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Abstract

Many simulation tools (e.g., NS-2) have been developed to examine the operations
and the quality of service (QoS) of di erent networks, but they cannot demonstrate
the visual and auditory impact of network properties on multimedia tra c. This the-

sis presents a wireless adaptive multimedia simulator (WAMS) that can demonstrate
such e ects. WAMS uses a compact graphical user interface (GUI) to present the
real-time packet delay with the playback of the streaming media over a typical wire-
less physical channel using IEEE 802.11-based medium access control (MAC). Rate
adaptation is also supported to address channel variation. WAMS demonstrates the
visual and auditory e ects of a variety of factors such as tra c load, fading errors,
and rate adaptation. We also carried out tests on user-perceived quality of experi-
ence (QoE) with 54 test cases comprising 3 videos, 2 audio clips, and 1 combined
video and audio clip produced by WAMS. Ten people (assessors) viewed and lis-
tened to these clips and compared them to the original multimedia according to a
ve-point impairment measure. We nd that the subjective QoE is quite sensitive

to audio/video content although consistent with objective QoS metrics. Statistical

di erence of means tests show that the video with slower motion and fewer colours
is likely to o er a better delay tolerance, and the audio is less sensitive to the bit

error probability (BEP) than the video.
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Chapter 1

Introduction

1.1 Motivation

In recent years, the fast development of wireless technologies and widely deployed
wireless networks promote the popularity of applications on mobile devices. Among
those applications, a large part are related to multimedia. However, due to the
attributes of the wireless network, the quality of multimedia delivery cannot be as
good and stable as in the traditional wired network. Usually, wireless networks
have less bandwidth and are easily a ected by the environment. There is a need
to determine the e ects of multimedia tra c load and the wireless transmission
environment on delivery quality in wireless networks.

On the other hand, it is often not feasible to deploy a real testing environment and
study the e ects of wireless transmission on multimedia quality. In many situations,
researchers or commercial developers cannot a ord the time and investment to do
this. Fortunately, computer simulation is an important and widely used methodology
to simulate a speci ed environment and observe the impact of various factors.

To evaluate and present the e ects of the wireless environment and multimedia

tra c, we develop a simulator for video/audio delivery over wireless networks. The



traditional research usually focuses on objective metrics to evaluate the multimedia
transmission quality, such as peak signal-to-noise ratio (PSNR), bit error rate (BER),
packet delay, and packet loss. As indicated in [5], it is essential to obtain a subjective
assessment or user-perceived quality of experience (QoE) to evaluate real delivery
quality. Objective measurements re ect the quality of service (QoS) of the network
transmission, while maximizing user-perceived QoE is the ultimate goal. Our wire-
less adaptive multimedia simulator (WAMS) implements a typical wireless physical
channel and the contention-based medium access control (MAC) layer. It presents
the objective metrics, including bit error probability (BEP), packet loss rate, and
packet delay in order to provide accurate transmission status. Meanwhile, the multi-
media content is played back at the simulator to directly show the visual and auditory

e ects of wireless transmission. Furthermore, we have conducted formal subjective
assessments of the transmission impairments with non-expert observers. As a result,
we can relate the objective measurements to the subjective assessments and adapt
the network con guration to ultimately optimize not only objective metrics but also

user-perceived quality.

1.2 Research Objectives

This thesis investigates the e ects of the delivery of multimedia content over wire-
less networks. Adaptive transmission is also supported to address channel variation.
To do this, we consider di erent channel models, adaptive delivery strategies, exist-
ing simulation tools, and characteristics of di erent categories of audio/video. We
also study di erent components of the network and their working principles so as
to nd a best way to integrate all these factors to simulate the multimedia adaptive
delivery process and show their e ects on delivered audio/video content. Speci cally,

we aim to solve the following problems in this thesis:



1. Which channel and network transmission models should be incorporated in a
network simulator to successfully characterize the wireless network for multi-

media?

2. How can we evaluate the objective and subjective quality of typical wireless
adaptive transmission strategies with our simulator and examine the e ects of

various network and tra ¢ factors?

3. What is the best way to organize a graphical user interface for the simulator
to present the real-time transmission status and multimedia content playback

after transmission?

1.3 Thesis Organization

The thesis contains six chapters, and the remaining of the thesis is organized
as follows. Chapter 2 introduces the related work we have reviewed. It provides
a general overview of the research eld our study refers to and the corresponding
background knowledge. Chapter 3 gives the mathematical wireless channel models
and network protocols that are considered in the simulator. Chapter 4 describes the
implementation of the simulator in detail, including the overall simulator framework,
open source libraries and tools incorporated, and the simulation for the physical layer
and the MAC layer. Chapter 5 presents the simulation results, which demonstrate
the e ects of the wireless environment, network tra c load, and rate adaptation.

Finally, Chapter 6 gives the conclusion of this thesis and highlights the future work.



Chapter 2

Literature Review

We build a simulator, which simulates the e ect of transmission bit error, packet
delay, and packet loss on streaming video/audio over the wireless local area network
(WLAN) from an access point (AP) to a mobile station. During the transmission,
bit errors are introduced at the physical layer, and the packet delay and packet loss
is introduced at the MAC layer. The simulated video/audio stream is played back
to present the visual and/or auditory e ect directly.

This chapter describes the background knowledge associated with the implementa-
tion of the simulator. It involves a broad range of elds including network simulators,
the layered architecture of network, wireless channel models, IEEE WLAN standard
802.11, rate adaptation as well as video and audio codecs, containers, and streaming

protocols. Besides, QOE is also introduced.

2.1 Network Simulators

Network simulators are useful tools to study the performance of network services
with di erent protocols by running a simulation program instead of deploying a real
testing environment. They simulate the patterns and impacts which may happen

to the data going through the network based on mathematical models. Di erent

4



models should be applied depending on application or research purposes. There are
both open-source and commercial simulator products. Most of those simulators are
discrete event-driven, which means that each network node maintains a queue of
events and simulates network behaviors by triggering and executing the events.

Network Simulator Version 2 (NS-2) [6], is one of the most popular simulators
in academic networking research. It is a discrete-event simulator and provides sim-
ulation for categories of transport protocols, routing algorithms, data tra c, and
moving patterns of nodes. NS-2 operates on two programming languages: C++ and
OTcl. C++ is used for building network components, such as agents and tra c gen-
erators, to simulate the actual network and building the event scheduler to drive the
simulation. A scripting language OTcl is used to con gure the network environment
and system to achieve its exibility requirement.

Queueing Network Simulator (QNS) [7] is another open source and event-driven
tool based on C++. It is simpler than NS-2 and good for beginners to understand
and learn network simulators. QNS identi es links, tra c sources, transmit pro-
cesses, ow control systems and routers as network entities, and uses a textual le to
describe the network topology. A sequence of events PASS, START, STOP, LOG,
and SERVICE are built to execute the simulation.

OPNET Modeler [8] is a powerful commercial simulation tool which provides users
with various models of open source at di erent layers, including application, trans-
port, network, link, and physical layers. Besides standard models (such as Hypertext
Transfer Protocol (HTTP) and Transmission Control Protocol (TCP)), many special-
ized and complex models such as voice over Internet Protocol (VolP), performance
enhancing proxy (PEP), and encryption are also available in OPNET Modeler. As
the other two simulators above, OPNET Modeler is also a discrete event-driven
network simulator.

Usually, these widely used simulators implement many kinds of protocols and



models at di erent layers. They provide a variety of options so that users can choose
the most suitable models for their work. However, this also adds to the complexity
to understand and use the tool for a beginner. For example, generally, it will take
the beginners several months to read and try NS-2 before it can be really deployed

into the research work.

2.2 Network Layers

To understand the operation of network simulations, we should rst clearly iden-
tify the most important functionalities of each network layer. The popular reference
model, Open Systems Interconnection (OSI) model proposed by International Or-
ganization for Standardization (ISO) is shown in Figure 2.1. This model divides
network functions into seven layers: application, presentation, session, transport,
network, link, and physical.

The application layer provides network applications according to application-layer
protocols, such as File Transfer Protocol (FTP) and Hypertext Transfer Protocol
(HTTP). The presentation layer is responsible for providing high level data struc-
tures focusing on the syntax and semantics. The session layer manages the dialog
between two users and provides synchronization services. The transport layer uses
transport protocols to communicate messages between two endpoints. The Trans-
mission Control Protocol (TCP) and the User Datagram Protocol (UDP) are two
major protocols working at this layer. TCP provides a connection-oriented commu-
nication which includes guaranteed in-order delivery and ow control, while UDP
provides a connectionless communication without reliability or ow control. Com-
pared to TCP, UDP consumes less network resources and works faster. The network
layer is responsible for choosing the routing path from the original place to the des-

tination. The most popular Internet Protocol (IP) works at this layer. The link



Application Layer [K------=-=------------ % Application Layer
¢ ¢
Presentation Layer g-----------=--------- ) Presentation Layer
!} {
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Link Layer mmmmmmmmmmmm oo b Link Layer
¢ ¢
Physical Layer Kmmmmmmmmmmmmmme oo > Physical Layer

Host A Host B

Figure 2.1: The OSI reference model [3].

layer is responsible for moving data frames from one network node to the next one.
Finally, the physical layer is the lowest layer, which is responsible for transmission
of bits between two nodes [3] [9].

This simulator contains several modules and refers to multiple layers during im-
plementation, especially the link layer and the physical layer. For the physical layer,
mathematical channel models are utilized to characterize the channel e ects (bit er-
ror) on transmitted bits. For the transport layer, only UDP protocol is considered
since UDP is more e ective to support strict time-constrained multimedia services.
The real-time transport protocol (RTP) aims at carrying data in real time. Although
designed without caring about the transport layer, RTP typically works on top of

UDP.



2.3 Wireless Channel Modelling

A crucial part in a simulating process on wireless networks is to model the wireless
channel. Given a variety of factors, such as radio path loss, shadowing, re ection,
scattering, Doppler shift, and interference, wireless channel modelling is one of the
most complex problems in the wireless communication eld. Generally, the degrada-
tion of radio signal is attributed to two main reasons: large scale path loss due to the
propagation in macro environment, and small scale fading due to multipath e ect.
In the last fty years, an amount of classical channel propagation models have been
built to predict signal strength over the wireless channel [2] [10]. For path loss, there
is the basic and ideal free space model. The empirical log-normal shadowing model
predicts signal in di erent environments by di erent path loss exponents. The simple
and widely used empirical Okumura model predicts the signal propagation in urban
areas by providing a set of curves. The deterministic site speci ¢ models use detailed
environment data and complex mathematic techniques such as ray tracing. For small
scale fading, the popular models include the Rician fading model when there exists
a line-of-sight signal component, the Rayleigh fading model for radio propagation
without a line-of-sight component, and the more general Nakagami model.

The actual received radio signal is a result of the interaction of a variety of factors.
More than one model can be applied as to approximate the real situation. This
simulator combines free space model, log-normal model, and Rayleigh fading to

characterize the wireless physical channel.

2.4 Medium Access Control (MAC)

According to the OSI seven-layer network model, the link layer lies between the
physical layer and the network layer. For local area networks (LANS) specied in

IEEE 802.x, this layer is divided into two sublayers: logical link control (LLC) and



medium access control (MAC). LLC is de ned in IEEE 802.2 and works above MAC.
It provides the upper layer (network layer) a uni ed way to deal with data ignoring
the physical medium type and is suitable for all standards in the 802.x protocol
family. MAC is specied in di erent ways according to di erent types of media,
such as IEEE 802.3 for Ethernet and IEEE 802.11 for wireless LAN.

IEEE proposes a series of 802.11 standard variants such as 802.11a, 802.11b,
802.11g, and 802.11n for wireless local area networks (WLANS), also known as
WiFi [11{14]. They de ne the working mechanisms for both the MAC layer and
the physical layer. Each version of the WLAN standards has its own operation fre-
guency, modulation scheme, data rate, etc. These physical attributes may vary for
di erent versions, but they share the same MAC layer principles. The MAC layer of
our simulator functions based on 802.11.

The 802.11 MAC speci es two operating modes: distributed coordination function
(DCF) and point coordination function (PCF). DCF is contention-based, in which
all stations (including AP) need to compete with each other for transmitting data,
and, more important, all stations have equal priority. For WLAN transmission, since
the physical channel is shared by all stations within the coverage of the same AP,
collisions are likely to happen. Carrier sense multiple access with collision avoidance
(CSMA/CA) manages to greatly reduce collisions. It avoids collision by sensing
the physical channel, using random backing o counter, and applying di erent time
gaps (short interframe space (SIFS), PCF interface space (PIFS), DCF interframe
space (DIFS), extended interframe space (EIFS)) between frames in di erent situa-
tions. Further optional steps such as RTS/CTS (request to send/clear to send) are
developed to eliminate the collision caused by hidden nodes. PCF aims to provid-
ing contention-free services by deploying of a point coordinator (PC) in AP. The
PC controls the media access and allocates transmitting time to di erent stations.

Generally, transmission operates in a polling manner in PCF mode.



As PCF is rarely deployed, this thesis focuses on DCF. As stated above, there
are two methods within DCF. One is basic with physical carrier sense and backo
mechanism to avoid collision. The other also incorporates virtual carrier sense which
refers to RTS/CTS mechanism to further avoid collision. RTS/CTS is like hand-
shaking. The source station sends a control frame requesting data transmission, and
the destination responds with another control frame to permit this transmission if
the channel is free to use. Both control frames contain the estimated transmission
time for the following frame, which perform as a virtual carrier sense. Although
RTS/CTS can eliminate the collision problem, it causes additional costs of time and
bandwidth. It is usually applied only before long frames.

Before proceeding to the details, we need to classify four critical concepts de ned
in the standard: slot time, short interframe space (SIFS), DCF interframe space
(DIFS), and contention window (CW). Slot time, SIFS, and DIFS are short periods
of time, which vary in di erent versions (a,b,g,n). Here, DIFS = SIFS+2 slot time.
Regarding IEEE 802.11b, a slot time is 20s and a SIFS time is 10s. Then a
DIFS time is 50 s . Contention window is a range of integer numbers from which a
random number is drawn for the backo period.

The core idea for the MAC sublayer in 802.11 DCF basic mode is as follows:

Stations need to wait an idle period before starting to send a frame.

When a station wants to transmit a frame but senses that the medium is busy

now, it has to back o .

Backo counter decreases only when the medium is idle and an idle period
of DIFS for the channel is needed before a backo process is resumed. The
random backo counter is chosen in the range of [0, CW] and each station
maintains a CW for the channel. Every time the collision happens, CW is

extended to the double size until it reaches the upper limit.

10



After sending a data frame, the source needs to wait for an acknowledgement,
l.e. an ACK frame, from the destination to con rm the successful receiving;
otherwise, the source will retransmit or drop the packet depending on whether

it has reached the retry limit.

Suppose we have three stations (A, B, and C) sharing the wireless channel. Both
A and C transmit a frame to B and A begins earlier, as shown in Figure 2.2. There

are two typical situations:

StatonA | 0 | 1| 2 ‘ 3 ‘ 0 | -
| Time
Station B | 0 45 0 | .
! Time
StationC | 0 6 |1 7 2 | .
Time
0: idle 4: waiting for SIFS
1: waiting for DIFS 5: sending ACK
2: sending data frame 6: deferring
3: waiting for ACK 7: backoff

Figure 2.2: Typical transmission scenarios.

1. In a simple case, a station plans to transmit a frame to another when the
medium is idle. As Figure 2.2 shows, at the very beginning, station A is doing
nothing and in an idle state. Then at sometime it needs to send a frame to
B. First, it senses the medium, and the medium is idle. So the A waits for a
DIFS and con rms that the channel is still idle during this period before its
actual transmission. After nishing transmitting, A waits for the ACK from

the destination (station B). At the same time, station B receives the data frame

11



sent from A successfully. It responses with an ACK after waiting a SIFS, and
goes back to idle state. A receives the ACK and has no more frames to send,

it turns to idle state.

2. When A is sending the frame, another station C tries to transmit. First, C
senses the channel and it is busy. C defers until the medium is idle when the
ongoing transmission between A and B nishes. After waiting for a DIFS,
station C begins to back o. The backo counter decreases as long as the
medium is idle. When the counter reaches 0, C starts to transmit the frame

and follows the same steps as A did.

Although CSMA/CA already utilizes the random backo mechanism to avoid
collisions, collisions may still happen when more than one station chooses the same
random backo value. In this situation, the stations still send the frames but cannot
receive the good ACK from the destination. After a time-out period waiting for
ACK, these stations will retransmit the frames if the number of retries is below the

limit or just drop these frames otherwise.

2.5 Rate Adaptation

According to di erent network layers, there exist di erent types of adaptive strate-
gies for data transmission over wireless links. The research of rate adaptation is
ourished in the last decade due to the increasing popular usage of mobile devices.
Generally, these adaptive schemes can be divided into two categories. In the rst
category, the adaptive algorithms are developed based on the estimation of channel
conditions according to statistic information obtained directly on the sender side.
The other category relies on the feedback from the receiver side to determine cur-
rent condition so as to choose the best transmission rate. The adaptive behavior is

usually performed at the sender.
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In the rst category of rate adaptation, the sender chooses an optimal transmission
rate depending on the estimation of the channel condition. As the channel condition
uctuates all the time due to the changing of distance, Doppler shift, multipath fad-
ing, interference and so on, the sender must repeat the estimation process. One of the
most popular metrics for the channel condition is the number of consecutive success-
ful/failed transmissions. The successful and classic auto rate fallback (ARF) [15] is
the rst widely deployed rate adaptation scheme in commercial products because of
its simplicity and e ectiveness in comparatively stable wireless environments. ARF
utilizes the thresholds of 10 and 2 for the number of consecutive successful and failed
transmissions, respectively. That means when 10 consecutive ACK are received, the
sender concludes that the channel condition is good. Then it adjusts the transmis-
sion rate to the next higher level. Otherwise, if the sender fails consecutively twice
to receive the ACK, it treats this situation as a bad channel indication, so that the
sender adjusts the transmission rate to the next lower level.

ARF o ers a direction to develop the ACK-based adaptive multirate adaptation.
After that, there are many follow-up studies on enhancing ARF or developing new
schemes. In [16], the threshold is optimized to make it more suitable for fast changing
wireless environments. A new algorithm is proposed in [17] to distinguish the failed
transmissions due to channel fading from those caused by collisions. As such, the
ACK-based algorithm is more meaningful since the algorithm works well only when
the packet loss results from channel fading rather than collision. The scheme in [18]
assigns di erent thresholds for di erent transmission rates dynamically instead of
using a static threshold. In [19], the transmission rates of neighbour stations are
overheard by the sender in order to nd a possible higher transmission rate. The
algorithm in [20] combines the MAC layer and the application layer to enable the
adaptation.

An alternative way to perform rate adaptation is using the bit error rate (BER)
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instead of the number of ACK as the metric to determine the data transmission rate.
The choice of modulation schemes can signi cantly a ect the transmission rate and
bit error rate. High transmission rates are always preferred, but the transmission
error also needs to be considered. They both are important to the quality of service.
Di erent modulation schemes require a di erent lower bound on the signal energy
per bit to noise power spectral density ratio E,=Ny) to achieve the same BER. It

is shown in [2] the minimum requiredE,=N, for M-ary phase shift keying (M-PSK),
M-ary quadrature amplitude (M-QAM), and M-ary frequency shift keying (M-FSK)

to manage BER under 10° over the additive white Gaussian noise (AWGN) channel.
In brief, if the modulation scheme is more e ective in bandwidth utilization, it is
also more vulnerable to noise. Obviously, for real wireless transmission, we need
to balance between transmission rate and BEP with careful planning. As proposed
in [21], one workable way is to adopt the modulation scheme producing highest data
rate with the bit error rate satisfying a target. A similar model is presented in [22]
which use the packet error rate (PER) rather than BER.

In the second-category rate adaptation, channel information such as SNR sent
from the receiver side to the sender is comparatively complex. Usually it demands
modi cations to the standard itself, e.g., by adding a control eld into the RTS/CTS
frames to convey the channel information. As a consequence, this type of rate

adaptation algorithm is rarely deployed in real products.

2.6 Video and Audio Applications

2.6.1 Video and Audio Codecs

Many video and audio coding standards have been developed for di erent multi-
media applications. For video coding, for instance, there are H.263 [23] by Interna-

tional Telecommunication Union Telecommunication Standardization Sector (ITU-
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T), MPEG-4 Visual [24] by the International Organization for Standardization/Inter-
national Electrotechnical Commission joint technical committee (ISO/IEC JTC 1),
and H.264/AVC [25] codesigned by ITU-T and ISO/IEC JTC 1. In wireless video
transmission for mobile devices, the channel bandwidth is the most important and
limited resource. Improving the compression e ciency of a video coding standard
IS an important approach to achieve the goal of getting high quality video with low
bit rates. For wireless applications, the authors of [26] show that H.264/AVC is an
attractive coding standard for video. Compared to previous standards, H.264/AVC
aims at high compression e ciency and various networks adaptation. H.264/AVC
includes two main parts: the video coding layer (VCL) and the network abstract
layer (NAL). VCL represents the coded video content using techniques including
microblocks, slices, and intra frame prediction. By adding header information, NAL
mainly packages the coded video content from VCL to adapt to di erent transport
systems. The basic metadata in H.264/AVC is the NAL unit. Each NAL unit con-
tains the payload multimedia data and a header involving description information.
The coded video consists of a set of NAL units. The general information also can
be found in [27] and full explanation of standard in [25]. H.264 is one of the most
widely used video codecs. For example, it is the default coding standard for videos
in YouTube and it is also used in Skype video chatting services.

Like video, there are also many standards for audio codecs, such as G.711 by
ITU-T, MPEG Audio Layer Ill and Advanced Audio Codec by ISO/IEC JTC-1.
G.711 [28] is a voice coding standard extensively used in digital telephone system,
and also popular in VoIP to provide high sound quality. It adopts 8 kHz as sampling
rate and results in 64 kbit/s data rate without compression. Compared to other voice
coding standards, G.711 is simple and has a good quality of sound. It de nes two
versions of algorithm: -law (primarily used in North America and Japan) and A-

law (used in Europe, China, and other parts of the world). Because of its simplicity,
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G.711 coding and decoding time is short, but it consumes more bandwidth resources.

MPEG Audio Layer Il (MP3) is the most common coding format in audio ap-
plications now, especially for music. It is designed to build high-quality audio with
low bit rate. MP3 in fact refers two standards: MPEG-1 Audio Layer Il [29] and
MPEG-2 Audio Layer Ill [30]. The latter one is fully compatible with the former
one with an extension to additional lower sampling frequencies and multichannel.

The Advanced Audio Coding (AAC) is another audio coding standard which is
initially speci ed by ISO/IEC as part of MPEG-2 [31] and then with some improve-
ments in MPEG-4 [32]. Unlike MPEG Audio Layer lIll, it is not backward compatible
with MPEG-1 Audio. AAC contains signi cant improvements in coding e ciency
than MP3. Especially when the data rate reaches 320 kbit/s, as indicated in [31],
AAC can achieve a very high audio quality which is referred to as \indistinguish-
able" de ned by ITU-R. AAC is now not used as extensively as MP3, but still a
popular format. The music provided in Apple iTunes is an example of using AAC.
Besides, combining H.264 and AAC to build a video is a popular way in today's
video applications on the Internet.

There are three metrics to measure the quality of multimedia transmission on
networks: delay, jitter and packet loss. Delay is the data latency between the two
ends which are involved in the transmission. ITU-T G.114 [33] recommends that
a delay less than 150 ms is acceptable for most applications, and 400 ms almost
unacceptable. Jitter is the variation or uctuation of the delay. High jitter will
seriously a ect the quality of the steaming video or audio. Bu ering is an e ective
and popular way to reduce the e ect of jitter. Packet loss rate means the percentage
of packets lost between the transmitter and receiver. Packet loss may result from
many reasons, including network congestion, weak physical links, and routing errors.
In terms of the quality of experience, the lower the packet loss, the better the quality.

For audio and video, distortion is another metric, which can be measured by peak
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signal-to-noise ratio (PSNR).

2.6.2 Container Formats

Most media les consist of two parts: coded visual/audio data and container. The
raw visual/audio materials are coded according to certain algorithms as the example
standards shown in Section 2.6.1. Container is a \wrapper" for the content which can
hold in a de ned way di erent streams (for example, video, audio and subtitle), along
with more information such as codecs, synchronization, multiplexing, etc. MPEG-4
Part 14 (MP4), MPEG-2 Transport Stream, and MPEG-2 Program Stream are
widely used container formats both for video and audio. Files with .mp4 exten-
sion indicate the usage of the MP4 container. WAV is an popular audio container
format. The container is not involved in the media coding and decoding process.
Usually, one container format can support multiple types of video and audio codecs.
For example, MP4 supports MEPG and many other codec formats. MPEG-2 Trans-
port Stream is compatible with H.262 (video), H.264/AVC (video), AAC (audio),
MP3 (audio), etc. There are also some media les without using container, such as
the most popular .mp3 les. This kind of le only contains the MP3 coded audio
material and can only be interpreted by MP3 decoders.

MPEG-2 has de ned two container formats for video and audio data: the Pro-
gram Stream (PS) and the Transport Stream (TS). They are intended for di erent
applications. The Program Stream is error-sensitive and primarily used in digital
storage, while the Transport Stream is more error-resilient so that it is often applied
for transmitting multimedia. As described in [34], there are several steps to build a
Program Stream or Transport Stream from the original digital material, which are
shown in Figure 2.3 and Figure 2.4. At the very beginning, the uncompressed digi-
tal video frames/ elds or audio chunks are coded and compressed into access units.

Due to the compression, access units are usually much smaller than the original size.
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Figure 2.3: Program Stream deriving process.

All access units from one original stream constitute the Elementary Stream. Then,

the Elementary Stream is converted to the Packetized Elementary Stream (PES) by

repackaging the Elementary Stream into PES packets. Each PES packet may contain

)

more than one access unit from the Elementary Stream, and also one access unit can

be divided into two or more PES packets. All PES-packets from a single original

digital stream forms a PES. The next stage is to make the nal packets depending

on the container type. If it is a Program Stream, a number of PES packets from

di erent Elementary Streams are organized into a big pack and all packs constitute a

Program Stream. If it is a Transport Stream, every PES-packet is split into multiple

smaller transport packets which have a xed length of 188 bytes each. Finally, all

transports packets from the Elementary Stream assemble into a transport stream.

As we can see in Figures 2.3 and 2.4, for both stream formats, the process is similar

from compressing the original digital stream to packetizing the Elementary Stream.

The di erence exists in constructing large program packs or small transport packets.
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Figure 2.4: Transport Stream deriving process.

MEPG-2 Transport Stream is the regular format for early digital video broad-
casting, such as the satellite TV. As advanced codecs appeared, MPEG-2 has been
modi ed to carry many other coding algorithms so as to support new applications.

Now it is still a common method for delivering multimedia over networks.

2.6.3 Streaming

With the growing application of multimedia, \streaming" is utilized to deliver
video and audio from server to end users in real time. There is no formal de nition
of \streaming", and usually it refers to video/audio playback before the whole mul-
timedia le is fully downloaded. That means, the video or audio could be played
back while it is being delivered only after a very short time of bu ering.

The implementation of streaming needs support from multimedia coding formats
and transport protocols. Real time transmission protocol (RTP) is a protocol de-

signed by the Internet Engineering Task Force (IETF) for real time applications and
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extensively used in the Internet for conversational and streaming applications. Like
other protocols, an RTP packet contains payload and header. The header is 12 bytes
with 9 mandatory elds, including payload type (7 bits), sequence number (16 bits)
and timestamp (32 bits). More details are described in [35].

RTP supports a number of media formats within the payload. There are further
speci cations for them. The details of wrapping H.264 coded video directly into
RTP payload are given in [36]. It directs in [37] how to carry MPEG-1/2 Elemen-
tary Streams, MPEG-1 System streams, MPEG-2 Transport Streams, and MPEG-2
Program Streams in RTP payload. The method of transporting MPEG-4 Elemen-
tary Stream with RTP is proposed in [38]. RTP often works with UDP. Besides
RTP/UDP, HTTP/TCP is another common way for streaming multimedia on the
Internet. Real-time streaming protocol (RTSP) makes it possible for users to inter-
act with the video/audio application, such as pause, fast forward, and so on. Itis a

protocol for player controlling, and it works with di erent protocols [9].

2.6.4 Quality of Experience

In recent years, people came to realize that the objective QoS is not the only way
to evaluate user's satisfaction of services. Another metric, referred to as quality of
experience (QoE), has been proposed. Without uni ed de nition, ITU-T de nes it
in [39] as \the overall acceptability of an application or service, as perceived subjec-
tively by the end-user." There have been many recent studies on QoE multimedia
services or wireless networks, such as HTTP adaptive streaming [40], IPTV [41],
multidimensional scalability of video [42], mobile applications on Android phone [5],
and end-to-end (E2E) services in 4G wireless networks [43].

Although some objective models are developed to quantify QOE measurements,
the subjective mean opinion score (MOS) is still the popular basis to obtain QoE

for a specic service or application. MOS is acquired by having a number of par-
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Table 2.1: Five-point impairment scale [1].

Scale Impairment
5 Imperceptible
4 Perceptible, but not annoying
3 Slightly annoying
2 Annoying
1 Very annoying

Table 2.2: Five-point quality scale [1].

Scale Quality

5 Excellent
4 Good

3 Fair

2 Poor

1 Bad

ticipants evaluate the service quality and then calculating the average score from
testing samples. As QOE is determined by the user's subjective opinion, the opin-
ion can be disturbed by a variety of factors, such as personal preference, sensitivity,
and expectation. This involves various challenges to obtain accurate and meaningful
evaluations from assessors. Some ITU-T Recommendations have been developed to
guide the conduct of subjective assessments in certain contexts for di erent purposes.
As provided in [1], di erent grading scales should be used depending on the testing
methodologies. For example, a ve-point impairment scale should be used in the
double-stimulus impairment scale (DSIS) where the assessors rate the impairment
severing of video sequences relative to the original ones without impairments. As
shown in Table 2.1, the ve scales rate the impairment that the assessor observes
in the video sequence. For the double-stimulus continuous quality-scale (DSCQS),
referenced and impaired sequences are presented as pairs. A continuous scale ranges

from O (low quality) to 100 (high quality). The participants are asked to assess both
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the referenced and impaired videos without being told which is the referenced. The
di erence between the votes for the referenced and the impaired ones is then fur-
ther utilized. Beside these, another ve-point quality scale is also commonly used,
in which 5 means \Excellent", 4 for \Good", 3 for \Fair", 2 for \Poor", and 1 for

\Bad", which is shown in Table 2.2.
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Chapter 3

System Model

This chapter describes the scenario our simulator will simulate, the wireless chan-
nel models adopted to represent the environmental e ects on transmitted data, and

the detailed video and audio attributes which are used as samples for the simulation.

3.1 Simulation Scenario and Topology

With the emergence of video and audio applications at a rapid pace, watching
video and listening to audio has become an indispensable part of daily life. People
watch the news, get entertained, and learn professional knowledge by listening to
online video and watching video online. Thousands of stored video and audio les
located at remote servers are streamed out to di erent users around the world who
wish to watch and listen to. Our simulation scenario is related to these applications.

As Figure 3.1 shows, there are one or more mobile stations (Mobile Devicel, Mo-
bile Device2, Mobile Device3, and Mobile Device4) connected to an AP in order to
communicate with outside networks. Among those mobile stations, assume that Mo-
bile Devicel is running a multimedia application, and it receives and plays streaming
audio or video in real time (the red dotted line). The video/audio data come from a

multimedia server across the core network. At the same time, other mobiles (Mobile
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Device2, Mobile Device3, and Mobile Device4) are trying to transmit background
data to distant users through the AP (the green dashed line). The focus for this
thesis is between the AP to the mobile devices within its coverage. The network
condition from the multimedia server to the AP is assumed to be ideal and perfect,

which means no delay, no packet loss, and no bit error between the two nodes.

h (@) A
Core Network -

- =

Multimedia
Server

Mobile

Device4
Device1 Mobile Mobile e

Device2  Device3

Figure 3.1: Scenario and topology of simulating delivery of multimedia content over
wireless networks.
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3.2 Wireless Channel Model

3.2.1 Classic Channel Models

The free space model, log-normal shadowing, and Rayleigh fading are three widely
used models in channel modelling. They are concerned with di erent factors in a
real propagation environment. Free space focuses on the path loss because of the
distance, log-normal shadowing models the e ect caused by the macro impact, and
Rayleigh fading shows the signal's random attribute due to the small-scale fading.

The relationship between the path loss, shadowing, and small scale fading is de-
scribed in Figure 3.2. It is obvious that the path loss (dB) increases with the ex-
pansion of the distance between the transmitter and receiver (so the received power
decreases). The e ect from the shadowing displays a large scale variation on the
received signal strength, which waves around the signal power resulting only from
the path loss. The fading degrades the signal much more rapidly and may cause

sharp uctuations.

3.2.1.1 Free Space Model

The simplest and most basic model in channel modelling is the free space propa-
gation model. The Friis free space equation does not consider the e ect of the envi-
ronment on the received signal power, but only the path loss due to the transmitter-
receiver distance, the gain of antennas, and the radio wavelength. The path loss (in

dB) in free space is given by the following equation [2]:

GtGr 2
@y

PL= 10log (3.1)

where PL is the signal path loss (in dB) from the transmitter to the receiverG; G,
are the transmitter and receiver antenna gain, respectively, is the radio wavelength,

and d is the distance between the transmitter and the receiver. The context in which
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Figure 3.2: Small scale and large scale fading [4].

the free space model can be applied directly is very restrictive, but it is the foundation

of many other complex models.

3.2.1.2 Log-normal Shadowing
Log-normal shadowing utilizes a path loss exponent factor to describe the e ect
of overall environment, and a random factor to describe the shadowing e ect. The
path loss (in dB) at a local distanced is given by the following equation [2]:
— d
PL(d) = PL(dy) +10nlog a + X (3.2)
0

where

X N(@©; ?) (3.3)
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Table 3.1: Path Loss Exponent for Di erent Environments [2].

Environment Path Loss Exponent,n
Free Space 2
Urban area cellular radio 2.71t0 3.5
Shadowed urban cellular radio 3to5
In building line-of-sight 1.61t01.8
Obstructed in building 4106
Obstructed in factories 2to03

PL(do) is a reference path loss, which should be measured at a reference distalice
close to the transmitter, d is the distance separation from transmitter to receiver,

n is an exponent factor depending on the radio propagation environment, antl

is a Gaussian random variable with mean value 0 and standard deviation Log-
normal shadowing model is widely used because it can model a variety of channel
environments using di erent factorn and X . Some typical values fom are given

by researchers in Table 3.1.

PL(dp) is usually obtained by the measured data or free space calculation. It is
important to choose the value ofd, as a reference distance which would vary for
di erent environments. It is indicated in [2] that 1 km and 1 m are typical values as
the reference distance for large and small coverage systems. For our simulation, we
use free space propagation model to calculate the reference path loss at the reference
location dyp. The pass loss exponenh is chosen from Table 3.1 according to the

speci ed environment.

3.2.1.3 Rayleigh Fading

Unlike the other two models which consider the macro impact of the environment
that is comparatively stable, Rayleigh fading is such a model that presents the statis-
tical time varying characteristics of radio channels due to multipath propagation. It

shows that the received signal amplitude follows a Rayleigh distribution. The prob-
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ability density function (PDF) of a Rayleigh fading signal is given by the following

equation [2]:

8 2
2 Lze ﬁ; 0 r<1

p(r) = (3.4)
: 0; r<o

wherer is the instantaneous received signal amplitude in voltage, andis the root
mean square value of the received signal. We apply the average e ect instead of the
instantaneous one caused by Rayleigh fading in our simulation. This will be seen in

the following section of BEP calculation.

3.2.2 Bit Error Probability vs. Signal-to-Noise Ratio

For the physical layer, the bit error e ect of the channel will be simulated. So the
goal is to nd out the BEP which is similar to but not exactly the same as the bit
error rate (BER). BEP is the probability that one bit happens to have transmitting
error. It is only a statistic prediction. BER is the actual percentage of the wrong
transmitted bits. In other words, long-term average of BER should equal to BEP.
Here, these mathematical models are applied to calculate BEP in order to simulate
bit errors.

In a wireless communication channel, the BEP has a direct relationship with the
modulation scheme and the signal energy per bit to noise power spectral density
(Ep=Np), or the signal energy per symbol to noise power spectral densiti =No).
As M-ary quadrature amplitude modulation (M-QAM) is widely deployed in real
networks, it is adopted as our modulation schemes. Furthermor®] is limited no
greater than 128 because modulations beyond 128-QAM are not practical in the
real world now. Ep=Ng is the most frequently used variable to characterize the
performance of a modulation schemeE¢=Ny is utilized alternatively. They can be

easily converted depending on the modulation schemes as follows:
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N_O = N_O |ng Mi (35)

whereM; is the speci ed value for theM in M-QAM.

For a Rayleigh fading channel, the received signal varies time to time and it follows
a Rayleigh distribution. That means,Es=Ny is exible, so is BEP. In this situation,
we only consider average e ect of fading. According to [44], givéh=Ny, the average

BEP in the Rayleigh fading channel can be calculated by using

s 1
1 di, ~
BEP écMi 1 “—dfﬂ_ (3.6)
where ™ is the channel averag& =Ny, and cy; and dy; are given by
8
3 1, M;=2
SV R (3.7)
2— pMi- M, 4
log, M
8
3 1, M =2
di = 3 e (3.8)
_ M, 4
2(M; 1) !

and M, can be a value of 2, 4, 8, 16, 32, 64, or 128.
From the equations above we can see th&ts=Ny is a critical attribute to get the
BEP in a speci ¢ environment. Provided that the SNR (regarding to the signal and

noise power), bandwidth, and bit rate are knownE =Ny is easily obtained by

E —
No

o

SNR (3.9)

| W

where SNR is the signal power to noise power rati® is the channel bandwidth,
and R is the data rate [45]. With such additional modulation information, Eq. (3.5)

can be rearranged to the following equation:
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3.2.3 Integrated Channel Models

The real radio channel is, as everyone knows, very complex. Dierent e ects
working together form the real channel condition [2]. In this thesis, the free space,
log-normal shadowing, and Rayleigh fading models are combined to simulate the
statistical e ects of the distance, the macro environment, and the fading on a wireless
channel. From the models de ned in the previous section, it can be seen that the
main task of the channel propagation models is to nd out the SNR, and ultimately
calculate the BEP based on its direct relationship with the SNR. The following are

the detailed steps to achieve this goal.

1. Choose a reference locatiod, close to the transmitter, and use free space

model in Eqg. (3.1) to calculate the reference path loss BL

2. Adopt log-normal shadowing model in Egs. (3.2) and (3.3) to calculate the
local path loss based on P4, dy, and environment parametersn and . Get

the local average received signal pow&, and nally obtain the SNR.

3. According to Egs. (3.6), (3.7), (3.8), and (3.10), incorporate the SNR with
the speci ed modulation scheme to calculate the BEP in a Rayleigh fading

channel.

3.3 Video and Audio Tra ¢ Speci cation

Dierent categories of video and audio codecs, container formats, and
transport protocols have been introduced in Chapter 2. We build the simulator

based on RTP/UDP/IP. We use H.264+MPEG-2 TS for video (without audio),
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MP3+MPEG-2 TS for audio, and H.264+AAC+MPEG-2 TS for normal video (with
audio). As given in [35] and [37], the basic structure of the streaming is to integrate
several MPEG-2 packets into one RTP packet payload and pass down this RTP
packet to lower layers to transmit, which is shown in Figure 3.3. When the destina-
tion receives this packet, it retrieves payload data layer by layer and then nally gets
MPEG-2 Transport Stream (MTS) packets. All packets are further decomposed and
reorganized, and at last they are decoded by the player and played back to users.
The media steaming and playback are implemented with the open source libraries

VLC and VLCJ and the detailed explanation is provided in Chapter 4.

IP UDP RTP MTS MTS MTS
Header | Header | Header Packet Packet Packet

Figure 3.3: Packet structure based on MPEG-2 TS/RTP/UDP/IP.
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Chapter 4

Simulator Design and

Implementation

In this chapter, we present the implementation of the network simulator in detail.
First we describe how the multimedia tra ¢ ow is simulated with an open-source
software, and the overall simulation framework consisting of several modules. Ev-
ery module has speci c responsibilities and cooperates with each other to form a
complete system. After the general overview of the simulator, we further explain the
implementation of each module to provide a thorough understanding of the simulator

design.

4.1 Simulation Framework

The overall idea of the simulation process is that bit errors and packet delay are
applied to the original video/audio streaming packets to simulate the e ects of trans-
mission error and delay. Before we present further details of the simulation frame-
work, four tools and libraries need to be introduced rst for a good understanding

of the implementation.
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VLC: a free and open-source multimedia player written in C [46], which is
capable of both video/audio streaming and playback, and supports a wide

range of codecs.

VLCJ: a free and open-source Java library binding VLC for Java applica-

tions [47] .

Jpcap: a free and open-source Java library for network packets capture and

delivery based on libpcap/winpcap [48].

JFreeChart: a free and open-source Java library for drawing various charts [49].

The steps of involving bit errors and delay to original streaming media and playing
it back are illustrated in Figure 4.1. At the very beginning, media les (e.g., .mp4
les) reside on local disks. Among them, one le is chosen to be streamed by VLCJ
server (streamer). As the media content is being streamed out to the network, packets
on the link layer are captured by Jpcap and written into the local disk one by one
and stored in a .jpcap le. Then this .jpcap le is examined bit by bit, and each bit
is inverted (0 to 1, or 1 to 0) with a BEP probability to simulate bit errors. BEP
is the simulation result of the physical layer, which depends on the physical channel
parameters. When we get the new .jpcap le with added errors, the modi ed media
le is streamed again. Dierent from the previous procedure, VLCJ steamer is not
used here because it does not support streaming of a .jpcap le. Instead, we utilize
Jpcap to retrieve packets within the .jpcap le and deliver them one by one to resume
the multimedia stream. Occasionally, some packets need to be dropped and this is
indicated by a drop ag. The delivery time and drop ag for each packet result from
the MAC simulation process. At last, the simulated video/audio with transmission
e ect is played back by VLCJ client to present the visual/auditory e ect.

For the network simulation part, as shown in Figure 4.1, the arrival time of each

packet is passed as an input to the simulation process. The BEP, packet leaving time,
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and drop ag are generated as the output of the simulation. Figure 4.2 depicts the
simulation framework in more details including di erent modules of the simulator,
categories of processing les, and their relationship to each other.

The simulator contains two major modules, i.e., channel simulator and graphical
user interface (GUI). Channel simulator is composed of two individual parts, which
are responsible for simulating the physical layer and the MAC layer, respectively.
Particularly, optional adaptive transmission can also be enabled for the physical
layer. Users can choose to trigger an adaptive transmission strategy or not. GUI is
the interface where users interact with the simulator. It involves three critical parts,
which are network con guration, playback, and dynamic delay plot.

For the network con guration module, it can load the default settings of MAC and
physical parameters from a formatted .cfg le, while it also allows users to provide
them directly on GUI. The playback module presents the visual/auditory content to
users. Dynamic delay plot shows the real-time delay of the packets when they are
being transmitted and played back. The simulation process can start after all the
parameters are loaded or de ned. Based on the parameters for the physical link, BEP
is calculated. According to the arrival time of captured packets and the parameters
for the MAC layer, the leaving time and drop ag for each packet is obtained. All
these simulation results are recorded in a simulation trace le (a text-based .sim
le). As stated above, this information is retrieved later to introduce bit errors and
transmission delay to streamed packets. Then the simulated streaming media can
be played back by VLCJ client to demonstrate the e ects of transmission error and

delay, while the delay of each packet is plotted by JFreeChart.
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4.2 Simulator Graphical User Interface

The GUI of the simulator consists of four major parts, i.e., le location, channel
parameters setting, media player, and dynamic plot. There are also small panels
showing the original multimedia features, simulation results of the physical channel,
and current simulating progress. Figure 4.3 presents the whole GUI, and Figures
4.4, 4.5, 4.6 and 4.7 give the four major parts separately.

The top left of the GUI is a section for specifying the location of the les to be
utilized and generated. As described in the simulation framework, four types of les
are involved, including the con guration le (.cfg), the regular video/audio le (e.g.,
.mp4), the captured packets le (.jpcap), and the simulation trace le (.sim). The
packet le further includes the original .jpcap le that contains the packets captured
directly from the network interface without any modi cation, as well as the simulated
Jpcap le that is contaminated with bit errors based on the simulation result on BEP.

The media le can be loaded from an regular video/audio le (e.g., .mp4), an
original packet le (.jpcap), or a simulated packet le (.jpcap). If the user chooses
to use a regular media le, the simulator will produce the original packet le, and
add bit errors to this le based on BEP to generate the simulated packet le. If
the user chooses to use an original packet le, the simulator will directly apply bit
errors to it to produce the simulated .jpcap le. In the third option, the user can
specify a simulated .jpcap le in which bit errors are already involved together with
a corresponding simulation trace le for playback.

Regarding the simulation trace le, users may like to generate a new trace le or
use an existing one. If the user species to produce a new trace le, the simulator
will proceed with the physical layer and MAC layer simulation. Otherwise, these
two steps are skipped.

The con guration le contains all the parameters required to conduct the simula-

tion. When the location of a con guration le is speci ed, the values of the param-
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File

Choose Multimedia File:

[Regulwviden.faudiu:u file (.mp4, ect) [v| |C:1L}(Jﬁgﬁuckaunnym4 | | Browse... ]
Trace File :

New trace file (destination) |w]| [cLxsesBTrace sim || Browse.. |

Configuration File {.cfg) |C:u.}(JnSimlatarﬁ.srcﬁimratianmfm.ctgl ] Browse...

Run

Figure 4.4: File speci cation.

Parameters

General

Number of Mobiles: 2
Backgound Flow Packet Length (bits): 5000

Channel-MAC

Contention Window: 31-10237 Retransmission Limit: 7
Channel-PHY

Distance (mp: |1 0 | Transmit Power (dBm): a0
Reference Distance {m): |1 Path Loss Exponent: |5
Frequency {(GHz): 24 Shadowding Std. Dev. (dB): 0

Transmitter Anntenna Gain: |1 Average Noise Power (dBm): 110
Recerver Anntenna Gain: 1 Maximum Data Rate (Mbit/s): |21
Modulation Scheme: :

Figure 4.5: Channel parameters setting.
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Video Frame Rate:
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Figure 4.6: Embedded media player.
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Figure 4.7: Dynamic delay plot.
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eters included in the le are loaded and shown on the GUI. Users can also modify
them directly on the GUI. At the end of the simulation, users are prompt with a pop
up window asking whether to save the updated settings into a new con guration le.

Here, we apply certain restrictions among di erent options. For example, users
can either use an existing simulation trace le or generate a new one if the multi-
media le type is \Regular video/audio le" or \Original packet le". However, if
the option of \Simulated packet le" is selected, an corresponding existing trace le
has to be speci ed, while the con guration le can neither be de ned by users. Such
constraints among these options are dynamically displayed and enforced on the GUI.
When the user de nes the multimedia le, only the available options for the simu-
lation trace le are shown in the drop-down list. The option for the con guration
le becomes enabled or disabled depending on the speci ¢ choices for the multime-
dia le and trace le. Although we already present di erent modules and les in
Section 4.1, a brief illustration of the simulation ow is given by Figure 4.8 to clearly
depict the relationship among related les.

On the bottom left of the GUI is a section for specifying the parameters of the
MAC layer and the physical layer. The rst panel contains the number of mobile
stations and packet length of background tra ¢ ows. Both parameters are utilized
in the MAC layer simulation. The second panel shows two xed settings for the MAC
layer: the contention window size ranging from 31 to 1023, and the retransmission
limit of 7 attempts. When a station nishes the 7th retransmission for a frame, and
the destination does not receive it successfully, this frame is dropped. The third panel
is where the user de nes the parameters for the physical layer simulation, including
the transmitter-receiver distance, reference distance (usually set to 1), radio center
frequency, transmitter antenna gain, receiver antenna gain, transmit power, path loss
exponent, standard deviation for log-normal shadowing, average noise power, data

rate, and modulation scheme. We adopt M-ary quadrature amplitude modulation
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Figure 4.8: Relationship between simulation les and simulator modules.

(M-QAM, M = 2:;4;8;16,32 64;128) as the channel modulation scheme. Users may
de ne one speci ¢ modulation scheme, or alternatively, use the\Adaptive" option,
which activates rate adaptation and dynamically change modulation based on current
channel condition.

On the top right of the GUI is an embedded VLC media player for the streaming
video/audio playback. On the left side of the player, a small panel displays the
attributes of original video/audio, including video resolution, video frame rate, video
bit rate, and audio bit rate. On the right side, the logo of the Faculty of Computer
Science of UNB is shown.

In the middle of the right panel of the GUI is a dynamic plot for real-time packet

42



transmission delay. When the player is playing back the media stream, a dynamic
curve will show the corresponding packet delay. The x-axis represents the leaving
time when the whole packet is nished transmitting by the sender, and the label
mm:ss shows the minutes (before the colon) and seconds (after the colon). The
leaving time is obtained from the MAC layer simulation. The y-axis denotes the
packet delay. It includes the packet queueing time and transmission time. The
propagation delay is neglected due to the small scale of WLAN.

On the bottom right of the GUI are two small panels. One shows the physical
layer status including actual data transmission rate, modulation scheme, and BEP.

The other displays current simulation progress.

4.3 Video and Audio Services

4.3.1 Video/Audio Streaming Client/Server

The technique of streaming is utilized within the simulation process to play back
video/audio when it is being delivered. The one that streams out the video/audio
is the streaming server, while the that receives the streamed packets and played
them back is the streaming client. Streaming is a complex procedure that requires
support from compatible codecs and protocols. Fortunately, many free and open-
source multimedia tools which are capable of both streaming and playing have been
developed. Our simulator can incorporate one that satis es our needs.

VLC, a famous cross-platform and open-source media player, is integrated as the
streaming tool and player in our simulator. VLC is a product of the VideoLAN
project and maintained by a non-pro t organization. It has been widely utilized by
many organizations, such as Google. VLC can be employed as a local player for
the stored video and audio les, or as a streaming server and player. VLC supports

various video and audio codecs (e.g., H.264, MPEG-1/2, Windows Media Video
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(WMV), RealVideo, MP3, AAC, and RealAudio), container formats (e.g., MEPG-2
TS, MPEG-4 Part 14 (MP4), and Audio Video Interleaved (AVI)), and streaming
protocols (e.g., UDP, RTP, and HTTP). However, not all codecs, containers, and
protocols can go with each other for streaming. They need to be compatible to
enable a successful multimedia streaming. All the codecs, containers, and protocols
that VLC streaming supports and how they match with each other are listed in [50].
In our simulator, we focus on RTP/MPEG-2 TS with H.264, AAC, and MP3.

VLC can tolerate errors in video and play out the seriously damaged video. Some
other video players freeze the playback when the video quality is really bad and do
not show the video content of high distortion, such as RealPlayer. As a result, VLC
can clearly visualize the e ect of physical-layer bit errors to users. Another important
reason for us to choose VLC is that, most free and open-source multimedia players
are built in C/C++, which cannot be easily incorporated into our simulator written
in Java. However, VLC has a Java wrapper named VLCJ, which is developed and
maintained by a third-party organization. VLCJ provides convenient APIs to utilize
VLC for Java development.

VLCJ supports the libraries and APIs to use VLC directly in a Java
environment. ClassesViediaPlayerFactory and HeadlessMediaPlayer can enable
streaming of media les easily. MediaPlayerFactory generates an instance of
HeadlessMediaPlayer by its method newHeadlessMediaPlayer(). The behavior of
streaming is performed by the methogllayMedia() of the classHeadlessMediaPlayer,
which takes the media le path, client IP address, client port and streaming method
(e.g., RTP/MPEG-2 TS) as parameters. On the other hand, the streamed video and
audio need to be played back by the player embedded in the simulator GUI. This
task is accomplished by the clasEmbeddedMediaPlayerComponentlts method
getMediaPlayer() returns the current instance of EmbeddedMediaPlayer The

method playMedia() of EmbeddedMediaPlayeiplays out the streamed video/au-
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dio by taking the port number as the parameters.

As VLCJ is only a Java \wrapper" for VLC libraries, the streaming and play-
back functions are actually performed by VLC. Before VLCJ API can be called,
we need to install VLC rst and load VLC native library by importing the
method addSearchPath() of the com.sun.jna.Native package and the method
loadLibrary()  of the com.sun.jna.NativeLibrary = package. The third-party Ii-
brariesjna.jar and platform.jar  are needed.

VLC and VLCJ perform the original media streaming, whereas Jpcap captures the
streaming packets and delivers them later after certain modi cation is introduced.
In fact, Jpcap acts as part of the streaming process. Jpcap o ers a library to easily
capture/send packets from/to a network interface. The critical classipcapCaptor
provides several methods to achieve this. The static methagktDeviceList() ob-
tains all the network interfaces of a computer. Another static methodpenDevice()
selects a specied interface and returns dpcapCaptor instance. The method
setFilter() is used to Iter out those packets which we do not intend to cap-
ture by restricting the IP address, port number, MAC address, etc. Finally, the
method getPacket() captures packets one by one. After one packet is captured,
the static method openDumpFile() of the classJpcapWriter stores the packet in a
local .jpcap le. When these packets need to be streamed out again, a static method
openFile() of the classJpcapCaptor takes the .jpcap le path as the parameter
and returns an instance ofJpcapCaptor. As such, the packets stored in the .jpcap
le can be read out by the methodgetPacket() . Each packet is delivered by the
method sendPacket() of the classJpcapCaptor. Eventually, the media streaming
process is resumed after the physical channel and the MAC layer are simulated. As
Jpcap is built based on the third-party library libpcap (for Linux/Unix, Mac OS X)

or winpcap (for Windows), we need to install one of them before deploying Jpcap.
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4.3.2 Video and Audio Traces

A number of typical video and audio les are produced to test the simulator. They
are divided into three categories: video (without audio tracks), audio, and combined
video and audio. Tables 4.1, 4.2, and 4.3 list the traces of these les.

We get the original YUV 4:2:0 video sequences from a public video trace
library [51], and use an open source tool FFmpeg [52] to encode the YUV les
into .mp4 les with the H.264/AVC coding algorithm and the MP4 container. Be-
fore the conversion, we can set the parameters, including the number of frames to
be encoded, frame rate, and dimension, to produce the H.264/AVC video that are
desired. After the conversion, the average bit rate can also be calculated by the
software. These videos are chosen carefully with di erent attributes. For instance,
some videos are fast moving (e.g., Bus), some are comparatively static (e.g., News),

and some are quite colourful (e.g., Mobile).

Table 4.1: Planned video traces for simulation testing.

Video

Name No. of Frames Frame Rate | Bit Rate Dimension Duration
(1/s) (kbit/s) (s)
News 300 30 227 352 288 10
Big Buck Bunny 300 30 262 352 288 10
Foreman 300 30 463 352 288 10
Bus 150 30 830 352 288 5
Coastguard 300 30 874 352 288 10
Mobile 300 30 1080 | 352 288 10
Flower 250 30 1146 352 288 8

Table 4.2: Planned audio traces for simulation testing.

Audio
Name | Sample Rate (Hz)| Bit Rate (kbit/s) | Duration (s)
Speech 44100 128 12
Piano 44100 128 14

46



Table 4.3: Planned combined video and audio trace for simulation testing.

Combined Video & Audio

Name Bit Rate | Durations | Video Frame | Video Dimensions| Audio Sample
(kbit/s) (s) Rate (fps) (pixels) Rate (Hz)
BBC English 1258 13 25 352 288 44100

The audio les are also typical types during audio applications. One is a short

speech, and the other is a clip of music of piano. The two original audio les with

MP3 coded data (.mp3) are obtained directly from the Internet, and are further

chopped into shorter ones around 10 seconds for our simulation.

The normal video le (combining video and audio) is downloaded from the website

of \BBC Learning English". It has MP4 container format with H.264 (video) plus

AAC (audio) coded data. Like the audio les, the original video is trimmed into a

smaller segment for this simulation test.

4.4 Physical Layer Simulator

As described in Chapter 3, we combine the free space model, log-normal shadowing

model, and Rayleigh fading within the simulator to simulate the wireless channel.

The objective of the channel modelling is to obtain the BEP. The basic idea of the

physical channel simulation is illustrated in Figure 4.9. When the information bits

go through a channel, some bits of them are inverted due to transmission errors. The

bit error probability is calculated according to the channel models. Then, a modi ed

bit sequence that comes out of this channel is contaminated with some wrong bits.

For example, if the BEP is 0.1 and the length of the original bit sequence (i.e., the

number of bits) is 20, 2 bits on average in this sequence will be changed, highlighted

in red in Figure 4.9.
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Figure 4.9: Physical channel simulation architecture.

4.4.1 Simulation Process

The detailed process of the channel simulation is presented in Figure 4.10. It
shows how all the channel parameters and channel models interact with each other
to determine the ultimate BEP, and produce nal bit errors. We brie y introduce

the simulation steps in the following.

1. Follow the free space path loss model with a center frequenty transmitter
antenna gainGg, and receiver antenna gairG, to calculate the reference path

loss Ply at the location dy which is close to the transmitter.

2. Use the transmitter-receiver distanced, environment parameters (path loss

exponentn and standard deviation of log-normal shadowing), reference path
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Figure 4.10: Physical channel simulation process.

loss PLy, and reference locatiordy to obtain the local average path loss PL

. Based on the local path loss RLand transmit power P;, obtain the local

received signal poweP, by P, = P, PL,.

. Referring to P;, calculate BEP based on Egs. (3.6), (3.7), (3.8), and (3.10)
with parameters including the noise poweN, channel bandwidthB and data
rate R. The value ofM; depends on the modulation scheme speci ed by users.
When adaptive transmission is enabled, the modulation modd; is adaptively

adjusted according to channel conditions.

. To simulate the transmission of media data over the physical channel, randomly

invert some of the bits (0 to 1, or 1 to 0) based on BEP.
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This is the general procedure that the bit error e ect of the wireless channel is
simulated. After the simulation, the multimedia content will be presented to show
the visual and/or auditory e ect caused by bit errors. BEP is also displayed on the

GUI showing the objective condition of the physical channel.

4.4.2 UML Diagram

The Uni ed Modelling Language (UML) is a useful tool to describe the system
design. It de nes dierent types of diagrams to depict the system from di erent
perspectives, such as use case diagram, activity diagram and class diagram. In this
section, we use a class diagram to present the important classes that are used to
simulate the physical layer. The ultimate goal is to determine the channel BEP. The
critical attributes and functions in these classes, as well as the relationship among

the classes are given in Figure 4.11.

The classPhyLink contains the methodgetBEP(), which returns the BEP of
the physical channel.PhyLink also provides method&reeSpacePathLossInDB()
and logNormalShadowingPathLossInDB() which implement the free space
model and the log-normal shadowing propagation model, respectively, in order

to determine the SNR.

The classModulation calculates the bit error probability based on a given SNR
and speci ¢ modulation scheme by the methodalErrorBitProb() , in which
Rayleigh fading is further involved. The modulation scheme can be de ned by
users directly, or dynamically adjusted according to the rate adaptation strat-
egy. The methodchooseModuScheme(nanages the rate adaptation, which is

an option depending on user con guration.

The classCRandons a utility class, which contains one methoaextGuassian()

for now to generate a Gaussian random number.

50



PhyLink Parameters

-refDistance

+getBEP() -distance
-getReceivedPowerlnDBm() -transPowerinDBm
-freeSpacePathLossInDB() -tranAntennaGain
-logNormalShadowingPathLossInDB() -recvAntennaGain
r [ -frequencylnHz
-logNormalN

-logNormalSigma

I
|
|
|
| -avgNoisePowerinDBm
|
I
|
I

-moduSchemeType
-maxDataRatelnBps
\/ -targetBEP

+nextGaussian()

|
I
I
I
I
I
I
I
I
I
I
CRandom I -bandwidthinHz
I
I
I
I
I
I
I
I
I
I
I

A4
Modulation

+calErrorBitProb()
-calCMi()

-calDMi()
-chooseModuScheme()
-calSNRNoUnit()
+calEsNO()

Figure 4.11: UML class diagram for the physical layer simulation.

The classParameters is also a utility class to con gure the simulation process
with the user-de ned parameters for channel modelling. As there are over 10
user-de ned parameters, when these parameters are passed between di erent
methods, it is more convenient to refer to one class. Besides, if a new channel

model is added, it is easy to extend this class with new parameters.
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Table 4.4: Adaptive modulation with BEP=10 6, Bandwidth=22 MHz, Max-
DataRate=21 Mbit/s.

Modulation Scheme SNR(dB)
2-QAM SNR< 4834
4-QAM 4834 SNR< 51:38
8-QAM 51:37 SNR< 5408
16-QAM 5408 SNR< 56:67
32-QAM 56:67 SNR< 5922
64-QAM 5322 SNR< 6178

128-QAM SNR 6178

4.4.3 Rate Adaptation

Adaptive transmission is an e ective mechanism to address channel variation.
Rather than de ne a speci ¢ modulation scheme (e.g., 2-QAM) and the data trans-
mission rate (e.g., 11 Mbit/s), users can choose the option of adaptive transmission
and specify the maximum data rate. Then, the simulator will follow the adaptive
strategy to dynamically determine the modulation scheme among 2-QAM to 128-
QAM and set the corresponding data transmission rate.

This is achieved by a simple rate adaptation scheme similar to the adaptive model
presented in [21]. The key idea is to choose the modulation scheme of the largest
constellation size as long as the BEP satis es a speci c target. We set the target
BEP to 10 © in the simulator. Table 4.4 shows an example adaptive transmission
scheme which determines the modulation scheme according to the channel SNR,
given a channel bandwidth of 22 MHz and a maximum data rate of 21 Mbit/s.

In the physical layer simulation process, the channel SNR is calculated based on
the channel parameters for the three channel models. According to the settings of
the maximum data rate, target BEP, and channel bandwidth, an adaptation table
such as Table 4.4 is produced. The switching thresholds can be easily obtained

by reversing Egs. (3.6) and (3.10). Referring to this table, an optimal modulation
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scheme can be determined dynamically. The actual transmission rate can then be
calculated given the modulation scheme. For example, if the maximum data rate
is 21 Mbit/s, and the channel SNR falls into the range of [48.34, 51.37) (dB), the
modulation scheme 4-QAM is then selected. The corresponding data transmission
rate is log,4=log,128 21 = 6 Mbit/s. The selected modulation scheme and actual

data rate are utilized to compute the BEP of the physical layer.

4.5 MAC Layer Simulator

45.1 Event-driven Framework

The MAC layer of the simulator is built according to the DCF basic mode of
IEEE 802.11. The core idea is that each station accesses the channel based on a
contention mechanism with an equal priority. The simulation of the MAC layer is
event-driven, as most network simulators do. Di erent situations that may occur in
the real transmission is represented by di erent events in the simulation, and there
are an event queue maintaining all these events which have been generated and are
waiting to be handled. The MAC layer simulation is driven by popping events one
by one, handling each event appropriately, and then generating as well as queueing
the following one or more events.

There are a total of nine categories of events on behalf of di erent stages in the
simulation. What these events are and how they relate to each other are clearly
described in the state transition diagram in Figure 4.12. The overall idea of the
MAC layer simulation is dividing the status of a station into four stages: idle,
waiting, backing o, and transmitting. Nine categories of events drive the sta-
tion to transit from one state to another. After the current event is properly han-
dled, the next one or two events are generated indicating the following stage of the

whole transmission ow, so that the simulation can keep moving forward. The new
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generated events are inserted into the unique event queue, and wait to be executed.
Figure 4.12 describes both senders and receivers during a transmission, and the num-
ber in front of each type of event represents the general happening sequence of those
events. A sender here means it sends the user data frame (receives the ACK), while
a receiver means it receives the data frame (transmits the ACK). Particularly, the
AP can be both the sender (that sends the multimedia packets) and receiver (that

receives the background packets).

1. Station states

MAGSTAIDLE

A station in the idle state, i.e., MAGSTAIDLE, usually just nishes a trans-
mission and has no more frames to send at this moment. Or, a station stays
in this state before it has a frame to transmit. At the very beginning of the

simulation, the states of all stations are initialized toMACSTAIDLE

MAGTAWAITING

A station in the state of waiting, i.e., MAGTAWAITINGmMeans that it is ready
to start or in the middle of a transmission, but it needs to wait for a DIFS or
SIFS period due to the busy channel condition or a mandatory interframe space
as speci ed in the standard. This is a complex state since many situations can
drive a station to transit into the state of waiting from any of the other three

states.

MAGTATRANSMITTING

The state of transmitting, i.e., MAGGTATRANSMITTING simple. It indicates
that the station is transmitting a frame. This station can be either a sender

transmitting a data frame, or a receiver transmitting an ACK.

MAGSTABACKINGOFF
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2.

When a station attempts to transmit a frame but the channel is busy, it has to
back o and shift into the state MAGGTABACKINGOFFe backo counter only
counts down when the channel is idle, whereas the counter is frozen when in
use by other stations. The state transitions betweeMACGTABACKINGORRd
MAGSTAWAITINGften happen when a backing o station is interrupted and
suspended by the start of a transmission that results in a busy channel. Every
time this situation occurs, the station transits into the stateMAGTAWAITING
from the state MACGSTABACKINGOFFhe station cannot resume the backing

o state until the channel becomes idle for a DIFS after the busy period.

Events

EVIMAPKTDOWN

It is well known that a packet is delivered from the upper layers to the lower
layers so as to be transmitted ultimately over the physical channel. In our
simulator, the event EVIMAPKTDOWIidpresents that a packet arrives at the
MAC layer from the upper network layer. When this event happens, the station
may act di erently depending on the current station status. If the station
is idle in the state of MAGSTAIDLE, it will handle this event immediately,
I.e., the station will transfer to the state of waiting MACGTAWAITINGG Then,
the station needs to wait for a period of DIFS, so that another event named
EVIMAMIFS ENDwill be generated and queued. However, if the packet is
passed downward to the MAC layer when the station is in the middle of a
transmission, waiting, or backing o, the station will do nothing more than

gueueing this packet.

EVIMAMIFSEND

Before a station starts transmitting a user data frame or resumes the backing

0 process, it is required to wait for a DIFS so that the wireless channel is
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really clear. When the eventEVIMAMIFS ENDChappens, it indicates that the
waiting period comes to an end and next steps should follow. If the channel
is busy, the station needs to keep waiting until the channel is idle for another
DIFS. The backo counter also needs to be activated if the station is not in
the middle of the backing o process (Backo Counter=0). This means that
the station will back o for a random period before the actual data trans-
mission. However, if the channel is idle and the station is not in the middle
of backing o, the station begins to transmit the data frame and a following
event namedEVIMAMATATRANENDs generated and queued. Conversely,
if the channel is idle but the station is interrupted in the process of back-
ing o (Backo Counter >0), the station will resume the backing o process
by transiting into the state of MACGGTABACKINGOFRAd the following event
EVIMABACKOEEOUNTDOWINbe produced and queued.

EVIMABACKOEEOUNTDOWN

Every station maintains a backo counter and a contention window for the
shared wireless channel. The counter is assigned a random value within this
contention window at the beginning of each backing o process. When a station
Is backing o, the counter is decremented by one for each time slot when the
channelisidle. The evenEVIMABACKOEEOUNTDOWdtates the end of one
time slot. Itis the channel state and the value of backo counter that determine
the following steps. If the channel is busy wheEVTMABACKOEEOUNTDOWN
happens, the current backing o state of the station will be interrupted and
the station turns into the waiting state. If the channel is idle and the backo
counter is greater than 0, which means that the backing o stage does not
nish yet, the station will decrease the counter by one and keep backing o .
If the channel state is idle and the backo counter is equal to O, it means that

the backing o process is ended and the station can start to transmit the data
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frame immediately. As a result, a new event nameBEVIMAMATATRANEND

Is generated as the next stage for this transmission.

EVIMAMATATRANEND

The event EVIMAMATATRANENDshould be handled when the station n-
ishes sending a data frame. When a sender nishes the transmitting process,
it needs to wait for an ACK from the receiver to con rm the successful and
correct reception of the data frame. When the everEVIMAMATATRANEND
happens, the station transits from the statdMAGGTATRANSMITTINGthe state
MAGSTAWAITINGand a following eventEVIMAMATAARRIVALS generated

for the receiver as well.

EVIMAMATAARRIVAL

After the sender completes transmitting data, the data frame arrives at
the receiver and the evenEVIMAMATAARRIVAlhappens. At this moment,
the station, who receives the data, can be in the state dIACGSTAIDLE,
MAGSTAWAITINGor MAGTABACKINGOFFhe received frame can be a \good"
or \bad" one. For the MAC layer simulation, we only consider the failure of
receiving a frame correctly due to a collision. That means that, the received
frame is a good one if there is no collision. A bad frame can only result from
a collision and has to be retransmitted or dropped. Depending on speci ¢ sit-
uations, the eventEVIMAMATAARRIVALwill be handled di erently. If the
frame is received correctly (i.e., no collision), the receiver will wait for an SIFS
before sending an ACK. The receiver's state will go inttIACSTAWAITING0
matter what its current state is. A following event MAGSIFS ENDwill be gen-
erated. Otherwise, the receiver will stay in the current state, and an event
EVIMAGACKTIMEOUWiIll be produced for the sender to inform it of the un-

successful transmission of the data frame.
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EVIMAGIFS END

As mentioned above, the receiver needs to wait for an SIFS before returning
an ACK. When the waiting time is due, the eventEVIMAGSIFS_ENChappens.
Meanwhile, a eventEVTIMAGACKTRANENDwill be generated as the following

event.

EVIMAGA\CKTRANEND

When the receiver nishes sending the ACK, the evedEVTIMARACKTRANEND
will happen representing the end of the ACK transmission. In our simulation,
we assume that the ACK transmission is perfect, so that there is no packet
loss or bit error for the small ACK frame. That is, if the receiver trans-
mits an ACK to the sender, the sender will always receive the ACK correctly.
Therefore, an eventEVTIMACGACKARRIVAILwill certainly be generated for the
sender. As indicated in the evenEVTIMAMATAARRIVALwhen the data frame
arrives, the receiver may be in the state oMACGSTAIDLE, MAGTAWAITING
or evenMAGSTABACKINGOHRHowever, the receiver cannot be in the state of
MAGSTATRANSMITTINg&cause of the contention access mechanism. No mat-
ter in what state the receiver was before, it needs to deal with the arrived frame
rst. Generally, when the transmission of an ACK is completed, the receiver
needs to go back to its previous state that was interrupted by the arriving data
frame. However, an exception is that the previous state IMACGTAIDLE (i.e.,

no frame to send), but one or more packets come down from the upper layers
when the station is dealing with the ACK. In this situation, after the station
nishes sending the ACK, it needs to transit to the state MAGTAWAITING
instead of MAGSTAIDLE, and an eventEVIMAMIFS ENDs generated.

EVIMAGACKARRIVAL

After the receiver returns an ACK, the sender, who is waiting, receives the
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ACK. This triggers the event EVIMAGACKARRIVALThe sender will decide
the next step according to its sending bu er status. If it is has another frame
to send right now, it waits for a DIFS and then begins a new backing o
process. As a result, the sender will go to the statdACGSTAWAITINGrst and

an eventEVIMAMIFS ENDOs generated. However, if the sender has no more
frames to send, it will go to the stateMACSTAIDLE and no further event will

be produced.

EVIMAGACKTIMEOUT

As mentioned above, the random backo mechanism prevents most of the col-
lisions. However, collisions still happen occasionally when two or more stations
choose the same value for their backing o counters. Their counters will reach
0 at the same time, and they start sending the frame concurrently. In this
case, the receiver does not respond with the ACK, and each sender waits un-
til the event EVIMAGACKTIMEOUhappens. This event informs the sender
that it should retransmit the data frame if the total retransmission attempts
of this frame is less than the upper limit, or drop it otherwise. If the sender
retransmits the frame, it turns to the state MAGGTAWAITINGand an event
EVIMAMIFS ENDs generated and queued. Besides, if the contention window
is below the maximum size, it is doubled. The backing o counter should also
be reset and a random number is drawn within the contention window. If the
frame is dropped, the sender needs to go to the staMACGTAWAITINGand
generate an evenEVTIMAMIFS ENDor just turn to the state MACGSTAIDLE

depending on whether currently it has more frames to send or not.
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4.5.2 UML Diagram

The purpose of the MAC layer simulation is to obtain the transmission delay for
every packet, and store the packet arriving time, leaving time, delay, and drop ag
in a local trace le (.sim). To provide a clear picture of our implementation, we
include two UML class diagrams to show the core classes, attributes and methods
for the MAC layer simulation. Figure 4.13 shows the overall relationship of di erent
classes, while the classes EventHandler and FrameCreator are further described in

Figure 4.14.

ClassMACLayer8021anly has one methodsimulateTransmission() . It per-
forms as the entrance function for this layer. When this method is called, the

simulation of the MAC layer begins.

ClassFileProcessor is a utility class for the simulator dealing with operations
on les. For the MAC layer simulation, this class is responsible for writing
packet information such as packet ID, packet length, packet arriving time,

packet leaving time, and packet drop ag into the simulation trace le.

ClassChannel represents the communication link between two stations. Each
channel maintains dynamic status, including the size of contention window,
current value of backo counter, retry times for the current frame, and the

collision ag indicating if a collision happens.

The frame is the entity that the MAC layer really deals with. It can be a data
frame (containing the multimedia content) or a control frame (e.g., ACK). Class
Framerepresents this entity. Unlike in the real transmission, the important
information for the simulation is the length of the frame, as the frame length
a ects the transmission delay directly. Hence,Frameinvolves the payload

length instead of the content. Besides, the sender and receiver of the frame
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EventHandlerMacACKArrival

+handle()

EventHandlerMacACKTransEnd

+handle()

EventHandlerMacDataTransEnd

+handle()

FrameCreatorTrace
EventHandlerMacDIFSEnd ]

+generate
+handle() g 0

EventHandler
<] EventHandlerMacPktDown
+handle() FrameCreator FrameCreatorSaturated
+handle() 4
+generate() +generate()

EventHandlerMacSIFSEnd
+handle()

FrameCreatorEmpty
EventHandlerMacBackoffCountDown +generate()
+hanle()

EventHandlerMacACKTimeout

+handle()

EventHandlerMacDataArrival

+handle()

Figure 4.14: Inheritance relationship of the classes EventHandler and FrameCreator.
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also need to be identi ed so that when a sender sends a data frame, it knows
who the receiver is by retrieving the information within the frame. On the other
hand, when a receiver sends an ACK, it extracts the sender's information and

identi es where the ACK should be sent.

Class Station represents all the mobile or xed devices (including the AP)
sharing the wireless communication channel. Each station contains one
channel iewChannel), a frame creator frameFactory ), and a frame bu er
(frameQueu¢. Every time that the creator generates a frame, this frame will

be queued in the bu er waiting to be served.

Class Event contains the time when an event happens, the frame that it is
associated with, the station that is handling the event, and, what is most im-
portant, a handler for the event. The time evtTime) determines the execution

sequence of di erent events.

Class EventHandler is the core part of the MAC layer simulation. It is an
abstract class and extended to 9 subclasses corresponding to the 9 events de-
scribed in previous section. That isEventHandler de nes a critical abstract
method handle() and cannot initiate objects. The detailed operations within
handle() must be realized by the subclasses. The one-to-one relationship be-
tween the event and the event handler can be easily identi ed from their names.
Each Event object contains an instance oEventHandler, which is actually an
instance of one of the nine subclasses. As the handler already identi es itself
by the type of the subclass, eackvent instance takes appropriate actions just

by calling handleEvent() .

ClassFrameCreator is a \factory" to create a frame as the ow type indicates.
Similar to the classEventHandler, it is an abstract class and extended to 3

subclasses to generate frames for di erent types of data ows. Each station
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contains an instance ofFrameCreator.

{ Although almost every station needs to send data frames in our simula-
tion, there is still an exception where the station only receives data but has
nothing to send, i.e., the station receiving the multimedia packets. In this

situation, the station contains an instance of the clagsrameCreatorEmpty

{ If a station is producing the background ow, the ow will be saturated.
It means that this station has frames to send all the time. In this case,
the station is associated with aFrameCreatorSaturated instance as a

saturated ow generator.

{ If a station is transmitting the multimedia data, it uses an instance of
FrameCreatorTrace to generate the frames based on the information in-
cluding the frame length and arriving time from the original captured

Jpcap le.

As each specic type of the frame factory is implemented as a subclass of
FrameCreator, it is easy to extend to another new ow type. We only need to
construct an additional subclass, which implements the abstract method de-
ned in FrameCreator. This right ts the open/close design principle, which
requires that the software entities be open for extension but closed for modi -

cation.
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Chapter 5

Experimental Validation

The architecture and implementation of the simulator have been described in
Chapter 4. To validate our simulator and evaluate the e ects of wireless transmission,
this chapter provides a validation for the MAC layer simulation and the simulation
results showing the e ects of various factors including the number of stations, fading

errors, and rate adaptation.

5.1 Analytical vs. Simulation Results of 802.11

MAC

To verify the simulator's MAC layer implementation, we compared the simulation
results of packet delay to an analytical model proposed by Song et al. in [53].
Figure 5.1 shows the analytical and simulation packet delay when there are a varying
number of stations from 1 to 32. Here, the simulation delay for each case is the
average delay calculated over thousands of packets. Each station sends 5000 packets
on average, but we do not require that each station sends exactly 5000 packets. For
example, the average delay for the case with 15 stations (0.02s) is the mean value of

the delay for 5,000 15=75,000 packets.
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Figure 5.1: Simulation and analytical results of packet delay.

From the comparison in Figure 5.1, it is easy to observe that the simulation result
matches well the analytical result, with the largest di erence no greater than 10%
for 32 stations. The reason for this gap is that the analytical model is built on the
Markov chain assumption, which over-estimates each station's transmission proba-
bility at a time slot. This leads to a higher estimation of collision probability than
the real situation. Consequently, both the analytical waiting time and collision time
are longer than the real values. As a result, the analytical delay is slightly higher

than the simulation result.

5.2 Eect of System Parameters on Multimedia

Quality

Tra c load and fading errors are two critical factors which in uence the received

multimedia quality. This section demonstrates their e ect by showing received video
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frames and packet delay. The impact of rate adaptation is also presented. As we
can see on the simulator GUI, many factors can result in di erent tra c load and
fading errors. Here, we focus on the number of stations, path loss exponen) (
and transmitter-receiver distance §). When adaptive transmission is enabled, the
transmission rate and modulation scheme may be dynamically adjusted too. Other

xed MAC and physical parameters are shown in Table 5.1.

Table 5.1: Default system parameters.

Parameter Value
Background ow packet length 6000 bits
Reference distance 1m
Channel frequency 2.4 GHz
Transmitter antenna gain 1
Receiver antenna gain 1
Transmit power 30 dBm
Shadowing standard deviation 0 dB
Average noise power -110 dBm

5.2.1 Eectof Trac Load

When many stations within the coverage of an access point (AP) are transmitting
at a high data rate, the multimedia service quality will degrade because of the large
delay and severe packet loss. Suppose that there are 30 mobile stations (including the
multimedia receiver) associated with the same AP. Among all these mobile stations,
one is receiving multimedia packets from the AP, while the other 29 stations are
sending saturated background tra c to the AP. This means that 30 stations (the
AP and 29 mobile stations) compete for accessing the channel to transmit packets.
For comparison, we focus on the cases with 5 or 30 mobile stations. In addition to
the xed parameters in Table 5.1, we consider a transmitter-receiver distance of 5 m,

a path loss exponent of 1.6, a data rate of 11.0 Mbit/s, and the modulation scheme
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2-QAM. As a result, the BEP of the physical channel is:¥ 10 °, which provides
a good channel condition. The original video length is around ve seconds.

Figure 5.2 (a) shows the video playback and packet delay when there are only 5
mobile stations. It is found that the steaming video nishes playing at the same time
as the original video. The video is smoothly played, and we do not feel any obvious
transmission delay. As seen, there exists high delay at the very beginning. This is
because the rst dozens of video packets are delivered to the network interface much
more frequently than the following packets. Those packets cannot be transmitted
in time and queued accumulatively so that the delay for some packets is high. In
contrast, Figure 5.2 (b) shows the case with 30 mobile stations. The e ect of delay
is quite evident. It costs around 20 seconds to transmit all these packets and the
video frames are often stuck because the packets of the next frame to play cannot
arrive at the receiver in time. The delay of multimedia packets with 30 stations is as
high as 15 seconds, while with 5 mobile stations the delay is less than 0.3 seconds.

An overloaded channel not only results in high packet delay but also severe packet
loss. While packet delay may result in freezing playback, packet loss causes distortion
to video frames. We replay the two simulation cases with 5 and 30 mobile stations.
Figure 5.3 (a) shows the playback result with 5 mobile stations. Figure 5.3 (b)
presents the case with 30 stations and one lost packet. Blurred parts and uncorrelated
green colour can be observed clearly. It demonstrates one example of the consequence
with packet loss. As the packet delay, packet loss, and bit error are random processes,
so even with the same simulation con guration, the damaged part within video and

audio streams may be di erent.

5.2.2 E ect of Fading Errors

As described in Chapter 3, a wireless signal is subject to degradation due to many

factors, such as a long transmitter-receiver distance, shadowing e ect, and multipath
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propagation. All these fading factors on the radio signal may result in bit errors for
transmitted data. Intuitively, the poor channel condition leads to a higher BEP, so
that the transmitted video/audio quality may not be satisfactory.

To demonstrate the e ect of fading errors, we use two groups of parameters for the
path loss exponent and distance to simulate two di erent channel conditions, which
result in di erent BEP. In the rst case, the path loss exponent is 2 and the distance
30 m. In the other case, the path loss exponent and distance are 3 and 100 m,
respectively. To rule out the impact of other factors, other parameters follow the
same setting with the number of stations equal to 2, the data rate being 11 Mbit/s,
and the modulation scheme 2-QAM.

Simulation results shown in Figure 5.4 (a) present the streaming video wittn= 2
and d = 30 m. It results in a BEP of 1:1 10 8. Figure 5.4 (b) shows the video
playback with n = 3 and d = 100 m, which leads to a BEP of 13 10 °. Obviously,
high bit error probabilities seriously a ect the perceived quality. Bit errors have a
similar impact on the played video as packet loss. Both can result in frame distortion

and incorrectly recovered video pictures.

5.2.3 E ect of Rate Adaptation

Adaptive transmission aims to balance transmission rate and transmission errors.
It utilizes modulation scheme of the largest constellation size to achieve the maximum
data rate as long as the BEP is no greater than a threshold (set to 19Din the
simulator). To clearly isolate the e ect of adaptive transmission, we consider a
speci ed case with only two mobile stations involved. This means that one mobile
station receives the multimedia packets from the AP, while the other one sends
background packets to the AP. Then it is easy for the AP to capture the channel
for transmitting multimedia data because only one other station is competing with

it. In other words, the transmission delay for the multimedia stream is very low.
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However, the physical channel condition is far from perfect. We choose a high path
loss exponentn = 5, and the transmitter-receiver distance is 10 meters. First, the
modulation scheme is set to the highest 128-QAM, and the transmission data rate
is 21 Mbit/s. The BEP in this case is found to be 5 10 °. Figure 5.5 (a) shows
the corresponding video playback. As seen, the pictures are too vague to identify
the content.

Second, we enable adaptive transmission in the con guration. The maximum data
rate is set to be 21 Mbit/s. Here, the maximum data rate means the data rate for
the most e cient modulation scheme under study, i.e., 128-QAM. The data rate for
other modulation schemes should be scaled according and are lower than 21 Mbit/s.
Figure 5.5 (b) presents the simulation result with rate adaptation. Based on the
SNR of the channel, 4-QAM is chosen automatically as the modulation scheme by
the rate adaptation strategy. The resulting BEP is 10 7. The video quality of
Figure 5.5 (b) is much better than that of Figure 5.5 (a). Figure 5.5 also shows in the
plots that the average packet delay with rate adaptation is larger than that without
adaptation. This is because the adaptive transmission strategy chooses a modulation
scheme with a smaller constellation in order to reduce the bit error probability after
demodulation of the radio signal. In the meantime, it drops the transmission rate.
As a result, the transmission delay goes up. This clearly illustrates the tradeo
between packet delay and bit error probability. In this example, as there are only
two stations competing to access the channel, the packet delay in both cases is still

acceptable and the steaming videos play smoothly.

5.3 E ects on Quality of Experience

Now we have demonstrated the e ects of packet delay, packet loss, and bit errors

on multimedia quality in Section 5.2. However, it is not clear how these factors

74



', 0T  69=d3d ‘uone|npow WYO-v ‘uoissiwsues aandepe (q) 'sh ¢ 0T G T=d39g ‘uoneldepe ou ‘spdiN
T2Z e uonejnpow ANVO-82T (B) ‘uoissiwsuel) aandepe Jo 109 8 Bunessn||l uoIsSiwWSsuel] 03pIA ,3|IQON\ PareInWIS :G'G ainbiH

(a) (e)
(s)awn) Bunea 1@xed (s)awny Bunea 1@ed
60:00 80:00 £0:00 90:00 S0:00 60:00 80:00 L0000 20:00 S0:00

000 %éijdéég%%é oo'o

LA _ I _ | : r ! _ 100 100

00 200
€00 F €00 g
(=] (=]
v00 3 F0'0 F
~r ~r
s00 9 S0 Q9
) ey
900 2 900 2
- g
008 ol

0'0 80'0

600 60'0

01’0 o1’

snjejs s)ayoed sme}s s19)oed
Sipne oy Gipne ou
H{s/uan) ajey ug oipny {spu) ajey ug olpny
ogar 0801
“s/uay) ajey ug 0apin, (sype) ajey ug 08pi,
o 0
@Ry awel4 oapip, @Y SRl 03Py,
88Z425E ; BRZLZEE
JON3IDS 4 FON3IDS ENN
H{sjaxud) uonnjosay oapin 2 :(s1axid) uonnjosay oapia
HILNdWOD ILNdWO0D Q
o Lynoey eipawuniy [euiblp o Kynoey ~ RIpaw|niy [euibln

75



eventually a ect user's perceived quality of experience (QoE). After all, QoE is an
ultimate goal to deliver high-quality multimedia service. In order to evaluate the

e ect of wireless transmission on ultimate user QOE, we carried out experiments,
which have 10 participants assess a sequence of video, audio, and combined video
and audio with simulated transmission impairments and rate them based on their
opinions. Interesting ndings are obtained by analyzing the statistics from the 10

participants.

5.3.1 Experiment Design

The basic idea of the experiments is to provide the participants, also called asses-
sors, with a sequence of video, audio, and combined video and audio clips with the
test GUI. The participants follow the instructions to watch or listen to them one by
one. These media streams are produced by our simulator based on di erent channel
and tra c parameters. That is, they may be already impaired or distorted with
transmission bit errors, delay and packet loss. Then, each patrticipant gives a score
according to his/her opinion on the impairment level for each one. The detailed
steps for experiments are given as follows.

1. Preparation

(1) We chose three regular video (News, Bus, Mobile), two regular audio (Speech,
Piano), and one regular combined video and audio (BBC English) clips to pro-
duce the testing media streams. The video les are in the .mp4 format with
H.264 coded video data, audio les are in the .mp3 format with MP3 coded
audio data, and the combined video and audio les are in the .mp4 format with
H.264+AAC coded video and audio data. Dierent types of video and audio
were selected on purpose so that the e ects of wireless transmission impairments
on di erent multimedia content can be observed. On the other hand, we limited

for each assessor the number of testing cases so that impatience or negligence
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Table 5.2: Test cases for QOE assessments.

Number of BEP Data Rate Test Case ID

ations s News Bus Mobile Speech Piano BBC

Stati (Mbit/s)
5710 1.7 10 10 11 101 102 103 201 202 301
15/ 30 1.7 10 10 11 104 | 105 106 203 204 302
30/50 1.7 10 10 11 107 108 109 205 206 303
2/5 1:1 108 11 110 | 111 112 207 208 304
2/5 1.3 10° 11 113 114 115 209 210 305
2/5 1:3 10° 11 116 117 118 211 212 306
15/ 30 95 10 7 21 119 | 120 121 213 214 307
15/ 30 34 10 6 3 122 123 124 215 216 308
original 125 | 126 127 217 218 309

due to tiredness may not a ect the evaluation result. We used 6 regular media

les and made 9 test cases for each one. So in total, we have 54 test cases.

(2) We produced 9 media streams in .jpcap le format (including an original stream

without simulated transmission delay and bit errors) for each regular video/au-

dio/combined le. These 9 les are subject to di erent BEP and/or packet delay

by setting di erent path loss exponent, transmitter-receiver distance, modula-
tion scheme, and transmission rate. The original .jpcap le does not contain any
simulation bit errors or transmission delay. In total, we have 54 .jpcap les cor-
responding to the 54 test cases. Table 5.2 shows the attributes of the 54 media
streams presented to the participants in the evaluation. Video and audio cases
use di erent con guration for the number of stations. For example, regarding
the rst row with 5/10, it means that the video and combined video and au-
dio cases within this row use 5 stations, while audio cases within the same row

have 10 user stations. The detailed con guration for each case can be found in

Appendix C.

(3) A random testing sequence for these .jpcap les were generated, and all assessors
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followed the same sequence. Here, we did not mix the test cases of the three
categories (video/audio/combined). We just applied a random sequence for the
testing media les within one category. Assessors started with the 27 test cases

for video followed by 18 audio cases and 9 cases for combined video and audio.

(4) Three testing GUIs were prepared for the three categories of media les, respec-
tively. The GUI appearance is exactly the same except the testing sequence

number and the GUI title. Figure 5.6 presents the GUI for video testing.

B videoTest @ @

Video Testing Sequence:

_ Please play the multimedia file when the

"Play" button turns RED!!!

Figure 5.6: Video testing GUI.

The playing sequence was fully controlled by the testing program. Users could
not choose the testing order. The video was played one by one. Users only need
to click the \Play" button to begin one case, and watch or listen to it until it

nishes. During the playing, the play button turns gray, which indicates that
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it cannot accept a click to play the next one at the moment. Besides, only the
radio button of the test case which is being played right now or that of the test
case to be played immediately is focused and highlighted (e.g., radio button 3
in Figure 5.6). Other radio buttons are all disabled. When the current playing

is complete, the gray button will turn red again after around ve seconds, and
the next test case number in the sequence is highlighted. Then, the assessor can

proceed to the next one.
2. Testing

(1) Tests were performed at the Usability Lab in ITB 222 of Faculty of Computer
Science of UNB. The lab is designed for conducting experiments for usability of

hardware or software.

(2) Atthe very beginning of the experiment, each assessor was provided with instruc-
tions on the incoming test cases and basic guidelines on the scoring principle and
the use of the testing GUI. Assessors need to evaluate the perceived multimedia
guality and vote for each one based on a ve-point impairment scale shown in

Table 2.1. Higher scales correspond to less impairment and better quality.

(3) Following the ITU-T Recommendation guidelines in [1], the experiment was
divided into two sessions, and each session was limited under 30 minutes. The
rst session contains 27 video test cases, and the second one has 18 audio cases
and 9 combined video and audio cases. After the session one, assessors had
several minutes for rest before proceeding to the second session. Before the
rating process, the original media streams were played to the participants and
dummy tests were included. Users watched and listened to the original streaming
video, audio, and combined video and audio so that they knew the benchmark of
the expected perfect media quality without any distortion. Then, they assessed

the impairment level of the simulated media streams relatively to the benchmark.
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Table 5.3: Dummy test cases.

Case ID Name Numbler of BEP Data.Rate

Stations Mbit/s
D1 Mobile 10 1.6 10° 11
D2 News 5 1:3 107 11
D3 Bus 10 16 10° 11
D4 Mobile 20 1:3 10° 11
D5 News 10 16 10° 11
D6 Speech 10 1.6 10° 11
D7 Piano 20 1.3 10° 11
D8 BBC English 10 1.6 10° 11

Dummy tests are not scored by assessors, but illustrate the typical impairments
that the following tests may exhibit. The only purpose to carry out dummy
tests is to stabilize assessors' opinions. The 8 dummy cases we used are listed
in Table 5.3. Three original video streams and ve dummy video (D1-D5) cases
are played at the beginning of the rst session. Two original audio streams, one
original combined video and audio, and 3 dummy cases (D6-D8) are provided

at the beginning of the second session. All these original streams, dummy and

scored cases are only played out once.

5.3.2 Experimental Results

After collecting the ratings of the participants on the impairments resulting from
wireless transmission, we analyze the raw data and come up with some interesting
ndings. We show in Figures 5.7 and 5.8 the mean opinion score (MOS) of the par-
ticipants' evaluations on the video cases, audio cases, and combined video and audio
cases. The two bottom axes are the BEP and the number of stations, respectively.
The vertical axis denotes the MOS which is the average opinion score of 10 assessors.

Di erent testing cases are subject to di erent BEP and/or delay. Here, packet delay
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Figure 5.7: MOS of video and combined video and audio.

is re ected by the number of stations which is a major factor that a ects packet

delay. The transmission data rate for all cases is 11 Mbit/s except the two groups in

the center using data rates that are automatically determined by the rate adaptation
strategy which are 21 Mbit/s or 3 Mbit/s. From these two gures, we can observe

important phenomena.

Along both the BEP and number of stations axes, the MOS decreases as BEP

increases, and as the number of stations increases. This con rms that bit errors

and the number of stations (corresponding to the tra c load) indeed negatively

a ect user's perceived video and audio quality.

Comparing the video test cases (News, Bus, Mobile), when the number of

stations is greater than or equal to 15, we can see that the MOS of \News" is

signi cantly higher than those of the other two videos. This means that the
video \News" has a better delay tolerance than the other two videos. This is

mainly because \News" (talking heads) contains much slower motion than the
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Figure 5.8: MOS of audio and combined video and audio.

moving \Bus", and much fewer colours than \Mobile". The original \News"
video lasts for 10 seconds and produces 259 streaming packets in total. The
\Mobile" video is the same length but produces 1086 packets, which is much
more than that of the \News" video. The \Bus" video lasts for 5 seconds
but has 416 packets. These packets are all the same length. The videos of
\News", "Mobile", and "Bus" actually generate packets at an average rate of
25.9 packets/s, 83.2 packets/s, and 108.6 packets/s, respectively. That is to
say, \News" produces packets at a much lower rate. This is consistent with
the observation in the plots of Figures 5.2, 5.4, and 5.5. As seen, the video
\News" has sparser packet arrivals in a xed time interval than the videos
\Bus" and \Mobile". Therefore, \News" requires less bandwidth than the
other two videos to achieve the same quality. In other words, when the channel
is heavily loaded and cannot provide adequate bandwidth, \News" is likely to

0 er a better perceived quality.

Comparing Figures 5.7 and 5.8 for the video and audio cases, we can see that
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the MOS along the BEP axis degrades more severely for video than for audio.
This indicates that audio content has a better BEP tolerance in comparison

with video.

5.3.3 Statistical Analysis

As people are likely to have di erent subjective opinions to the perceived multi-
media quality, the scores for each test case vary among the 10 participants. Based
on the mean and variance of each test case, we use the classic statistical di erence of
means test to analyze the MOS di erence between simulated multimedia clips and
the original ones. The details of the statistical di erence of means test can be found
in [54].

We assume a hypothesisl, that the MOS of each simulated case (1) is equal
to the MOS of the corresponding original one (;). The alternative hypothesisH,
is that the MOS of the simulated case is lower than the MOS of the original one.
For instance, regarding the case 101 in Table 5.B, is that the MOS of case 101 is
equal to the MOS of case 125, whilkl; is that the MOS of case 101 is lower than
the MOS of case 125. Each of the 48 simulated cases in Table 5.2 is tested with
the corresponding original case at the bottom line of the same column. Assuming
that the test samples follow a t-distribution, we can accept eitheHq or H; as the
relationship between the MOS of each simulated test case and the original one, with
certain con dence level. Taking a level of signi cance of 0.01, which o ers a 99%
con dence level, we conducted the following 3 steps to perform the dierence of

means test for each of the 48 stimulated cases.
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(1) Build the critical region T < t by looking up the table of critical values of the

t-distribution according to the signi cance level and the degree of freedom,

given by
s, 8 °
_ ng, np
= 7 5 2 5 (5.1)

n n
1 + 2
ng 1 n, 1

wheren; and n, are the sample size for each pair of the simulated and original
cases fi; = n, = 10 in our case). HereS? and S? are the sample variance of the

simulated case and the original case, respectively, which are computed by

? Xik  Xi)?

S = K L i=1;2 5.2

whereX . is thek™ element of either the simulated samplei (= 1) or the original
sample { = 2), and X; is the corresponding mean value of the sample of size

If both S? and S? are 0, we use a small value 0.1 as the sample variance for the
simulated case. Since the degree of freedonhas to be an integer, we take the

oor of the calculated value.

(2) Calculate the test statistic T° by

X; X
T°= s (21 2)2 : (5.3)
S, 2

ng n;
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(3) Accept the hypothesisH, if the value of T°falls within the critical region, and

accept the hypothesidH, otherwise.

Table 5.4 shows the results of the statistical analysis at the 0.01 level of signi cance.
We can see that in terms of MOS, statistically, 13 simulated cases are found to
have the same perceived quality as the original cases, which are denoted W in
Table 5.4. The other cases have a perceived quality worse than that of the original

ones, denoted by k" in Table 5.4.

Table 5.4: Statistical analysis results for MOS of each test case.

Number of BEP Data Rate MOS Statistical Validation

Stations (Mblt/S) News | Bus | Mobile Speech | Piano | BBC
5/10 1.7 1010 11 N N N N < N
15/ 30 17 101 11 < < < < <
30/50 17 1010 11 < < < < < <
2/5 11 10°¢8 11 < N N N N N
2/5 1.3 10° 11 < < < < < <
215 1.3 10° 11 < < < N N <
15/30 95 107 21 < < < < < <
15/ 30 34 10° 3 < < < < < <

We found all three simulated videos have a good quality as the original ones when
there exist 5 mobile stations with a channel BEP of:Z 10 1°. However, when the
number of stations increases to 15 with the same BEP, \News" is still as good as
the original one, whereas the other two videos are having a poorer quality than the
original ones. This con rms the our observation in Section 5.3.2 that the \News" has
a better delay tolerance than the other two videos. The two simulated audio streams
perform as well as the original ones when BEP is even as high a3 1 10 ° with 5
mobile stations. In contrast, all three videos of the same BEP with 2 mobile stations
are experiencing a quality worse than the original ones. This is also consistent with

the observation in Section 5.3.2 that audio has a better bit error tolerance than video.
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Chapter 6

Conclusion and Future Work

6.1 Conclusion

In this thesis, we have implemented a simulator which can simulate bit errors,
packet delay, and packet loss during transmission of multimedia data over a IEEE
802.11 WLAN, and play the media back showing the simulated e ects. We con-
sider three classical channel models, i.e., the free space model, log-normal shadowing
model, and Rayleigh fading model to simulate the physical channel. The trans-
mission bit error probability of M-ary QAM over such a wireless channel can be
calculated to emulate the bit error e ect on streaming media. The contention-based
channel access mechanism of IEEE 802.11 MAC is also implemented to simulate the
transmission packet delay and packet loss. Video or audio content are streamed and
transmitted through the simulated MAC layer and physical channel. A simulator
GUI was designed to play back the video/audio with the simulated e ect of bit er-
rors, packet delay, and packet loss. When the streaming media are being played,
the real-time delay for every packet is also displayed in a dynamic plot on the GUI.
The media streaming and playback are implemented by integrating an open-source

library VLC and VLCJ. The simulation of transmission bit errors to streaming media

86



is implemented with another open-source tool Jpcap. JFreeChart is used to display
packet delay in real time during the media streaming. Considering the tradeo be-
tween transmission delay and transmission error, we also implemented an optional
rate adaptation strategy. It dynamically adjusts the modulation scheme with the
highest transmission rate that satis es a target BEP.

The MAC layer implementation of this simulator has been validated by an ana-
lytical model proposed in [53] when the number of the stations ranges from 1 to 32.
The gap of average packet delay between WAMS simulation and analytical results
is upper-bounded by 10%. As dierent transmission con gurations may result in
di erent BEP, packet delay, and packet loss, our simulator illustrates the e ects of
these factors on the quality of the transmitted media. We found that the bit errors,
packet delay, and packet loss have a negative impact on media quality by producing
distortion and frame freezing. Rate adaptation balances the transmission rate and
transmission error and results in a better media quality.

We also carried out subjective QoE tests to quantify the negative e ects of such
factors on user-perceived service quality. Ten participants viewed and listened to
54 test cases produced by WAMS based on 3 videos (News, Bus, Mobile), 2 audio
clips (Speech, Piano), and 1 combined video and audio (BBC English) clip. Our
subjective test results show that the video with slower motion and fewer colours has
a better delay tolerance than those with fast movement and colourful scenes. This
is because with the same play duration, the coded video with less motion and fewer
colours contains fewer data bits, resulting in a lower packet generation frequency. As
a consequence, it consumes less bandwidth and is likely to present a better perceived
quality when the channel is heavily loaded. Our QOE test results also show that

audio clips have a tolerance to higher BEP when compared to video clips.
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6.2 Future Work

Our simulator has implemented a typical wireless physical channel and IEEE
802.11 based MAC to capture the impact of various wireless network properties.
The simulator GUI can be adapted to investigate subjective QoE. This work can be

further extended in the following aspects.

6.2.1 Physical Channel

The channel modelling of this simulator incorporates three classic channel models.
Di erent parameters can be selected to emulate various networking environments.

Possible improvements are as follows.

Advanced channel models can be further supported to simulate a more realistic
environment. Then the physical channel can capture more complete and ac-
curate attributes of the real environment. For example, a Rician fading model

can be considered when there exists a line-of-sight propagation path.

The user stations are assumed to be xed in our simulation, which simpli es the
study and focuses the work on other network factors. One possible extension to
this is to consider certain user mobility patterns, such as the random waypoint

model. As a result, the Doppler shift e ect also needs to be considered.

As the wireless channel can be highly varying, the channel BEP may uctuate
even for short periods. We need to further implement e ective adaptation to

address BEP variation.

We only consider the modulation scheme M-QAM in our existing simula-
tor. Other mainstream modulation schemes such as M-ary phase shift keying

(MPSK) can also be supported and involve error correction coding.
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6.2.2 MAC Layer Simulation

The simulator now supports a saturated tra ¢ model to simulate the background
tra c. In fact, the mobile stations may not always have data to transmit. It is more
realistic to have users choose the desired patterns to simulate background tra c.
As our simulator design applies inheritance and polymorphism to implement data
trac ows, it is easy to expand the background tra c types to include popular

tra ¢ models such as the on-o model.

6.2.3 QoE Experiment

Due to time and budget limitations, we had only 10 participants to perform QoE
tests on 54 simulated video/audio cases. A larger number of QOE tests are necessary
to obtain accurate statistics and better quantify the wireless transmission e ects.
As QOE tests are time-consuming, it is important to carefully select the test cases
so that the e ects of a particular factor can be isolated and clearly exposed. More
participants (e.g., 30 or more) are needed to rate the simulated media quality so as
to capture the variance of subjective user opinions on QoE. If su cient test results
are collected, a radar chart proposed in [55] is a good approach to visualize the

relationships between a variety of objective factors and the subjective QoE.
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Appendix A

Simulator Textual Con guration

File (.cfg)

R T R R T T R
# File

T T T T R T T
RegularMediaFilePath=F: nNews.mp4
OriginalJpcapFilePath=

SimJpcapFilePath=

ExistingTraceFilePath=
NewTraceFilePath=F: nSimulatorResultncase101.sim

HHHHHH T
# General

HHHH B R
MobileStationsNumber=5

BackgroundFlowType=1  # 1- Saturated
BackgroundFlowPacketLength(bits)=6000

VideoResolution(pixels)=352*288
VideoFrameRate(fps)=30
VideoBitRate(kbit/s)=227
AudioBitRate(kbit/s)=no audio

HHHHH
# MAC Layer

HHHHH
CW=31-1023 # Fixed in the simulator

RetryLimit=7  # Fixed in the simulator
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HHHH R R R R R R
# PHY Channel

HHHH T R R R R R R R
Distance(m)=5

ReferenceDistance(m)=1

Frequency(GHz)=2.4

TransmitterAnntennaGain=1

ReceiverAnntennaGain=1

TransmitPower(dBm)=30

PathLossExponent=1.6

Log-normalSigma(dB)=0

AverageNoisePower(dBm)=-110
ModulationSchemeType=1 # 0:Adaptive 1:2-QAM 2:4-QAM
MaxDataRate(Mbit/s)=11
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Appendix B

Simulator Textual Simulation
Trace File (.sim)

HERHHHH R R R
# Con guration

HAR R R R R R
RegularMediaFilePath=F: nNews.mp4
NewTraceFilePath=F: nSimulationResulthcase101.sim

MobileStaitonsNumber=5

BackgroundFlowType=1 # 1- Saturated
BackgroundFlowPacketLength(bits)=6000

Distance(m)=5.0
ReferenceDistance(m)=1.0
Frequency(GHz)=2.4
TransmitterAnntennaGain=1.0
ReceiverAnntennaGain=1.0
TransmitPower(dBm)=30.0
PathLossExponent=1.6
Log-normalSigma(dB)=0.0
AverageNoisePower(dBm)=-110.0
ModulationSchemeType=1  #0:Adaptive 1:2-QAM 2. 4-QAM ... 7. 128-QAM
MaxDataRate(Mbit/s)=11.0

HHHH T R R R
# Video and Audio Information
HHHH R R R
VideoResolution(pixels)=352*288
VideoFrameRate(fps)=30

VideoBitRate(kbit/s)=227

AudioBitRate(kbit/s))=no audio
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HHHH R R R R R R

# PHY Simulation Result

HHHH T R R R R R R R
BEP=0.000000000166

ChosenModuScheme=1 #0:Adaptive 1:2-QAM 2: 4-QAM ... 7: 128-QAM
ActualDataRate(Mbit/s)=11.0000

HHBHHHH AR AR

# PHY Every Packet
HHHH T R
Packet Packet Arriving Leaving Transmission Dropping
ID Length Time Time Delay Flag
1 1316 0.000000 0.007875 0.007875 0
2 1316 0.000051 0.016312 0.016261 0
3 1316 0.000089 0.020258 0.020169 0
4 1316 0.000129 0.026579 0.026450 0
5 1316 0.000180 0.029347 0.029167 0
6 1316 0.000221 0.037748 0.037527 0
7 1316 0.000981 0.039357 0.038376 0
8 1316 0.001019 0.057554 0.056535 0
9 1316 0.001054 0.066252 0.065198 0
10 1316 0.001091 0.073554 0.072463 0
11 1316 0.001137 0.079816 0.078679 0
12 1316 0.001178 0.086018 0.084840 0
13 1316 0.001528 0.112598 0.111070 0
14 1316 0.001565 0.118663 0.117098 0
15 1316 0.001601 0.124965 0.123364 0
16 1316 0.001637 0.128714 0.127077 0
17 1316 0.001682 0.133817 0.132135 0
18 1316 0.001778 0.137466 0.135688 0
19 1316 0.002084 0.147617 0.145533 0
20 1316 0.002120 0.151502 0.149382 0
21 1316 0.002304 0.155348 0.153044 0
22 1316 0.013306 0.156898 0.143592 0
23 1316 0.054480 0.159685 0.105205 0
24 1316 0.102937 0.163591 0.060654 0
25 1316 0.169617 0.175846 0.006229 0
26 1316 0.236288 0.248797 0.012509 0
27 1316 0.296045 0.304430 0.008385 0
28 1316 0.339053 0.341686 0.002633 0
29 1316 0.380860 0.382891 0.002031 0
30 1316 0.423307 0.433383 0.010076 0
31 1316 0.466040 0.472925 0.006885 0
32 1316 0.508984 0.511306 0.002322 0
33 1316 0.550559 0.560428 0.009869 0
34 1316 0.593015 0.595452 0.002437 0
35 1316 0.635933 0.642700 0.006767 0
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36
37
38
39
40
41
42
43
44
45
46
47
48
49
50
51
52
53
54
55
56
57
58
59
60
61
62
63
64
65
66
67
68
69
70
71
72
73
74
75
76
77
78
79
80
81
82
83

1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316

0.677840
0.725287
0.773631
0.822465
0.870312
0.915266
0.959194
1.003156
1.047069
1.091022
1.139838
1.187726
1.235633
1.284386
1.347861
1.411340
1.474836
1.522681
1.568561
1.613484
1.658415
1.706262
1.758019
1.809837
1.861679
1.907429
1.948609
1.989780
2.030979
2.072126
2.114498
2.157436
2.199063
2.241472
2.284407
2.325072
2.366243
2.407428
2.448615
2.488358
2.519448
2.550559
2.581668
2.612785
2.643904
2.675035
2.706638
2.738436

0.682055
0.745688
0.791760
0.831833
0.874679
0.923700
0.972098
1.011756
1.052327
1.110727
1.141348
1.195620
1.246837
1.288805
1.350245
1.418216
1.479038
1.525468
1.580619
1.614994
1.660969
1.730455
1.765879
1.824523
1.865350
1.912280
1.957124
1.993265
2.034679
2.076770
2.116262
2.159729
2.215829
2.243565
2.287999
2.326582
2.369408
2.409794
2.460235
2.491301
2.526338
2.553870
2.588973
2.614526
2.648191
2.685539
2.708148
2.746846
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0.004215
0.020401
0.018129
0.009368
0.004367
0.008434
0.012904
0.008600
0.005258
0.019705
0.001510
0.007894
0.011204
0.004419
0.002384
0.006876
0.004202
0.002787
0.012058
0.001510
0.002554
0.024193
0.007860
0.014686
0.003671
0.004851
0.008515
0.003485
0.003700
0.004644
0.001764
0.002293
0.016766
0.002093
0.003592
0.001510
0.003165
0.002366
0.011620
0.002943
0.006890
0.003311
0.007305
0.001741
0.004287
0.010504
0.001510
0.008410
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84
85
86
87
88
89
90
91
92
93
94
95
96
97
98
99
100
101
102
103
104
105
106
107
108
109
110
111
112
113
114
115
116
117
118
119
120
121
122
123
124
125
126
127
128
129
130
131

1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316

2.770254
2.802949
2.833891
2.866415
2.902088
2.944566
2.987521
3.029360
3.071772
3.107148
3.139702
3.173063
3.204815
3.237383
3.270727
3.303946
3.338891
3.374233
3.408901
3.444564
3.478947
3.525606
3.573556
3.622312
3.670145
3.719948
3.769760
3.819614
3.869609
3.908312
3.942458
3.976584
4.010725
4.044867
4.079017
4116432
4.152309
4.189692
4.225999
4.262841
4.302951
4.346919
4.390845
4.434799
4477778
4.508398
4.536958
4.565524

2.777454
2.808777
2.837747
2.873942
2.920510
2.949017
2.994702
3.031462
3.073282
3.110658
3.160927
3.177553
3.215527
3.243737
3.272237
3.311949
3.340915
3.385156
3.418538
3.449121
3.482023
3.528683
3.575066
3.623822
3.679128
3.785322
3.786972
3.825429
3.875563
3.911401
3.944703
3.978365
4.015581
4.048960
4.086944
4.126499
4.153819
4.191893
4.235857
4.268601
4.306398
4.353216
4.397267
4.442397
4.481149
4511217
4.552117
4.568864
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0.007200
0.005828
0.003856
0.007527
0.018422
0.004451
0.007181
0.002102
0.001510
0.003510
0.021225
0.004490
0.010712
0.006354
0.001510
0.008003
0.002024
0.010923
0.009637
0.004557
0.003076
0.003077
0.001510
0.001510
0.008983
0.065374
0.017212
0.005815
0.005954
0.003089
0.002245
0.001781
0.004856
0.004093
0.007927
0.010067
0.001510
0.002201
0.009858
0.005760
0.003447
0.006297
0.006422
0.007598
0.003371
0.002819
0.015159
0.003340
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133
134
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136
137
138
139
140
141
142
143
144
145
146
147
148
149
150
151
152
153
154
155
156
157
158
159
160
161
162
163
164
165
166
167
168
169
170
171
172
173
174
175
176
177
178
179

1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316

4.594949
4.622666
4.651250
4.679808
4.725266
4.773661
4.822524
4.870351
4917225
4.964110
5.010973
5.057843
5.111591
5.175032
5.238515
5.295152
5.333890
5.373294
5.411703
5.451412
5.488075
5.517225
5.546400
5.575556
5.604721
5.634024
5.663064
5.695573
5.733891
5.773664
5.811674
5.850817
5.889305
5.927994
5.964975
6.003190
6.040650
6.079337
6.119193
6.160366
6.201541
6.242716
6.283891
6.354741
6.424098
6.489966
6.532463
6.575433

4.596593
4.635283
4.658380
4.682424
4.727032
4.775713
4.825652
4.874405
4.922580
4.989302
5.019147
5.070794
5.114647
5.180683
5.240431
5.297590
5.343168
5.375242
5.418557
5.461618
5.492520
5.528633
5.548794
5.578402
5.620302
5.643470
5.670819
5.772939
5.774489
5.778315
5.819506
5.860099
5.893445
5.937525
5.966485
6.007471
6.044964
6.086175
6.121195
6.161876
6.203467
6.250682
6.287574
6.356439
6.434835
6.491686
6.537085
6.578276
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0.001644
0.012617
0.007130
0.002616
0.001766
0.002052
0.003128
0.004054
0.005355
0.025192
0.008174
0.012951
0.003056
0.005651
0.001916
0.002438
0.009278
0.001948
0.006854
0.010206
0.004445
0.011408
0.002394
0.002846
0.015581
0.009446
0.007755
0.077366
0.040598
0.004651
0.007832
0.009282
0.004140
0.009531
0.001510
0.004281
0.004314
0.006838
0.002002
0.001510
0.001926
0.007966
0.003683
0.001698
0.010737
0.001720
0.004622
0.002843
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181
182
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198
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201
202
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211
212
213
214
215
216
217
218
219
220
221
222
223
224
225
226
227

1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316

6.617248
6.659661
6.705326
6.755319
6.805327
6.855319
6.901627
6.942745
6.983899
7.025066
7.066243
7.107422
7.148594
7.190696
7.230956
7.272129
7.315143
7.358890
7.402643
7.446565
7.489528
7.522914
7.557058
7.591210
7.625357
7.659510
7.696405
7.740144
7.783889
7.827655
7.871392
7.892296
7.904069
7.915823
7.927590
7.939381
7.951116
7.962878
7.974645
7.986414
7.998173
8.009938
8.021702
8.033466
8.045234
8.056995
8.068757
8.080523

6.620257
6.661171
6.708509
6.760187
6.826123
6.859459
6.913087
6.944793
6.988660
7.036993
7.071169
7.110225
7.154667
7.197393
7.239027
7.280315
7.318423
7.365606
7.424682
7.457383
7.491720
7.525405
7.558568
7.607104
7.632217
7.667655
7.740587
7.749245
7.788319
7.830167
7.885189
7.900156
7.907436
7.919491
7.940203
7.942774
7.953493
7.964727
7.985324
7.988192
8.000227
8.018311
8.028067
8.040185
8.051319
8.083255
8.086022
8.094660
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0.003009
0.001510
0.003183
0.004868
0.020796
0.004140
0.011460
0.002048
0.004761
0.011927
0.004926
0.002803
0.006073
0.006697
0.008071
0.008186
0.003280
0.006716
0.022039
0.010818
0.002192
0.002491
0.001510
0.015894
0.006860
0.008145
0.044182
0.009101
0.004430
0.002512
0.013797
0.007860
0.003367
0.003668
0.012613
0.003393
0.002377
0.001849
0.010679
0.001778
0.002054
0.008373
0.006365
0.006719
0.006085
0.026260
0.017265
0.014137

eNeoNeoloNoNeoloNolNoloNoNolNolNolNolololNolollolNololNoNoNololNolNolNololNoNoloNololoNolNolNoNolNolNollolNolNololNolNo)



228
229
230
231
232
233
234
235
236
237
238
239
240
241
242
243
244
245
246
247
248
249
250
251
252
253
254
255
256
257
258
259

BB AR

#

BB HH R H AR

1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316
1316

8.111682
8.150560
8.189710
8.228341
8.267827
8.303959
8.338894
8.374274
8.408906
8.444603
8.478942
8.513894
8.548891
8.584229
8.618916
8.654573
8.689771
8.730954
8.772133
8.813308
8.854486
8.899276
8.953145
9.006977
9.060818
9.108648
9.150566
9.192983
9.235611
9.278575
9.330332
9.384046

8.117002
8.152940
8.193113
8.241266
8.269558
8.306218
8.341712
8.376652
8.411032
8.454022
8.480452
8.521862
8.555444
8.589960
8.621030
8.658066
8.702090
8.738885
8.794983
8.817600
8.859872
8.908631
8.957000
9.012554
9.063786
9.113416
9.157197
9.196990
9.243290
9.283657
9.337405
9.386191

Packet Loss

PacketLossRate=0.0000000000
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0.005320
0.002380
0.003403
0.012925
0.001731
0.002259
0.002818
0.002378
0.002126
0.009419
0.001510
0.007968
0.006553
0.005731
0.002114
0.003493
0.012319
0.007931
0.022850
0.004292
0.005386
0.009355
0.003855
0.005577
0.002968
0.004768
0.006631
0.004007
0.007679
0.005082
0.007073
0.002145
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Appendix C

Test Cases of QoE Experiment

Table C.1: Default settings.

Parameter Value
Background ow packet length 6000 bits
Reference distance 1m
Channel frequency 2.4 GHz
Transmitter antenna gain 1
Receiver antenna gain 1
Transmit power 30 dBm
Shadowing standard deviation 0 dB
Average noise power -110 dBm
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Appendix D

QoE Experimental Data

Table D.1: Video score of 10 assessors.

(A10)

(A9)

(A8)

(A7)

(A6)

(AS)

(A4)

(A3)

(A2)

Score | Score | Score | Score | Score | Score | Score | Score | Score | Score
(A1)

Case ID

101
102
103
104
105
106
107
108
109
110
111
112
113
114
115
116
117
118
119
120
121

122
123
124
125
126
127
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Table D.2: Audio score of 10 assessors.

Case ID

Score
(A1)

Score
(A2)

Score
(A3)

Score
(A4)

Score
(A5)

Score
(A6)

Score
(A7)

Score
(A8)

Score
(A9)

Score
(A10)

201

202

203

204

205

206

207

208

209

210

211

212

213

214

215

216

217

218

QO R R R O00 W w OO W ol

O O N| | W W] 01l 01 O] & 01 U1 W| = W N 01 U1

QO R R WEROOW RO NN O

QO R R PR O00 W w Ol N Ol

QO RN W A OO R WOl

QO R R RO 0Www o R Aol

Ol O NN 01 O W K01 U1 N = NN K~ Ol

QO RINNOGOCIN KOO R P Aol

O Ol | W N 01 O1 W[ U1 O] U1 N N N = 01 01

Ol O NN = N O U1 W W U1 U1 N[ NN N U1 U1

Table D.3: Combined video and audio score of 10 assessors.

Case ID

Score
(A1)

Score
(A2)

Score
(A3)

Score
(A4)

Score
(AS)

Score
(A6)

Score
(A7)

Score
(A8)

Score
(A9)

Score
(A10)

301

5

5

302

303

304

305

306

307

308

309

QR BN Ol | | o1

Q=N Ol Wl Gl =N

QR W Ol | | o1

QR R BN Dol

Ul R R B W Ol k| | ol

U1l R P W k| U1 k| | o1

a1l k| k| W N Ul k|

Q= BN Ol | | o1

R BN Ol | | o1

U1l k| P &N Ol k| | o
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Appendix E

Statistical Analysis

Table E.1: Statistical analysis of video cases.

Sample |MOS of |Sample Variance
Case ID \MOS Variar?ce Original ofOriginaI T |t =001 |Result
101 4.9 0.100 4.9 0.100 18.0 2.552 N
102 4.9 0.100 4.8 0.178 16.7] 0.6 | 2.583 N
103 4.7 0.233 4.9 0.100 15.5| -1.095| 2.602 N
104 4.4 0.489 4.9 0.100 12.5| -2.060| 2.681 N
105 2.7 0.9 4.8 0.178 12.4| -6.397 | 2.681 <
106 2.2 0.622 4.9 0.100 11.8/-10.047| 2.718 <
107 34 1.378 4.9 0.100 10.3| -3.902 | 2.764 <
108 2.3 0.456 4.8 0.178 15.1| -9.934| 2.602 <
109 1.2 0.178 4.9 0.100 16.7|-22.200 2.583 <
110 4.1 0.322 4.9 0.100 14.1| -3.893| 2.624 <
111 4.9 0.100 4.8 0.178 16.7| 0.600 | 2.583 N
112 4.4 1.600 4.9 0.100 10.1] -1.213| 2.764 N
113 1.3 0.233 4.9 0.100 15.5/-19.718 2.602 <
114 1.3 0.233 4.8 0.178 17.7|-17.262 2.567 <
115 1.0 0.000 4.9 0.100 9.0 [-39.000 2.821 <
116 2.6 2.267 4.9 0.100 9.8 | -4.728| 2.821 <
117 3.7 0.456 4.8 0.178 15.1| -4.371| 2.602 <
118 2.3 0.456 49 0.100 12.8/-11.031] 2.681 <
119 3.2 0.844 49 0.100 11.1| -5.532| 2.718 <
120 3.1 0.544 4.8 0.178 14.3| -6.326 | 2.624 <
121 1.3 0.456 4.9 0.100 12.8|-15.274| 2.681 <
122 2.6 1.156 4.9 0.100 10.5| -6.491| 2.764 <
123 1.4 0.267 4.8 0.178 17.3|-16.128 2.567 <
124 1.0 0.000 4.9 0.100 9.0 [-39.000 2.821 <
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Table E.3: Statistical analysis of audio cases.

Sample |MOS of |Sample Variance
Case ID \MOS Variar?ce Original o?OriginaI T |t oo | Result
201 5.0 | (0.100) 5.0 0.000 9.0/ 0.000 | 2.821 N
202 3.9 0.989 5.0 0.000 9.0 -3.498| 2.821 <
203 1.4 0.267 5.0 0.000 9.0/-22.045 2.821 <
204 1.6 0.489 5.0 0.000 9.0/-15.377| 2.821 <
205 1.2 0.178 5.0 0.000 9.0/-28.500 2.821 <
206 1.5 0.500 5.0 0.000 9.0/-15.653 2.821 <
207 5.0 | (0.100) 5.0 0.000 9.0/ 0.000 | 2.821 N
208 5.0 | (0.100) 5.0 0.000 9.0/ 0.000 | 2.821 N
209 3.7 0.456 5.0 0.000 9.0/ -6.091| 2.821 <
210 3.1 0.544 5.0 0.000 9.0| -8.143| 2.812 <
211 5.0 | (0.100) 5.0 0.000 9.0/ 0.000 | 2.821 N
212 5.0 | (0.100) 5.0 0.000 9.0/ 0.000 | 2.821 N
213 1.6 0.489 5.0 0.000 9.0/-15.377| 2.821 <
214 1.9 0.767 5.0 0.000 9.0/-11.196| 2.821 <
215 1.1 0.100 5.0 0.000 9.0/-39.000 2.821 <
216 1.2 0.178 5.0 0.000 9.0/-28.500 2.821 <
Table E.4: Statistical analysis of combined video and audio cases.
Sample |MOS of |Sample Variance
Case ID |\MOS Variar?ce Original mE)Original T% |t =001 |Result
301 5.0 | (0.100) 5.0 0.000 9.0/ 0.000 | 2.821 N
302 1.1 0.100 5.0 0.000 9.0/-39.000 2.821 <
303 1.0 | (0.100) 5.0 0.000 9.0/-40.000 2.821 <
304 4.9 0.100 5.0 0.000 9.0/ -1.000| 2.821 N
305 2.2 0.400 5.0 0.000 9.0/-14.000 2.821 <
306 3.9 0.322 5.0 0.000 9.0 -6.128| 2.821 <
307 1.1 0.100 5.0 0.000 9.0/-39.000 2.821 <
308 1.0 | (0.100) 5.0 0.000 9.0/-40.000 2.821 <
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