented QoS on MAC layer and study showed that enable QoS could enhance
the performance of real-time application. It seems that to improve the QoS
performance still needs a lot of work in the future.
Interference issue is quite serious for 802.11 WLANs. Studies showed that when
different 802.11 WLANs working on same ISM band co-exist. The network
performance will dramatically decrease. Interference issue is also unsolved issue with
the developing of wireless technology.
For the network performance of 802.11n, studies showed that when using IPv4, the
network could reach higher throughput compared to using IPv6. Researchers
suggested that it was due to IPv6 packets have bigger overhead. Compared to open
system, enable any security algorithm (WEP, WPA, and WPA2) caused drop on
throughput and slight increase delay. However, security algorithms do not seem to
have significant influence on delay, jitter and packet loss.
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4 Research Methodology
4.1 Research Questions
 How does 802.11n wireless network perform when applications are running
individually and simultaneously?
 What is the performance of 802.11n wireless network, while using different IP
versions?
 What is the performance of 802.11n wireless network, under different operating
system environments?

4.2 Research Hypotheses
 802.11n wireless network performs better while applications are running
individually rather than simultaneously.
 802.11n wireless network performs better while using IPv4 than IPv6.
 Operating system does not have significant affect on 802.11n wireless network
performance.

4.3 Method of Study
The method used in this research is quantitative research. This study is about network
performance and network performance depends on several parameters. Therefore,
quantitative research method is suitable for this research.
This research includes experiment part. In this research, test bed measurement
methodology is used and simulation is not selected. The reason for not choosing
simulation platform is that:
Simulation platform could provide an ideal environment. There is no interference
signals, no packets lost during transmission, and no hardware status issue. The reason
for why using test bed is that, data gathered in real environment is more effectively
for this research. This research is aimed to analyse the influence of running
applications on 802.11n network performance. Simulation platform is not able to
simulate how multiple data streams are transmitting in the air and influencing each
other. Real environment is too complicate for simulation platform. Therefore,
simulation platform is not suitable for this research.
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Extensive data obtain from the test bed experiments. Conclusions are based on
analysis of the experimental results and discussion. Details about experiment setup
and data gathering will be discussed in following chapters.

4.4 Methodology
In this research, design science is used as the methodology.
Design Science is a process used to solve specific problems. In information system
(IS), Hevner et.al (2004) defines it as “ creates and evaluates IT artifacts intended to
solve identified organizational problems. ” There are seven guidelines for design
science as under:
1.
2.
3.
4.
5.
6.
7.

Design as an Artifact
Problem Relevance
Design Evaluation
Research Contributions
Research Rigour
Design as a Search Process
Communication of Research
(Hevner, March, Park, & Ram, 2004)|
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Questions
1.What is the research question (design
requirements)?
2.What is the artifact? How is the artifact
represented?
3. What design processes (search heuristics) will
be used to build the artifact?
4. How are the artifact and the design process?
5. What evaluations are performed during the
internal design cycles? What design
improvements are identified during each design
cycle?
6. How is the artefact introduced into the
application environment and how is it field
tested? What metrics are used to demonstrate
artifact utility and improvement over previous
artifacts?
7. What new knowledge is added to the
knowledge base and in what form (e.g.,
peer-reviewed literature, meta-artifacts , new
theory, new method)?
8.Has the research question been satisfactorily
addressed?

Answers

Table 4-1 Design science research checklist

(Hevner & Chatterjee, 2010)
Table 4-1 is design science research checklist form book ”Design Science Research in
Information System” (Hevner & Chatterjee, 2010)
This research is designed and carried out according to the guidelines and design
science research checklist.
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5 Experimental Design & Setup
5.1 Experimental Design
The purpose of the experiment is to collect enough data to analyze the network
performance of 802.11n. The main idea of the experiment is to build an 802.11n, and
use both real application and network traffic generator to create data flow in the
network. Tools are used to obtain the data (delay, jitter, throughput and packet loss),
for different IP version/operating system/applications.
Another important thing for this experiment is to minimize the effect of
uncontrollable factors. The 802.11n network performance is influenced by several
controllable and uncontrollable factors. The controllable factors include distance
between nodes and AP, operating system, wireless protocol, IP version, other network
configuration parameters and settings, and data stream in the network. The
uncontrollable factors include hardware performance, software error and other
random factor. An easy and practical solution for the issues is that repeat the tests and
take the mean value. The tests will repeat in different time to make sure the
uncontrollable factors do not stay the same while repeating.
In this part of experiment, both real application and network traffic generator are used.
The performance of application’s data flow is not analyzed in this experiment for
those reasons:
1. The performance of real application’s data stream could not be tested.
2. The performance of real application does not show how the performance of whole
network is influenced.
To measure the influence of applications on network performance, one extra data
stream is required. This data is created by network traffic generator. Delay, jitter and
packet loss of this data stream can be obtained. The performance of this data stream is
considered to reflect the network performance. In this experiment, the data stream is
called test data stream. The way to achieve the goal includes steps below:
1. Analyze the performance of test data while no other application is running. This
performance data is used as a standard to compare with other data.
2. Analyze the performance of test data while other application is running. The
performance of test data stream is considered as the result of the influence of
application on network performance.
3. Compare results of different tests.
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This part of experiment includes 6 tests:
1.
2.
3.
4.
5.
6.

Standard
FTP downloading
Streaming video
Both FTP downloading and streaming video
VoIP
VVoIP

Standard test is considered as a base. No other application is running, but the tools
used to gather data. The tests are running application(s) together with tools. Those
tests would be done in different OSs and IP versions. The OSs used in the experiments
are Ubuntu, Windows Server 2008 and Windows 7. IPv4 and IPv6 are used in
experiment.
Test 4 (both FTP downloading and streaming video) is the only test running
multiple-applications. The applications chosen are FTP downloading and streaming
video. The reason why choose the two applications are:
1. FTP downloading is a common download application. Download application will
use much network resources and user will run download application for long time
to download big files. Therefore, it will running together with other application
often.
2. Streaming video is a popular application. It is probably that downloading
application and streaming video are running together for many home users.

5.2 IP Versions and Operating Systems
This section introduces the IP versions and OSs used in the experiment.

5.2.1

IP Versions

IPv4
IPv4 is the fourth version of Internet Protocol (IP). It is the most widely deployed IP
version.
IPv4 uses 32-bit address. There are 4,294,967,296 (232) IPv4 addresses in total.
Currently, IPv4 address exhaustion is a serious problem. Although, there are many
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ways to delay this issue such as NAT (Network Address Translation), IPv4 addresses
are not a long term option.

IPv6
IPv6 is the version of Internet Protocol that is going to replace IPv4 in the future. IPv6
was developed by Internet Engineering Task Force (IETF). It was described in RFC
2460 on 1998. IPv6 is considered as the long term solution for IPv4 address
exhaustion. IPv6 uses 128-bit address. The number of IPv6 addresses is about
3.4*1038 (2128). It is the best solution for IP address exhaustion.

5.2.2

Operating Systems

Windows Server 2008 R2
Windows Server 2008 R2 is one of Windows Server OSs. It was released on 2009.
And it is newest Microsoft’s Server OS. Windows Server 2008 R2 is a 64-bit OS. In
this experiment, Windows Server 2008 R2 is installed on both server and client side.

Windows 7
Windows 7 is Microsoft’s newest desktop OS. It released on 2009.It has both 32-bit
and 64-bit versions. It is installed on client side in the experiment.

Ubuntu 11.10
Ubuntu is a Linux OS and it is open source. Ubuntu is based on another Linux OS
called Debian. Ubuntu release new version every 6 month. It has both products for
desktop and server. Each version has 18 month supported. Ubuntu has several
versions end with LTS (Long Life Support). Those versions of Ubuntu have 3 years
support. In this experiment, Ubuntu 11.10 (code name: Oneiric Ocelot) is used. It is
installed on client machine.

21

5.3 Tools
5.3.1

Tools Analysed

D-ITG
D-ITG (Distributed Internet Traffic Generator) can produce traffic in both IPv4 and
IPv6. It supports different OSs includes Linux, OSX and Windows. D-ITG can obtain
delay, jitter, packet loss, throughput of generated data stream. In detail, it provides
total packets, minimum delay, maximum delay, average delay, delay standard, bytes
received, average bitrate, packets dropped, average loss-burst size. D-ITG support
both IPv4 and IPv6.
For testing delay, D-ITG provides two ways: one-way delay and RTT delay. D-ITG
does not provide time synchronization function. To measure one way delay, clock of
sender and receiver should be synchronized by other tool. Otherwise, RTT delay is
recommended.

Wireshark
Wireshark is one of the most used network analyzers. It is a cross-platform and open
source software. It supports Linux, Windows and OSX. It can capture packets and
analyze those packets. Wireshark can filter results by protocol, time, port, IP and other
ways. It also creates various statistics for the packet captured.

Zumara
Zumara is called protocol analyzer, simulator and conformance test software on its
home page (Packet Data Systems Ltd., 2011). It is commercial software. Zumara
supports a range of protocols including H.323 and SIP. However, Zumara does not
support many OSs; it supports Windows 2000, XP, Vista and 7. It can simulate one
NIC to multiple endpoints. And it can measure the delay, jitter, throughput and packet
loss.

VLC media player
VLC media player is a free, open source and cross-platform media player. Except play
media files and discs, VLC is capable to streaming by different protocols.
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Ostinato
Ostinato is similar to Wireshark; it is an open source and cross-platform network
analyzer. Ostinato is also a traffic generator, but ostinato cannot measure parameter
like delay, jitter and packet loss. Ostinato cannot view captured packets, user needs to
use other tools like Wireshark to view the packets.

Iperf
Iperf is a network performance test tool. It can measure maximum TCP and UDP
bandwidth, and it reports delay, jitter and packet loss. Iperf support both Windows and
Linux OSs. User can set parameters for testing network or optimizing network
performance.

5.3.2

Tools selection

D-ITG
D-ITG is selected for the experiment. D-ITG can measure delay, jitter, packet loss and
throughput of generated data stream. It can generate test data stream and VoIP data
stream. It supports both IPv4 and IPv6, and it is a cross-platform software. Those
features are necessary for part one of the experiment.

Wireshark
Wireshark is selected. It can monitor the network traffic. The main reason why
Wireshark is selected is that Wireshark’s filter can be used to get the throughput in
part one of experiment.

VLC
VLC is selected for the experiment. The streaming feature of VLC is very useful for
streaming video test and VVoIP test.
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Zumara
Zumara can generate VoIP data stream, and measure the performance. However, it
only works on Windows platform. Therefore, it is not selected

Ostinato
Although ostinato can generate data stream and capture packets, it cannot measure the
performance of the data stream. Therefore, it is not selected

Iperf
Iperf is for testing maximum throughput. In this experiment, the traffic generator
should be able to generate traffic with fixed packet size and packet rate.
Table 5-1 shows the tool selection of the experiment.
Tools analysed
D-ITG
Wireshark
VLC
Iperf
Ostinato
Zumara

Tool selection







Table 5-1 Tool selection
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5.4 Test bed
5.4.1

Experiment setup

Figure 5-1 Test bed

PC-A
PC-B**
Applications
FTP downloading, Streaming video,VoIP, VVoIP
Tools
D-ITG, Wireshark*,VLC
D-ITG, VLC
IP version
IPv4/Ipv6
Operating System Windows 7/ Windows Windows Server 2008 R2**
Server
2008
R2/
Ubuntu11.10
Security protocol
WPA2-Personal
Wireless protocol
IEEE 802.11n (draft 2.0)
Table 5-2 Test bed

*Wireshark is used for monitoring network traffic, it is not necessary to install it on
both machines.
**PC-B is used as a server to host FTP downloading service.

5.4.2

Hardware

PC
Hardware information of PC used in this experiment is listed below.
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CPU:
Intel Core i7 2600
Memory:
Kingston 4G DDR3, -1333MHz*2
Hard Drive: West Digital 500G
Intel Core i7 2600 is a quad cores CPU and the clock speed is 3.4GHz with 8MB L3
cache.

Access point
Access point used in this experiment was Cisco WAP4410N. Features of Cisco
WAP4410N related to this experiment include:







Support 802.11n draft 2.0
Support WPA/WPA2 security
Support IPv6 host
802.11n: 300 Mbps at -69dBm
Web browser-based configuration utility
Do not support 5GHz ISM band

Wireless Network Adapter
Wireless network adapter used in this experiment was Airlive WN-300PCI. Features
of Airelive WN-300PCI related to this experiment include:






Support 802.11n draft 2.0
Support 2.4GHz and 5GHz ISM band
Support WPA/WPA2 security
Maximum 300 Mbps link speed (802.11n)
Use Ralink RT 3062 single chip

5.5 Software and Hardware configuration
5.5.1

Hardware configuration

AP
The AP used in experiment is Cisco WAP4410N Access Point. This AP supports
802.11n (draft 2.0). During setup, I found that links speed was only 150Mbps, not
300Mbps as claimed by manufacturer. Then, I found the problem was caused by
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firmware. The AP was with firmware 2.0.4.2. The firmware had bugs that caused the
link speeds not to reach 300Mbps. The problem was solved by changing firmware to
2.0.2.1.
To meet the requirement of experiment, some configuration were changed. Table 5-3
shows the final configuration of AP.
Protocol
Channel
Frequency
Bandwidth
Security

802.11n (draft 2.0)
6
2.437GHz
40MHz
WPA2-Persional

Table 5-3 AP configuration

Other settings that are not mentioned in above table keep to the default setting.

Wireless Network Adapter
The wireless network adapter used in the experiment is Airlive WN-300PCI. No
configuration was required for this hardware. However, it had issues with working in
Ubuntu 11.10. The CD with this product does not provide driver for Linux. And it did
not work on Ubuntu 11.10 without proper driver. On manufacturer’s website, there is
no Linux driver also. To solve the problem, I got the chipset information of this
product. It is Ralink RT3062 Single Chip. The driver for Linux was found on Ralink’s
website.

5.5.2

Software configuration

D-ITG
D-ITG is used to generate the test data stream and gather delay, jitter and packet loss
of test data stream in this experiment. Default setting of D-ITG is that:
Meter:
Duration:
Packet rate:
Packet size:
Protocol:

One-Way-Delay
10 seconds
1000 packets/sec
512 Bytes
UDP
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Destination Port: 8999
As mentioned before, D-ITG cannot synchronize time between sender and receiver.
Therefore, RTT delay will be tested in experiment. By default setting, duration is only
10 seconds. Longer duration will be taken for test data stream to reduce the influence
of random factors. Duration for test data steam is 20 seconds. The bandwidth used by
default setting is about 4.3Mbps (packet size does not includes the header D-ITG
added.). To test RTT delay, all the packets will send to receive side, and then send
back. Therefore, it used double bandwidth about 8.6Mbps. Test data should not cause
heavy network load. Packet rate or packet size should reduce. For test data stream,
packet size is by default and packet rate is reduced to 500 packets/sec. The setting of
test data stream is:
Meter:
Duration:
Packet rate:
Packet size:
Protocol:
Destination Port:

Round-Trip-Time
20 seconds
500 packets/sec
512 Bytes
UDP
8999

The version of D-ITG used in experiment is 2.7.0 beta2. Newest version of D-ITG is
2.8.0 RC1. D-ITG 2.8.0 RC1 always crashed while testing RTT delay. Therefore,
previous version was chosen. However, there is also problem with D-ITG 2.7.0 beta2
about running cross platform. This problem is described in detail in the limitation part
of this report.
Command line used to generate test data stream is:
ITGSend –a 192.168.1.100 –m RTTM –t 20000 –C 500 –I send
The destination IP address is 1234::5676 for IPv6.
Command line used to generate VoIP data stream is:
ITGSend –a 192.168.1.101 –rp 8000 –t 600000 VoIP –x G.729.2 -VAD
The destination IP address is 1234::5677 for IPv6.
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Wireshark
Wireshark is used to obtain throughput on client side. It does not require any previous
configuration. The software version used in experiment is 1.6.2, which was the newest
stable version of Wireshark while doing experiment.

VLC
VLC 1.1.11 is used in experiment. VLC is used in streaming video and VVoIP test.
For streaming video, the configuration of VLC on server side is to disable transcoding,
output stream via HTTP and using port 8080. On client side, increase caching to
3000ms.
For VVoIP, activate transcoding on server side, and other setting is same with
streaming video. On client side, setting is by default, no changes apply (300ms
caching).
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6 Data Gathering
6.1 Tools
The data need to be gathered in experiment include delay, jitter, packet loss and
throughput. Delay, jitter and packet loss is gathered by D-ITG. Wireshark used to
gather throughput.

6.2 Data Gathering Procedure
The data gathering procedure is listed below:
1. Run the application(s) that is going to be tested(except Standard test, no
application is running)
2. Run Wireshark to capture packets
3. Run D-ITG to generate test data stream
4. When D-ITG is finished, stop capturing packets and application(s).
5. Get the jitter, delay and packet loss directly from D-ITG
6. Use Wireshark to obtain throughput, it also includes several steps.
a) Use filter to follow the test data stream (In the experiment, test data uses
UDP protocol and 8999 port. Filter protocol and port can follow the data
stream.)
b) Get the start and finish time of test data stream (Wireshark adds time stamp
to each packet)
c) Use filter to get all the packets in that period and get the throughput.
As mentioned before, tests are run 10 times.
Table 6-1 is a template of test results record sheet.
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IPv4
Windows 7
Windows server 2008 R2
Ubuntu 11.10
Delay Jitter Packet loss Throughput Delay Jitter Packet loss Throughput Delay Jitter Packet loss Throughput

IPv6
Windows 7
Windows server 2008 R2
Ubuntu 11.10
Delay Jitter Packet loss Throughput Delay Jitter Packet loss Throughput Delay Jitter Packet loss Throughput
1.Standard*
2.FTP downloading
3.Streaming video
4.Both(2&3)
5.VoIP
6.VVoIP
*no application is running but D-ITG and Wireshark.
Table 6-1 Template of results record sheet
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1.Standard*
2.FTP downloading
3.Streaming video
4.Both(2&3)
5.VoIP
6.VVoIP

7 Limitations
7.1 IEEE 802.11n version
Initially, final version of IEEE 802.11n which was published in 2009 is chosen for the
experiment. However, the equipment does not support the newest version of 802.11n.
802.11n draft 2.0 is the protocol actually used in experiment. The plan was to analyse
the performance of the newest version of 802.11n. The performance of the two
802.11n versions would have differences. Therefore, at this point, the experiment did
not meet the initial requirement.

7.2 Tests
Excluding standard test, there are 5 tests. In 4 of the 5 tests application is running
alone. There is only one test running multiple-applications. That test is both FTP
downloading and streaming video. This test is used for analysis of the network
performance while running multiple-applications. FTP downloading is different from
other applications; it will use most of the network resources. And it makes throughput
close to network maximum throughput. Therefore, running FTP downloading with
other applications might have different influence on network performance comparing
with applications that does not use much network resources. Therefore, the
experiment is not a comprehensive study of influence of running multiple-applications
on 802.11n network performance.
Another limitation in the tests is due to tool’s problem, part of the experiment is not
done. D-ITG kept reporting error while running on Ubuntu 11.10, sent data streaming
to Windows Server 2008 R2 using IPv6. It work well while using IPv4. Due to there
being no suitable tool to replace D-ITG, test running on Ubuntu 11.10 using IPv6 was
not possible.

7.3 Environment
In the lab, there is also signal of school’s WLAN. It will influence the network
performance in experiment. This is uncontrollable factor. However, other wireless
LAN signal free environment is not possible for this experiment.
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8 Data analysis
In this chapter, the test results obtained in experiment are going to be analyzed. Data
will be divided by the different categories such as network performance
measurements (delay, jitter etc.), IP versions and operating systems. Data will be
presented in tables and figures to help understand the experimental results.
In this chapter, Both (2 & 3) means both FTP downloading and streaming video. Both
2 & 3 and Standard test will be discussed separately from other tests in applications
section for the four performance measurement. Because there is no applications
running in standard test, and test 4 (Both 2 & 3) is the only test where running
multiple applications.
For operating system and IP version sections, all the 6 tests will be considering and
analyzed together. Because in the two sections, analysis is not about impact of
applications on network performance; OSs and IP versions are compared to each other,
not applications.
Sometimes, tests are divided into two groups for analysis. The reason for dividing
tests into groups is to make graphs clearly show the difference between data.

8.1

Delay analysis

Delay
(ms)

IPv4

Windows
7

IPv6

Windows
2008 R2

Ubuntu
11.10

Windows
7

Windows
2008 R2

1.Standard

38.650

34.105

35.158

40.017

32.238

2.FTP
downloading

61.981

56.927

71.661

59.055

58.094

3.Streaming
video

37.273

38.792

34.627

40.869

41.183

4.Both(2&3)

66.979

60.814

72.924

65.943

58.477

5.VoIP

36.508

37.964

34.524

38.003

35.334

6.VVoIP

43.034

40.490

38.167

42.959

41.059

Table 8-1 Delay results

Table 8-1 shows the results for delay obtained in experiments in milliseconds. Those
data will be rearranged and used to make charts or tables based on the analysis need.
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8.1.1

Applications

Delay(ms)
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5.VoIP
40

6.VVoIP

35
30
Windows 7

Windows
2008 R2

Ubuntu
11.10

Windows 7

IPv4

Windows
2008 R2

IPv6

Figure 8-1 Delay analysis for applications

Figure 8-1 above illustrates the delay for 6 tests using different IP versions on
different OSs. Without considering standard test (only D-ITG tool and Wireshark
running) and test 4 (Both 2 & 3) as in Figure 8-1 above, highest delay obtained was
71.661ms, running FTP downloading on Ubuntu 11.10 using IPv4. Lowest delay
obtained was 34.524ms, running VoIP on Ubuntu 11.10 using IPv4.
According to Figure 8-1, it is obvious that when running FTP downloading and Both
(2 & 3), delay was much higher than rest of the applications. Therefore, the data will
be divided into two groups for further analysis.
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Delay(ms)
75
73
71
69
67
65
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Windows
2008 R2

IPv6

Figure 8-2 High delay group results

Figure 8-2 shows delay results for high delay group. For FTP downloading, highest
delay obtained was 71.611ms running FTP downloading on Ubuntu 11.10 using IPv4,
and it was also the highest delay among delay results of 4 tests running single
application. Lowest delay for FTP downloading obtained was 56.927 running on
Windows 2008 R2 using IPv4.
For Both (2 & 3), highest delay obtained was 72.924ms running on Ubuntu 11.10
using IPv4; lowest delay obtained was 58.477ms running on Windows 2008 R2 using
IPv6. As excepted, delay for Both (2 & 3) was the highest among 6 tests in all
scenarios. However, delay for Both (2 & 3) was only 0.383ms higher than FTP
downloading, that could be considered as equal.

35
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44
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40
38

1.Standard

36

3.Streaming video

34

5.VoIP
6.VVoIP
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30
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2008 R2

Ubuntu 11.10 Windows 7

IPv4

Windows
2008 R2

IPv6

Figure 8-3 Low delay group results

As shown in Figure 8-3, VVoIP caused higher delay as compared to other applications.
The delay result of VVoIP in Windows 2008 R2 using IPv6 was only marginally
lower than streaming video (0.103ms lower). Streaming video results demonstrated it
as the application that had the second highest delay among other applications
considered for the tests.
Delay obtained when running streaming video and VVoIP on Windows Server 2008
R2 using IPv6, were about equal (58.094ms, 58.477ms). On Ubuntu 11.10 using IPv4,
delay difference among streaming video and VoIP was very small too (35.158ms,
34.627ms, 34.523ms).
When running VoIP, delay was the lowest without considering standard test. When
using IPv4 on Windows 7 and Ubuntu 11.10, delay obtained for streaming video was
significantly higher than VoIP and VVoIP, about 3ms higher.
Delay results obtained in standard test differs over a wide range as compared to other
tests. Highest delay for standard test is 40.017ms (Windows Server 2008 R2 & IPv6).
Lowest delay for standard test is 32.238ms (IPv6 & Windows Server 2008 R2).
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8.1.2

Operating Systems
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Figure 8-4 Delay analysis for OSs

Figure 8-9 shows the delay results grouped by applications and IP versions to help
analyse the influence of OS on delay. For FTP download and Both (2 & 3), delay was
highest on Ubuntu 11.10 among the 3 OSs; and for other applications except standard
test, delay on Ubuntu 11.10 was the lowest. For streaming video, Windows 7 had
lower delay than Windows Server 2008 R2. In case of VoIP, the OS that had lower
delay depended on IP version selected. For remaining applications, Windows 7 has
higher delay than Windows Server 2008 R2.
Overall, performance of Windows Server 2008 R2 is better than Windows 7, and
performance of Ubuntu 11.10 depended on the particular application.
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8.1.3

IP Versions
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Figure 8-5 Delay analysis for IP Versions

Figure 8-5 shows the delay results grouped by applications and OSs to help analyze
the influence of IP versions on delay. Delay data related to Ubuntu 11.10 was
excluded due to there was no data gathered about Ubuntu 11.10 using IPv6. The
reason is explained in limitation chapter.
For Both (2 & 3), delay obtained using IPv4 were higher than IPv6. For streaming
video, delay obtained using IPv4 were lower than IPv6. For remaining tests, the IP
version obtained higher delay diffed while OS changed. Therefore, delay was more
depending on particular application and operating system.
The influence of IP versions on delay will be discussed with reference to a particular
OS and application. When running VVoIP on Windows7, delays obtained from using
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IPv4 and IPv6 were almost of the same value (43.034ms, 42.960ms). On Windows
Server 2008 R2, the delay difference for VVoIP between two IP versions, was
0.569ms which was only marginal.

8.1.4

Findings in delay analysis

1. Without considering standard test and Both (2 & 3), highest delay obtained was
71.661ms, running FTP downloading on Ubuntu 11.10 using IPv4. Lowest delay
obtained was 34.524ms, running VoIP on Ubuntu 11.10 using IPv4.
2. For standard test, highest delay obtained was 40.017ms running on Windows 7
using IPv6. Lowest delay obtained was 32.238ms running on Windows 2008 R2
using IPv6.
3. For Both (2 & 3), highest delay obtained was 72.924ms running on Ubuntu 11.10
using IPv4; lowest delay obtained was 58.477ms running on Windows 2008 R2
using IPv6.
4. Both (2 & 3) caused highest delay among all the applications. The second one is
FTP downloading. FTP downloading and Both (2 & 3) caused much higher delay
than other applications.
5. Delay for standard test was not the lowest in some scenarios.
6. For delay, Windows Server 2008 R2 performed better than Windows 7. Depend on
particular application, performance of Ubuntu 11.10 diffed from best to worst
accordingly.
7. According to the delay results, it is not very clear IPv4 or IPv6 performed better
without reference to a particular application and OS.
8. Table 8-2 (below) shows the highest and lowest delay obtained for each test.

1.Standard
2.FTP downloading
3.Streaming video
4.Both (2&3)
5.VoIP
6.VVoIP

Highest
Lowest
Highest
Lowest
Highest
Lowest
Highest
Lowest
Highest
Lowest
Highest
Lowest

Delay(ms)
40.017
32.238
71.661
56.927
41.183
34.627
72.924
58.477
38.003
34.524
43.034
38.167

OS
Windows 7
Windows 2008 R2
Ubuntu 11.10
Windows 2008 R2
Windows 2008 R2
Ubuntu 11.10
Ubuntu 11.10
Windows 2008 R2
Windows 7
Ubuntu 11.10
Windows 7
Ubuntu 11.10

Table 8-2 Highest and lowest delay for applications
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IP Version
IPv6
IPv6
IPv4
IPv4
IPv6
IPv4
IPv4
IPv6
IPv6
IPv4
IPv4
IPv4

8.2 Jitter Analysis
Jitter
(ms)

IPv4

Windows
7

IPv6

Windows
2008 R2

Ubuntu
11.10

Windows
7

Windows 2008
R2

1.Standard

1.665

1.722

1.772

1.707

1.758

2.FTP
downloading

2.662

2.962

3.245

2.762

2.687

3.Streaming
video

1.877

1.722

1.977

1.942

1.765

4.Both(2&3)

3.019

3.017

3.340

2.909

2.994

5.VoIP

1.743

1.670

1.794

1.666

1.731

6.VVoIP

1.948

1.787

1.883

1.968

1.816

Table 8-3 Jitter results

Table 8-3 shows the results for jitter obtained in experiments. This data will be
rearranged and made into a chart or table based on the analysis need.
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8.2.1

Applications
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Figure 8-6 Jitter analysis for applications

Figure 8-6 shows jitter obtained in experiment for the 6 tests. Without considering
standard test and Both (2 & 3), highest jitter obtained was 3.245ms running FTP
downloading on Ubuntu 11.10 using IPv4 ; lowest jitter obtained was 1.666ms
running VoIP on Windows 7 using IPv6.
Jitter for FTP downloading and Both (2 & 3) was much higher than other tests. Jitter
results will be divided into high jitter group and low jitter group for further analysis.
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Figure 8-7 High jitter group results

Figure 8-7 shows jitter data of high jitter group. For Both (2 & 3), highest jitter
obtained was 3.340ms running on Ubuntu 11.10 using IPv4; lowest obtained was
2.909ms running on Windows 7 using IPv6.
Comparing these two tests, Both (2 & 3) caused higher jitter than FTP downloading.
Changing OS and IP version did not make any difference. On Windows 7 using IPv4,
the gap of jitter between the two tests was the largest (0.357ms), jitter for Both (2 & 3)
video was 13.41% higher than FTP downloading. On Ubuntu 11.10 using IPv4, the
gap of jitter between the two tests is the smallest (0.095ms).
According to the Figure 8-7, these two applications have more influence on jitter than
OS, IP version and other factors.
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Figure 8-8 Low jitter group results

Figure 8-8 shows the jitter data of low jitter group. According to the figure, there were
two lowest jitter results. The two results were very close to each other. The lowest
jitter was 1.666ms, running VoIP on Windows 7 using IPv6. The second lowest jitter
was 1.670ms, running VoIP on Windows Server 2008 R2 using IPv4. On Windows
2008 R2 using IPv4, the jitter results for standard test and streaming video are equal
(1.722ms). Without considering standard test, VoIP performed best, jitter obtained for
VoIP was lowest. Jitter results for VVoIP were higher than streaming video except on
Ubuntu 11.10.
For standard test, highest jitter obtained was 1.772 running on Ubuntu 11.10 using
IPv4; lowest jitter obtained was 1.665 running on Windows 7 using IPv4. On same
OS and using same IP version, jitter obtained for standard test was form lowest one to
second highest one among these tests.
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8.2.2

Operating Systems

6.VVoIP

IPv6

2.FTP
3.Streaming
1.Standard downloading
4.Both(2&3)
video

IPv6

5.VoIP

Jitter(ms)

IPv4

IPv4
IPv6
IPv4

Ubuntu 11.10
Windows Server 2008 R2

IPv6

Windows 7
IPv4
IPv6
IPv4
IPv6
IPv4
1

1.5

2

2.5

3

3.5

Figure 8-9 Jitter analysis for Operating systems

Figure 8-9 shows the jitter results grouped by applications and IP versions to help
analyze the influence of OS on jitter. Except for VVoIP, Ubuntu 11.10 caused highest
jitter among the three OSs. There are only two jitter results over 3.2ms and both are
obtained on Ubuntu 11.10: 3.34ms (Both 2 & 3); 3.25ms (FTP downloading)
Windows Server 2008 R2 and Windows 7 did not show very obvious trend as Ubuntu
11.10. For streaming video and VVoIP, Windows 7 performed better than Windows
Server 2008 R2. The performance varies when OS was changed with IP versions for
Both (2 & 3), VoIP and FTP downloading.
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8.2.3

IP Versions
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Figure 8-10 Jitter analysis for IP versions

Figure 8-10 shows the jitter results grouped by applications and OSs to help analyze
the influence of IP versions on jitter. Jitter data related to Ubuntu 11.10 is excluded
due to no data about Ubuntu 11.10 using IPv6.
For VVoIP, streaming video and standard test, IPv4 performed better than IPv6. For
Both (2 & 3), IPv6 performed better than IPv4 on both OSs. Performance of IPv4 in
jitter was better than IPv6 in most scenarios. In most scenarios, jitter difference
between IPv6 and IPv4 on same OS running same applications is no more than 0.1ms.
When running FTP downloading on Windows7, jitter result for IPv4 is 0.275ms
higher than IPv6.
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8.2.4

Findings in jitter analysis

1. Without considering standard test and Both (2 & 3), highest jitter obtained was
3.245ms running FTP downloading on Ubuntu 11.10 using IPv4 ; lowest jitter
obtained was 1.666ms running VoIP on Windows 7 using IPv6.
2. For Both (2 & 3), highest jitter obtained was 3.340ms running on Ubuntu 11.10
using IPv4; lowest obtained was 2.909ms running on Windows 7 using IPv6.
3. For standard test, highest jitter obtained was 1.772 running on Ubuntu 11.10 using
IPv4; lowest jitter obtained was 1.665 running on Windows 7 using IPv4.
4. The lowest two jitter results were very close which could be considered as equal:
1.666ms(VoIP; Windows 7 & IPv6), 1.670ms(VoIP; Windows Server 2008 R2 &
IPv4)
5. In low jitter group, VVoIP caused highest jitter except that on Ubuntu 11.10 using
IPv4, jitter for streaming video was highest.
6. Ubuntu 11.10 performed worst in jitter among the three OS. The performance of
Windows 7 on jitter was not significantly better than Windows Server 2008 R2.
However, Windows 7 performed better in more scenarios than Windows Server
2008 R2.
7. Performance of IPv4 in jitter was better than IPv6 in most scenarios.
8. Table 8-4 (below) shows the highest and lowest jitter obtained for 6 tests.

1.Standard
2.FTP downloading
3.Streaming video
4.Both (2&3)
5.VoIP
6.VVoIP

Highest
Lowest
Highest
Lowest
Highest
Lowest
Highest
Lowest
Highest
Lowest
Highest
Lowest

Jitter(ms)
1.772
1.665
3.245
2.662
1.977
1.722
3.340
2.909
1.794
1.666
1.968
1.787

OS
Ubuntu 11.10
Windows 7
Ubuntu 11.10
Windows 7
Ubuntu 11.10
Windows 2008 R2
Ubuntu 11.10
Windows 7
Ubuntu 11.10
Windows 7
Windows 7
Windows 2008 R2

Table 8-4 Highest and lowest jitter for applications
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IP Version
IPv4
IPv4
IPv4
IPv4
IPv4
IPv4
IPv4
IPv6
IPv4
IPv6
IPv6
IPv4

8.3 Packet loss analysis
Packet loss
(%)

IPv4

Windows
Windows 7 2008 R2

IPv6

Ubuntu
11.10

Windows
Windows 7 2008 R2

1.Standard

3.76%

5.51%

6.56%

4.14%

6.39%

2.FTP
downloading

3.22%

5.26%

4.98%

3.46%

4.91%

3.Streaming
video

4.40%

3.24%

7.33%

3.76%

3.88%

4.Both(2&3)

3.98%

3.97%

5.44%

3.85%

4.00%

5.VoIP

4.70%

4.49%

6.74%

3.90%

5.31%

6.VVoIP

3.17%

3.44%

5.99%

4.06%

3.40%

Table 8-5 Packet loss results

Table 8-5 shows the results for packet loss obtained in various experiments. This data
was rearranged and made into charts or tables based on the analysis need.
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8.3.1

Applications
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Figure 8-11 Packet loss analysis for applications

Figure 8-11 shows the packet loss results grouped by IP versions and OSs to help
analyze the influence of applications on packet loss.
The highest packet loss obtained was 7.33%, running streaming video on Ubuntu
11.10 using IPv4. The lowest packet loss obtained was 3.17%, running VVoIP on
Windows 7 using IPv4.
For Both (2 & 3), highest packet loss obtained was 5.44%, running on Ubuntu 11.10
using IPv4; lowest packet loss obtained was 3.85%, running on Windows 7 using
IPv6.
For standard test, highest packet loss obtained was 6.56%, running on Ubuntu 11.10
using IPv4; lowest packet loss obtained was 3.76%, running on Windows 7 using
IPv4.
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According to the figure, no tests show significant higher or lower packet loss than
other tests. It seems that applications did not have much influence on packet loss.
Further analysis will identify the main factor that influences packet loss.

8.3.2

Operating Systems
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Figure 8-12 Packet loss analysis for OSs

Figure 8-12 shows the packet loss results grouped by applications and IP versions to
help analyse the influence of OSs on packet loss.
Packet loss obtained for Ubuntu 11.10 was much higher than Windows 7 and
Windows Server 2008 R2. For all the applications except for FTP downloading, the
highest packet loss obtained was running on Ubuntu 11.10 using IPv4. For FTP
downloading, highest packet loss obtained was running on Windows Server 2008 R2
using IPv4. Among the three OSs, Ubuntu 11.10 performed worst in packet loss.
There were three results higher than 6.5% and all three results were obtained on
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Ubuntu 11.10: 7.33%, running streaming video on Ubuntu 11.10 using IPv4; 6.74%,
running VoIP on Ubuntu 11.10 using IPv4; 6.56%, running standard test on Ubuntu
11.10 using IPv4.
For standard test and FTP downloading, Windows 7 performed much better than
Windows Server 2008 R2. For Both (2 & 3), difference between Windows Server
2008 R2 and Windows 7 was quite small. The highest packet loss obtained between
Windows 2008 R2 and Windows 7 was 6.39% (standard test; Windows Server 2008
R2 & IPv6). Comparing Windows Server 2008 R2 and Windows 7, performance of
Windows 7 in respect of packet loss was better.

8.3.3

IP Versions
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Figure 8-13 Packet loss analysis for IP versions
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Figure 8-13 shows the packet loss results grouped by applications and OSs to help
analyze the influence of IP versions on packet loss. Packet loss data related to Ubuntu
11.10 is excluded due to no data about Ubuntu 11.10 using IPv6.
According to test results, performance of IPv4 was not significantly better or worse
than IPv6. For standard test, IPv4 performed better than IPv6 in packet loss. The
performance of two IP versions was very close in some scenarios; the difference was
less than 0.05% (VVoIP & Windows Server 2008 R2; Both (2 & 3) & Windows
Server 2008 R2). In many scenarios, the difference of performance between the two
IP versions was no less than 0.64%. In two scenarios, the difference was more than
0.85%, 0.89 % (VVoIP & Windows 7), 0.88% (standard test & Windows Server 2008
R2). However, the performance of IP version on packet loss depended more on
particular OS and application.

8.3.4

Findings in packet loss analysis

1. The highest packet loss obtained was 7.33%, running streaming video on Ubuntu
11.10 using IPv4. The lowest packet loss obtained was 3.17%, running VVoIP on
Windows 7 using IPv4.
2. Applications did not show significant influence on packet loss.
3. Ubuntu 11.10 performed worst among three OSs. Three results that showed over
6.5% were all obtained on Ubuntu 11.10.
4. Windows 7 performed better on packet loss than Windows Server 2008 R2.
5. It was hard to decide IPv4 or IPv6 performed better in respect to packet loss.
6. Table 8-6 (below) shows the highest and lowest packet loss obtained for 6 tests.

1.Standard
2.FTP downloading
3.Streaming video
4.Both (2&3)
5.VoIP
6.VVoIP

Highest
Lowest
Highest
Lowest
Highest
Lowest
Highest
Lowest
Highest
Lowest
Highest
Lowest

Packet loss
6.56%
3.76%
5.26%
3.22%
7.33%
3.24%
5.44%
3.85%
6.74%
3.90%
5.99%
3.17%

OS
Ubuntu 11.10
Windows 7
Windows 2008 R2
Windows 7
Ubuntu 11.10
Windows 2008 R2
Ubuntu 11.10
Windows 7
Ubuntu 11.10
Windows 7
Ubuntu 11.10
Windows 7

Table 8-6 Highest and lowest packet loss for applications
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IP Version
IPv4
IPv4
IPv4
IPv4
IPv4
IPv4
IPv4
IPv6
IPv4
IPv6
IPv4
IPv4

8.4 Throughput analysis
Throughput

IPv4

Windows
7

(Mbps)
1.Standard

IPv6

Windows
2008 R2

Ubuntu
11.10

Windows
7

Windows
2008 R2

4.331

4.333

4.260

4.491

4.496

2.FTP
downloading

27.700

26.702

24.761

27.987

25.797

3.Streaming
video

5.469

5.471

5.217

5.665

5.622

4.Both(2&3)

26.787

26.807

25.016

27.530

27.165

5.VoIP

4.375

4.397

4.312

4.521

4.532

6.VVoIP

6.236

6.181

5.671

6.270

6.200

Table 8-7 Throughput

Table 8-7 shows the results for throughput obtained in experiments. This data was
rearranged and made into charts or tables based on the analysis need.

8.4.1

Applications
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Figure 8-14 Throughput analysis for applications
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Figure 8-14 shows the throughput results grouped by IP versions and OSs to help
analyze the influence of applications on throughput.
Without considering standard test and Both (2 & 3), highest throughput obtained was
27.987Mbps, running FTP downloading on Windows 7 using IPv6. Lowest
throughput obtained is 4.312Mbps, running VoIP downloading on Ubuntu 11.10 using
IPv4.
For Both (2 & 3), highest throughput obtained was 27.530Mbps, running on Windows
7 using IPv6; lowest throughput obtained was 25.016, running on Ubuntu 11.10 using
IPv4.
For standard test, highest throughput obtained was 4.496Mbps, running on Windows
Server 2008 R2 using IPv6; lowest packet loss obtained was 4.260Mbps, running on
Ubuntu 11.10 using IPv4.
According to the test results, FTP downloading and Both (2 & 3) had much higher
throughput than other tests. Therefore, this data will also be divided into two groups,
high throughput group and low throughput group.
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Figure 8-15 High throughput group results
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Figure 8-15 shows the throughput data of high throughput group. FTP downloading
did not perform significant better or worse than Both (2 & 3).
On Windows Server 2008 R2 using IPv6, the difference was highest, 1.368Mbps
(Both (2 & 3) was higher). On Windows Server 2008 R2 using IPv6, the difference
was highest, 0.105Mbps (Both (2 & 3) was higher).
Lowest throughput obtained in high throughput group was 24.761Mbps, running FTP
downloading on Ubuntu 11.10 using IPv4, and it was the only one under 25Mbps.
There are three results over 27.5Mbps: 27.987Mbps (FTP downloading, Windows 7 &
IPv6), 27.700Mbps (FTP downloading, Windows 7 & IPv4), 27.530Mbps (Both (2 &
3), Windows 7 & IPv6)
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Figure 8-16 Low throughput group results

Figure 8-16 shows the throughput data of low throughput group. It was that in all
scanners, the order of throughput from high to low did not change. The order was that
(from high throughput to low throughput): VVoIP, streaming video, VoIP, standard test.
Therefore, the influence of IP version and OS should be the same (increase or
decrease) for all the applications. The difference between two VoIP and standard test
was quite small, from 0.03Mbps (Windows 7 & IPv6) to 0.052Mbps (Windows
Server 2008 R2 & IPv4).
In following analysis, the throughput results will be studied separately by grouping.
The reason why keep the divided groups in further research is that the two groups of
data present quite different trends.
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8.4.2

Operating Systems
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Figure 8-17 Throughput analysis for OSs (high throughput group)

As shown in Figure 8-17, performance of Windows 7 was best, and performance of
Ubuntu 11.10 was worst.
When running on Ubuntu 11.10, the throughput of the two applications were
significantly lower than running on other OSs. For both tests, the throughput results
on Ubuntu 11.10 were less than 25.1Mbps, while most of other results were over
26Mbps. The difference of throughput between Windows 7 and Windows Server 2008
R2 was only 0.85Mbps (Both (2 & 3) & IPv4), and it was up to 2.19Mbps (FTP
downloading & IPv6).
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Figure 8-18 Throughput analysis for OSs (low throughput group)

Figure 8-18 illustrates that throughput obtained on Ubuntu 11.10 was always lower
than Windows 7 and Windows Server 2008 R2. Comparing Windows 7 with Windows
Server 2008 R2, the difference of throughput is very small; the lowest difference is
only 0.02Mbps (standard test & IPv4; streaming video & IPv4).

8.4.3

IP versions
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Figure 8-19 Throughput analysis for IP versions (high throughput group)
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As shown in Figure 8-19, throughput obtained using IPv6 were higher than IPv4,
except one scenario, it was running FTP downloading on Windows 2008 R2. Running
FTP downloading on Windows Server 2008 R2, throughput obtained using IPv4 was
0.905Mbps, which was higher than throughput obtained using IPv6. In other scenarios,
throughput using IPv6 were higher than throughput obtained using IPv4, the
difference was from 0.287Mbps to 0.743Mbps.
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Figure 8-20 Throughput analysis for IP versions (low throughput group)

Figure 8-20 shows that for standard test, streaming video, VoIP and VVoIP,
throughput obtained using IPv6 were always higher than throughput obtained using
IPv4. For standard test and streaming video, the difference was over 0.15Mbps. For
VVoIP, the throughput obtained using different IP version were quite close, the
difference was less than 0.035Mbps. For VoIP, on Windows 7 the difference was only
0.022Mbps, while on Windows Server 2008 R2 the difference is 0.135Mbps.

8.4.4

Findings in throughput analysis

1. Without considering standard test and Both (2 & 3), highest throughput obtained
is 27.987Mbps, running FTP downloading on Windows 7 using IPv6. Lowest
throughput obtained is 4.312Mbps, running VoIP on Ubuntu 11.10 using IPv4.
2. Throughput results obtained running FTP downloading or Both (2 & 3) were
much higher than other applications.
3. For all the applications, throughput result when running on Ubuntu 11.10 was
always the lowest one.
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4. Comparing Windows 7 and Windows Server 2008 R2, these two operating
systems did not show significant influence on throughput.
5. Throughput results obtained using IPv6 are higher than using IPv4 in most
scenarios. The only exception is running FTP downloading on Windows Server
2008 R2; throughput obtained using IPv4 is 0.905Mbps higher than using IPv6.
6. Table 8-8 (below) shows the highest and lowest throughput results for
applications.

1.Standard
2.FTP downloading
3.Streaming video
4.Both (2&3)
5.VoIP
6.VVoIP

Highest
Lowest
Highest
Lowest
Highest
Lowest
Highest
Lowest
Highest
Lowest
Highest
Lowest

Throughput
(Mbps)
4.496
4.260
27.530
24.761
5.665
5.217
27.530
25.016
4.532
4.312
6.270
5.671

OS
Windows Server 2008 R2
Ubuntu 11.10
Windows 7
Ubuntu 11.10
Windows 7
Ubuntu 11.10
Windows 7
Ubuntu 11.10
Windows Server 2008 R2
Ubuntu 11.10
Windows 7
Ubuntu 11.10

IP
Version
IPv6
IPv4
IPv6
IPv4
IPv6
IPv4
IPv6
IPv4
IPv6
IPv4
IPv6
IPv4

Table 8-8 Highest and lowest throughput for applications

8.5 Influence of Running Multiple-applications
This section analyses the influence of running more than one applications on network
performance. In experiments, there are three tests related: FTP downloading,
streaming video and Both (2 & 3). In previous analysis, some works have been done
about comparing FTP downloading and Both (2 & 3). This section is focus on the
influence of running multiple-applications.
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Figure 8-21 Delay analysis for running multiple-applications

As shown in Figure 8-21, when both FTP downloading & streaming video, delay was
higher than the applications running separately. Comparing to delay results for FTP
downloading, delay obtained when running both FTP 2 & 3 increased from 0.383ms
up to 6.888ms.
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Figure 8-22 Jitter analysis for running multiple-applications

As shown in Figure 8-22, when running FTP downloading and streaming video
together, the jitter was higher than running the two applications separately. Comparing
to jitter results for FTP downloading, increased jitter is from 0.055ms to 0.357ms.
59

Packet loss(%)
7.00%
6.00%
5.00%
2.FTP downloading
3.Streaming video

4.00%

4.Both(2&3)
3.00%
2.00%
Windows 7

Windows
2008 R2

Ubuntu
11.10

Windows 7

IPv4

Windows
2008 R2

IPv6

Figure 8-23 Packet loss analysis for running multiple-applications

Figure 8-23 shows the packet loss results for FTP downloading, streaming video and
Both (2 & 3). Except running on Windows 7 using IPv6, performance of Both (2 & 3)
was not the best or the worst. When these tests were running on Window Server 2008
R2, the performance of packet loss for FTP downloading was worst. Oppositely, the
performance of packet loss for FTP downloading was best when tests were running on
Windows 7 or Ubuntu. For streaming video, it performed worst when running on
Windows 7 using IPv4 and Ubuntu 11.10 using IPv4. In most scenarios, performance
of Both (2 & 3) was between streaming video and FTP downloading.
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Figure 8-24 Packet loss analysis for running multiple-applications

Figure 8-24 shows the throughput results for FTP downloading, streaming video and
both FTP downloading & streaming video. Throughput of Both (2 & 3) and FTP
downloading was close. Running multiple-applications did not significantly increase
the throughput. The reason for the small throughput difference between FTP
downloading and Both (2 & 3) was that FTP downloading almost reached the
maximum throughput of the network. Therefore, the network throughput would not
increase much while there was an extra application running.
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9 Discussion of research outcomes
This chapter discusses the findings in data analysis part and experimental results.
Before further discussion, there are two tables that show what the OS and IP version
was when the application reached best or worst performance. Those two tables are
very useful for further discussion.
Table 9-1 (below) shows the test results of best performance for applications were
obtain with which OS and IP version. Standard test is included in this table, with the
performance of standard set up discussed in the following section. Since the standard
set up was present for all the other applications tested, it was considered only as a
reference, giving an idea of the effect on the overall performance due to the presence
of the testing tools..

Windows7=W7, Windows Server 2008 R2=W08, Ubuntu 11.10=U11
Best performance for applications Delay
1.Standard
2.FTP downloading
3.Streaming video
4.Both(2&3)
5.VoIP
6.VVoIP

OS
IP version
OS
IP version
OS
IP version
OS
IP version
OS
IP version
OS
IP version

W08
IPv6
W08
IPv4
U11
IPv4
W08
IPv6
U11
IPv4
U11
IPv4

Jitter

Packet loss Throughput*

W7
IPv4
W7
IPv4
W08
IPv4
W7
IPv6
W7
IPv6
W08
IPv4

Win7
IPv4
Win7
IPv4
Win08
IPv4
Win7
IPv6
Win7
IPv6
Win7
IPv4

W7
IPv6

W7
IPv6

Table 9-1 OS and IP version when applications reached best performance

*For standard test, streaming video, VoIP and VVoIP; throughput is not very
important to measure performance. Therefore, only rows of FTP downloading and
both FTP downloading & streaming video fill “Throughput” column.
Table 9-2 (below) shows the test results of worst performance for applications were
obtain with which OS and IP version.
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Windows7=W7, Windows Server 2008 R2=W08, Ubuntu 11.10=U11
Worst performance for applications Delay
1.Standard
2.FTP downloading
3.Streaming video
4.Both(2&3)
5.VoIP
6.VVoIP

OS
IP version
OS
IP version
OS
IP version
OS
IP version
OS
IP version
OS
IP version

W7
IPv6
U11
IPv4
W08
IPv6
U11
IPv4
W7
IPv6
W7
IPv4

Jitter

Packet loss Throughput*

U11
IPv4
U11
IPv4
U11
IPv4
U11
IPv4
U11
IPv4
W7
IPv6

U11
IPv4
W08
IPv4
U11
IPv4
U11
IPv4
U11
IPv4
U11
IPv4

Ubuntu 11.10
IPv4

Ubuntu 11.10
IPv4

Table 9-2 OS and IP version when applications reached worst performance

*For standard test, streaming video, VoIP and VVoIP; throughput is not very
important to measure performance. Therefore, only rows of FTP downloading and
Both (2 & 3) fill “Throughput” column.

9.1 Performance of applications
9.1.1

Standard test

As mentioned before, standard test in this experiment is that using D-ITG generates
the test data stream and no other applications are running. The test results for standard
test are expected to be the best performance with lowest delay, lowest jitter and lowest
packet loss. Due to there being no other applications running, the throughput of
standard test is also expected to be lowest. The tests results for standard test are
expected to be used as reference to compare with results for other tests.
The results show that delay of standard test was not lowest in some scenarios. On
Windows Server 2008 R2, performance of standard test in delay was best. In other
scenarios, delay of standard test was higher than VoIP, even streaming video.
In case of jitter, the performance of standard test still did not reach the expectation.
Performance of standard was the best when using IPv4 on Windows 7 and Ubuntu
11.10. In other scenarios, jitter of standard test was higher than VoIP, sometimes very
close to streaming video.
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Performance of standard test in packet loss was the most unexpected comparing to
other measurements. Packet loss of standard test was the worst among 6 tests in 3
scenarios: 5.51%, Windows Server 2008 R2 & IPv4; 4.14%, Windows 7 & IPv6;
6.39%, Windows Server 2008 R2 & IPv6.
Throughput was the only measurement that reached the expectation. The performance
of standard did not reach the expectation value in jitter, delay and packet loss.
Therefore, test results for standard were not suitable to use as reference. However,
even if there is no reference to compare with; influence of applications on network
performance can be measured by comparing the test results between tests. This is
attributed to using same test data stream to measure network performance.
Throughput of standard test was the lowest in all scenarios. Performance in delay and
jitter partly reached the expectations. However, performance in packet loss was quite
different from expectations. The possible reason for why there were those differences
between expectations and test results was that uncontrollable factors influencing the
network performance. The uncontrollable factors include other 802.11 wireless LAN,
other wireless equipment working on 2.4GHz ISM band and hardware status. Other
802.11 wireless LAN seems to be the most possible factor that caused the unexpected
performance of standard in packet loss. Co-existing 802.11 WLAN influences the
performance
of
each
other
(Asai,
Fukuda,
&
Esaki,
2010).
Signal-to-interference-noise ratio (SINR) influence frame error rate (Choi, Seok,
Kwon, & Choi, 2011). And frame error rate was related with packet loss. It seems that
the influence of uncontrollable factors had higher influence when the network load
was low.
Compared to delay, jitter and throughput, packet loss was influenced by those
uncontrollable factors most. Delay and jitter was not influenced by uncontrollable
factors as much as packet loss. Throughput did not seem to be influenced much by the
uncontrollable factors.
For performance of standard test, delay, jitter and packet loss are all quite important.
Throughput is not that important, unless it has a significant increase or decrease in a
scenario. According to previous data analysis, Table 9-1 and Table 9-2; OS and IP
version combination that performed best for standard test is Windows 7 and IPv4.
While running on Ubuntu 11.10 using IPv4, standard test performance is worst.

9.1.2

FTP downloading

FTP downloading is the application that used most network bandwidth. Compare to
other applications, running FTP downloading caused high delay, jitter and throughput.
64

Packet loss was not influenced by FTP downloading much. In addition, packet loss
during FTP downloading was from lowest to second highest under different scenarios.
Downloading applications take up much bandwidth. In this experiment, FTP takes up
lots of network resources and made network in heavy load. As mentioned in previous
chapter, delay for FTP downloading was the highest among single applications that
were running alone.
It was the same for jitter and throughput. It is obvious that when network load is
heavy, network performance in delay and jitter will drop.
Although most network resources are taken up by FTP downloading, packet loss did
not increase. Contrarily, when running FTP downloading on Windows 7 using IPv6
on Ubuntu 11.10, using IPv4, packet loss was lowest among the 6 tests. Highest
packet loss for FTP downloading was 5.26%, running on Windows Server 2008 R2
using IPv4. On Windows 7 using IPv6, the highest packet loss is 4.14%, obtained
while running standard test. In this scenario, packet loss obtained for FTP
downloading is 3.46%, the lowest one among 6 tests. Furthermore, throughput of
standard test was the lowest, and throughput of FTP downloading was highest in this
scenario.
It seems that packet loss is not related to throughput or packet loss is not proportional
to throughput at least. When there is a large number of consumption of network
resources, packet loss is very low in some scenarios. The reason why large
consumption of network resources did not increase packet loss is that, although
application consumed lots of network resource, it does not cause serious breakdown
of the network. If network load reaches a certain threshold, packet loss might
significantly increase. Low packet loss in FTP downloading might relate to high
consumption of network performance. Those assumptions need to be tested in future
research.
The link speed was 300Mbps. MIMO was enabled. Results showed that throughput
obtained for FTP downloading was no more than 28Mbps.The reason for this are
likely to include:




To optimize the throughput, MIMO related characteristics should be configured;
and by default, it was not configured correctly (Pefkianakis etc., 2010).
The rate control algorithm for the wireless devices was probably one reason for
the low throughput (Cardoso & Rezende, 2012).
40MHz bandwidth and the chosen channel influence on the network performance
of 802.11 while operating on 5GHz ISM band (Deek etc., 2011).
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Without considering channel selection, using 40MHz bandwidth might drop
network performance on 5GHz ISM band (Arslan etc., 2010). It might also
happen on 2.4GHz band.

In three scenarios, throughput of FTP downloading was the highest among 6 tests.
Even FTP downloading and streaming videos were running together, single FTP
downloading had higher throughput: Windows 7 & IPv4, Windows 7 & IPv6,
Windows Server 2008 R2 & IPv6. Therefore, when network is in heavy load and
applications are completing network resources, throughput of network might be less
than the application running alone (this application is the one that used most of the
network resources). Further discussion will be in section about both FTP downloading
& streaming.
As a downloading application, the most important metric for FTP downloading is
throughput. Packet loss is important too, but not as much as throughput. Delay and
jitter is the least important metrics for performance of FTP downloading. Therefore,
the OS and IP version to reach the best performance of FTP downloading is Windows
7 & IPv4. However, performance of FTP downloading in Windows 7 & IPv6 is very
close to the best performance. Meaning thereby irrespective of the IP version used the
performance is not affect much. Worst performance of FTP downloading is running
on Ubuntu 11.10 using IPv4.

9.1.3

Streaming video

Streaming video is a real-time application. For other real-time application like VoIP,
video conferencing, delay, jitter and packet loss will directly influence the
performance of the application. The main difference between streaming video and
other real-time applications is cache. Cache for applications like VoIP and video
conferencing should be a small period to make sure it is real-time. For those popular
streaming video website like YouTube, users can cache the video before they watch it.
If users need to cache 5 minutes or more time before they start to watch video, their
experiences will be bad. However, it is not as bad as when users experience serious
lag while they are using VoIP applications. This feature makes streaming video not a
typical example of real-time application. Therefore, to measure performance of
streaming video, throughput is more important, compared to other real-time
applications.
Delay of streaming video was not very high or very low among the 6 tests. It was
between VoIP and VVoIP. When applications were running on Ubuntu 11.10 using
IPv4, delay obtained for streaming video was quite close to VoIP, only 0.103ms higher.
However, delay for VoIP was never higher than streaming video. Similar to delay,
jitter of streaming video was also between VoIP and VVoIP in most scenarios. When
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applications were running on Windows Server 2008 R2 using IPv6, jitter obtained for
streaming video is 0.034ms higher than VVoIP. In case of throughput, it was same too.
Throughput of streaming video was between VoIP and VVoIP. Overall, for delay, jitter
and throughput; the three applications were of the same order from high to low:
VVoIP, streaming video, VoIP. This suggests that network load is related to network
performance in delay and jitter. However, it cannot be concluded that network
performance is inversely proportional to network load for following reasons:
1. Results for three tests showed network load was related to network performance
and it showed same feature in delay, jitter and throughput. However, the three
applications are all real-time applications. They are same types of applications.
2. Results for standard test indicated that light network load did not mean better
network performance. It seems that when network load is very light, network
performance is quite unstable, varies over a wide range.
3. Packet loss for the three tests showed different features for delay jitter and
throughput.
Packet loss for streaming video is changing from highest to lowest among the six tests
in difference scenarios. Packet loss for streaming video was highest compare with
other tests in Ubuntu 11.10 using IPv4 at 7.33%; it was also the highest packet loss
for streaming video in all scenarios. Packet loss for streaming video was lowest
compared with other tests in Windows Server 2008 R2 using IPv4 at 3.24%; it was
also the lowest packet loss for streaming video in all scenarios. The highest packet
loss for streaming video was about 66.6% higher than second highest packet loss
streaming video. As mentioned in previous chapter, Ubuntu 11.10 had higher packet
loss than other OS. However, the significant increase in packet loss of streaming
video seems unusual. Future work is required to determine the reason(s) for the
unusual high packet loss rate Research showed that queuing system would influence
packet loss (Saif & Othman, 2011). The reason might involves both software and
hardware. Several possible reasons of this may include:
VLC working on Ubuntu 11.10 might cause very high packet loss for the network.
But VVoIP also used VLC and there is no such significant increase in packet loss.
Therefore, it might be the particular video & VLC; those two factors together caused
the high packet loss. It might relate to the codec used by the video.
Uncontrollable factors might be the reason for that. However, comparing with
performance of standard, OS and IP version had obvious influence on performance of
streaming video.
It is hard to draw a specific conclusion the main reason why packet loss of streaming
video on Ubuntu 11.10 using IPv4 was the highest.
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As Figure 8-14 shows, throughput of streaming video was quite stable in different
scenarios. To measure the performance of streaming video, throughput was
considered equal in different scenarios though there was a slight difference. To reach
best performance of streaming video, OS and IP version is Windows Server 2008 R2
and IPv4. Worst performance of streaming video was obtained while running on
Ubuntu 11.10 using IPv4.

9.1.4

Both FTP Downloading & Streaming Video

Both FTP downloading & streaming video was the only tests running two applications
together in this experiment. It was important to analyse the influence of running
multiple-application on network performance. Discussion will focus on comparing the
results for Both (2 & 3) with applications running separately.
For delay, test results for both FTP downloading & streaming video were higher than
applications running separately. However, in some scenarios delay for Both (2 & 3)
was very close to FTP downloading. On Windows Server 2008 R2 using IPv6, the
delay difference between Both (2 & 3) and FTP downloading was only 0.383ms.
Therefore, while two applications are running together and network load is heavy,
delay may not increase much. In most scenarios, two applications running together
will cause higher delay.
For jitter, test results for Both (2 & 3) was also higher than applications running
separately. On Windows Server 2008 R2 using IPv4, the jitter difference between
Both (2 & 3) and FTP downloading was only 0.055ms. However, two applications
running simultaneously caused higher jitter in most scenarios.
For packet loss, test results for Both (2 & 3) was not highest in most scenarios
comparing with FTP downloading and streaming video running separately. Only on
Windows 7 using IPv6, packet loss for Both (2 & 3) was the FTP downloading and
streaming video. In other scenarios, packet loss for Both (2 & 3) was between FTP
downloading and streaming video. Higher packet loss between FTP downloading and
streaming video depended on OS and IP version. It seems that when multiple
applications are running simultaneously and network load is heavy, packet loss is
probably neither the highest nor the lowest comparing with application running
separately. Obviously, network load has influence on packet loss. In addition, it seems
that increase in network load in a certain range, may result in the packet loss decrease.
It also could be the results for network load and QoS (streaming video involved QoS)
work together.
For throughput, it was expected that throughput for Both (2 & 3) was higher than FTP
downloading and streaming video, due to two applications were running in Both (2 &
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3). Test results showed that in most scenarios, throughput for Both (2 & 3) was higher
than FTP downloading and steaming video. However, throughput for Both (2 & 3)
was lower than FTP downloading on Windows 7. Therefore, OS seems to be an
important factor that influences throughput while running multiple applications and
network is heavy.
To measure the performance of Both (2 & 3), delay, jitter, packet loss and throughput
are all important. It is because of that throughput is important for FTP downloading,
delay jitter and packet loss is important for streaming video. According to
experimental results, the performance of Both (2 & 3) was best while running on
Windows 7 using IPv6. The performance of Both (2 & 3) was worst while running on
Ubuntu 11.10 using IPv4

9.1.5

VoIP

In this experiment, VoIP data steam was generated by D-ITG. Codec chosen was
G.729. VoIP is a typical real-time application. It is sensitive to delay, jitter and
packet loss. Throughput is not very important for VoIP in this experiment, due to it
using only a little bandwidth.
Without considering standard test, delay results for VoIP was the lowest one in all
scenarios; and jitter results for VoIP was the lowest one in all scenarios too. It seems
that when network load is light, delay and jitter trends to be low. Comparing with
standard test in delay and jitter, the better performance between the two tests
(standard test and VoIP) depended on OS and IP version. For throughput, VoIP was
the second lowest and the lowest was standard test. It seems that low network load
will result low delay and jitter. However, delay and jitter for standard test was not
lowest in most scenarios. The difference between standard test and VoIP was that
there was D-ITG running on server side generated VoIP data stream to client side in
VoIP test. VoIP is a real-time application; QoS might influence the network
performance.
In case of packet loss, performance of VoIP was not as good as delay and jitter. Packet
loss for VoIP was never the lowest. Contrarily, packet loss for VoIP was the highest
among 6 tests on Windows 7 using IPv4. Packet loss for VoIP was second highest
among 6 tests on Windows Server 2008 R2 using IPv6 and on Ubuntu 11.10 using
IPv4. Experimental results showed VoIP did not perform well in packet loss; and it
only used a little bandwidth. QoS seems to be the reason for bad performance of VoIP
in packet loss. QoS is used to provide better performance. For real-time application
like VoIP, QoS probably will give high priority to send and forward packets. It is
obvious that QoS will influence the performance of other applications. However, for
the low rate VoIP data stream, it did not influence network performance much. And
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802.11n can carry a large number of that data streams (X, Cai etc., 2009). For future
research, running VoIP with other applications seems to be more valuable.
For VoIP, best performance was running on Windows 7 using IPv6. Worst
performance was running on Ubuntu 11.10 using IPv4.

9.1.6

VVoIP

VVoIP is a type of real-time applications. For example, video conferencing is a VVoIP
application. In this experiment, VLC was used for VVoIP. It played the same file that
was used in streaming video with transcode enabled and cache time reduced.
Delay results for VVoIP were highest in regard to low delay group in most scenarios.
Delay for VVoIP was second highest on Windows Server 2008 R2 using IPv6; in this
scenario, highest delay result was obtained while running streaming video.
Jitter results showed that jitter for VVoIP was the highest among 6 tests. However, on
Ubuntu 11.10 using IPv4, jitter obtained for VVoIP was second highest and jitter
obtained for streaming video was highest.
In low throughput group, throughput of VVoIP was the highest. Although it uses same
file with streaming video, throughput of VVoIP was higher than streaming video. The
throughput difference between VVoIP and streaming video was because of that
transcode was enabled in VVoIP test.
Experimental results indicate that network load seems to be the main factor
influencing the performance of delay and jitter. OS and IP version also influence the
network performance of delay and jitter, but not as great as network load.
Packet loss for VVoIP did not show obvious higher or lower results than for other
tests. In some scenarios, packet loss result obtained for VVoIP was lowest (Windows
7 & IPv4; Windows Server 2008 R2 & IPv6). Packet loss obtained for VVoIP was
never the highest among 6 tests.
For VVoIP best performance was running on Windows Server 2008 R2 using IPv4.
Worst performance was running on Windows 7 using IPv6.
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9.2 Operating System
9.2.1

Windows 7

In most scenarios, delay obtained on Windows 7 was higher than Windows Server
2008 R2. Only for streaming video, delay obtained on Windows 7 was lower than
Windows Server 2008 R2. However, in case of jitter, Windows 7 did not perform
significantly better or worse than Windows Server 2008. It depended on particular
application and IP version. For both delay and jitter, the difference between Windows
7 and Windows Server 2008 R2 was low.
For packet loss, Windows 7 performed better than Windows Server 2008 R2.
However, in some scenarios, packet loss obtained on Windows 7 was higher than
Windows Server 2008 R2. Test results indicated that the difference of packet loss
between different OSs was quite high in some scenarios.
For throughput, Windows 7 was highest in most scenarios while running FTP
downloading and Both (2 & 3). For FTP downloading, when it was running on
Windows 7, the throughput was higher than for test Both (2 & 3). It seems unusual
because of that Both (2 & 3) was running FTP downloading and streaming video
simultaneously. In theory, it should have used more network resources and should
have reached higher throughput than applications running separately. On Windows
Server 2008 and Ubuntu 11.10, tests results were as expected, the highest throughput
was obtained in Both (2 & 3). For Both (2 & 3), throughput obtained on Windows 7
was highest among the 3 OSs. Therefore, Windows 7 is suitable for running
downloading application alone, it can reach higher throughput than other OSs. As for
FTP downloading, packet loss obtained on Windows 7 was lower than 3.5%; packet
loss obtained on Windows Server 2008 R2 and Ubuntu 11.10 was higher than 4.5%.
The difference in packet loss was one reason for the high throughput of FTP
downloading on Windows 7.
Overall, Windows 7 is suitable for downloading applications, which requires as much
bandwidth as possible; and to reach higher throughput, the application should be
running alone. Windows 7 did not perform well in regard to delay. As for jitter and
packet loss, performance of Windows 7 was good. Although Windows 7 was not good
in delay, the difference between Windows 7 and other OSs in delay was not very
significant. Therefore, Windows 7 was still suitable for real-time applications.
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9.2.2

Windows Server 2008 R2

Windows Server 2008 R2 performed better than Windows 7 in delay. In most
scenarios, delay obtained on Windows Server 2008 R2 was lower than Windows 7.
For jitter, Window Server 2008 R2 performed better than Windows 7 in streaming
video and VVoIP. For other tests, Windows Server 2008 R2 did not perform better
than Windows 7 in jitter using both IP versions.
For packet loss, Windows Server 2008 R2 performed worse than Windows 7.
However, packet loss obtained on Windows Server 2008 R2 performed better than
Windows 7 in some scenarios (streaming video using IPv4; VVoIP using IPv6; VoIP
using IPv4). Packet loss obtained on Windows Server 2008 R2 was highest among 3
tests when running FTP downloading and using IPv4. In other scenarios which using
IPv4, the highest packet loss was always obtained on Ubuntu 11.10.
Due to the good performance in delay, Windows Server 2008 R2 would be a good
choice for real-time applications. Windows Server 2008 R2 also performed good in
jitter for streaming video and VVoIP. Although, for packet loss Windows Server 2008
R2 did not perform well as for jitter, the OS was considered suitable for multi-media
applications.
In case of throughput, Windows Server 2008 R2 performed worse for FTP
downloading and Both (2 & 3). For other tests, results for Windows Server 2008 R2
were higher, lower or about the same with Windows 7 in different scenarios.
Overall, Windows Server 2008 R2 is a good choice for multi-media application like
streaming video and VVoIP. For downloading applications, Windows 7 is better, but
Windows Server 2008 R2 is acceptable.

9.2.3

Ubuntu 11.10

Ubuntu 11.10 was the only Linux OS used in the experiment. The performance of
Ubuntu 11.10 was not as good as other two OSs.
For delay, Ubuntu 11.10 performed well when network load was light. For streaming
video, VoIP and VVoIP, Ubuntu 11.10 performed best among 3 OSs. Contrarily, when
network was heavy (FTP downloading; Both (2 & 3)), delay obtained on Ubuntu
11.10 was higher than Windows 7 and Windows Server 2008 R2. Therefore, network
load probably has a great impact on network performance while applications are
running on Ubuntu 11.10.
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Ubuntu 11.10 did not perform well in jitter compared with other two OSs. Except for
VVoIP, jitter obtained on Ubuntu 11.10 was highest among 3 OSs. When network load
was heavy, the difference between Ubuntu 11.10 and other OSs was much higher.
Ubuntu 11.10 performed worst in packet loss also. Except for FTP downloading,
packet loss obtained on Ubuntu 11.10 was highest among 3 OSs. In packet loss results,
there were 3 results over 6.5% which were all obtained on Ubuntu 11.10 (standard test,
IP4; streaming video, IPv4; VoIP, IPv4)
Considering the performance of Ubuntu 11.10 on delay, jitter and packet loss, Ubuntu
11.10 was not suitable for real-time applications. Although it performed well on delay
while network was light, the performance of Ubuntu 11.10 on jitter and packet loss
was bad. Furthermore, Ubuntu 11.10 probably will not have good performance on
application sensitive with jitter and packet loss.
In case of throughput, it was very strange that the throughput obtained on Ubuntu
11.10 was always the lowest. And the throughput difference between Ubuntu 11.10
and other two OSs was high. Reason why throughput on Ubuntu 11.10 was low may
be Wireshark. Wireshark might works differently on Windows platform and Linux
platform, which caused the difference in throughput. For FTP downloading and Both
(2 & 3), high packet loss on Ubuntu 11.10 might influence the throughput.
Overall, experimental results showed that performance of Ubuntu 11.10 was the worst
among 3 OSs. Ubuntu 11.10 was quite new while the experiment was going. And no
updates were installed during the experiment. Therefore, the performance of Ubuntu
might improve with more updates in the future.

9.3 IP Version
For delay, jitter and packet loss, experimental results did not suggest that IPv4
performed better or worse than IPv6 in general. However, for particular application
and OS, the performance of different IP versions was different. IP version did not
show significant influence on delay as compared with other factors like the type of
applications and OSs. In case of jitter, jitter obtained while using IPv4 was very close
to IPv6. It seems that influence of IP version on jitter performance was very low.
Packet loss results were different from delay and jitter. Though IP versions did not
obviously perform better or worse than each other did, the packet loss results for IPv4
were quite different with IPv6 in some scenarios. In these scenarios, the packet loss
difference between IPv4 and IPv6 was higher than 0.6% and up to 0.89%.
Considering packet loss results used for comparing IPv4 and IPv6, these were
between 3% and 6%, 0.6% difference in packet loss was quite low. Therefore, for
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partial application and OS, IP version had great influence on packet loss. However,
better performance for IPv4 or IPv6 depended on the application and OS.
For throughput, experimental results indicated that in most scenarios throughput
obtained while using IPv6 was higher than IPv4. The only exception was running FTP
downloading on Windows Server 2008 R2. In this scenario, throughput obtained
using IPv4 was higher. The reason why IPv6 had higher throughput than IPv4 is
probably that IPv6 have larger header. Header of IPv4 packet is 20 bytes or 24 bytes
and header of IPv6 packet is 40 bytes (Amoss & Minoli., 2008). Therefore, an IPv6
packet is bigger than an IPv4 with the same data.
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10 Recommendations and Conclusions
This research analysed the performance of 802.11n wireless LAN running different
application(s) on different OSs using different IP versions. It involves 4 different
applications, 2 IP versions and 3 OSs. Both Windows platform and Linux platform are
included. The metrics used to measure network performance included delay, jitter,
packet loss and throughput.
After data analysis and discussion, different some findings were arrived at. Several
hypotheses that were made before starting this study are verified here in:
 802.11n wireless network performs better while applications are running
individually rather than simultaneously.
Both (2 & 3) was the only test that ran more than one application for test.
Experimental results showed that Both (2 & 3) performed worse than FTP
downloading and streaming video in delay and jitter. It did not show significant
influence on packet loss. In throughput, results obtained on Both (2 & 3) was lower
than FTP downloading on Windows 7. Therefore, the results proved the hypothesis
was correct. However, it is necessary to run other applications that do not use as much
bandwidth as FTP downloading to verify the hypotheses for applications that requires
lesser bandwidth.
 802.11n wireless network performs better while using IPv4 than IPv6.
Experimental results indicated that network did not perform better or worse while
using IPv4 than IPv6. In throughput, results obtained while using IPv6 were higher
than IPv4. The reason is probably IPv6 has bigger header than IPv4. For delay, jitter
and packet loss, it was hard to categorically conclude whether IPv4 or IPv6 was better.
However, IPv4 and IPv6 performed differently for particular application and OS.
 Operating system does not have significant effect on 802.11n wireless network
performance.
Results suggested that OS had great influence on network performance. For jitter and
packet loss, Ubuntu 11.10 performed worst among 3 OSs. Packet loss obtained on
Ubuntu 11.10 was much higher than other two OSs in some scenarios. For throughput,
results obtained on Ubuntu 11.10 were lower than for other two OSs.
Following are the summary of the findings in this research:
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Standard application set up performed quite different than was expected; the
performance was rather poor. The reason for the poor performance was probably
uncontrollable factors such as other 802.11 wireless LANs, other wireless
equipment working on 2.4GHz ISM band and hardware status.
FTP downloading used most of the network resources. Delay, jitter and
throughput obtained for FTP downloading were all high. It did not show
significant influence on packet loss.
Streaming video performed quite different in different scenarios on packet loss
from highest to lowest.
Both FTP downloading and streaming video performed worse than applications
running separately.
VoIP application performed well in regard to delay and jitter. It performed poor in
packet loss as compared to delay and jitter.
Network load influences network performance on delay and jitter. Heavy network
load caused higher delay and jitter. In this experiment, network load did not show
great influence on packet loss. However, when network load was heavy, network
performed better in regards to packet loss in some scenarios.
Operating system had great influence on network performance. Among the 3 OS
used in this experiment, Windows 7 performed the best and Ubuntu 11.10
performed the worst.
IP versions did not show significant influence on network performance.
Table 10-1 (below) shows the recommended and not recommended OS and IP
version for each test. In this table, recommended OS and IP version means that
application reached best performance in experiment while running on the OS
using the IP version. Standard test is excluded due to there being no application
running (only testing tools are running).

Tests
FTP downloading
Streaming video
Both FTP downloading
and streaming video
VoIP
VVoIP

Recommend
Not Recommend
Recommend
Not Recommend
Recommend
Not Recommend
Recommend
Not Recommend
Recommend
Not Recommend

OS
Windows 7
Ubuntu 11.10
Windows Server 2008 R2
Ubuntu 11.10
Windows 7
Ubuntu 11.10
Windows 7
Ubuntu 11.10
Windows Server 2008 R2
Windows 7

IP Version
IPv6
IPv4
IPv4
IPv4
IPv6
IPv4
IPv6
IPv4
IPv4
IPv6

Table 10-1 Recommend and not recommend OS and IP version for each test
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11 Future research
The future research of this work is recommended to include:
















Final version of IEEE 802.11n which was published in 2009 should be
introduced , and enable 5GHz ISM band. In this research, 802.11n draft 2.0 was
used. Research showed that if 802.11n WLAN is configured to reach high
throughput, the network performance would be easily influenced by noise and
interference (Pelechrinis, Salonidis, Lundgren, & Vaidya, 2010). There is less
interference while using 5GHz band than 2.4GHz band.
Better tools or use of more recent version of tools used in this experiment is
necessary to measure network performance. This recommendation is made since
D-ITG tool did not work while generating data from Windows Server 2008 R2 to
Ubuntu 11.10 while using IPv6. There, this research did not gather data on
Ubuntu 11.10 using IPv6
Further research should include more types of applications. In this research, there
were 3 real-time applications and one download application. Larger number and
types of applications are needed in the future.
There should be more tests about running multiple applications, especially for
applications that do not cause heavy network load. In this research, only one test
is about running multiple applications. And it includes FTP downloading which
uses lots of network resources.
It is necessary to analyse some findings in depth. For example, future work could
focus on how network load influences packet loss. Although in this study,
network load seems not to influence packet loss, instead packet loss dropped
when network load was high. It is only logical that when the network load
reaches a certain level, packet loss must increase.
It is important to analyze the performance difference of particular application
while the application is running alone or running simultaneously with other
applications. For 802.11g, any background traffic drops the performance for
real-time applications (Palazzi etc., 2006). The future could analyse if 802.11n
has improved performance in this regard.
Experiments should include outdoors coverage. The background noise level
outdoors is much higher than indoors (Iwaki, Murase, & Oguchi, 2012). The
purpose of moving to outdoors is to analyse the network 802.11n in high
background and more realistic noise environments when deployed outdoors.
An experimental investigation with more applications (different types) running at
same time would provide better accuracy and comparison. It can test if QoS of
802.11n is sufficient enough in complicated application running environment.
Research showed that QoS of previous 802.11 protocol study was not suitable in
complicated environment (Park, Kim, Cho, & So, 2007).
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Test 1
Delay (ms) Jitter (ms) Packet loss (%) Throughput (Mbps)

1.Standard*
2.Ftp downloading
3.Streaming video
4.Both(2&3)
5.VoIP
6.VVoIP

Delay
44.666
55.666
29.594
61.638
37.199
39.125

Jitter
1.721
2.772
1.825
3.068
1.698
1.850

Windows 7
Packet loss
4.85%
3.36%
3.56%
2.77%
2.19%
3.85%

86

Jitter
2.072
2.521
1.857
2.900
1.709
1.872

Windows 7
Packet loss
2.47%
4.16%
7.23%
3.47%
4.50%
4.13%

1.Standard*
2.Ftp downloading
3.Streaming video
4.Both(2&3)
5.VoIP
6.VVoIP

Delay
39.544
57.177
45.635
80.267
42.828
40.913

Throughput
4.376
25.985
5.156
25.000
4.363
5.049

Throughput
4.521
27.669
5.567
30.554
4.510
6.129

*no application is running but D-ITG and Wireshark.

Delay
36.146
51.142
41.255
57.461
28.572
38.863

Delay
33.959
49.787
42.794
75.032
32.021
38.317

IPv4
Windows server 2008 R2
Jitter Packet loss Throughput
1.864 7.08%
4.303
2.996 5.42%
26.445
1.720 2.58%
5.217
2.892 2.92%
26.577
1.692 8.60%
4.398
1.730 4.11%
5.778
IPv6
Windows server 2008 R2
Jitter Packet loss Throughput
1.627 5.05%
4.545
2.495 6.87%
27.333
1.743 1.77%
5.566
3.087 1.79%
27.525
1.722 7.03%
4.483
1.665 3.76%
5.114

Delay
33.715
70.296
30.142
71.029
35.958
41.376

Ubuntu 11.10
Jitter Packet loss
1.819 7.06%
3.283 5.31%
1.871 7.72%
3.431 6.21%
2.031 6.55%
2.068 5.74%

Delay

Ubuntu 11.10
Jitter Packet loss Throughput

Throughput
4.275
23.880
5.103
22.861
4.315
5.874

Test 2
Delay (ms) Jitter (ms) Packet loss (%) Throughput (Mbps)
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Windows 7
Delay
Jitter Packet loss
1.Standard*
29.971 1.673 7.10%
2.Ftp downloading 45.110 2.437 6.52%
3.Streaming video 38.604 1.909 4.65%
4.Both(2&3)
71.516 3.039 3.31%
5.VoIP
25..088 1.903 10.00%
6.VVoIP
42.712 19.85 2.25%

Delay
1.Standard*
35.928
2.Ftp downloading 55.650
3.Streaming video 40.163
4.Both(2&3)
62.653
5.VoIP
37.887
6.VVoIP
37.384

Windows 7
Jitter Packet loss
1.731 4.79%
2.811 3.89%
1.876 3.62%
2.768 3.63%
1.672 2.62%
1.748 3.36%

Throughput
4.277
31.008
5.193
31.946
4.400
5.668

Throughput
4.481
24.802
5.597
27.525
4.569
6.151

*no application is running but D-ITG and Wireshark

Delay
37.142
53.380
35.137
58.634
35.774
34.802

Delay
28.403
50.680
39.337
58.224
27.915
43.737

IPv4
Windows server 2008 R2
Jitter Packet loss Throughput
1.587 3.65%
4.360
3.003 4.22%
28.234
1.711 4.91%
5.380
2.874 3.53%
29.734
1.649 4.33%
4.392
1.766 6.95%
5.180
IPv6
Windows server 2008 R2
Jitter Packet loss Throughput
1.853 8.26%
4.490
2.497 5.55%
27.556
1.775 5.17%
5.418
2.950 3.25%
26.967
1.740 8.66%
4.545
1.814 1.52%
6.416

Delay
44.349
73.051
32.495
67.245
30.151
32.973

Ubuntu 11.10
Jitter Packet loss
1.941 5.81%
3.173 4.80%
1.679 5.95%
3.158 4.95%
1.783 7.58%
1.951 8.18%

Delay

Ubuntu 11.10
Jitter Packet loss Throughput

Throughput
4.305
26.303
5.186
29.839
4.308
5.099

Test 3
Delay (ms) Jitter (ms) Packet loss (%) Throughput (Mbps)
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Delay
1.Standard*
32.990
2.Ftp downloading 47.224
3.Streaming video 28.653
4.Both(2&3)
66.555
5.VoIP
34.209
6.VVoIP
37.038

Windows 7
Jitter Packet loss
1.594 5.46%
2.495 8.78%
1.978 9.99%
3.112 5.55%
1.697 5.62%
1.749 3.56%

Delay
1.Standard*
23.933
2.Ftp downloading 56.775
3.Streaming video 34.291
4.Both(2&3)
54.848
5.VoIP
38.70
6.VVoIP
36.159

Windows 7
Jitter Packet loss
1.661 8.85%
2.667 4.25%
1.832 4.86%
2.845 4.21%
1.701 5.30%
1.979 4.82%

Throughput
4.317
27.422
5.462
31.547
4.347
6.202

Throughput
4.494
28.421
5.983
27.698
4.525
6.615

*no application is running but D-ITG and Wireshark

Delay
31.251
50.931
32.114
55.649
32.896
32.493

Delay
22.363
52.772
34.834
51.316
30.421
35.249

IPv4
Windows server 2008 R2
Jitter Packet loss Throughput
1.641 6.04%
4.309
3.018 6.75%
28.838
1.727 6.20%
5.315
2.895 4.52%
27.161
1.601 6.09%
4.372
1.817 6.34%
6.024
IPv6
Windows server 2008 R2
Jitter Packet loss Throughput
1.612 9.80%
4.498
2.457 6.23%
27.281
1.652 4.05%
5.545
2.946 5.24%
29.411
1.574 5.45%
4.511
1.812 4.26%
6.560

Delay
31.454
67.766
28.085
62.372
29.086
34.208

Ubuntu 11.10
Jitter Packet loss
1.686 8.89%
3.474 7.37%
1.824 8.66%
3.220 5.91%
1.678 7.68%
1.698 5.43%

Delay

Ubuntu 11.10
Jitter Packet loss Throughput

Throughput
4.278
24.190
5.300
28.680
4.293
5.123

Test 4
Delay (ms) Jitter (ms) Packet loss (%) Throughput (Mbps)
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Delay
1.Standard*
38.206
2.Ftp downloading 64.306
3.Streaming video 37.123
4.Both(2&3)
60.959
5.VoIP
36.518
6.VVoIP
46.257

Windows 7
Jitter Packet loss
1.778 3.83%
2.896 3.99%
1.878 4.95%
2.959 4.47%
1.829 5.87%
2.119 3.15%

Delay
1.Standard*
39.471
2.Ftp downloading 86.752
3.Streaming video 42.134
4.Both(2&3)
82.286
5.VoIP
37.179
6.VVoIP
42.918

Windows 7
Jitter Packet loss
1.774 3.36%
3.078 2.50%
2.303 7.32%
3.118 5.00%
2.227 7.83%
2.050 7.20%

Throughput
4.276
20.969
5.405
23.101
4.310
6.468

Throughput
4.519
18.028
5.825
19.385
4.455
5.497

*no application is running but D-ITG and Wireshark

Delay
44.416
63.105
42.186
59.691
46.280
44.236

Delay
38.735
60.381
48.899
60.983
45.092
45.892

IPv4
Windows server 2008 R2
Jitter Packet loss Throughput
1.785 4.73%
4.362
2.933 4.94%
24.083
1.750 2.57%
5.616
3.058 3.52%
26.946
1.676 1.50%
4.452
1.694 1.92%
6.329
IPv6
Windows server 2008 R2
Jitter Packet loss Throughput
2.184 6.72%
4.489
2.738 4.50%
23.011
2.132 4.76%
5.782
3.209 5.38%
25.729
1.835 4.22%
4.615
1.850 2.00%
6.183

Delay
28.602
71.200
37.035
77.569
40.850
58.673

Ubuntu 11.10
Jitter Packet loss
1.586 7.19%
3.373 5.32%
2.446 8.16%
3.400 4.73%
1.856 5.97%
2.816 4.94%

Delay

Ubuntu 11.10
Jitter Packet loss Throughput

Throughput
4.274
21.711
5.222
19.590
4.327
5.802

Test 5
Delay (ms) Jitter (ms) Packet loss (%) Throughput (Mbps)
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Delay
1.Standard*
46.850
2.Ftp downloading 61.017
3.Streaming video 37.293
4.Both(2&3)
75.965
5.VoIP
40.224
6.VVoIP
50.198

Windows 7
Jitter Packet loss
1.659 2.86%
2.686 2.47%
1.721 4.29%
3.145 3.58%
1.667 4.35%
2.081 1.74%

Delay
1.Standard*
43.603
2.Ftp downloading 62.784
3.Streaming video 42.233
4.Both(2&3)
62.446
5.VoIP
41.204
6.VVoIP
48.842

Windows 7
Jitter Packet loss
1.731 2.21%
2.826 2.79%
2.157 5.18%
3.146 6.61%
1.645 1.49%
2.015 3.09%

Throughput
4.369
26.366
5.537
28.182
4.407
6.221

Throughput
4.543
24.837
5.762
24.247
4.598
6.448

*no application is running but D-ITG and Wireshark

Delay
38.465
63.556
42.466
66.415
41.686
38.634

Delay
37.189
94.626
48.180
63.310
38.261
40.141

IPv4
Windows server 2008 R2
Jitter Packet loss Throughput
1.905 5.54%
4.319
2.945 2.07%
22.800
1.744 2.85%
5.653
3.058 5.43%
24.036
1.762 3.50%
4.424
1.840 3.96%
6.268
IPv6
Windows server 2008 R2
Jitter Packet loss Throughput
1.815 5.93%
4.515
3.270 4.71%
20.457
1.864 2.71%
5.768
2.853 1.25%
27.621
1.765 4.01%
4.529
1.923 4.52%
5.513

Delay
40.823
85.299
38.093
73.577
36.420
41.557

Ubuntu 11.10
Jitter Packet loss
1.806 5.82%
3.097 3.69%
2.121 6.54%
3.418 5.97%
1.946 6.86%
2.052 7.94%

Delay

Ubuntu 11.10
Jitter Packet loss Throughput

Throughput
4.291
24.375
5.604
23.615
4.322
6.148

Test 6
Delay (ms) Jitter (ms) Packet loss (%) Throughput (Mbps)
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Delay
38.425
1.Standard*
2.Ftp downloading 67.427
3.Streaming video 41.673
84.108
4.Both(2&3)
37.973
5.VoIP
47.542
6.VVoIP

Windows 7
Jitter Packet loss
1.576 3.77%
2.417 1.08%
1.860 3.12%
3.112 3.73%
1.649 4.32%
1.935 2.52%

Delay
37.054
1.Standard*
2.Ftp downloading 56.233
3.Streaming video 42.209
57.734
4.Both(2&3)
40.108
5.VoIP
42.438
6.VVoIP

Windows 7
Jitter Packet loss
1.635 4.68%
2.516 1.63%
1.796 3.09%
2.850 4.97%
1.665 3.79%
1.961 6.39%

Throughput
4.355
34.136
5.628
25.496
4.369
6.023

Throughput
4.530
30.478
5.420
26.278
4.461
5.538

*no application is running but D-ITG and Wireshark.

Delay
27.844
62.285
41.490
66.095
38.804
40.846

Delay
29.580
60.340
36.233
60.730
31.771
42.332

IPv4
Windows server 2008 R2
Jitter Packet loss Throughput
1.706 9.04%
4.296
2.924 2.75%
25.814
1.602 2.71%
5.452
2.978 3.19%
25.934
1.734 6.81%
4.353
1.731 3.08%
6.462
IPv6
Windows server 2008 R2
Jitter Packet loss Throughput
1.736 8.79%
4.520
2.273 3.05%
27.387
1.553 4.60%
5.560
2.967 3.24%
27.496
1.743 8.65%
4.453
1.775 2.76%
6.421

Delay
36.376
72.339
39.961
81.294
35.742
34.289

Ubuntu 11.10
Jitter Packet loss
1.668 6.05%
3.219 5.25%
1.838 7.43%
3.281 5.41%
1.569 6.27%
1.651 5.71%

Delay

Ubuntu 11.10
Jitter Packet loss Throughput

Throughput
4.319
24.245
5.557
24.461
4.341
5.580

Test 7
Delay (ms) Jitter (ms) Packet loss (%) Throughput (Mbps)
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Delay
37.092
1.Standard*
2.Ftp downloading 71.762
3.Streaming video 47.057
69.124
4.Both(2&3)
42.848
5.VoIP
43.878
6.VVoIP

Windows 7
Jitter Packet loss
1.594 3.93%
2.785 2.16%
1.828 2.34%
3.054 4.01%
1.655 3.28%
1.760 2.31%

Delay
43.340
1.Standard*
2.Ftp downloading 59.238
3.Streaming video 45.653
62.951
4.Both(2&3)
34.878
5.VoIP
43.405
6.VVoIP

Windows 7
Jitter Packet loss
1.672 4.84%
2.644 3.02%
1.850 3.93%
2.688 2.44%
1.669 6.45%
1.778 2.51%

Throughput
4.282
30.495
5.350
21.268
4.386
6.430

Throughput
4.471
27.719
5.368
26.620
4.541
6.657

*no application is running but D-ITG and Wireshark.

Delay
22.130
46.103
37.029
62.046
39.007
43.751

Delay
42.983
48.125
44.6162
62.540
30.603
42.947

IPv4
Windows server 2008 R2
Jitter Packet loss Throughput
1.617 10.05%
4.324
2.846 7.22%
28.006
1.669 4.04%
5.251
2.968 3.08%
25.425
1.623 5.87%
4.329
1.619 1.09%
6.557
IPv6
Windows server 2008 R2
Jitter Packet loss Throughput
2.323 9.06%
4.434
2.815 6.24%
29.499
1.723 3.13%
5.591
3.044 5.92%
25.131
1.586 7.48%
4.591
1.999 7.62%
6.447

Delay
57.428
75.168
42.886
78.207
36.297
44.384

Ubuntu 11.10
Jitter Packet loss
1.743 6.91%
3.253 4.59%
1.910 4.81%
3.388 5.66%
1.660 5.47%
1.851 5.33%

Delay

Ubuntu 11.10
Jitter Packet loss Throughput

Throughput
4.218
23.398
4.462
23.537
4.300
6.028

Test 8
Delay (ms) Jitter (ms) Packet loss (%) Throughput (Mbps)
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Delay
38.540
1.Standard*
2.Ftp downloading 73.116
3.Streaming video 36.494
61.944
4.Both(2&3)
38.641
5.VoIP
45.604
6.VVoIP

Windows 7
Jitter Packet loss
1.769 5.67%
3.054 4.30%
1.889 4.52%
3.292 8.69%
1.858 4.73%
1.980 3.38%

Delay
37.653
1.Standard*
2.Ftp downloading 70.081
3.Streaming video 39.969
79.753
4.Both(2&3)
38.420
5.VoIP
47.291
6.VVoIP

Windows 7
Jitter Packet loss
1.766 5.64%
3.084 5.20%
1.931 3.18%
3.101 4.06%
1.629 2.95%
2.137 4.39%

Throughput
4.341
31.502
5.589
29.682
4.399
6.262

Throughput
4.412
32.608
5.789
29.273
4.558
6.602

*no application is running but D-ITG and Wireshark.

Delay
26.402
69.549
38.888
57.433
33.147
43.603

Delay
26.180
54.827
39.448
54.749
35.794
39.211

IPv4
Windows server 2008 R2
Jitter Packet loss Throughput
1.788 8.79%
4.324
3.119 4.98%
30.443
1.755 2.50%
5.604
3.087 4.90%
26.775
1.683 5.98%
4.423
1.887 3.90%
6.286
IPv6
Windows server 2008 R2
Jitter Packet loss Throughput
1.663 9.57%
4.473
2.582 4.60%
25.931
1.732 3.27%
5.396
3.392 8.99%
25.353
1.831 5.36%
4.555
1.771 3.50%
6.243

Delay
24.979
71.204
32.251
71.108
34.190
37.557

Ubuntu 11.10
Jitter Packet loss
1.779 9.83%
3.126 4.89%
2.307 7.72%
3.550 8.43%
1.804 7.38%
1.981 6.90%

Delay

Ubuntu 11.10
Jitter Packet loss Throughput

Throughput
4.218
26.234
5.032
24.142
4.302
6.117

Test 9
Delay (ms) Jitter (ms) Packet loss (%) Throughput (Mbps)
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Delay
39.436
1.Standard*
2.Ftp downloading 77.104
3.Streaming video 35.135
58.586
4.Both(2&3)
38.322
5.VoIP
39.378
6.VVoIP

Windows 7
Jitter Packet loss
1.593 1.58%
2.793 2.17%
2.054 5.79%
2.897 3.75%
1.691 3.51%
2.029 4.54%

Delay
40.204
1.Standard*
2.Ftp downloading 55.218
3.Streaming video 35.919
56.398
4.Both(2&3)
34.106
5.VoIP
46.493
6.VVoIP

Windows 7
Jitter Packet loss
1.667 2.83%
2.585 3.10%
2.084 7.47%
2.848 5.51%
1.640 5.03%
2.149 3.64%

Throughput
4.399
22.097
5.682
25.981
4.372
6.400

Throughput
4.446
27.586
5.542
28.043
4.534
6.524

*no application is running but D-ITG and Wireshark.

Delay
35.415
54.061
38.716
55.393
44.805
43.005

Delay
31.632
84.820
36.085
55.098
41.007
40.888

IPv4
Windows server 2008 R2
Jitter Packet loss Throughput
1.694 5.89%
4.349
2.830 4.06%
27.063
1.834 3.89%
5.595
3.188 6.26%
26.186
1.986 3.52%
4.412
1.841 1.96%
6.486
IPv6
Windows server 2008 R2
Jitter Packet loss Throughput
1.704 6.78%
4.478
3.052 3.49%
22.982
1.779 4.99%
5.749
2.987 4.79%
27.888
1.778 4.35%
4.509
1.838 4.32%
6.370

Delay
36.657
70.528
32.732
71.241
35.210
36.472

Ubuntu 11.10
Jitter Packet loss
1.747 6.47%
3.263 5.28%
2.046 9.94%
3.262 4.74%
1.807 6.17%
1.850 5.43%

Delay

Ubuntu 11.10
Jitter Packet loss Throughput

Throughput
4.294
26.753
5.226
28.250
4.321
5.039

Test 10
Delay (ms) Jitter (ms) Packet loss (%) Throughput (Mbps)
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Delay
40.322
1.Standard*
2.Ftp downloading 57.081
3.Streaming video 41.104
59.399
4.Both(2&3)
34.058
5.VoIP
38.612
6.VVoIP

Windows 7
Jitter Packet loss
1.749 4.30%
2.539 2.13%
1.796 2.59%
2.683 3.95%
1.773 6.08%
1.965 4.13%

Delay
43.358
1.Standard*
2.Ftp downloading 58.339
3.Streaming video 40.481
60.094
4.Both(2&3)
34.723
5.VoIP
43.749
6.VVoIP

Windows 7
Jitter Packet loss
1.712 4.07%
2.637 3.02%
1.763 2.67%
2.656 2.09%
1.678 5.31%
2.008 4.52%

Throughput
4.317
27.023
5.683
25.670
4.394
6.448

Throughput
4.490
27.759
5.801
27.529
4.459
6.537

*no application is running but D-ITG and Wireshark.

Delay
41.841
55.158
38.641
69.326
38.671
44.664

Delay
31.359
61.116
41.408
59.341
40.458
41.877

IPv4
Windows server 2008 R2
Jitter Packet loss Throughput
1.631 2.35%
4.382
3.004 6.99%
25.295
1.705 3.14%
5.625
3.167 2.32%
29.298
1.611 2.81%
4.414
1.777 2.28%
6.436
IPv6
Windows server 2008 R2
Jitter Packet loss Throughput
1.628 6.91%
4.518
3.663 3.88%
26.535
1.700 2.23%
5.845
2.900 2.40%
28.531
1.738 4.57%
4.532
1.717 2.06%
6.734

Delay
39.465
73.397
32.591
75.593
31.333
38.729

Ubuntu 11.10
Jitter Packet loss
1.943 7.15%
3.190 5.70%
1.729 6.39%
3.296 5.42%
1.809 7.48%
1.842 4.32%

Delay

Ubuntu 11.10
Jitter Packet loss Throughput

Throughput
4.123
26.524
5.480
25.188
4.293
5.898

Calculated average Results
Delay (ms) Jitter (ms) Packet loss (%) Throughput (Mbps)
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1.Standard*
2.Ftp downloading
3.Streaming video
4.Both(2&3)
5.VoIP
6.VVoIP

IPv4
Windows 7
Windows server 2008 R2
Ubuntu 11.10
Delay Jitter Packet loss Throughput Delay Jitter Packet loss Throughput Delay Jitter Packet loss Throughput
38.650 1.665
3.760%
4.331 34.105 1.722
5.509%
4.333 35.158 1.772
6.558%
4.260
61.981 2.662

3.220%

27.700 56.927

2.962

5.259%

26.702 71.661 3.245

4.981%

24.761

37.273 1.877

4.400%

5.469 38.792

1.721

3.243%

5.471 34.627 1.977

5.217

66.979 3.019

3.980%

26.787 60.814

3.017

3.967%

26.807 72.924 3.340

7.332%
5.444%

25.016

36.508 1.743

4.700%

4.375 37.964

1.670

4.490%

4.397 34.524 1.794

6.741%

4.312

43.034 1.948

3.171%

6.236 40.490

1.787

3.444%

6.181 38.167 1.883

5.992%

5.671

Windows 7
Delay Jitter Packet loss Throughput
1.Standard*
2.Ftp downloading
3.Streaming video
4.Both(2&3)
5.VoIP
6.VVoIP

40.017 1.707

4.140%

59.055 2.762

3.459%

40.869 1.942

3.761%

65.943 2.909

3.853%

38.003 1.666
42.959 1.968

3.903%

*no application is running but D-ITG.

4.063%

4.491

IPv6
Windows server 2008 R2
Ubuntu 11.10
Delay Jitter Packet loss Throughput Delay Jitter Packet loss Throughput
4.496
32.238 1.758
6.389%
25.797
58.094 2.687
4.912%
3.879%
5.622
41.183 1.765
4.001%
27.165
58.477 2.99

27.987
5.665
27.530
4.521 35.334 1.7312
6.270 41.059 1.816

5.309%

4.532

3.398%

6.200

