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ABSTRACT OF THE DISSERTATION

Network Adaptation Techniques to Enhance Efficiency and Quality of Wireless

Multimedia Transmissions

by

Naomi Ann Suba Ramos

Doctor of Philosophy in Electrical Engineering (Computer Engineering)
University of California, San Diego, 2007

Professor Sujit Dey, Chair

Driven by the improvements in wireless technology and proliferation of avail-
able content, wireless networks have become extremely popular. Having evolved signif-
icantly in recent years, wireless networks now serve as a gateway to a diverse set of rich
applications and functionality. Applications range from standard Internet services to
real-time services, such as multimedia video and voice over IP. Although wireless net-
works have become popular, there are many challenges that remain. In addition to the
inherent problems of wireless connectivity, which include varying channel conditions,
interference, and propagation loss, upcoming networks must support applications and
devices that place a greater demand on network resources. Users will also have higher
requirements for future wireless networks, expecting guaranteed problem-free wireless
access and a better overall user experience.

This dissertation addresses several key problems in wireless networks: the need

for improved resource efficiency, both in terms of energy and network resource allo-
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cation, the lack of Quality of Service (QoS) support, and the inability of applications
to scale based on channel or device limitations. This dissertation proposes network
and application layer adaptation techniques to enhance resource efficiency and Quality
of Service. It introduces the concept of dynamic adaptations at various layers of the
network protocol stack and considers four protocol adaptation techniques. The first tar-
gets improving energy efficiency by dynamically changing link layer parameters. The
second focuses on ensuring differentiated channel access by adapting related channel
parameters. The third technique uses network scheduling to ensure appropriate network
resource allocation and improved channel access. The final adaptation technique in-
vestigates scaling at the application layer to improve network resource efficiency and
achieved application quality.

The presented experiments demonstrate that the developed network and applica-
tion layer adaptation techniques can significantly improve the wireless user experience.
By providing a more efficient utilization of energy and network resources, as well as
providing QoS guarantees, the protocol adaptation schemes show remarkable improve-
ment in several metrics compared to existing approaches. The adaptation techniques
described in this dissertation will enable wireless networks to support higher quality

applications for a greater and more diverse set of users.
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Chapter 1

Introduction

The popularity of wireless networks has become quite apparent in recent years.
Wireless users were once limited to a small subset of the population, with networks
available only in limited areas and a lack of applications and content. However, driven
by the improvements in wireless technology, lower costs and proliferation of available
content, the number of wireless users has increased significantly. The projected number
of wireless users will rise to 3.13 billion worldwide by 2010, with 270 million wire-
less users in the U.S. (80% of the U.S. population), according to TIA’s 2007 Telecom-
munications Market Review and Forecast [1]. Additionally, wireless connectivity will
become omni-present with the increase in the coverage and capacity of wireless wide
area networks, local area networks, and the evolution of wireless broadband networks.
For Wireless Local Area Networks (WLAN) alone, the number of wireless hot spots
worldwide is projected to increase to 218,000 by 2010.

In addition to this increase in the actual number of wireless users and availabil-
ity, there is a broadening in the functionality of wireless networks. There is a shift from
using wireless networks for simple non-intensive applications to using these networks as
a gateway to richer applications and functionality. This shift can be seen in the current
diversity of devices connecting to these networks, as well as the type of applications

in use. Wireless devices now range from cellular phones and Personal Data Assistants
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Figure 1.1: US Connected Home Forecast 2010

(PDAs) to televisions and appliances. In a typical home, the number of Internet Pro-
tocol (IP) entertainment devices, which include digital media servers and receivers, is
projected to increase in sales to 324.5 million units per year [2]. Figure 1.1 shows the
diversity of IP-enabled devices expected to be found in homes in 2010. It is expected
that the majority of these devices will be wireless-enabled.

With the expected increase in the number of client devices, wireless applications
are being developed for use in varied environments, including homes, offices, ware-
houses, hospitals, and other public-spaces. Hence, there is a diverse set of applications
that are being used over wireless networks and these applications have very different re-
quirements. Some of the applications can be considered background applications, such
as email or file downloads, that have no strict requirements from the network. There are
others, however, such as multimedia applications that are more challenging to support
because of their associated real-time requirements. While wireless multimedia is more
challenging, the expected growth of this set of applications can be seen in the projected

revenue of wireless multimedia of $44 billion by 2010 [1].



The above trends are driving the research and development of new end-user de-
vices, new applications, and new wireless technologies. With this type of explosive
growth, it is necessary for wireless networks to be able to provide seamless support for
this emerging market. However, in order to satisfy future wireless users, there are many
challenges that need to be addressed. The first set of challenges is in terms of satisfy-
ing wireless user demands. Not only do wireless networks suffer from their inherent
bottlenecks: varying channel conditions, interference, propagation loss, and multi-path
effects, but they also must deal with a shift in the expectations of what wireless networks
must provide. Prior to the popularity of wireless networks, users were generally patient
and tolerant of connectivity loss, unreliability, and best-effort services of wireless net-
works, accepting these problems as unavoidable. However, users of today’s wireless
networks have little tolerance for errors and delays and place a greater demand on the
available network resources. Mainly, users want guaranteed wireless connectivity and
receive the highest quality content available given their device-type and current condi-
tions. The second set of challenges is in ensuring efficient wireless systems, in both
network and user resources, such as channel access time and energy resources. Net-
work service providers, for example, want their users to not only be satisfied with their
wireless access but they also want to support the maximum number of users in a given
network. Additionally, ensuring efficiency at the user device is an important challenge.
Users need to be able to utilize their device over the wireless network for extended pe-
riods and therefore, it is important to ensure battery and network efficiency over the
wireless medium.

Having discussed the broader challenges, we next describe some of the specific
difficulties faced by wireless networks and provide a brief overview of related research.
Next, we introduce the approach taken by this thesis to address the above challenges.
Mainly, we propose dynamic network adaptation at different network elements to im-
prove the efficiency and quality of wireless multimedia transmissions. We follow with a
section on the scope of the thesis. Finally, we summarize the contributions made by this

thesis and provide an overview of the remaining chapters.



1.1 Challenges of Wireless Multimedia Networks

There are a number of key challenges in providing support for future wireless
multimedia networks. These challenges include minimizing energy consumption, al-
locating the appropriate network resources and providing necessary quality of service
support. Additionally, there is the challenge of achieving the best quality based on de-
vice and channel limitations. We next describe these challenges in greater detail and

provide a brief overview of related research.

1.1.1 Energy Consumption

Energy consumption at the user device is one of the major challenges faced in
wireless networks. The majority of wireless devices are mobile and must operate with
limited energy resources. Hence, the device’s lifetime is dependent on how efficiently
resources are used, including minimizing the amount of energy consumed for commu-
nication. While improvements have been made in the past few years, communication
costs still consume a significant portion of the energy budget for a device. For exam-
ple, communication energy accounts for approximately 30% of the energy used in a
typical laptop using Wireless LAN [3]. Energy consumption increases because of the
radio or WLAN card itself and also by the power consumed in supporting the WLAN
connection. The growth in wireless multimedia consumption will make energy a more
critical concern. Previously, data transmission in wireless networks was mainly limited
to sparse web viewing and emails. However, with the greater use of wireless devices
to consume multimedia, applications will not only increase the amount of data trans-
mitted over the wireless medium, but will also mean extended time periods of use. For
example, streaming music, playing Internet games, watching online movies, and talk-
ing to colleagues using Voice over IP (VoIP) are all applications that call for extended
periods of wireless use. The advantages of wireless connectivity, easy access and avail-
ability, will be greatly diminished if it becomes necessary to recharge devices or halt

applications.



With user device energy consumption being recognized as a key problem in
wireless access, research has focused on minimizing energy consumption. Areas of
investigation include low-power circuit designs that optimize various components of the
wireless radio to reduce power consumption. Notable examples of this area include [4],
[5], [6], and [7]. In [5], the author provides an overview of the challenges of designing
radio transceivers to minimize power. In [6], the authors describe an ultra-wideband
transceiver architecture for low power and low rate systems. Another set of research
is in terms of improvements in battery technology. This area includes profiling batter-
ies and modeling their characteristics to improve system design. Notable examples of
modeling are described in [8] and [9]. Dynamic power management and other battery
management techniques have been incorporated by others such as [10] and [11].

In addition to these techniques, there have been approaches that target the two
main components of communication energy: idle energy and transmission energy. Con-
siderable research has been in identifying when the device is idle and putting the device
in a sleep state where certain components of the radio are shut down to reduce energy
consumption. Some examples of this research include [12], [13], [14], and [15]. In [16],
a client-side prediction scheme of multimedia data is used to determine the appropriate
sleep schedule for the user. Another research area investigates techniques for reducing
the amount of energy used during data transmissions. One example is to develop meth-
ods of reducing the data sent over the wireless medium. In sensor networks, for example,
research has been done to avoid transmitting data unnecessarily by performing data ag-
gregation at certain points in the network. Examples of these techniques are [17], [18],
[19], and [20]. Developing improved routing techniques to reduce energy in ad-hoc net-
works is also another research direction. These techniques have been discussed in [21],
[22], [23], and [24], generating minimal energy routes through various wireless network
topologies. Another method of reducing transmission energy is to dynamically adjust
the transmission power. The research in [25], [26], [27], and [28] describe transmission

power adaptation techniques for various wireless networks.



1.1.2 Network Resource Efficiency

In addition to the challenge of energy, another important concern is ensuring
efficient network resource allocation. Since the wireless channel is a shared medium,
we specifically look at network resources in terms of channel utilization. Although
there have been improvements in wireless technology to increase the capacity of wire-
less networks, the number of wireless users and amount of data transmitted continue to
increase, as described in the projections earlier in this chapter. With this in mind, it is
essential that resources be allocated appropriately to ensure that the network can support
the requirements of richer applications and a greater number of users.

There have been several techniques that have been introduced to increase the
capacity of wireless networks. A number of the techniques have been focused at the
physical layer and work towards improving spatial reuse and reducing retransmissions
by minimizing the number of wireless errors. Spatial reuse research increases the num-
ber of users that are able to use the wireless medium at the same time. Some examples
of spatial reuse research include [29], [30], [31], [30], and [32]. This area is generally
focused on creating non-interfering channels through different means, such as dynamic
carrier sensing, dynamic channel assignment, coding, frequency, diversity and even mul-
tiple wireless access. An example of recent research has been to improve spatial reuse
by combining Multiple-Input Multiple-Output (MIMO) antennas with orthogonal fre-
quency division multiplexing (OFDM) for improved capacity. This research area fo-
cuses on achieving spatial reuse through the use of multiple antennas and through the
use of orthogonal (non-interfering) frequencies, as shown in [33], [34], and [35]. An-
other physical layer technique to improve network efficiency is to reduce the number
of channel errors. By reducing the number of unsuccessful transmissions, the overall
capacity and network goodput increases. One method of reducing errors is to choose
an appropriate modulation scheme and error correction technique in real-time based on
the monitored channel. Examples can be found in [36] and [37], where they improve

the chance that a packet will be correctly received by the intended user. In addition



to these physical layer techniques, network resource efficiency can also be improved
through other means. Other techniques include determining optimal routing in the case
of ad-hoc networks, as described in [38], [39], and [40] and admission control policies

for various networks, as described in [41], [42], and [43].

1.1.3 Quality of Service

Beyond the need for developing techniques to extend a device’s lifetime and
supporting a greater number of devices in wireless networks, another important chal-
lenge that needs to be addressed is quality of service. Wireless users not only want
access to the network, but also want to have their applications work seamlessly over
the wireless medium. In order to do this, application requirements, such as delay toler-
ance, jitter, and throughput, have to be met by the network. Application requirements
can vary significantly, ranging from real-time applications, such as VoIP and video, to
background traffic, such as email or downloads. Even the same type of applications can
have different requirements. For example, two video streams that have been encoded
with different parameters will have significantly different properties. Additionally, ap-
plication requirements can fluctuate dramatically over time if the application has been
Variable Bit Rate (VBR) encoded.

A major component of satisfying different quality requirements is understanding
the needs of the user applications. Research has been conducted on profiling various
applications and modeling their time-varying requirements. Examples of this type of
research investigation include [44], [45], [46], and [47]. One method of abstracting these
requirements is to categorize applications into various groups and provide a means of
prioritizing one group over another. The grouping can be based strictly on application
type or some other attribute, including pay structure. This means of prioritization can be
found in different levels of the protocol stack. For example, with Differentiated Services
(DiffServ) [48], priority levels are used in routing packets through the Internet with the

goal of reducing end-to-end delay. This concept of grouping into different priority levels



can also be found in lower layers, such as the medium access layer. The recently adopted
IEEE 802.11e standard for Quality of Service in Wireless LAN [49] is one example of a
medium access layer that defines different access categories and gives prioritized access
to the wireless shared medium. Similar techniques can be seen in cellular networks,
such as [50] and [51].

Another means of supporting quality of service is to take the requirements of the
application and use this information directly to reserve some of the network resources.
These systems use a defined traffic specification that often contains information about
the minimum, average, and maximum requirements of the applications. In comparison
to Diffserv, Integrated Services (Intserv) [52] is the fine-grained approach for routing.
Intserv uses traffic specifications to achieve the appropriate channel access in routing
based on their requirements. The reservation-based approach can also be seen in the
lower layers. The IEEE 802.11e standard [49] has made provisions for reservation-
based quality of service, which uses traffic specifications to allocate a fixed period of
channel access in a given period. There has also been research, such [53] and [54], that
describes bandwidth reservation policies in the context of cellular networks.

In addition to these above schemes, quality of service using reservations and cat-
egorized prioritization has been evaluated in the context of admission control schemes,
such as [55], [56], and [57], and routing protocols as surveyed in [58] and discussed in

[59] and [60] for various wireless networks.

1.1.4 Serving Diverse Platforms

The final challenge we discuss is how to serve multimedia content to a growing
set of wireless devices with significantly diverse capabilities. Not only is the range of
traditional wireless devices, such as cellular phones and PDAs, widening, but also ap-
pliances, such as televisions and game consoles, are being designed to support wireless
connectivity. Given the increasing diversity in wireless devices, the same application

must be scaled based on the limitations of the devices, as well as the network or channel



limitations. For example, if we consider a single video stream, a user will receive differ-
ent experiences depending on whether it is being viewed on a laptop in comparison to a
small cellphone. Another factor for content adaptation can be the ability for the network
to handle the needed application requirements. If channel conditions are varying or if
the network does not have additional resources to allocate, then content adaptation may
be the only means of providing satisfactory application quality.

There are a few existing techniques that are used to adapt content based on user
device capabilities. One method is to prepare and store various versions of the content
at the server. In this method, user devices are served the most suitable version of video
stream at the time of their request [61]. The alternate approach is to use transcoding
techniques, such as those discussed in [62], [63], and [64], to decode and re-encode
data based on the user request. Although these techniques are used today, the growth in
wireless multimedia will lead to higher storage and processing costs. The transcoding
and encode and store methods will become unmanageable with the greater use of mul-
timedia. In recent years, there has been research on developing encoding schemes that
provide a means of bit-stream scalability. This reduces the load on the content server by
providing a means of providing different quality levels of the same content. The extent
of scalability of the different video standards vary but some scalability can be found in

H.264 [65], MPEG4 [66], and the upcoming Scalable Video Codec standard [67].

1.2 Thesis Approach

In this thesis, we address the key challenges of energy consumption, network
resource efficiency, quality of service, and diverse user devices. We approach these
challenges by looking at a typical wireless network and evaluating what can be done at
different elements of the network. Figure 1.2 illustrates a typical wireless network con-
sisting of a content source, an Internet connection, a network access point, and a set of
user devices with different requirements and capabilities. While previous research has

mainly focused on making changes at a single network element, we propose dynamic
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Figure 1.2: Thesis Summary

adaptations within multiple network elements to more effectively address the mentioned
challenges. Figure 1.2 provides a summary of the developed dynamic adaptations de-
veloped in this thesis.

This research recognizes that each network element, whether it is a user device,
access point, or the content source, has a certain scope of control and insight into the
entire system. In this thesis, we develop adaptation schemes based on the role of the net-
work element and the potential impact of the adaptation scheme. Our proposed schemes
take advantage of information available to these elements and directly use monitored
information from the network, devices, and applications to determine the appropriate
dynamic adaptation.

As seen in Figure 1.2, we first investigate what can be achieved at the user device.
User devices in wireless networks have direct control of their own channel access and
transmissions. They are also aware of their local channel conditions and internal energy
resources. Understanding these characteristics, we propose two dynamic adaptations
schemes for user devices that tackle the challenges of energy and quality of service. The
developed adaptation techniques target the ability of the user device to change channel
access and transmission based on monitored information about current channel condi-

tions. To optimize energy usage, we identify and develop adaptation schemes that focus
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on reducing energy inefficiencies caused by wasteful and unsuccessful transmissions.
In our quality of service adaptation techniques, user devices recognize when they are
suffering a degradation in quality and make changes in their channel access and trans-
mission parameters to achieve their expected level of service.

Next, we look at the network coordinator or, more specifically, at the access
point in the case of our example network. The access point can interact with all the
devices in the network and is in control of channel allocation when a reservation-based
system is used. Additionally, an access point is in charge of any network management
functionality in the wireless network. Given these characteristics of a typical access
point, we use the access point’s ability to monitor all the users in the network, as well
as its ability to schedule and allocate resources to address the challenge of quality of
service and bandwidth efficiency. The adaptation scheme improves quality of service
and efficiency by evaluating the current user needs based on their monitored application
traffic load and determining the appropriate type and duration of channel access given
network limitations. The adaptation makes the necessary changes in terms of scheduling
to provide the suitable resources for each device.

The final network element that this thesis evaluates is the content source. This
network element usually stores and serves suitable content for a user with a download or
streaming request. The content source may have some visibility into the intended user
devices and their networks. With control of the served content and abstracted network
and device information, this network element can be used to address the challenges of
network resource efficiency and serving diverse platforms. In this thesis, we evaluate
scaling algorithms based on user device and network information in order to reduce
wasteful transmissions, improve overall quality of the network, and ensure that each
user device receives a suitable video stream.

In summary, this thesis proposes dynamic adaptations at different network ele-
ments to address the challenges described in the previous section. By targeting different
network elements and taking advantage of the element’s visibility and role in the net-

work, we can better improve the quality and efficiency of wireless networks.
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1.3 Scope of Developed Network Adaptation

Having briefly described our approach, we now describe the scope of our de-
veloped network adaptations before providing the thesis overview. The majority of the
proposed research in this thesis can be adapted to work in other similar types of wire-
less networks. These include different physical layer technologies and wireless channel
access modes.

Although the concepts can be applied to diverse wireless networks, we have
investigated the proposed techniques in the context of Wireless LAN IEEE 802.11-based
networks. We focus on these networks because of their popularity and their wide use
in accessing wireless multimedia. The simulation experiments are conducted in the
context of infrastructure mode networks. However, all the user device adaptations can
be applied in ad-hoc IEEE 802.11 networks. The techniques developed in this thesis
for energy and quality at the user devices and access point are adaptations at the data
link layer because of this layer’s ability to control access to the wireless medium and
awareness of channel variations.

In terms of quality of service, the techniques we developed can be extended to
other wireless networks with prioritized channel access and reservation based channel
access. For the thesis, we showed the impact of our techniques in the context of IEEE
802.11 networks. Mainly, we looked into the developments made in the IEEE 802.11
standard for Quality of Service support. The IEEE 802.11e improvements were stan-
dardized and finalized in the same time frame of this dissertation. The techniques de-
veloped in this thesis identify limitations in both the distributed and point coordination
channel access schemes described in the standard and determine the suitable scheduling
and parameter adaptation to improve quality of service.

Finally, in terms of multimedia applications, this thesis limits the scope of con-
tent adaptation to multimedia video. Due to the real-time requirements and growing use
of multimedia video over wireless networks, providing support for multimedia video

can be extremely challenging. We look at Variable Bit Rate (VBR)-encoded video as
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the targeted application for our quality of service scheduling techniques. For our content
adaptation, we focus our attention on Scalable Video Coding (SVC), which is currently
being standardized as an H.264 Advanced Video Codec (AVC) Extension, and we pro-

pose a scheme to scale video prior to delivery over wireless networks.

1.4 Thesis Contributions and Overview

We now describe the thesis contributions and provide an overview of the thesis.
This thesis proposes network adaptation techniques to enhance resource efficiency and
quality of service in wireless networks. It introduces the concept of dynamic adaptations
at various network elements to provide higher quality content for wireless network users.
This thesis addresses several key problems of wireless networks discussed above: the
need for improved resource efficiency, both in terms of energy and resource allocation,
the lack of quality of service support, and the inability of applications to scale based on
channel or device limitations.

As described earlier, Figure 1.2 maps the developed techniques to a typical wire-
less system. We have investigated network adaptations at the user device, access point,
and content source to improve the efficiency and quality of the wireless network. In each
of these schemes, monitored information from the network, devices, and applications is
used to determine the appropriate dynamic adaptation. The network adaptations were
designed with the intention of working with the current standards and to avoid making
changes to the current protocols being used for wireless access or video encoding.

The thesis first investigates what can be achieved at the user device with two
adaptation techniques. The first is a network adaptation technique that dynamically
changes link layer parameters to reduce energy usage in transmissions over wireless
networks. The second looks at improving differentiated service and quality of service
by changing channel access parameters. After looking at device adaptation, we next
consider adaptation at the access point. With this third technique, we propose network

scheduling and resource allocation based on application demands to provide a means
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of satisfying a greater set of users, as well as provide higher quality content to users.
Having focused on network adaptation and scheduling in the previous three techniques,
the final adaptation technique looks at the potential of scaling of the content. The devel-
oped adaptation focuses on shaping multimedia video streams to efficiently use network
resources, provide high quality video streams to users, and meet network service objec-
tives despite device and network limitations.

The experiments and simulation studies demonstrate that the developed network
and application layer adaptation techniques can significantly improve the user experi-
ence. By providing a more efficient utilization of energy and network resources, as
well as improved quality of service, the protocol adaptation schemes show remarkable
improvement in several metrics compared to existing approaches. The adaptation tech-
niques described in this dissertation enable wireless networks to support high quality
applications for a greater and more diverse set of wireless users.

The remainder of this thesis is organized as described below. Note that a more
detailed description of research related to each of the proposed network adaptation tech-

niques is provided in each of the chapters.

e In Chapter 2, we present a user device parameter adaptation technique that
dynamically tunes three important link layer parameters based on experienced

channel conditions to improve energy-efficiency.

o In Chapter 3, we look into improving quality of service and present a user device
parameter adaptation technique to avoid starvation and priority inversion. The
adaptation algorithm dynamically changes three link layer parameters based on

application requirements and channel experience at the end-user device.

e In Chapter 4, we present a scheduling algorithm that allocates additional re-
sources and determines the type of channel access based on the time-varying
needs of the application to improve quality metrics and increase the number of

users supported in the network.
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e In Chapter 5, we describe a content adaptation technique to improve network
efficiency and application quality. In particular, we describe a video scaling
framework that uses information about the device, network limitations, and po-
tential quality improvement to determine the characteristics of the video to be

delivered to the end-user.

e Finally, in Chapter 6, we discuss future research directions that can be pursued

based on the research presented in this thesis.



Chapter 2

User Device Parameter Adaptation to

Improve Energy Efficiency

2.1 Introduction

Energy efficiency is one of the primary bottlenecks of accessing data over wire-
less networks from portable devices. The majority of mobile devices have limited avail-
able energy resources and the energy used for communication accounts for a significant
portion of a wireless device’s energy consumption. Despite improvements in battery ca-
pacity, the energy requirements of functionality-rich wireless access to the Internet and
wireless multimedia will make communication energy an even bigger challenge in the
future. To enable real mobile access to rich data, energy consumption should be reduced
in order to extend the device lifetime effectively.

In this chapter, we specifically look at energy-efficient techniques in a Wireless
LAN IEEE 802.11b network. With a forecast of increased concentration of Wireless
LAN (WLAN) hotspots and WLAN-enabled appliances, the proposed adaptation im-
pacts a large sector of wireless networking. Additionally, some of the proposed adapta-
tion can be directly applied in other wireless networks without any changes.

In these networks, high application demand can impact the energy consumption

16
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by increasing the communication load. In addition to application demand, another factor
that significantly affects energy consumption with WLAN is the varying channel condi-
tions. Channel interference caused by other devices operating in the same public radio
spectrum (2.4 GHz) of the IEEE 802.11b network is a primary contributing factor to the
channel variation. In addition, due to the typical indoor usage of WLAN, propagation
loss and multi-path effects are also heavily present in these networks.

With these challenges in mind, there has been a wide range of work that has
focused on minimizing energy in WLAN networks. Previous work varies from power-
saving methods [68], which controls the device’s sleeping routine, to routing/scheduling
techniques in ad-hoc networks [69] [70]. While the other schemes target minimizing
energy consumption during idle periods, in this chapter, we focus on minimizing the
energy consumed during data transmission periods, and hence can be complimentary to
other power-saving methods. In our approach, we focus on adapting parameters related
to data transmission that have impact on energy consumption.

We target the data link layer and identify parameters that can be adapted to
achieve energy minimization. We focus on the data link layer because of its ability
to control access to the wireless medium and obtain information about current channel
variations from the physical layer. As a first step, we identify and study the effects of
dynamically adapting parameters available in the IEEE 802.11b protocol standard. In
this chapter, we study the following parameters: fragmentation threshold, transmission
power, and retry limit. In our choice of these parameters, we looked for parameters that
can be adapted without affecting the backward compatibility with the existing standard.

With the goal of reducing energy consumption, we design run-time adaptation
policies that appropriately set the values of these parameters for energy minimization.
For each of these policies, we select a technique to monitor channel conditions, de-
termine when to invoke the adaptation, and use feedback mechanisms to further im-
prove the policies. Additionally, we investigate the issues in combining multiple poli-
cies and develop multi-parameter adaptation policies. Using an Opnet-based simulation

framework, we demonstrate that significant savings can be achieved by enabling energy-
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efficient adaptations at the IEEE 802.11b Data Link Layer. Note that the proposed tech-
niques can be applied to other IEEE 802.11-based standards, including IEEE 802.11a
and 802.11g.

While previous work has been done in adapting some of these parameters, our
work improves upon these techniques by enabling dynamic adaptations using alterna-
tive channel estimation techniques as well as passive channel feedback. For example,
although the fragmentation threshold parameter was investigated in [71], [72], and [36],
the older work focuses on only a static setting of this parameter and the more recent work
is limited to using downlink measurements to estimate the uplink channel conditions. In
addition to proposing a closed-loop formula to find the optimal fragmentation threshold,
we design a policy that uses the experienced retransmission in the uplink direction as a
feedback mechanism to optimally set the fragmentation threshold.

Similarly, with respects to transmission power, there has been recent work done
on determining the appropriate setting power level for wireless networks [73], [74],
[75], [76]. The above efforts range from power control loops using a signaling system
in ad-hoc networks to the use of inter-packet power level fluctuations. In this chapter,
we present a simple adaptation policy that sets the transmission power level per packet
to be effective in very extreme channel conditions.

Finally, in terms of the retry limit, work has been done to evaluate the effects
of different link level error control mechanisms such as ARQ in terms of energy and
throughput [77]. However, to the best of our knowledge, there are no adaptation policies
that use retry limit to minimize energy consumption in IEEE 802.11b networks.

Having briefly introduced our work, the rest of the chapter presents a more de-
tailed description of our adaptation techniques and is organized as follows. We present
our proposed adaptation policies in Section 2.2. For each of the parameters, we first
present an analysis of the effects on energy consumption, and follow with a description
of our adaptation policies. Experimental results follow next in Section 2.3, demon-
strating the effectiveness of our adaptation methodology. Finally, in Section 2.4, we

conclude and summarize the chapter.
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2.2 Adaptable Parameters and Effects

In this subsection, we present different adaptable parameters and describe their
effects on energy constraints. The parameters we target are fragmentation threshold,
transmission power, and retry limit. Our goal is to reduce energy consumption by find-

ing the appropriate value of these parameters considering the current channel conditions.

2.2.1 Fragmentation Threshold

IEEE 802.11b defines a mechanism to partition network level data packets into
smaller units. Using packet size as a criterion, packets larger than a specified frag-
mentation threshold are partitioned in order to respond to dynamic erroneous channel
conditions. Fragmentation improves the packet transmission reliability as the proba-
bility of a successful transmission increases with the decrease in packet size. How-
ever, partitioning of large data packets into smaller fragments can lead to additional
data transmission overhead. Once a packet is partitioned, each fragment is augmented
with individual headers, sent as an independent transmission, and acknowledged indi-
vidually. Hence, under good channel conditions, fragmentation can lead to suboptimal
performance. Having described the fragmentation threshold, we next analyze the effect

on energy consumption.

Analysis

In order to understand the effects of fragmentation, we present an analysis of
the energy consumed given a specified fragmentation threshold under current channel
conditions. Given that n,,., is the number of fragments after a packet has been parti-
tioned, a,.; is the average number of attempts before a successful fragment transmission,
and ey,q4 18 the energy consumed for each fragment, the total energy (£) consumed by

transmitting a packet can be written as



20

E= Nfrag * Qret * €frag (2.1)

Given a fragmentation threshold of F (bits), the probability of a fragment not
in error is given by p = (1 — BER)¥, where BER is the bit error probability. Note
that, a packet is considered erroneous in this analysis when one or more bits are in error.
With this probability, we calculate the expected number of attempts required a,..; to be
1/(1 = BER)*,

Given that X represents the upper layer packet size in bits, we can replace the
number of fragments with n¢,,, = X/F. Furthermore, the energy consumed by each
fragment can be expressed as ey, = (Pr * (F' + H))/R, with Pr as transmission
power (W), R as data rate (bits/sec), and H as header size (bits). Hence, total energy

consumption to send a packet of size X can be expressed as

X 1 Pr
E="s T (F+H 22
Fra-gEprf R FEHH 22)

In order to find the optimum fragmentation threshold, we compute the gradient

(dE/dF') and equate it to zero. For very small values of BE R, the optimum fragmenta-

tion threshold can be calculated as follows.

H H
Fopt_ene’r‘gy = _E + B—E,R (23)

Adaptation Policies

Having presented the optimum fragmentation threshold value given the current
BER, we present two fragmentation threshold adaptation policies: Dynamically Varied
Open Loop (DVOL) and Dynamically Varied Closed Loop (DVCL).

DVOL uses downlink channel measurements to estimate uplink channel condi-
tions. It measures the signal strength, and estimates the B E R of the received traffic from
the access point. It uses the BER information to set the fragmentation threshold for the

uplink traffic. We call this policy Open Loop since the decisions are made based on the



21

observed signal strength, and do not use any form of active feedback on the uplink. Note
that, the measured BER information is used to estimate the channel conditions in the up-
link assuming that the communication channels are symmetric in IEEE 802.11b based
networks. It can be noted that the success of the policy is dependent on the availability
of downlink traffic, which may not be available in particular applications. Additionally,

it assumes that receiver and transmitter experience the same interference.
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Figure 2.1: Fragmentation Adaptation Policies : Dynamically Varied Open Loop
(DVOL)

To counteract the heavy dependence on downlink traffic, as well as consider
a possible difference in experienced interference at the receiver and the access point,
DVCL uses packet retransmission information to estimate the uplink channel condition.
Using the relationship between the packet error probability and the BER value, we es-
timate the current BER with the following Equation 2.4. We use the measured retrans-
mission ratio as an indication of packet error probability. In this equation, fragment and
header sizes are represented by F and H respectively. We call this policy Closed Loop as
it uses both measured information and retransmission information on the uplink channel

as an active feedback.

Retransmission Ratio
(F+H)

BER,, = (2.4)

The detailed flowcharts of DVOL and DVCL adaptation policies are shown in
Figure 2.1 and Figure 2.2 respectively. In the DVOL policy, with every received packet,
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the average BER of the channel is updated. A basic counter is used to control the fre-
quency of the fragmentation adaptation. Given that the BER is averaged for a sufficient
number of packets, the fragmentation threshold is set to a final value, as given by Equa-
tion 2.3.

—— | pcount = 0; rratio=0
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Figure 2.2: Fragmentation Adaptation Policies : Dynamically Varied Closed Loop
(DVCL)

For the DVCL adaptation, the main goal is to use retransmission information to
determine the current channel condition. If the downlink measurements of the retrans-
mission ratio are insufficient, the DVCL policy defaults to DVOL and uses the averaged
BER value to determine the fragmentation threshold. However, if the uplink information
is sufficient, DVCL estimates the current BE R of the channel using the retransmission
ratio with Equation 2.4, and then uses this value of BER in Equation 2.3 to determine
the fragmentation threshold. Next, we present the effect of another parameter that can

be controlled by the link layer i.e. transmission power

2.2.2 Transmission Power

In addition to selecting the appropriate packet size, another parameter that affects

the probability of successful transmission of packets is the transmission power. We next
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present a brief description on the effect of transmission power on energy consumption.

Analysis

The experienced BE R value at the receiver end provides information about the
channel conditions and can be used in energy saving techniques at the MAC level. The
B E R heavily depends on the signal strength at the receiver, which can be influenced by
many factors including the transmission power level, propagation loss, antenna gain, and
processing gain. Since the received signal strength is directly proportional to the current
transmission power level, the transmission power level can be adjusted to change the
signal strength and hence the BER at the receiver.

In terms of energy consumption, the effect of transmission power on energy
consumption has been measured and modeled in previous work. In [78], the results
indicate a strong dependence between the energy consumption and transmission power
and this relationship can be modeled using a linear model.

With the above-mentioned effects, a tradeoff can be seen between the BE R ex-
perienced and the energy consumption based on the transmission power level selection.
Under good channel conditions, the transmission power level can be reduced to save
energy consumption. However, under bad channel conditions, in addition to fragmenta-
tion, an increase in transmission power will reduce the percentage of retransmission and

dropped packets, thus improve energy per goodput byte sent.

Adaptation Policies

With an understanding of the transmission power level parameter, we design an
adaptation policy that responds to very extreme channel conditions. The transmission
power adaptation algorithm increases the transmission power when the channel condi-
tions are poor, as indicated by a significant amount of dropped packets or high BER.
On the other hand, when the channel conditions are good, the transmission power is

decreased to conserve energy.
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One possible concern in adapting transmission power level is that it may lead to
an increase in hidden node scenarios when nodes using different power levels may be
unable to hear each other properly. In our adaptation policy, we address the concern by
using high transmission power levels for control packets, such as RTS, CTS, and ACK,

to minimize the chances of hidden nodes.

2.2.3 Retry Limit

In addition to fragmentation threshold and transmission power, the IEEE 802.11
Data Link Layer uses an automatic repeat-request (ARQ) based error recovery mech-
anism in order to tolerate interference and collisions. This generally involves retrans-
mission of frames after a timeout period if no acknowledgment is received from the
destination station. To regulate the number of retransmissions, the Data Link Layer de-
fines a parameter named retry limit, the maximum number of retransmissions allowed.
The station discards the frame after transmitting the packet for the maximum number of
times allowed.

It is important to note that the number of retransmissions needed to success-
fully send a packet depends on current channel conditions and application requirements.
Although an increase in the allowable number of retransmissions can increase the prob-
ability of a successful transmission in bad channel conditions, such an increase leads
to greater energy consumption. Additionally, the retry limit can be used to control the
average number of packets dropped. Under bad channel conditions, this parameter can

be useful when applications are able to tolerate a certain percentage of dropped packets.

Analysis

Next, we present the effect of the retry limit on energy consumption and packet
drop rate given current channel conditions. The probability of packet of size P received
correctly with bit error rate of BER is (1 — BER)”. Let us denote the probability

of successful packet transmission as p and the probability of erroneous transmission as
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q¢ = 1 — p. Assuming the maximum retransmissions allowed is RL, the drop packet

probability (dp,.) after RL attempts is given by

dpproy = 4" (2.5)
If the target packet drop rate is Py, We would want to insure that ¢ < P,,.,,. Solving

for RL, we obtain the following relationship

log(Pdrop)

L log(1 — (1 — BER)T)

(2.6)

Let us call the right side of Equation 2.6 to be R.,,, the expected number of
retransmissions given the BER and tolerable drop rate. In terms of energy consumption,
if the expected number of retransmissions, R, is greater than the current retry limit
for a specific packet, we can expect the packet to be dropped. The retransmissions of
this packet contribute to wasteful energy consumption without increasing the goodput
of the system. Hence, under drastic channel conditions, which require a large amount of
retransmissions, packets can be dropped early to conserve energy. In addition to dealing
with drastic conditions, retry limits can be related to the application requirements. For
example, with real-time applications and strict latency requirements, packet retransmis-

sions may be unnecessary and hence, the retry limit can be set to lower values.

Adaptation Policy

Based on the above observations, we develop an adaptation policy to select the
appropriate retry limit (RL) value depending on current conditions and requirements. In
this policy, the expected number of retransmissions, 2., is calculated using Equation
2.6 and compared to the current retry limit. If it is clear that the packet will be dropped
by this estimate, we set the retry limit to a small value in order to avoid excess retrans-
missions. If this is not the case, we set the retry limit to either the default values or the
expected number of retransmissions calculated at the earlier step, depending on which

has the smaller value.
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2.3 Experimental Results

In this subsection, we present the experimental evaluation of our adaptation poli-
cies. We first briefly describe the experimental setup. Next, we describe the effects of
our adaptation polices on the link layer as described in the earlier sections. Finally, we

present the performance of combining multiple policies on energy consumption.

2.3.1 Setup and System Configuration

For our experiments, we use the Opnet simulation environment, which provides
wireless models of the DCF Data Link Layer and Direct Sequence Spread Spectrum
(DSSS) physical layer of the IEEE 802.11b standard. The Opnet tool uses a pipeline
model to determine channel variation and evaluates characteristics such as propagation
loss and interference. For our experiments, we consider an IEEE 802.11b infrastructure-
based network and evaluate a number of test cases with varying number of nodes and
mobility patterns. We constructed a network scenario where the wireless clients connect
to the remote data server through an IP backbone infrastructure. For estimating energy
consumption, we used the energy models proposed in [79] and [80] that were developed

through measurements of IEEE 802.11b interfaces with different transmission power.

2.3.2 Adaptation Policies

We now discuss the results of running the adaptation policies described in earlier
sections and describe the effects of the following parameters: fragmentation threshold,
transmission power, and retry limit. For these sets of experiments, we created and sim-

ulated a network with nodes running the F'7P application.
Fragmentation Threshold

To determine the effects of the different fragmentation adaptation policies on
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energy and throughput, we implemented both the DVOL and DVCL policies presented
in Section 2.2.1 and integrated these mechanisms in the Opnet model. Due to sensitivity
of the fragmentation threshold policy to channel variations, the simulation considered
three different channel models: fixed, Gilbert-Elliot Model, and the Opnet Generated.

For the fixed cases (FIX1 & FIX2), the channel models were set to the values
representative of bad and good conditions, i.e. BER values set to 5%10~* and 107°
respectively. Using the Gilbert-Elliot model, we simulated four test cases (GE1 to GE4).
The Gilbert-Elliot model, as described in [81] and [82], generates BER based on a two
state Markov chain model. We varied the transition probabilities of the model, similar to
the values presented in [81], using combinations of 0.99 and 0.95. These probabilities
alter the percentage of time spent at each state and the frequency of transition. The
probabilities values selected for the models are as follows: GE1 (Pgg=0.99, Pbb=0.99),
GE2 (0.95, 0.99), GE3 (0.99, 0.95), and GE4 (0.95, 0.95). Finally, we also evaluated
a single mobile node experiencing the channel variation as given by Opnet Generated
pipeline model (MOB) and a case with multiple nodes (MUL).

The criteria used for comparing these scenarios were Energy per Goodput and
Link Level Throughput. For each of the above test cases, we compared the fragmentation
adaptation policies, DVOL and DVCL, with a test case using a static fragmentation
threshold of 800 bytes, as suggested by [71]. Table 2.1 and Table 2.2 present the results
of the evaluation comparison.

The percentage savings recorded in the table indicate the percentage improve-
ment between the adaptive policies and the static case. The results indicate that the
adaptation policies of DVOL and DVCL can improve energy and throughput. On av-
erage, we see an average savings of 17% for DVOL and 19% for DVCL in terms of
Energy per Goodput and see an average increase in DVOL of 13% and 19% in DVCL
in terms of throughput. We note that the improvement is more significant in the situa-
tions when the channel is experiencing high BER, such as in FIX2, GE2, and MOB. In
addition, the results indicate the DVCL policy fairs better than DVOL when there are

frequent transitions of the channel or downlink prediction is inaccurate, such as in GE4



Table 2.1: Effect of Fragmentation Adaptation Policies on Energy per Goodput

Energy per Goodput (mAs/bit)
Static DVOL | % Savings | DVCL | % Savings
FIX1 | 3.65E-05 | 3.42E-05 6.30% 3.41E-05 6.58%
FIX2 | 1.20E-03 | 1.10E-04 | 90.83% | 1.40E-04 | 88.33%
GE1 | 5.90E-05 | 5.76E-05 2.37% 5.75E-0 | 52.54%
GE2 | 8.80E-05 | 7.81E-05 | 11.25% | 7.90E-05 | 10.23%
GE3 | 4.11E-05 | 4.05E-05 1.46% | 4.04E-05 1.70%
GE4 | 5.38E-05 | 5.0E-05 3.35% | 5.08E-05 5.58%
MOB | 4.83E-05 | 4.06E-05 | 15.94% | 4.05E-05 | 16.77%
MUL1 | 1.13E-05 | 1.06E-05 5.60% | 9.10E-06 | 19.11%

and MUL.

Table 2.2: Effect of Fragmentation Adaptation Policies on Throughput

Link Layer Throughput (Mbit/sec)
Static | DVOL | % Savings | DVCL | % Savings
FIX1 | 6.31 6.89 9.19% 6.90 9.35%
FIX2 | 044 | 0.62 40.68% 0.58 32.27%
GE1 | 530 | 5.90 11.32% 6.10 15.09%
GE2 | 3.69 | 4.26 15.45% 4.18 13.28%
GE3 | 6.09 | 6.57 7.99% 6.50 6.85%
GE4 | 5.50 | 5.60 1.82% 6.10 10.91%
MOB | 5.66 | 6.87 21.41% 7.00 23.67%
MUL1 | 1.10 | 1.12 1.52% 1.57 42.29%

Transmission Power

28

In addition to the fragmentation policy, we also evaluated the effects of our trans-

mission power adaptation. Using the Opnet pipeline model, we considered multiple test

cases with varying fragment sizes and number of nodes in the network. In Table 2.3, we

summarize our simulation results. We see that we can improve Energy per Goodput by

5-13% with a slight decrease in throughput.

Retry Limit
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Table 2.3: Effect of Transmission Power Adaptation

Description Energy per Goodput (mAs/bit)
Number of Nodes | FragThresh | Without adapt | With adapt | % Savings
512 8.488-05 6.64E-05 21.82%
4 None 9.54E-05 5.71E-05 40.16%
512 7.04E-05 5.49E-05 22.02%
2 None 8.93E-05 4.55E-05 49.10%
512 4.75E-05 3.90E-05 17.89%
1 None 5.10E-05 3.80E-05 25.49%

For the retry limit, we implemented our adaptation algorithm in order to deter-
mine the effect in Energy per Goodput and throughput. Our initial experiment was to
determine whether the expected number of retransmissions, as given by Equation 2.6,
was accurate in comparison to the actual retransmissions required. We considered a case
without fragmentation and found that the expected number of retransmissions given by
our formula is 80-90% accurate. Next, we created a scenario using FTP traffic with
UDP as the transport layer (so as to allow for packet drops at the transport layer) and
consisting of three different nodes experiencing varying BER. The target P, for this
experiment was assumed to be 10%. We simulated with and without adaptation and

obtained the results summarized in Table 2.4 and Table 2.5.

Table 2.4: Effect of Retry Limit Adaptation on Energy
Energy per Goodput (mA/s)
Node | Average | Without With % Savings
BER Adapt Adapt
3.00E-04 | 2.32E-04 | 1.59E-04 | 31.47%
1.00E-05 | 4.79E-04 | 3.68E-04 | 23.17%
3 7.50E-06 | 1.16E-05 | 1.10E-05 5.17%

N =

As seen in these tables, the adaptation leads to a 31% improvement in Energy per
Goodput for Node 1 with only an increase of 1% dropped packets. With Node 2 and 3,

we obtain an improvement of 23% and 5%, respectively, but suffer from a slight increase
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Table 2.5: Effect of Retry Limit Adaptation on Drop and Retransmission Percentage

Drop Percentage Retransmission Percentage
Node | Without | Witht | % Inc | Without | With | % Dec
Adapt | Adapt Adapt | Adapt
1 20 21.00 | 1% 33 25 8%
2 7.5 11 3.5% 25 18 7%
3 1 4 3% 7 9 -2%

in dropped packets. This increase may be tolerable depending on the application.

2.3.3 Multiple Policies

Table 2.6: Effect of Multiple Policies

Policies | Energy per Goodput (mAs/bit) | % Savings
None 1.09E-04 0%

Frag 6.91E-05 36.75%
Retry 9.08E-05 16.93%
Tx 7.80E-05 28.60%
Frag-Tx 6.17E-05 43.52%
Frag-Retry 6.58E-05 39.77%
Tx-Retry 7.79E-05 28.72%
All 6.13E-05 43.89%

Having looked at the individual parameters and their adaptations, we evaluated
the effects of using multiple policies. In addition to activating multiple policies at once,
we also considered the dependencies and coordination needed between the policies. For
example, if both the fragmentation and retransmission policy were activated, the frag-
mentation policy was scheduled to run first due to the retransmission policy’s depen-
dence on fragment length. In addition, when the transmission power and fragmentation
policy were activated, the use of the transmission power policy was only activated when
the fragmentation policy was exhausted and could not improve the situation.

In order to understand the effects of these policies, we evaluated the effect of dif-

ferent combination of adaptation policies on a network of four nodes in terms of Energy
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per Goodput. Table 5 summarizes the results averaged over the nodes. It can be seen
from the table that transmission power adaptation policy is more effective compared to
any other individual policy. Also, it is clear that energy savings can be improved by

combining policies.

2.4 Conclusion

In this chapter, we presented the effects of different adaptable parameters in the
IEEE 802.11b Data Link Layer. Additionally, we introduced our runtime adaptation
policies and showed that it can be beneficial in terms of energy savings to use these pa-
rameter adaptations. We discussed the challenges of combining the policies and showed
that with the appropriate selection of policies, we were able to further improve our en-
ergy savings. Though our experimental results are based on an IEEE 802.11b model, we
believe the presented techniques would be valid for other IEEE 802.11-based standards,
including IEEE 802.11a and 802.11g, as well.

The text of this chapter, in part, is based on material that has been published
in the IASTED International Conference on Wireless and Optical Communication in
2003 (N. Ramos, D. Panigrahi, and S. Dey,“Energy-Efficient Link Adaptations in IEEE
802.11b Wireless LAN™, Proceedings of IASTED International Conference on Wireless
and Optical Communications, pp. 578-583, Banff, Alberta, July 2003). The dissertation
author was the primary researcher and author, and the coauthors listed in these publica-

tions collaborated on, or supervised the research that forms the basis for this chapter.



Chapter 3

Dynamic User Device Parameter
Adaptation for Enhanced Quality of

Service

3.1 Introduction

In our previous chapter, we presented network adaptation techniques at the user
data device to improve energy efficiency. We focus in this chapter on the challenge
of ensuring quality of service and investigate the potential of dynamic parameter adap-
tation at the user device to address this challenge. With recent improvements made in
IEEE physical layer to support high data rates, applications with real-time requirements,
such as video and voice applications, will be more commonly used in these networks.
However, the current IEEE 802.11’s medium access control (MAC) protocol [83] can
only provide best-effort service to all applications. Without the ability to provide ser-
vice differentiation, IEEE 802.11 networks will be inadequate and unable to satisfy the
requirements of these applications.

Recognizing this challenge, the IEEE 802.11 Working Group has pursued stan-

dardization efforts to enhance the channel access mechanism of the IEEE 802.11 proto-

32
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col, which has resulted in a new standard called IEEE 802.11¢ [49]. One of the enhance-
ment mechanisms is the Enhanced Distributed Channel Access (EDCA), where service
differentiation is achieved with the introduction of different access categories and the
association of different contention parameters to prioritize access to the medium.

Although EDCA is able to provide a level of service differentiation, the mech-
anism does not consider the varying channel conditions present in WLAN networks.
Channel conditions can be affected by problems such as propagation loss and multi-
path effects that are prominent in a typical indoor WLAN environment. In addition,
channel interference caused by other devices operating in the same public radio spec-
trum can contribute to channel variation. Poor channel conditions can cause errors in
transmitted packets and lead to retransmissions, causing delays, dropped packets, and
throughput degradation. Another factor in WLAN access is the variation in network
load. Since distributed contention-based medium access protocols use a shared channel
access mechanism, the number of nodes and their respective traffic loads will affect the
experienced channel access delay. A network experiencing high traffic load can make
it difficult for a node to obtain access to the network, leading to high delays and low
throughput.

Due to channel and network load variations, nodes in a WLAN network can ex-
perience significant throughput degradation. In addition, these effects may be amplified
in quality-enhanced networks, such as the one proposed in IEEE 802.11e. In these net-
works, flows are differentiated by traffic classes, and flows with higher priority should
normally experience higher throughput. However, the throughput degradation caused
by channel and load variations can make it difficult to provide the desired service differ-
entiation and may cause problems such as priority inversion and starvation, which will
be later described in the chapter. Hence, depending on channel variability, the traffic
class-based service differentiation mechanism alone may be insufficient to provide the
desired QoS.

Since the potential negative impact of varying channel conditions and high net-

work load can be significant, there is a need to recognize when such conditions are
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present and provide techniques to improve the achieved throughput. The previous work
in this area of research, which is described in detail in Section 3.5, has mainly looked
at changing individual parameters in either the transmission period or medium access
period to focus on separate problems of channel conditions, network load, or service
differentiation.

In order to combat the effects of poor channel conditions, past techniques have
mostly concentrated on increasing the probability of a successful packet transmission
by adapting parameters such as packet size, transmission power, coding, etc. However,
these techniques do not consider the effects of poor channel conditions on medium ac-
cess delay. It is shown in this chapter that poor channel conditions can significantly
affect the medium access delay, and thus cause throughput degradation. In the area of
medium access parameter adaptation, techniques have been proposed to change medium
access parameters to provide service differentiation, however they do not consider the
effects of poor channel conditions.

To address the above limitations, we present an adaptation framework called
Channel-dependent Packet Level Tuning (ChaPLeT), which dynamically changes link
layer parameters based on channel information and experienced throughput. As opposed
to past techniques, the ChaPLeT framework adapts multiple parameters, both related to
packet transmission and medium access, to dynamically adapt to channel conditions and
network load, and improve throughput and service differentiation.

Specifically, we concentrate on dynamically adapting three link layer parame-
ters: fragmentation threshold, persistence factor, and defer countdown. We study the
effect of these parameters on throughput under different network condition and present
algorithms to dynamically adapt these parameters. To implement our adaptation tech-
niques, we present an adaptation framework to set the parameter values based on current
channel conditions, such as experienced bit-error-rate (BER), and application require-
ments, such as expected throughput. In these adaptations, we use the fragmentation
threshold and persistence factor parameters to reduce the number of retransmissions

and the medium access delay due to retransmissions. Additionally, we use the defer
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countdown parameter to decrease the medium access delay caused by high network
load. Finally, we discuss how the individual parameter adaptations can be applied in
a quality-enhanced network to not only improve throughput, but also maintain desired
service differentiation in the network.

To show the effectiveness of our approach, we implement our adaptation policy
on top of the IEEE 802.11b medium access layer using the Opnet simulation frame-
work [84]. We demonstrate that significant improvement can be achieved by enabling
dynamic adaptation of channel access parameters. Additionally, we present the results
of our adaptation policy when applied in a quality-enhanced network, based on IEEE
802.11e. We show that by improving the throughput of nodes experiencing high load
and poor channel conditions, we are also able to improve the service differentiation
experienced.

The rest of the chapter is organized as follows. We present background of Wire-
less LAN networks and describe the distributed medium access mechanism used in IEEE
802.11 and IEEE 802.11e in Section 3.2. In Section 3.3, we motivate the need for ad-
dressing channel conditions and network load variations to improve throughput. Next,
we provide a description of the selected parameters, and present the ChaPLeT adap-
tation framework. Experimental results follow next in Section 3.4, demonstrating the
effectiveness of our adaptation methodology. We next summarize related work and con-

trast our technique with these methods. Finally, we conclude in Section 3.6.

3.2 1IEEE 802.11e Background

In this section, we provide a description of the medium access mechanism used
in the IEEE 802.11 Wireless LAN protocol. Additionally, we briefly describe the im-
provements made in the IEEE 802.11e to support Quality of Service (QoS), as a refer-

ence to our adaptations in a quality-enhanced wireless network.



36

3.2.1 IEEE 802.11 Distributed Coordination Function

IEEE 802.11 defines two modes of accessing the channel: a distributed ap-
proach, called Distributed Coordination Function (DCF) and a centralized approach,
called Point Coordination Function (PCF). However, since the latter is not supported by
most commercially available wireless cards, we focus only on the distributed contention-
based medium access component.

The IEEE 802.11 Distributed Coordination Function is based on the Carrier-
Sense Multiple Access/ Collision Avoidance (CSMA/CA) mechanism. In order to gain
access to the channel, each node must follow a number of steps before transmitting their
packets. Figure 3.1 illustrates the IEEE 802.11 DCF protocol. First, the node senses
the channel and waits to see if the channel remains idle for a minimum duration defined
by the standard, called DCF Interframe Spacing (DIFS). When this criteria is satisfied,
the node moves to the next phase of channel access, which is called the backoff. In the
backoff, the node chooses a random number of time slots to wait before accessing the
medium, where the backoff duration is chosen to fall in a range predefined by each node,

called the Contention Window (CW).

Immediate access when

cdial DIFS
Medium is free >= DIFS | " 7 | Contention Window

PIFS [

DIFS
- SIFS T 177 N
) Busy Medium /,Bgc[m,ff—Wmdow / Next Frame

Ll T
1 | Slottime
Defer Access

Select Slot and Decrement Backoff as long as medium is idle
=

Figure 3.1: IEEE 802.11: Distributed Coordination Function

After choosing a backoff duration, the node then proceeds to countdown. How-
ever, if another node accesses the channel during the backoff duration, the node performs
a deferral, where it will stop its counter and record the remaining number of slots. The
node only resumes the backoff countdown when the channel remains idle for a minimum

DIFS period. However, once the backoff duration is complete, the node will proceed to
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transmit the packet and will wait for an acknowledgment frame (ACK). The ACK frame
is only sent by the receiving node after a short IFS (SIFS) interval, which is a shorter
duration than DIFS. If an ACK is not received within a timeout period, the packet will be
retransmitted. Note that a retransmission can occur because of various reasons, includ-
ing poor channel conditions or packet collisions. However, IEEE 802.11 takes precau-
tionary measures and assumes all retransmissions are caused by collisions. In order to
decrease the probability of collisions between contending nodes, the maximum backoff
period is increased by a magnification factor of two. The following formula determines
the CW, where ¢ is the number of retransmissions made for the particular packet and
CW; = 2" % CW,,;,[TC]. Note that the CW size initially begins with a value of CW,,,;,,
and has an upper bound of CW,,,..

Backof f = DIFS + rand(0, CW;) x SlotTime 3.1)

In summary, a packet transmission cycle can be described with three distinct
periods: an access period, which includes the DIFS and backoff duration, a deferral
period, which is the time elapsed during deferrals, and finally, a transmission period,

which is the time for the packet to be transmitted and acknowledged.

3.2.2 IEEE 802.11e Enhanced Distributed Channel Access

One of the shortcomings of the IEEE 802.11 DCF protocol is its inability to
support differentiated services. Having recognized this need, the IEEE 802.11e stan-
dard makes improvements to support QoS [49]. Although the standard describes im-
provements in both centralized and distributed channel access, we consider only the
distributed channel-access mechanism of IEEE 802.11e, called Enhanced Distributed
Channel Access (EDCA), in this chapter.

In a quality-enhanced network supporting EDCA, as illustrated in Figure 3.2,
traffic flows are categorized into different classes called access categories (AC) and

are used to decide channel access parameters of traffic flows. Specifically, the access
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Figure 3.2: IEEE 802.11e: Enhanced Distributed Channel Access (EDCA)

point (AP) decides values of channel access parameters, such as Arbitration Interframe
Spacing (AIFS), Transmission Opportunity (7XOP), and Contention Window parame-
ters (CW,,;,, and CW,,,..), for each access category. Next, the access parameters are
beaconed by the AP to the nodes in the network. Having received the appropriate values
for these channel access parameters, each node uses these values in contending for the
medium. The end result is that channel access is dependent on the priority of the access
category. For example, traffic classes with higher priority use lower values for AIF'S
and CW,yin/mas- Hence, prioritized nodes will experience a lower waiting period on

average than other classes.

3.3 Channel-dependent Packet Level Tuning

Having provided some background of IEEE 802.11 WLAN networks, in this
section, we describe our proposed Channel-dependent Packet Level Tuning (ChaPLeT)
framework. First, we describe the problems that can occur due to channel variance
and network load, and present an overview of our adaptation policy. We then describe
the effects of selected parameters, which include fragmentation threshold, persistence
factor, and defer countdown. Next, we present runtime adaptation policies using the
presented parameters to improve achieved throughput. In addition to describing these
adaptations in the context of IEEE 802.11, we describe how these adaptation policies

can be used in quality-enhanced networks for service differentiation.



39

3.3.1 Problem Description and Adaptation Overview

As described earlier, the packet transmission cycle consists of three phases: (1)
access period, which is the minimum time (number of backoff slots) a node has to wait
before attempting to transmit; (2) defer period, which is the time consumed in waiting
for other nodes’ transmissions to finish prior to accessing the medium; and (3) transmis-
sion period, which is the time consumed in sending the packet/fragments successfully.
Channel variance and network load can have a significant impact on the packet trans-
mission cycle and can lead to throughput degradation. When poor channel conditions
are present, a large number of retransmissions can occur. With each retransmission, the
node must re-access the channel using a magnified contention window, defer for other
nodes, and retransmit the current packet. Hence, the medium access delay increases sig-
nificantly with poor channel conditions. Similarly, when the network load is high, the
defer period of a node will increase and can cause delayed transmissions. The through-
put degradation in IEEE 802.11 networks caused by channel variance and network load
is amplified in quality-enhanced networks, such as IEEE 802.11e. In these networks,
throughput degradation can affect service differentiation and lead to further problems,
such as priority inversion, where higher priority flows experience lower throughput than
other flows, or starvation, where low priority flows are unable to access the medium.

In order to improve achieved throughput and counter channel and network load
variations, we consider dynamically adapting data link parameters based on monitored
information. Specifically, we target adapting parameters related to different phases of
the packet transmission cycle. The three parameters we consider are fragmentation
threshold to reduce experienced retransmissions and dropped packets, persistence fac-
tor to avoid unnecessary channel access delay during retransmissions, and defer count-
down to decrease channel access delay when a high network load is experienced. For
each of these parameters, the ChaPLeT tuner determines when the adaptation should
be run, which parameters are appropriate to adapt, and also what parameter settings are

appropriate for the current channel conditions.
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3.3.2 Tunable Parameters

In this subsection, we describe three tunable parameters that can be used to alle-
viate the problems caused by varying channel conditions in both the IEEE 802.11 and
802.11e networks. We next motivate the use of each of the parameters and describe their

effects.

Fragmentation Threshold

In order to address poor channel conditions, most wireless networks provide
the ability to partition higher level packets into smaller units. In IEEE 802.11, this is
made possible through a parameter, called the fragmentation threshold, which indicates
the maximum packet size before fragmentation is performed. Since the probability of a
successful transmission increases with smaller packet size, fragmentation can be used to
respond to dynamic erroneous channel conditions and improve the packet transmission
reliability.

Although fragmentation can improve the probability of a successful transmis-
sion, partitioning large data packets into smaller fragments can lead to higher data trans-
mission overhead. When a packet is partitioned, each fragment is augmented with in-
dividual headers, sent as an independent transmission, and acknowledged individually.
Hence, under good channel conditions, fragmentation can lead to suboptimal perfor-
mance.

The fragmentation threshold is a parameter that can be used to counter the prob-
lems that can occur in the presence of channel variations. Nodes that are unable to meet
their traffic requirement because of poor channel conditions can choose their fragmen-
tation threshold appropriately to improve their experienced throughput. We next present
an analysis to determine the appropriate value of the fragmentation threshold.

The throughput per packet, 7', can be calculated as the ratio of the packet size,
X, to the expected total transmit time, ¢,x;. The total transmit time, ¢,4;, can be written

as tpkt = (N frag * Qreg * T frag), Where ny,q, is the number of fragments after a packet has
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been partitioned, a,, is the average number of attempts before a successful fragment
transmission, and ? 7,4 is the transmission time for each fragment.

Given a fragmentation threshold of F' (bits), the probability of a fragment not in
error is given by p = (1 — BER)Y, where BER is the bit error probability. Note that
a packet is considered erroneous in this analysis when one or more bits are in error, as
current IEEE 802.11 protocol does not have any form of forward error correction. With
this probability, we calculate the expected number of attempts required a,, to be 1/(1—
BER)Y. With X representing the upper layer packet size in bits, we can replace the
number of fragments, 7,4, With the value X /F. Furthermore, the time consumed by
each fragment, ¢ 7,4, can be expressed as a combination of the transmission time and the
channel access time of the packet. We use the expression F'/ R for the transmission time,
where R represents the data rate, and for the channel access time, we assume a value C'
representing average overhead time per fragment, which includes inter-frame spacing,
medium access delay, and acknowledgment time. The throughput, 7', experienced by a

packet can thus be expressed with the following equation.

T_ 1 (3.2)

1 1 F
7 * aoperr * (g +0)

In order to find the optimum fragmentation threshold, we compute the gradient
(dT/dF) and equate it to zero. The optimum fragmentation threshold can be expressed
with the following formula:

CxR Cx*xR

Fopt_thrpt - - 9 + BER (33)

Persistence Factor

The next parameter we consider is the factor used to expand the CW for medium
access after a retransmission. As described in the background section, after a failed
transmission attempt, IEEE 802.11 assumes a collision has occurred and takes a precau-

tionary measure to magnify the C'W for the next attempt. In the current IEEE 802.11
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protocol, the magnification factor is statically fixed for all nodes to the value of two.
However, previous work, including earlier versions of IEEE 802.11e, has considered
varying the magnification factor and has named this parameter the persistence factor,
PF'. The focus of this previous work is to provide service differentiation by associating
lower priority nodes with larger PF’s and the contention window is calculated with the
following equation: CW; = PF' x CW,,;,. With this proposed improvement, higher
priority nodes obtain earlier access to the channel while retransmitting.

In this chapter, rather than use the PF’ for service differentiation, we consider
varying the parameter to reduce channel access delay during retransmission. We note
that the magnification of the contention window for every retransmission is only effec-
tive when retransmissions are caused by collisions. However, when the retransmissions
are caused by poor channel conditions, the magnification and use of PF’ unnecessarily
increases the channel access period of a node. Hence, in addition to the delays from
the retransmission of the packet, a node suffering from poor channel conditions will
experience high channel access time unnecessarily.

In order to address this problem, we consider changing the PF' to improve a
node’s achieved throughput. By recognizing the case when channel conditions are the
cause of retransmissions other than collisions, we can avoid magnifying the contention
window used by the node and reduce the channel access delay in subsequent retransmis-

sions.

Defer Countdown

In addition to the above parameters, another mechanism we target is the deferral
process. As described in the background section, a node defers access to the medium
if another node transmits before the backoff duration is completed. In this case, the
node freezes the backoff countdown, and waits for the channel to be idle to resume
the residual backoff duration. The waiting time introduced by other nodes accessing

the medium can lead to significant delay in the packet transmission cycle. Due to high
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network load and poor channel conditions, the effect of a large delay in the defer period
will lead to a decrease in the average throughput and in the extreme case, can lead to
starvation.

In quality-enhanced networks, such as IEEE 802.11e networks, deferrals will
be amplified for lower priority nodes, since the defer periods of lower priority nodes
increase significantly with EDCA’s provisions for service differentiation. Although a
decrease in lower priority nodes throughput is necessary to provide service differentia-
tion, the degradation can be extreme and lead to cases of starvation.

In order to prioritize nodes that have experienced a large number of deferrals,
we consider the effect of scaling the defer countdown, which is the countdown rate
used for the residual backoff period. By speeding up the backoff residual duration,
the node has a higher probability of accessing the channel and can be able to avoid
continual deferrals. The speedup of the node’s defer countdown will be effective in
improving throughput when the throughput degradation is due to the extra wait time due
to deferrals. However, the scaling should not be used excessively by a node since the
abuse of the scaling can lead to decreased throughput by other nodes in the network. In
order to avoid this, changing the defer countdown is only allowed based on the wait ratio
experienced by the node, which is the ratio of experienced to expected wait time, and the
number of deferrals experienced. Appropriate scaling can aid in preventing starvation,
by providing higher throughput to nodes experiencing excessive deferrals and obtaining

less than their required throughput.

3.3.3 Adaptation Policy

Having described the individual parameters and their effects, we now describe
our proposed framework to adapt these parameters, which we call Channel-dependent
Packet Level Tuning (ChaPLeT). ChaPLeT takes a distributed approach of improving
throughput with each node monitoring and tuning its parameters based on current chan-

nel conditions. The ChaPLeT framework consists of two major components, a monitor
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and a funer, as seen in Figure 3.3.
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Figure 3.3: ChaPLeT Adaptation Framework

The first component, the monitor, records and estimates the experienced channel
conditions, such as BE'R, dropped packet ratio, r4,,,, and average number of retrans-
missions per packet, a,,. The tuning functionality is designed to completely reside in
the link layer. For instance, the monitor estimates 5 E R based on the current average
number of retransmissions and packet sizes. Additionally, the monitor tracks packet-
specific information, such as the time spent on the current packet, t,,;;, number of
deferrals n4. ¢, and current retransmission count, Cy..

The ChaPLeT funer keeps track of node specific information, such as the ex-
pected waiting time for the current packet, ¢.,,, tolerable number of deferrals, def,
and the access category, AC, if the node supports EDCA. The tuner’s choice of parame-
ters affects the three phases of the packet transmission cycle. For each of the parameters,
the tuner must decide when the adaptation should be run, which parameters to adapt, and
also what parameter setting is appropriate for the current channel conditions. The in-
dividual parameter adaptations used by the tuner are described next. Pseudo-code for

important parts of ChaPLeT functionality is shown next.
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/* ChaPLeT algorithm */
ChaPLeT () {

/* Initialize the adaptations */
pf_adpt = 0;

def_adpt = 0;

/* Monitor is called when a packet is successfully sent, dropped,
ready to transmit/retransmit, and when a deferral occurs. */

{ber, t_wait, a_rtx, r_drop, n_def, c_rtx} = monitor ((Event) e);

/* Tuner is called before a packet is sent*/

{frag, pf, bslots} = tuner (ber, t_wait, a_rtx, r_drop, n_def, c_rtx);

}

/* Tuning algorithm executed by each node before packet is sent*/
tuner (ber, t_wait, a_rtx, r_drop, n_def, c_rtx) {
/* Fragmentation adaptation, after every frag_th packets have been sent*/
if ((n_pkt > frag_th) || (r_drop > 0.02)) {
frag = fragmentation(ber);
n_pkt = O;
}

else n_pkt++;

/* Persistence factor adaptation performed for each packet
and scaledown occurs only once per packet*/

if ((pf_adpt == 0) && (c_rtx >= 2) && (a_rtx > r_th)) {
pf = pf / pf_scaledown[AC];
pf_adpt = 1;

/* Defer countdown adaptation performed for each packet

and scaledown occurs once per packet*/

if ((n_def > def_th) && (def_adpt == 0) &&
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(t_wait/t_exp) > C) && (bslots > CWmin[AC)/2)) {
bslots = ceil(bslots /df_scaledown[AC]);
def_adpt = 1;

Fragmentation Threshold

The first parameter we focus on is the fragmentation threshold. Using our analy-
sis from the previous subsection, the ChaPLeT tuner uses the B E R estimate provided by
the monitor and decides the optimum fragmentation threshold to maximize throughput
under current channel conditions. This adaptation can benefit nodes that are suffering
from poor channel conditions and are unable to meet their desired throughput. In order
to control the frequency of the adaptation, the adaptation is run only after frag,, packets
have been sent or when the packet drop rate (r4,,,) is high. Running the fragmentation
adaptation too frequently can lead to oscillations in fragmentation threshold value. A
less frequent adaptation, on the other hand, cannot respond to channel variations in time
and may degrade the performance. Hence, the choice of frag,, can be scaled according
to current channel conditions. For example, if the node is experiencing large variations
in the drop rate or recorded BER, then the fragy, is set to a smaller value dynamically.
Additionally, after deciding the optimum fragmentation threshold, we attempt to make
the size of the fragments similar by allocating evenly over the total number of the frag-
ments. The smoothening process increases the chance of each fragment being received

correctly without increasing the overhead associated with each fragment.

Persistence Factor

Another parameter that ChaPLeT adapts is the persistence factor. The first aspect
of the ChaPLeT tuner is to decide when the P F' parameter should be adapted. As noted
earlier, the P F' should only be adjusted if the experienced retransmissions are not caused

by collisions. Hence, in order to set the PF', the funer first evaluates the current channel
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conditions and estimates whether the experienced retransmissions are mainly caused by
collisions or by poor channel conditions.

We use a threshold-based algorithm to estimate the chances of collision using
the average number of retransmissions as the input metric. Since the probability of
a collision decreases with each retransmission attempt, high observed values of aver-
age retransmissions, a,, indicate that retransmissions are likely to be caused by poor
channel conditions, rather than collisions. From our experiments, described in greater
detail in Section 3.4, we observed that the a,., 1s very high for scenarios suffering from
poor channel conditions and varies based on the current BE R experienced. On the
other hand, the value of a,;, does not increase significantly when the retransmissions
are caused by collisions or high network load. Hence, ChaPLeT scales the PF' if the
experienced a,, exceeds a set threshold r;;, and the scaling of the PF'is based on the es-
timated probability of collision, p..;. The adaptation of PF’ also depends on the node’s
access category, AC, if it is in a quality-enhanced network. This allows nodes with
higher priority to reduce their PF by a larger value than other nodes and be able to
increase their throughput under poor channel conditions. With this adaptation, a higher

priority node may be able to avoid priority inversion.

Defer Countdown

The final parameter determined by the ChaPLeT funer is the scaling of the defer
countdown. As noted earlier, the defer countdown can be used to improve throughput
when deferrals lead to large delays and throughput degradation. In order to determine
when the adaptation should be run, the ChaPLeT tuner factors in the waiting time in-
troduced by others accessing the medium. For each packet, using the time-stamp of the
arrival of the packet, the monitor calculates the current wait time, t,,,;;, and compares
this value with the expected wait time, t.,,,. The t.,, is determined using the packet size,
expected throughput, and data rate currently being used.

If the node has experienced a large number of deferrals, n4.f, i.e. greater than

de fi,, and has experienced a wait ratio, t,q+/teqp, greater than a set threshold, C, the
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packet is flagged and the adaptation algorithm speeds up the countdown process by
changing the rate at which the countdown continues. This will expedite the channel
access when the waiting period caused by deferrals exceeds tolerable limit for the node.
The value of C' can be used to indicate the minimum tolerable throughput for the flow
and when the adaptation should occur.

In quality-enhanced networks, we consider using the defer countdown adapta-
tion for low priority nodes to avoid the possibility of starvation, which can be amplified
with service differentiation. Although a throughput decrease in lower priority nodes is
necessary to provide service differentiation, the defer countdown adaptation gives these
nodes a means of avoiding the extreme case of starvation.

The ChaPLeT adaptation policies described above affect different periods in the
packet transmission cycle. As can be seen in Figure 3.3, the fragmentation threshold
primarily affects the transmission period, the persistence factor affects the channel ac-
cess period, and the defer countdown aids with a decrease in the defer period. Hence,

the parameter adaptations of ChaPLeT can be run in parallel.

3.4 Experimental Results

In this section, we present the experimental evaluation of our proposed adap-
tation policies and framework. We begin by briefly describing the experimental setup
and system configuration. We then evaluate the effect of individual parameter adapta-
tion. Next, we present the results demonstrating the effectiveness of the overall ChaP-
LeT framework. Finally, we discuss the performance of the ChaPLeT framework in a

quality-enhanced network, similar to IEEE 802.11e.

3.4.1 Setup and System Configuration

For our experiments, we use the Opnet simulation environment [84]. In order to

evaluate the performance of ChaPLeT, we modified the IEEE 802.11b MAC layer mod-
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els to incorporate our adaptation scheme. We used the Opnet Direct Sequence Spread
Spectrum (DSSS) physical layer with a data rate of 11 Mb/s. The Opnet tool estimates
channel error and channel variations using a pipeline model, which evaluates charac-
teristics such as propagation loss and interference. For generating different types of
application traffic (video, chat, ftp), we used the Opnet application and profile config-
uration to set the packet size, as well as the inter-packet gap for the traffic generation
process.

For the quality-enhanced network experiments, we modified the Opner model to
incorporate the EDCA service differentiation. We consider four traffic classes and the
parameter values for different traffic classes (priorities) are summarized in Table 3.1.
We assume the same value for CW,,,, and TXOP in these experiments. The default
characteristics of the simulated wireless networks and parameters have been chosen

similar to those that presented in [85].

Table 3.1: EDCA Simulation Parameter Settings

Parameters EDCA Classes

H Ml | M2 | L
AIFS 2 2 2 4
CWmin (slots) | 7 15 |15 |31
PF 2 25 13 4
Traffic (Kb/s) | 512 | 256 | 128 | 64

3.4.2 Individual Parameter Adaptation

We first begin with evaluating the effects of the individual parameter adaptations.
For our comparative evaluation, we use the link layer throughput as the evaluation met-
ric, which is computed as the average of the experienced packet-level throughput. Note
that the packet-level throughput is calculated using the size of the packet and the time
spent per packet i.e. the time period between packet arrival from the upper layer and the
acknowledgment by the receiver. The throughput computation includes the delay due to

retransmission and reports zero throughput when a packet drop occurs. Although there
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are other quality of service metrics, such as delay and jitter, we only consider the link

layer throughput metric with the simulations in the quality-enhanced networks.
Fragmentation Threshold

We first evaluate the effectiveness of the fragmentation threshold. For this pa-
rameter, we first investigate the effect of setting different values of the fragmentation
threshold on throughput under varying channel conditions. Figure 3.4 presents the
results of the evaluation. As can be seen in the figure, for good channel conditions
(BER = 0.00001), the larger the packet size, the higher the throughput experienced.
On the other hand, for poor channel conditions smaller packets, it can be seen that
throughput can be improved by setting the fragmentation threshold appropriately. For
instance, for BER = 0.0001, by setting the fragmentation threshold very high, the node
does not fragment any of its packets but achieves very low throughput. However, by
fragmenting packets with a threshold of approximately 512 bytes, the node can improve
its achieved throughput to 3 Mb/s. The circled points indicate the optimum fragmen-
tation threshold values determined using our algorithm based on Equation 3.3 for the
specified BER. Note that our choice of fragmentation threshold corresponds with the

optimal value for maximum throughput for most of the test cases.
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Figure 3.4: Throughput Variations using Different Fragmentation Thresholds
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Figure 3.5: Throughput Improvement with Dynamic Fragmentation Threshold Adapta-

tion

Next, we evaluate the responsiveness of the fragmentation threshold adaptation
and its ability to track dynamic variations in channel conditions. For this evaluation,
we observe the throughput of a node that moves away from the access point, reaches a
point where it is experiencing poor channel conditions, and then moves back toward the
access point. Figure 3.5 shows the moving average of the node’s experienced through-
put with and without adaptation during the simulation period. The figure also shows the
fragmentation threshold values (right y-axis) used by the adaptation policy during the
simulation period. Note that when the node transitions from experiencing good channel
conditions to poor channel conditions (after 20 seconds of simulation), the adaptation
policy changes the value of the fragmentation threshold and provides higher throughput
(up to 3x) than without adaptation. Similarly, when the channel conditions improve as
the node returns (after 50 seconds of simulation), the adaptation algorithm recognizes
that the packets no longer need to be fragmented. In summary, this figure illustrates that

the fragmentation threshold can lead to an improvement in experienced throughput.

Persistence Factor
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Next, we focus on evaluating the effect of the persistence factor (PF’) adapta-
tion. One important characteristic of this adaptation is to be able to recognize when a
retransmission is caused by poor channel conditions or by collision. As described in the
parameter description, we use the average number of retransmissions per packet, @,
as an indicator of the collision rate. In Figures 3.6 and 3.7, we show two curves from
our simulations, the average number of retransmissions as a function of BER, and the
average number of retransmissions as a function of nodes in the network. Note that from
these results, the value of a,, increases drastically with higher BER but does not vary

by much with the number of nodes.
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Figure 3.6: Experienced Average Retransmission for Different Channel Conditions

The next aspect we evaluate is whether the adaptation policy is able to adapt to
varying conditions. We look at the throughput experienced by a node as the channel
conditions change. The node faces three distinct periods in the simulation: (1) good
channel conditions; (2) poor channel conditions; and (3) high network load. Figure 3.8
presents the throughput achieved during these variations with and without adaptation.
The figure also reports the average number of retransmissions used in the adaptation.
From the figure, it can be seen that with adaptation the throughput can be improved by

a factor of 2 under poor channel conditions (between 20 to 50 seconds of simulation).
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It can also be seen that the algorithm makes changes in the persistence factor appropri-
ately. For example, when the node experiences poor channel conditions, it experiences
a significant number of retransmissions and the persistence factor is adapted. However,
the PF' adaptation is disabled when the node moves back to good channel conditions. It
also remains disabled in the case where there is a higher load in the network (between 80
to 100 seconds of simulation) since the a,., is less than our chosen r;;, of 2. From these
simulations, it is clear that a node suffering from poor channel conditions can improve
its throughput by recognizing that its retransmissions are not being caused by collisions
and adapting PF’ accordingly. Additionally, the throughput of other nodes in the net-

work was not negatively affected by the adaptation.

Defer Countdown

The final parameter that we evaluate is the defer countdown. With this parameter,
we wanted to evaluate how the adaptation performs as the number of nodes increases.
Table 3.2 summarizes the throughput achieved with and without adaptation in scenarios
with varying number of nodes. As the number of nodes increase, the number of deferrals

and the experienced wait ratio increases. For each scenario, we evaluate the effect of two
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Figure 3.8: Throughput Improvement with Dynamic Persistence Factor Adaptation

wait ratio threshold values, C'= 10 and C' = 5. With the wait ratio threshold set to five, the
adaptation is more aggressive and attempts to start speeding up the defer countdown too
often. This can lead to lower throughput and high numbers of collisions. For example,
in the case of 12 and 14 nodes, C' = 5, leads to a slight decrease in the throughput
achieved. However, since this adaptation is designed specifically for cases of starvation
or high wait ratios due to deferrals, we evaluate our adaptation using a higher threshold
of C' = 10. With our adaptation, we are able to improve throughput (up to 6x) in all
the cases where adaptation was necessary. We can conclude from these evaluations that
the defer adaptation is more effective in situations where the network is highly loaded
but not completely saturated. In addition, for these scenarios, we computed the Jain
Fairness Index [86] with and without adaptation and observed that the adaptation does

not have a negative impact.

3.4.3 Overall ChaPLeT Adaptation

In this section, we evaluate the effectiveness of the ChaPLeT framework to dy-
namically adapt the three selected parameters automatically in four different scenarios,

S1-S4. Briefly, the scenarios can be described as nodes experiencing poor channel con-
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Table 3.2: Defer Countdown Adaptation

Throughput (Kb/s)
Number of Nodes
Adaptation 6 12 14 16 | 18
None 1201 | 738 | 600 | 40| 6
C=10 1201 | 738 | 619 | 277 | 20
C=5 1201 | 722 | 597 | 316 | 24

ditions, good channel conditions, mixed static channel conditions, and mixed dynamic
channel conditions caused by mobility. For each scenario, we evaluate the performance
of our adaptation in terms of average throughput over each simulation run. We also
compute the mean and maximum percentage improvement achieved over the simulation
by a node. Table 3.3 shows the results of our comparison. To better understand the

results, we next describe each scenario and discuss the effects of the adaptation.

Table 3.3: Effect of ChaPLeT Adaptation

Throughput (Kb/s)
Scenario 1! Scenario 2 Scenario 3 Scenario 4
Without | With | Without | With | Without | With | Without | With
Mean 71 | 1164 1789 | 1789 642 | 615 1109 | 1145
Max 39 | 1128 1169 | 1240 150 | 330 151 | 278

L Scenario 1: Nodes experiencing poor channel conditions; Scenario 2: Nodes experiencing good channel
conditions; Scenario 3: Half of the nodes experiencing good channel conditions and other half experi-
encing poor channel conditions; Scenario 4: One node moving away from AP, other nodes experiencing

good channel conditions

In our first scenario, S1, we consider eight nodes that are all suffering from
poor channel conditions, i.e. a BER of 0.0001. Note that the throughput achieved is
extremely low when poor channel conditions are present and is on average around 71
Kb/s. However, as can be seen in Table 3.3, with the ChaPLeT adaptation, we can
significantly improve the throughput for all the nodes, with an average improvement of
15x and a peak improvement of 28x. The majority of the performance gain in this case

is from the use of fragmentation threshold and persistence factor adaptation.
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We next investigate the effect of the ChaPLeT adaptation in the case where all
nodes are experiencing good channel conditions. In this scenario, S2, the objective
is to evaluate whether the ChaPLeT framework has a negative impact on the system
because of unnecessary adaptations. It can be seen in Table 3.3 that the change in the
throughput achieved is very minimal. This indicates that the ChaPLeT framework is
activated infrequently in this scenario and does not negatively impact nodes when they
are in good channel conditions.

In our third scenario, S3, we consider a static topology where the nodes are
experiencing a varying set of channel conditions. With the scenario’s topology, half
of the nodes are experiencing good channel conditions and the rest are experiencing
poor channel conditions (BE R = 0.0001). In the non-adaptive case, nodes under good
channel conditions experience extremely high packet level throughput. However, the
other nodes suffering from poor channel conditions only achieve throughput around 150
Kb/s. With adaptation, there is a slight decrease in the throughput averaged over all
nodes. However, if we look more closely at the scenario, we see that this is due to
the adaptation’s reallocation of resources. By improving the nodes with poor channel
conditions by up to 120%, the other nodes in good channel conditions experience a
slight decrease in throughput. However, the actual experienced throughput of these
nodes remains high, not falling below 1 Mb/s.

In the fourth scenario, S4, we consider a network consisting of eight nodes with
one node moving away from the access point for a brief amount of time and returning to
its original location. We simulate this scenario to see whether the ChaPLeT adaptation
can track the dynamic channel conditions caused by the node’s movement. Since the
other nodes in the scenario are not experiencing poor channel conditions, the change in
throughput with and without adaptation is minimal (3%). For the moving node, however,
the average throughput improvement for the scenario is 18% with the peak improvement
of 84%. Another thing to note is that the adaptation of the moving node has no negative

effects on the other nodes in this scenario.



57

3.4.4 ChaPLeT Adaptation in Quality-Enhanced Networks

Next, we revisit the above scenarios and evaluate them in a quality-enhanced
setting. To do this, we classify nodes into different traffic classes and priorities. Specifi-
cally, we assign three nodes with H priority, two nodes with M1 priority, one node with
M2 priority, and two nodes with L priority. The priorities of the nodes are fixed across
scenarios; however, location and experienced channel conditions differ between scenar-
ios. Table 3.4 shows the throughput of each of these nodes. We will next describe the

results of each scenario and the effects of the adaptation.

Table 3.4: Effect of ChaPLeT Adaptation in Quality-Enhanced Networks

Node || Pri. Throughput (Kb/s)
Scenario 1 ? Scenario 2 Scenario 3 Scenario 4

Without | With | Without | With | Without | With | Without | With
1 M2 362 | 450 1120 | 1079 813 | 797 1058 | 1052
2 M2 695 | 926 1030 | 1090 794 | 738 1058 | 1126
3 Ml 758 | 1272 5500 | 5500 4632 | 5065 5478 | 5475
4 H 841 | 1546 1780 | 1749 680 | 830 1811 | 1822
5 H 861 | 1437 1670 | 1699 2121 | 2119 1041 | 1268
6 H 1856 | 1877 1870 | 1870 670 | 804 1856 | 1877
7 L 334 | 259 316 | 323 1 52 307 | 305
8 L 278 | 185 291 | 316 1 51 310 | 304

! Nodes are prioritized into 4 categories: H, M1, M2, L; Scenario 1: Nodes experiencing poor channel
conditions; Scenario 2: Nodes experiencing good channel conditions; Scenario 3: Half of the nodes
experiencing good channel conditions and other half experiencing poor channel conditions; Scenario 4:

One node moving away from AP, other nodes experiencing good channel conditions

In our first scenario in S1, the nodes are all suffering from poor channel condi-
tions and experience low throughput. Note that despite the low throughput, the priority
is maintained between the nodes when the experienced channel conditions are similar.
With the ChaPLeT adaptation, we can maintain the priority of the nodes and also im-
prove the throughput for most of the nodes. We can explain the slight decrease in the
throughput for low priority nodes by looking at their achieved throughput more closely

and understanding the level of adaptation of the nodes. Since the low priority nodes
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are not suffering from starvation in this scenario, the main adaptation that is being used
with ChaPLeT is the fragmentation threshold. Since the nodes with higher priority have
additional adaptation techniques, they are able to improve their throughput with a slight
impact on these lower priority nodes. It is also important to note that although low
priority nodes experience decrease in throughput, the degradation is minimal.

For the second scenario, S2, we consider the case where all the nodes are expe-
riencing good channel conditions. It can be seen in Table 3.4 that the results are similar
to that without service differentiation and indicate that the change in the throughput
experienced is very minimal. Since the ChaPLeT framework is activated infrequently
in a scenario where there are good channel conditions, the adaptation does not have a
significant negative impact on the flows.

Next, in S3, we consider a case where there are prioritized nodes experiencing
various channel conditions. In this scenario, we can observe both problems of starvation
and priority inversion. It can be observed that nodes 7 and 8 are starving experiencing
very low throughput (1 Kb/s). The starvation occurs because the low priority nodes suf-
fer from poor channel conditions and a large number of deferrals. In addition, it can
be observed that a medium priority node (node 1) experiences higher throughput than
a high priority node (node 4). The priority inversion occurs because some high priority
nodes (nodes 4 and 6) are facing poor channel conditions and achieving a lower through-
put than the medium priority nodes (nodes 1 and 2). With the ChaPLeT adaptation, the
results from Table 3.4 indicate that the achieved throughput for the high priority node
exceeds the medium priority node, indicating that priority inversion has been avoided.
Furthermore, the results illustrate that the low priority nodes are able to avoid starvation.

Finally, we look at scenario S4, where one high priority node (node 5) moves
away from the AP and returns to its original location. In this scenario, the node moving
back and forth experiences throughput degradation and priority inversion (comparison
to nodes 1 and 2). From the table, it can be seen that the ChaPLeT adaptation improves
the node’s throughput from 1041 to 1268 Kb/s (an improvement of 22%) with minimal

effects on the other nodes. To analyze further, Figure 3.9 illustrates the moving average
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Figure 3.9: Effect of ChaPLeT Adaptation on Moving Node

of the throughput achieved by the observed high priority node and a low priority node.
Note as the node moves away from the access point, the throughput decreases signif-
icantly, causing a throughput degradation severe enough to cause a priority inversion
between the nodes. However, as can be seen in the graph, with the use of the ChaPLeT
adaptation, the high priority node is able to achieve higher throughput and improve its
throughput by 2x.

Having demonstrated the effectiveness of the proposed framework in combating
channel-related problems in providing QoS in a wireless network, we next present some

related work in this research area and a comparison of our approach.

3.5 Related Work

In this section, we present a brief summary of previous work and contrast our
proposed approach in the area of link layer adaptations for addressing channel condi-
tions and network load in IEEE 802.11. Briefly, the proposed link layer adaptations can
be categorized into two main areas: adaptation of channel access parameters and adap-

tation of transmission related parameters. The adaptation of channel access parameters
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affect the medium access delay, where as the transmission related parameters address
the delay experienced in transmitting a packet after obtaining access to the medium.

With respects to channel access parameters, most of the previous work has been
focused on changing these parameters either to enable service differentiation or to con-
sider network load. One of the parameters discussed and adapted in this work, is the
contention window (CW), which is used to determine the backoff duration before ac-
cessing the medium. Rather than using the binary exponential expansion described in
IEEE 802.11 for this parameter, previous work has suggested that setting the parameter
using different values can have a significant impact ([87],[88]). These adaptation tech-
niques have ranged from simple approaches, such as a look-up table approach based on
theoretical analysis [37] or by deciding on the value of CW based on the previous packet
[89], to more complicated approaches, such as CW scaling using a token-bucket algo-
rithm [90] or a fair queuing mechanism proportionate to flow weights [91]. A related
parameter to the CW is the persistence factor (PF), which is the magnification factor
used by a node to expand the CW to avoid collisions after retransmissions. In previous
work, including earlier versions of IEEE 802.11e, this has been used to provide priority
to certain nodes in the collision avoidance phase.

Additionally, there have been some attempts to adapt transmission related pa-
rameters at the medium access layer to mitigate the impact of bad channel conditions.
Past research efforts have proposed adapting one such parameter, called fragmentation
threshold, that decides the maximum size of MAC Protocol Data Unit (MPDU) to re-
duce number of unsuccessful retransmissions in order to meet various objectives such as
reducing energy consumption ([72],[92]), improving throughput/goodput and counter-
ing different periodic patterns of interference such as microwave and Bluetooth devices
[93]. Additionally, several physical layer techniques have been proposed, such as For-
ward Error Correction (FEC), modulation scaling [36], transmission power adaptation
([741,[76]).

In this chapter, our proposed approach concentrates on mitigating the effect of

dynamic channel variations and network load by adapting selected MAC layer param-
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eters. The adaptation requires minimal modification in the MAC layer for practical
realization. While the majority of the previous techniques have singled out one pa-
rameter to adapt, the proposed ChaPLeT framework in this chapter considers multiple
parameters affecting various periods of the packet transmission cycle. We used some
known parameters, i.e. fragmentation threshold and persistence factor, and introduced
a new parameter called defer countdown to address channel condition-related through-
put degradations. For the fragmentation threshold, we proposed an enhanced adaptation
methodology supported by a closed form analytical evaluation of its effect on goodput.
We used the persistence factor in a novel way to minimize the effect of poor channel
conditions and reduce the unnecessary expansion of contention window in the colli-
sion avoidance phase. Finally, we introduced a new parameter called defer countdown
to speed up the deferral process for nodes experiencing starvation. Similar techniques
have been used in [94] to speed up access for all nodes to improve throughput in ab-
sence of competing traffic. While the proposed method of defer countdown adaptation
is similar, the intended use of adaptation differs, since we focus on using the parameter
to help avoid starvation.

Additionally, in terms of enabling service differentiation, none of the known
techniques consider the effect of channel conditions on service differentiation. We
demonstrated the possible effects of channel error and network load on service differen-

tiation, and proposed adaptations to improve service differentiation.

3.6 Conclusion

In this chapter, we presented an enhanced multi-parameter adaptation methodol-
ogy to address the impact of channel variations and network load on achieved throughput
and service differentiation in a WLAN network. Specifically, we discussed the effects
of three medium access parameters, namely fragmentation threshold, persistence factor,
and defer countdown. We described a runtime Channel-dependent Packet Level Tuning

(ChaPLeT) framework that dynamically configures the above parameters to improve
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the achieved throughput under poor channel conditions and implemented ChaPLeT on
top of the current IEEE 802.11b scheme. Using the Opnet simulation framework, we
demonstrated that by dynamically adapting these channel access parameters, we are able
to achieve significant improvement in throughput. In addition, we discussed and demon-
strated how the ChaPLeT framework can be used in a quality-enhanced WLAN network

to improve service differentiation.

The text of this chapter, in part, is based on material that has been published
in the International Symposium on Wireless Personal Multimedia Communications in
2003, (N. Ramos, D. Panigrahi, and S. Dey, “ChaPLeT: Channel-dependent Packet
Level Tuning for Service Differentiation in IEEE 802.11e”, Proceedings of Interna-
tional Symposium on Wireless Personal Multimedia Communications, vol. 3, pp. 86-90,
Yokosuka, Kanagawa, Japan, October 2003) and material published in IEEE Networks
Magazine in 2005 (N. Ramos, D. Panigrahi, and S. Dey, “Quality of Service Provi-
sioning in 802.11e Networks: Challenges, Approaches, and Future Directions”, IEEE
Networks Magazine, vol. 19, no. 4, pp. 14-20, July/August 2005). The dissertation au-
thor was the primary researcher and author, and the coauthors listed in these publications

collaborated on, or supervised the research that forms the basis for this chapter.



Chapter 4

Quality of Service Improvement
through Access Point Resource

Allocation and Scheduling Policies

4.1 Introduction

Having discussed the potential of using network adaptation at the user device
to improve energy and quality of service, we next investigate network scheduling and
resource allocation at the access point to improve quality. As discussed earlier, with the
growing availability of multimedia content, there has been a significant increase in the
use of multimedia applications over wireless networks, such as streaming video, tele-
conferencing, and voice over IP. With the popularity and technological advancements
in these two areas, there will be a need to support multimedia applications over wire-
less networks. However, the time-varying nature of wireless access and the diverse re-
quirements of multimedia applications make the task of supporting wireless multimedia
services challenging.

In this chapter, we address this problem by describing a scheduling scheme that

considers the variability of the application and the network and adjusts allocated re-
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sources based on user flow requirements. We focus on making this improvement above
the IEEE 802.11e [49] standard, which was partially described in the previous chap-
ter. The 802.11e standard provides a framework called Hybrid Coordination Function
(HCF) that multiplexes between two modes of medium access: distributed and central-
ized. With the distributed channel access scheme, each flow gains access to the channel
through a contention-based algorithm. This method, EDCA, is targeted for bursty traf-
fic flows with unknown traffic requirements. With centralized access, a polling-based
scheme is used to grant guaranteed access to traffic flows. To determine a polling sched-
ule, the centralized channel access scheme uses the flow requirements specified in the
reservation request provided by each flow at initialization. The 802.11e standard pro-
vides a reference design [95] of a scheduler that can be used in centralized access.

One major category of applications that must be supported by IEEE 802.11e is
real-time multimedia flows, such as Voice over IP (VoIP), video streaming, etc.. To pro-
vide the desired QoS using the centralized access scheme, it is critical to understand the
key characteristics of real-time multimedia flows, which depend on a number of factors,
such as the type of application, temporal variation in traffic flows, delay and throughput
requirements, efc.. An important characteristic of multimedia application is the encod-
ing type, such as Constant Bit Rate (CBR) versus Variable Bit Rate (VBR). Applications
such as quality-controlled MPEG4 or video-conferencing use VBR encoding to provide
better video quality for the same average bit rate and shorter delay. Additionally, service
providers commonly use VBR encoding of multimedia content to increase the capacity
of the network by multiplexing between different VBR flows [96] [97].

In order to meet the demands of the above real-time applications, it is critical to
implement scheduling policies that use the mechanisms provided by the 802.11e stan-
dard and provide adequate support for QoS. One possible scheduling policy for QoS
provisioning is a fixed allocation policy, where a fixed time period is given to each flow.
An example of a fixed scheduler policy is the reference scheduler, [95], which allocates
a fixed polling schedule using the averaged values specified in the reservation request,

such as mean packet size and required throughput. The reference scheduler assumes that
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real-time flows will reserve time for channel access based on their requirements during
the centralized scheme. However, depending on the application, accurate information
about requirements may not be available at the beginning of the flow’s transmission. For
example, with the use of application layer adaptation techniques, the bit rate require-
ments of a video stream change based on the congestion in the end-to-end network;
hence, it is not feasible to get accurate information at initialization. Additionally, due to
the use of averaged values in the reservation request, the reference scheduler’s time al-
location may be suitable for flows with CBR traffic but unsuitable for VBR flows. With
possible inaccuracies in received reservations and traffic variation, the reference sched-
uler may be unable to provide appropriate time allocations and lead to unacceptable
delays and impacted multimedia quality.

Rather than use the mean requirements to determine time allocation, another
fixed allocation policy is to over-provision for each flow at the reservation time. One
example of such a scheduler is one that determines time allocation based on the maxi-
mum flow requirement. Using overallocation, the scheduler can provide additional time
to improve quality for real-time flows with variable needs. Although this method im-
proves the multimedia quality, each flow is given a reservation above its needs, which
limits the number of nodes in the network and severely impacts system capacity. An al-
ternative to the reference scheduler and over-provisioning is a scheduling algorithm that
provides dynamic allocation. With this type of scheduler, the variable needs of a flow
can be identified, estimated dynamically and given additional channel access when it is
appropriate. Multimedia flows with these schedulers are given additional time appropri-
ately and achieve improved quality compared to static schedulers without impacting the
system capacity (channel utilization).

In this chapter, we present a dynamic adaptation policy to configure the polling-
based scheduling policy and associate real-time traffic flows to the contention-based
access mode. The proposed policy takes into account the possible inaccuracies in reser-
vation information, the variance in flow generation and throughput requirements, and

current system utilization. Additionally, the policy performs these adaptations with min-
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imal effects on other flows in the network. To evaluate the effectiveness of our approach,
we compare our adaptation policy with the reference design of a scheduler for 802.11e
[95] and another proposed scheduler, called Flexible HCF (FHCF). We demonstrate
that through our adaptation, we can achieve significant improvement in QoS in terms
of delay and throughput metrics. Additionally, we show the impact of the proposed
adaptation on the quality of multimedia applications and system capacity.

The rest of the chapter is organized as follows. We first describe the 802.11e
channel access schemes in detail in Section 4.2. Next, in Section 4.3, we motivate the
limitations of the current approach of allocating flows to different modes of channel ac-
cess. In Section 4.4, we present an adaptation algorithm to configure scheduling mech-
anisms and coordinate flows between two access modes. Experimental results follow
next in Section 4.5, demonstrating the effectiveness of our adaptation policy. In Section
4.6, we discuss and contrast our work with other related research efforts. Finally, we

conclude in Section 4.7.

4.2 1EEE 802.11e Background

In this section, we provide a brief description of the enhancements proposed in
IEEE 802.11e [49] to support service differentiation. The proposed standard defines
a new operational mode called the Hybrid Coordination Function (HCF). As shown
in Figure 4.1, HCF multiplexes between two modes of medium access: a distributed
contention-based approach guided by Enhanced Distributed Channel Access (EDCA),
and a centralized polling - based approach called HCF Controlled Channel Access
(HCCA). Both access functions enhance functionality of the original access methods
specified in 802.11a/b/g: Distributed Coordination Function (DCF) and Point Coordi-
nation Function (PCF). A basic concept common to the two access schemes proposed in
802.11e is the notion of a transmission opportunity (TXOP). TXOP is a bounded time
interval for which a node is allowed to transmit. While TXOPs in EDCA are decided

based on traffic flows, in HCCA, TXOPs are selected on a per-node basis.
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Figure 4.1: Hybrid Coordination Function (HCF)

4.2.1 Enhanced Distributed Channel Access

In order to support service differentiation, 802.11e improves over the legacy
802.11 Distributed Coordination Function (DCF) by providing a differentiated channel
access mechanism called EDCA. EDCA is a parameterized version of the previous dis-
tributed channel access mechanism of 802.11 and associates different channel access
parameters to different traffic flows, categorized into different classes called access cat-
egories (AC), to prioritize medium access among different flows. The prioritization in
channel access through EDCA is shown in Figure 4.2. The modified channel access

parameters are listed below:

e Arbitration Interframe Spacing (AIFS): The minimum time interval to wait be-

fore starting backoff.

o Transmission Opportunity (TXOP): The maximum duration for which the node

can transmit.

e Contention Window parameters (CW,,;, and CW,,,..): Decides the random num-

ber of slots to wait before starting transmission.

For each AC, the access parameters are decided by the Access Point (AP), and

are beaconed to the nodes in the network.

4.2.2 HCF Controlled Channel Access

In addition to prioritized channel access, the 802.11e protocol describes a cen-

tralized channel access scheme, called HCF Controlled Channel Access (HCCA), to pro-
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Figure 4.2: Enhanced Distributed Function Channel Access

vide guaranteed QoS. Figure 4.1 illustrates the channel access scheme used by 802.11e
HCCA. Similar to the legacy Point Coordination Function (PCF), HCCA uses a polling-
based mechanism, where the AP controls the medium access. The main difference be-
tween the legacy PCF and HCCA is the flexibility of when the contention-free period can
occur. The AP can begin a contention-free HCCA period if the medium has remained
idle for a PCF interframe space period, which is shorter than the minimum AIFS.

During the HCCA contention-free period, the AP polls nodes for a fixed time
duration, called TXOP, which is computed based on reservation information periodi-
cally sent to the AP by each of the flows. The TXOP for each node is initiated by a
poll request from the AP and during this period, transmissions can occur in both the
uplink and downlink directions. The periodicity, called service interval SI, is decided
based on the minimum delay requirements for all nodes present in the network. This
period allows for multiple contention-free transmissions and ends if one of the follow-
ing conditions occur: neither the AP nor the node have any packets left to transmit, the
channel idle time has exceeded the timeout period, or the time period expires. Note
that the TXOP used in HCCA differs from that used in EDCA and is determined by the
AP and calculated based on the flow requirements. The use of a fixed duration allows
the AP to limit the time allocated to each node and is bounded by the default variable
dotl I-DefaultCPTXOPlimit.
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4.2.3 Hybrid Coordination Function Scheduling

Having briefly described the distributed and centralized channel access mech-
anisms, we now describe a reference scheduler [95] presented by the IEEE 802.11e
Working Group. Nodes with strict QoS requirements send reservation requests con-
taining flow information, such as mean application data rate (p), mean packet size (L),
maximum MSDU size (M), delay bound (D), and minimum physical data rate (R).

Using this reservation request, the scheduling policy decides the periodicity and
the duration of the polls. The AP determines the minimum service interval (S7) to be
used for all of the nodes, where the SI is the time duration between successive polls
for the node. The selected S/ is the highest sub-multiple of the 802.11e beacon interval
duration that satisfies the delay requirements of each flow; i.e. the selected SI should be
less than the minimum of required service intervals of all flows. After deciding on the
SI for the flows, the AP also allocates a fixed TXOP to each flow depending on the mean

application data rate as follows.

REQ, = Lol @.1)

M;
M;
TXOP, = REQix (% +0)

where O is the overhead due to PHY and MAC headers, IFS, acknowledgment
frames, and poll frames.

The maximum time spent in HCCA for each S/ is limited by the dotl1-CAPMax
variable, and the total controlled access time in a beacon interval is limited by dotl1-
CAPRate. The above two variables limit the duration of controlled access period and
bound the effect of controlled access mode on traffic flows in contention access mode. If
the introduction of a new flow violates any of the above two requirements, the AP does

not admit additional requests.
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4.3 Motivation

Having briefly summarized the enhancements provided by 802.11e, in this sec-
tion, we describe the limitations of using a fixed allocation policy, such as the one used
in the reference scheduler, and motivate the need for new techniques to support real-time
flow requirements. First, we illustrate the need for supporting multimedia streams with
variable and unpredictable flow requirements. Next, we present a mathematical analysis
of the delay impact on flows with variable bitrate traffic using current scheduling policy.

Finally we describe the limitations of the current approaches.

4.3.1 Variable Requirements of Real-Time Flows

In order to provide support for diverse real-time multimedia applications in
WLAN, it is important to understand the service requirements and needs of these ap-
plications. In this chapter, we focus our attention on video-based applications; however,
the findings may be equally applied to other applications. In video applications, streams
can be encoded with different objectives resulting in different bitrate requirements. One
type of encoding, called Constant Bit Rate (CBR), tries to maintain the bandwidth re-
quirements of encoded streams through appropriate adjustment of compression param-
eters. However, CBR encoding results in variable quality over time in order to maintain
the constant bitrate. Another type of coding tries to maintain the quality of the encoded
multimedia through use of constant compression parameters, which leads to variable
bitrate requirements over time. Examples of common VBR encoding applications in-
clude quality-controlled MPEG4, video conferencing, video multi-casting, efc.. Service
providers commonly use VBR encoding of multimedia content to increase the capacity
of the network by multiplexing between different VBR flows [96] without impacting the
multimedia quality.

We use an example video trace to illustrate the differences between CBR and
VBR flows. Figures 4.3(a) and 4.3(b) show bitrate requirements over time of CBR and

VBR encoding of a movie (Jurassic Parks with 25 frames/sec). It can be seen from the
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Figure 4.3: Throughput Requirement Comparison between CBR and VBR flows

figures that for a VBR-encoded video, the bitrate requirements can vary widely over
time.

In addition to VBR encoding, application layer adaptation can lead to variations
in bitrate requirements over time. For example, current streaming servers dynamically
switch between different streams statically encoded at different target bitrates in order
to cope with bandwidth fluctuations in the end-to-end network. This application layer
adaptation results in dynamically changing flow requirements in a video stream. Having
shown that the flow requirements can change over time, next, we analyze the effect of

using the HCF reference scheduler with the variable traffic flows.

4.3.2 Analysis of HCF Reference Scheduling Policy

As described earlier, the reference scheduler allocates a fixed T X OP for each
flow based on mean data rate, and each flow is serviced in fixed service intervals. Al-
though this scheduling is well suited for CBR traffic, the queues of HCCA flows with
VBR traffic can build up when the requirement exceeds the mean value and eventually
lead to large delays and dropped packets.

In order to understand the limitations of the reference scheduler for VBR traffic,

we evaluate the delay of a traffic flow due to its residual queue length using the reference
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scheduler. We model the VBR traffic data rate as a Gaussian curve probability density
function with a mean and standard deviation of 1 and o respectively. The use of a
Gaussian curve to represent VBR is motivated from previous studies [98] [99].

Let = denote the queue length value in terms of number of packets and 7 be the
current service interval. We define the probability distribution function of packet arrival

and residual queue length for service interval ¢ by I N;(x) and RES;(x) respectively.

IN;(z) = (1/V2r02)  e=(F=#7)/20%) (4.2)

The residual queue length after service interval 7 is a function of the residual
queue length in the last service interval, incoming packets and packets scheduled in the

current service interval, as expressed below.

RES;(z) = f(RES;_1(x) + IN;(x),SCH;(x)) 4.3)

where SC H;(z) represent number of packets scheduled by the reference scheduler in
service interval i.

Using the reference scheduler, the number of packets serviced per SI is fixed and
is based on the T XOP given by the AP. We assume that p is the number of packets

serviced per S, i.e.

Vi SCH;(x) = impulse(p) 4.4)

Hence, the residual queue length is given by the following equation.

if RES; 1(x)+ IN;(z) <p
RES; 1(x) + IN;(x) — p otherwise

RES,(z) =

Note that the probability density function of the residual queue length is a dis-
continuous function at zero. Also, the probability of having no packets at the end of a

service interval is equal to the probability that the packets needing to be serviced, given
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by the incoming packets and the residual queue length of the previous service interval,
is less than the number of packets serviced per service interval, p.

Since the closed form of determining the probability curves of the above equa-
tions after a fixed number of service intervals is difficult due to the discontinuous func-
tion for the residual queue length, RE S;(x), we evaluated these equations using discon-
tinuous probabilistic analysis. In order to understand how the residual queue length of
a node can vary after a fixed number of service intervals, we used Matlab to input the
Gaussian probability density function with the service rate of the reference scheduler
and had the program output the probability density function of the residual queue length
after a fixed number of service intervals.

We evaluated these equations numerically considering two Gaussian inputs,

(i, 0): [(20, 5), (20, 1)], to find the probability density function of the residual queue
length of the flow. Since the 802.11e reference scheduler provisions for the mean value,
for this evaluation, we consider a service rate equal to the mean, p = pu. Figures 4.4(a)
and 4.4(b) illustrate the probability density functions of the residual queue length after
(1,25,50,100) S1s for the two Gaussian input curves respectively. Note that the curves
indicate that the expected values of the queue length after 100 S are not zero. In fact,
the expected values of the queue length for the two Gaussian inputs are 41 packets and
17 packets respectively.

With an increase in the residual queue length, the delay of each packet increases
and can potentially be larger than the tolerable delay limit. This high delay leads to
degraded video playback, such as stalls and blurs, depending on the transport protocol
used. For instance, when TCP is used, the delay in packets causes stalls due to its
reliable packet delivery mechanism. However, when UDP is used, the default packet loss
concealment technique uses the previous frame if the packet does not arrive in time. The
concealment method can lead to degraded video playback. Next, we discuss alternative

techniques in addressing variability due to VBR encoding and their limitations.
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Figure 4.4: PDF Plot of Residual Queue Length with Incoming Gaussian Input

4.3.3 Limitations of Current Approaches

A possible solution to reducing the experienced delay and residual queue length
buildup shown above is to over-provision for each flow and allocate additional time for
every service interval. One example would be to use both the mean and standard de-
viation parameters in determining the number of packets serviced per service interval.
Figure 4.5(a) and 4.5(b) illustrate the PDF of residual queue lengths of the same Gaus-
sian inputs with a modified p given by i + 0. The expected value of the residual queue
length decreases significantly. The above example illustrates that if it is possible to al-
locate more time for each flow, a queue buildup can be avoided. However, there is a
tradeoff between the number of flows that can be serviced the AP and the amount of
time allocated to each flow. In order to satisfy the VBR requirements without reducing
capacity, there is a need to allocate additional time to VBR flows dynamically.

Additionally, in the reference scheduling policy, there is another limitation. The
AP maintains a clear separation between the centralized HCCA and distributed EDCA
periods. According to the separate resource allocation schemes, the real-time flows are
not allowed to transmit using the contention based mechanism even when the load in

EDCA period is low. This leads to a poor utilization of channel resources during the
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Figure 4.5: Effect of Over-provisioning for Traffic Flow Variation

contention period, and reduces capacity and multimedia quality in HCCA flows because
of the limitations imposed by the dot11C' AP Rate and dot11CAPMazx.

An alternative to over-provisioning is to dynamically allocate time based on
monitored information. One proposed dynamic algorithm can be found in [98]. In
this work, authors observe similar limitations of the current scheduler for VBR traffic
and propose Flexible HCF (FHCF) framework to address some of the above limitations.
Briefly, the FHCF algorithm monitors queue length and expands or shrinks the TXOP
of each flow based on this information. In the case where the additional time is limited,
the algorithm divides the time between the flows in a fair manner. However, there are
a few limitations with this approach: (1) Fair division of allocated time to each of the
flows may be insufficient in providing relief for residual queue buildup, (2) Aggressive
adaptation to adjust TXOP may lead to further delays in cases where traffic variability is
high, and (3) Frequent adjustment of TXOP may interfere (high jitter) with other nodes
scheduled in the HCCA period. We present a comparison of our proposed technique
with FHCF in Section 4.5.4, and further describe these limitations. Having discussed
these various approaches and some of their limitations, we next describe our proposed

dynamic adaptation framework to address application variability.
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4.4 Adaptation Policy

We now propose a dynamic adaptation framework to improve Quality of Service
(QoS) for flows with variable requirements and address limitations described in the pre-
vious section. We begin by describing the goal of the system, summarizing the overall
adaptation approach, and finally, discussing the details of the adaptation algorithm and

framework.

4.4.1 Problem Statement and Goal

To improve the QoS for multimedia flows, the goal of the adaptation is to min-
imize the aggregated utility value of the experienced packet delay. We can express this

objective by the following equation,
min (Uncca) = min (Y Uj(d;)) (4.5)

where j represents the node index, d; is the average packet delay experienced by node
7, and N is the total number of nodes.

Since the experienced packet delay for a flow is a function of the residual packet
queue size, we specifically look at minimizing the utility of the aggregated residual

queue size in each service interval.

N
min (Ugcca) = min ZUJ res;)) (4.6)
7j=1

where res; represents average residual packet queue size for node j.

The overall approach of our algorithm is to minimize the residual queue size
by dynamically configuring the polling schedule in the HCCA period, called HCCA
Allocation, and selectively allowing real-time flows to transmit in the EDCA period if

needed, called EDCA Mapping.
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HCCA Allocation

The goal of HCCA allocation is to determine a polling schedule so as to meet
the objective expressed by Equation 4.6. The polling schedule can be expressed as
[(PU,,PTXOP),... (PU,PTXOP,),... (PUr,PTXOPr)], where PU,and PT XOP,
represent the index of the node being polled and the TXOP allocated for the [** poll
respectively, and 7" is the maximum number of polls. The mean time requested for each
flow j is denoted as 7" X RE(Q);, and the time allocated for each flow in a service interval,
called T XOP; can be expressed as

T

TXOP;= Y  PTXOP, (4.7)

V(l)wherePU;=j

We assume that the polling schedule solution should meet the constraints inher-
ent to the reference scheduler; (1) the total time allocated must be less than the total time
available in each service interval, (2) each node must be polled at least once during the
HCCA time period and polling times are non-overlapping, and (3) the time allocated to
each node must be greater than or equal to the flow’s requested mean requirements. The

above constraints can be expressed by the following equations.

N
> " TX0P; < MAX_POLL-PERIOD (4.8)

j=1
Y(j) 3(PU)) s.t. PU, = j (4.9)
TXOP; > TXREQ; (4.10)

In the above equations, MAX_POLL_PERIOD denotes the maximum polling
duration available in each service interval determined by the dot11-CAPMax and dotl 1-

CAPRate settings.

EDCA Mapping

In addition to allocating available time in HCCA period, we consider the case

when there is no time available for reallocation in the HCCA period. The current HCF



78

framework assumes that the real-time flows will only send packets in their allocated
time. However, by selectively allowing some flows into the EDCA period, we attempt
to decrease the queue buildup when increasing 7XOP; is not possible in the HCCA
period.

The objective of EDCA Mapping is to select the flows, expressed by S, that
can benefit from additional time in EDCA with the constraint that the impact on the
EDCA flows due to the additional real-time flow is minimal. We need to understand the
tradeoff between the benefits of HCCA delay reduction and negative impact on EDCA

flows. This goal is to select the set can be expressed by the following expression:

max (Usys) = max (U(Y_ B, »_ Ci)) (4.11)

mesS meS

where B,, represents the total benefit in terms of the reduction in delay for node m,
and ), represents the cost of mapping node m in EDCA. Mainly, C,, is the impact
on EDCA flows that can be given in terms of throughput, congestion, and increased

collision.

4.4.2 Overall Approach

Having described the goals of our adaptation, we now describe our overall ap-
proach and state our assumptions. First, we assume that the AP uses the reference
scheduler to determine the initial polling schedule. With this scheme, the AP receives
reservation requests, schedules the appropriate transmission opportunities to each node
in the network, and polls all nodes using a fixed service interval, as defined by [95] and
described in Section 4.2.

Hence for each flow j, the following parameters are determined: the original
service time based on the reservation request, 7'X RE'();, and a polling slot PUj for the
node j. Note that using the original scheduler TXOP; = TXREQ; = PTXOR,
meaning the total transmission opportunity allocated to node j is equal to the mean

service time TX RE(Q); and PU; = j. Additionally, each flow is limited to one poll
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during one service interval. In other words,

Z PU, =1 (4.12)

V(l)wherePU;=j

With these assumptions, the ideal queue size for flows scheduled in HCCA af-
ter each service interval, S/, is zero. We assume that flows that have been scheduled
in HCCA only send packets in the polling-based period and that the remaining flows
without reservations are restricted to sending in the EDCA period. In addition, all flows
provide queue size information to the AP using the control field of the 802.11e packet
header. Finally, a real-time flow can be notified of the possibility of transmitting in the

EDCA period.
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Figure 4.6: Illustration of Adaptation Algorithm: HCCA Allocation and EDCA Map-

ping

We next discuss our algorithm in greater detail. Figure 4.6 illustrates the overall
policy of our adaptation. The top figure illustrates the adaptation algorithm for HCCA
allocation. Without adaptation, flow ¢, j, and k are given the appropriate 7' X O P val-
ues. However, flow ¢ is in greater need of more time and since time is available in
HCCA, extra time is allocated to flow ¢ with adaptation. The bottom figure of Fig-
ure 4.6 summarizes the EDCA mapping algorithm. In this figure, there are four flows
1, J, k, and [ and node ¢ is again in greater need of more time. Unlike the previous

case, there is no additional time available in the HCCA period, which is limited by
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the MAX _POLL_PERIOD. Hence, our algorithm encourages flow ¢ to send in the
EDCA period depending on the estimated load in the EDCA period. To provide more
details on how we modify channel access privileges and allocate additional time for

flows, we answer the following questions:

1. How do we recognize which flows need to be adapted and select between flows

in a fair manner?

2. How should we perform HCCA allocation so as to minimize the effects on other

flows in the network?

3. What are the acceptable conditions to run the EDCA mapping adaptation and

when should it be run?

Determining Flows to be Adapted

We begin with describing how flows are selected for adaptation in the proposed
algorithm. Briefly, the flows are sorted based on an adaptation priority, ap;, which is
calculated based on the following metrics; a flow’s current need for time allocation, es-
timated variability, delay tolerance, and last adaptation time. In order to insure fairness,
the algorithm uses a weighted round-robin selection scheme based on these priorities,
ap;, to determine which flow will be selected for adaptation.

We now describe the different factors used to calculate the adaptation priority,
ap;. The first metric that is considered is a flow’s current need for time allocation.
Mainly, the algorithm wants to understand how each node is performing given their
original transmission allocation. This metric is given by the flow’s utility value, which
calculates the number of service intervals needed for a flow to empty its current queue
size. Using the flow’s residual queue size, res;, original time allocation, T X RE(Q);,
and physical data rate, I?;, one definition of the utility function can be given with the

following equation,
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uj = (res;/(R; * TXREQ);))? (4.13)

To meet the end goal of minimizing overall delay described in Section 4.4.1,
the algorithm must serve the nodes that are in greater need of resources and additional
time allocation. One approach in determining a node’s adaptation priority would be to
base it solely on the impact of the adaptation on reducing its current utility value, i.e.
ap; = Au;. With this approach, the algorithm would provide additional time to the flow
with the highest potential delay. However, this may be the incorrect prioritization if we
consider the possibility that a flow j is experiencing delays not based on its variability
but because of other reasons, such as channel conditions or incorrect reservation request.
With ap; = Awu;, we may be allocating additional time to a flow whose requirements
cannot be met by occasional time allocation and preventing other variable nodes in need
from being adapted.

The next metric we consider for ap; is the estimated flow variability in order to
avoid this problem. Mainly, the algorithm estimates the variability of the traffic flow to
insure that the time allocation given by the adaptation will be beneficial for the node.
The variability of a flow and the extent of its variability can be calculated using two
methods. The first is dependent on the reservation request, where the variability of
a flow is determined by directly using information about their variability sent in their
reservation request. The second option is to estimate the residual queue variance using
the monitored value of res; over a time period. We compute the estimated residual
queue variance weight, rquv; (0 < rqu; < 1), using the standard deviation, 0,.;, of res;
and comparing with the mean residual queue size, 1i,.5; over a fixed duration, as given

in the following equation.

rqvj = min (0—resj/ﬂresj7 1) (414)

Note that larger standard deviation means a larger variance in the traffic profile.

Having explained how a; incorporates the utility value, u;, and estimated resid-
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ual queue variance, rqv;, we now motivate the use of the tolerable delay limit of a flow,
D, as an additional metric. If we sort the nodes using a; calculated solely based on u;
and rqu;, we could potentially allocate time to a node that had the highest variability
and the greatest need for time allocation, but actually had the highest tolerable delay
limit. In this case, since it could have tolerated the experienced delay, the adaptation
would give this node additional time unnecessarily. To address this, our third metric
is the node’s delay limit and we use the inverse ratio of a node’s delay, 1/D;, to help
prioritize flows that are less tolerable to delay.

We finally consider an additional factor in calculating a; to make the adaptation
fairer for all nodes. Let us consider a scenario where all the additional time is allocated
to one HCCA flow because it has the highest variability, the greatest need for adaptation,
and the lowest tolerable delay limit. In such a scenario, we risk the chance of an unfair
allocation, where a node is able to monopolize the additional time available by adapta-
tion algorithm. In order to prevent this, we added our final metric based on a node’s last
adaptation time, called the duration of last adaptation, dla;. This duration is calculated
using the current time and the last time the flow was last adapted. With this factor, the
algorithm prioritizes nodes that have not been recently adapted.

Hence, using these four independent metrics and giving them equal weights, the

adaptation priority of a node, a; is determined by the following equation,

a; = (dlaj * rquj * Au;)/D; (4.15)

These priority values are used to sort the flows and determine which node has

higher priority to being selected by the adaptation in its weighted round-robin scheme.

HCCA Allocation

Upon deciding which flows need to be adapted, the algorithm needs to decide
whether it is possible and beneficial to allocate additional time and modify channel

access privileges. For HCCA allocation to be possible, there has to be sufficient time
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remaining in HCCA for the flow to be polled, i.e., after T XOPF; has been adjusted,
Zf:l TXOP; < MAX_POLL_PERIOD constraint should still hold.

In our scheme, as shown in Figure 4.6, we allocate additional time by re-polling
the flow ¢ after all previously scheduled flows have been polled. We maintain the original
polling list and hence, between polls 1 to /V, the nodes scheduled, i.e. PU; to PU}y, and
the time allocated are left fixed. However, for the remaining polls, from N + 1 to T, we
select flows that have been identified as possible VBR flows and allocate the appropriate
T X OP; for these flows.

We use this approach rather than extend the time duration for the flow in order
to avoid unnecessary delays for other flows scheduled in HCCA. Recall that the FHCF
scheme discussed earlier in Section 4.3 configures the fixed 7".X O P; of a node in a poll,
by adjusting the PT' X OP, for flow j starting at poll [, where PU; = j. With this ap-
proach, other flows may be delayed due to additional time allocation to flows scheduled
prior to them. By maintaining the original schedule, we avoid affecting other flows.
Although there is an extra overhead of the additional poll, this overhead is minimal and
only consists of a poll frame and a STF'S period. Additionally, the FHCF algorithm
attempts to take advantage of the “lag” of a flow by reducing the 7"X O P; of the node.
Although this can provide for more allocation time, this reduction means that at some
intervals, the allocated time is less than the requested time, i.e. TXOP; < TXREQ);.
This may violate the assumption that the flow will have at least the mean requirement re-
served for each service interval. Although the FHCF algorithm eventually adjusts for the
additional time when needed, the change may lead to a constant oscillation in allocated

time.

EDCA Mapping

In the case where additional allocation is not possible because of limited time
in the HCCA period, another method used to minimize the residual queue size is to

encourage flows to send during the EDCA period, as shown in Figure 4.6, where node ¢
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is allowed to send in EDCA. Since EDCA uses a distributed channel access scheme, the
adaptation does not guarantee a flow with fixed time in EDCA but provides a signal to
guide a flow to compete for the channel in EDCA. One consideration of this adaptation
is the negative impact, C;, on the flows in EDCA due to the mapping of node j. If an
HCCA flow is encouraged to send in EDCA when the network is congested, the traffic
flow may suffer from retransmissions due to collision and cause negative effects on other
traffic flows. Hence, to avoid such problems, the network load must be estimated by the
AP. Once the load estimation is performed, the selection of flows to be mapped in the
EDCA period is decided by the priorities described earlier in Section 4.4.2

In our approach, the network load is estimated using two statistics: utilization
ratio and collision ratio. The AP calculates the utilization by monitoring the time used
in EDCA, summing the transmission durations of successfully received packets over
the total time available. Although the utilization ratio is a good indicator of the net-
work load under low load conditions, the value saturates as the load increases due to
collisions. Under such conditions, we additionally use a collision metric that is deter-
mined by averaging the number of retransmissions that occur over the EDCA period
over the total number of packets sent. Since collisions can be caused by poor channel
conditions, it cannot be solely used as a metric to determine load since the collision
ratio may be skewed by transmission errors caused by a poor channel. Additionally,
certain nodes may be experiencing poorer channel conditions than others. If needed,
to counter this problem, the collision ratio can be adjusted using weights based on ob-
served retransmissions for each unique EDCA flow. In other words, if the AP observes
high retransmissions for a particular flow, the AP can decrease the impact of that flow’s
collisions on the overall collision ratio. However, for the sake of simplicity, we assume
that the collision ratio is not impacted by poor channel conditions. Experiments on the
utilization ratio and collision ratio can be found in Section 4.5.

In our proposed adaptation scheme, after a fixed number of SIs, we compare the
current utilization and collision metrics with preset threshold values, determined based

on monitored values, and decide on whether it is appropriate to map additional VBR
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flows to the EDCA period. This is to minimize the impact on EDCA flows and avoid
additional collisions experienced by the introduced VBR flow. Note that determining the
actual cost of EDCA mapping for the utility value described in Section 4.4.1 is difficult
prior to adaptation. However, since the cost of the adaptation is proportional to the
estimated load in EDCA, i.e. the cost is high when the load is high, the load estimation
is used before the adaptation as a heuristic function to decide when the adaptation is
performed. After performing the EDCA mapping, we need a performance metric that
allows us to understand the impact of the adaptation. One possible metric for evaluating

the cost and benefit after the adaptation can be given by the following equation.

U Bu, Y Cu) = (i max (dl;/d;, 1)) /2N + (fj max (&;/tr;, 1)) /2M (4.16)
mes mes j=1 i=1

Mainly, in this equation, we calculate the inverse ratio of the delay experienced,
d;, to the maximum delay limit, dl;, for all of the HCCA flows, /N, and determine
the average inverse delay ratio of an HCCA flow. We next calculate the ratio of the
throughput experienced, ¢;, to the throughput required, ¢r;, for all the EDCA flows,
M, and determine the average throughput ratio of an EDCA flows. The utility value
factors both the impact of the EDCA mapping on HCCA delay and the impact on EDCA

throughput evenly.

4.4.3 Adaptation Algorithm and Framework

After having described our overall approach, we provide further details of the
algorithm. The pseudocode of the overall adaptation is provided in Figure 4.7, with fur-
ther details of the coordination summarized in Figure 4.8. The first step of the algorithm
is to monitor the current network conditions. In this step, we need to determine the esti-
mated load in EDCA. As described earlier, we do this by calculating the utilization and
collision ratios. The AP then proceeds with the original polling schedule and updates

the queue statistics accordingly. After having finished polling the original schedule, the
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algorithm then allocates additional time in the HCCA scheduling period. By calculating
the available time in HCCA (hcca_slack), the algorithm determines iteratively if there
is available time to schedule in HCCA. The selection process of the flows is based on
the weights described earlier in this section. We estimate the flow variability, the utility
value given the residual queue size, data rate, and given time allocation, the maximum
delay, and the last adaptation time. We next sort the flows according to these factors. In
the case where the HCCA period is unable to support additional polling and there are
remaining HCCA flows in need of additional scheduling, the AP explicitly signals to
the selected real-time flow to send during the EDCA period, depending on the estimated
load.

/% Performed every service interval */

AP_schedule() {
/*Monitor network conditions*/
SCHED_EDCA_OK = monitor();
/*Perform original polling schedule and update stats*/
original _schedule_poll();
/*Decide if additional nodes need to be polled*/
coordinate_hcca_edca(SCHED_EDCA_OK);

Figure 4.7: Overall Adaptation Pseudocode for Improved Time Allocation for Real-

Time Applications

/*Evaluates hcca and edca to determine nodes to adapt®/
coordinate_hcca_edca(SCHED_EDCA_OK) {
/*Determine leftover space, assume hcca_slack™/
if (hcca_slack >= avgTXOP) {
/¥First deal with hcca and sort according to weights*/
/*Returns list of flows needing to be scheduled*/
sorted_hcca_list = sort_priorities(hcca-flows);
/*We break if there is no more space and/or
all the nodes have been satisfied”/
while (hcca_slack > avgTXOP &&
sorted_hcca_list != NULL) {
/*Adds next node in sorted_hcca_list for polling™/
schedule_hcca_flow(sorted_hcca_list);
update_hcca_slack();

}

/¥We check to see if all hcca nodes are finished™/
if (sorted_hcca_list |= NULL) {
/*Based on load, signal additional flows for EDCA*/
if (SCHED_EDCA_OK)
signal _EDCA (sorted_hcca_list);
}
}

Figure 4.8: HCCA Allocation and EDCA Mapping Adaptation Pseudocode
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Finally, in order to run the described dynamic adaptation, we implement an adap-
tation framework consisting of two main functional components: monitor and adaptor,
as shown in Figure 4.9. The monitor tracks the current conditions in both the HCCA and
EDCA periods. Additionally, it provides the adaptor with the flow weights and load in-
formation of the two periods, through a number of tracked statistics. Using these values
and information given by the monitor, the adaptor decides which flows can benefit from
the adaptation, and when and how the flows can be nodes can be provided additional

time.
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Figure 4.9: Scheduling and Resource Allocation Adaptation Framework

Having described the adaptation algorithm, in the next section, we evaluate the
performance of the proposed adaptation framework and compare with other known tech-

niques.

4.5 Experimental Results

In this section, we present the experimental evaluation of our adaptation frame-
work over a diverse set of multimedia traffic profiles and network load. We begin by
briefly describing the system configuration. Next, we evaluate the improvement in per-

formance due to HCCA flow reallocation in both the HCCA and EDCA periods. We
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then present a comparison of the framework with the Flexible HCF (FHCF) mechanism,
proposed in [98] and finally, we describe the effect of the adaptations on the quality of

the video and overall system capacity.

4.5.1 System Configuration

To understand the experimental results, in this subsection, we describe the sim-
ulation setup and system parameters, as well as 802.11e parameters. Next, we describe
the application profiles, summarizing both the profiles of model-based modeling and
trace-based modeling of multimedia applications. Finally, we summarize the perfor-

mance metric used in our experiments for both HCCA allocation and EDCA mapping.

Simulation Setup

For our experiments, we used the Opnet simulation environment [84]. We mod-
ified the IEEE 802.11b MAC layer models to incorporate HCCA and EDCA service
differentiation, as presented in the IEEE 802.11e standard. We have validated our im-
plementation of 802.11e with other known models and the default characteristics of the

simulated wireless network are listed in Table 4.1.

Table 4.1: Simulation Parameter Settings

Parameter Value
PHY Rate 11 Mb/s
Beacon Interval 100 ms
Fragmentation Threshold | 1024 bytes
RTS Threshold 1024 bytes
SIFS 10 us
DIFS 50 us
PIFS 30 us
SlotTime 20 us

In our network configuration, we assume that each node is associated with only

one flow and remains at a fixed location that is distributed uniformly in the area of 300m
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x 300m, i.e. the range of an access point. The number of nodes in each of the simulation
runs varies and will be listed in the individual result descriptions. For simplicity, we have
assumed in our simulations that each node is experiencing similar network conditions,
leading to the same PHY rate. In the experiments presented in this chapter, the physical
rate is set to 11 Mbps. We believe that the observations and results would be similar
under different physical data rates.

In addition to the link access parameters, there were additional parameters that
were used for the 802.11e enhancements in HCCA and EDCA. Some of the param-
eters for EDCA include the contention window range, given by C'W,,,;,, and CW,,..,
the transmission opportunity per node, TXOP, and the Arbitration Interframe Spacing,
AIFS. The main parameters for HCCA include specifying the fraction of the Contention-
free Access Period (CAP) using the dotl1-CAPRate, as well as determining the max-
imum CAP duration and default TXOP for flows with the dot11-CAPMax and dot11-
DefaultCPTXOPLimit parameters respectively. The above parameters and their values
are listed in Table 4.2. The EDCA parameters are listed for four access categories,

namely background, best effort, video, and voice traffic.

Table 4.2: EDCA and HCCA Parameter Settings

EDCA Parameters Access Category Values
ACBK | AC.BE | AC_VI | AC_VO
TXOP (us) 0 0 6016 3264
AIFS 7 3 2 2
CWin 31 31 15 7
CWonaz 1023 1023 31 15
HCCA Parameters Value
dot11-DefaultCPTXOPLimit 2000 us
dot11-CAPRate 21 us
dot11-CAPMax 8000 us

For our experiments, we assume that all the nodes that access the channel during
EDCA belong to the best effort (AC_BE) access category. Note that the choice of AC

for the EDCA nodes in these simulations does not impact the time allocation for the



90

nodes adapted in HCCA, which is the main focus of the proposed adaptation and does
not negatively impact the results of the experiments. Additionally, we maintain fixed

values for the EDCA parameters in our experiments.

Application Profiles

Having described the overall network configuration, we now describe two types
of application profiles used in our experiments, namely model-based profiles and trace-
based profiles. Model-based application profiles are generated using a distribution with
a given mean data rate and a standard deviation. By changing the standard deviation, we
provide a method of changing the variability of the application traffic to model Variable
Bit Rate (VBR)-encoded traffic. For most of the model-based experiments, we looked
at a normal distribution for the application traffic, which has been used in previous
studies, to represent VBR traffic. We also evaluated the performance of the reference
scheduler and proposed adaptation in the case of a uniform distribution and generate
the application traffic, using the Opnet application and profile configuration to set the
packet size and inter-packet arrival time. Table 4.3 summarizes the various model-based
application profiles and characteristics used in our experiments. For each profile, we
present the distribution used to generate the profile, mean bandwidth requirement, and
standard deviation of bandwidth. Note the table includes the profile used for EDCA

flows in all the scenarios that consists of a fixed data rate of 256 kb/s.

Table 4.3: Model-Based Application Profiles

Profile | Distribution Data Rate (kb/s)
Name | Type Mean | Standard Deviation
N1 Normal 300 60

N2 Normal 300 100

N3 Normal 300 180

Ul Uniform 300 60

U2 Uniform 300 100

U3 Uniform 300 180

EDCA | Constant 256 —




91

The second type of profile used in our experiments is collected from real applica-
tion traces. In order to evaluate how the proposed adaptation performs on actual traces of
VBR and CBR encoded sources, we incorporated various packet traces of H.263 video
streams collected from [44], using the actual packet sizes and interframe packet time of
the video in the simulations. We summarize the various application profiles used in our
evaluation in Table 4.4 and for each profile, we present the data rate requirement (mean

and standard deviation), mean packet size, and delay requirements.

Table 4.4: Trace-Based Application Profiles and Characteristics

Profile Data Rate (kb/s) Mean Packet Delay

Name Mean | Standard Deviation | Size (bytes) | Required (ms)
Videol _VBR | 445 282 4000 60
Videol CBR | 445 20 4450 60
Video2_CBR 256 26 1024 60
Video3_VBR | 340 90 1700 60
EDCA 256 - 512 -

As seen in the above table, we looked at mainly three video sources, Videol-3.
Videol is the video trace of Jurassic Park at 25 frames/sec, encoded using Variable Bit
Rate and Constant Bit Rate. The difference in the trace properties can be seen in the
table above in the standard deviation. In one of our experiments, we partition Videol
into various segments and evaluate the adaptation over these sequences. Details about
these particular sequences will be provided in the later sections. Video2 is primarily
a CBR traffic flow that is used as additional load scheduled in HCCA in some of the
experiments. For Video3, the application profile is of a shorter video sequence, called
GlobalMedia, used in the application quality assessment in Section 4.5.5. Each of the

video profiles has a maximum tolerable delay requirement of 60 ms.

Performance Metrics

In this subsection, we briefly summarize the performance metrics used in our

experimental results. Primarily, for the real-time application traffic, we use the average
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packet delay as the metric of evaluation, since the packet delay can directly impact
the QoS experienced. In some of the experiments, we plot the cumulative distribution
function (CDF) of the packet delay in order to present the statistical distribution of
the experienced delay. For nodes with EDCA traffic, the performance metric for these
nodes is average packet throughput. Specifically, we present the percentage throughput
degradation of EDCA throughput when EDCA mapping occurs. Finally, in simulations
where we are evaluating the impact of the adaptation on the node being given additional
time, as well as the nodes using EDCA, we use the utility function described in Section
4.4.2 that combines the ratio of required throughput to experienced throughput of all the

EDCA flows and the ratio of required delay of the HCCA flow to the experienced delay.

4.5.2 Evaluation of HCCA Allocation

In this subsection, we perform four groups of experiments to show the effec-
tiveness of our HCCA allocation. We start with understanding the limitations of the
reference scheduler and looking at the impact of the proposed adaptation on one VBR
node. Next, we evaluate the impact of variability on the experienced delay and the adap-
tation using model-based application profiles. After looking at model-based profiles, we
focus our attention on evaluating four actual trace-based application profiles and under-
standing the effectiveness of the adaptation. Finally, we look at the impact of multiple

flows for one model-based and one trace-based application profile.

Impact of HCCA Allocation on VBR Flow Performance

Before evaluating our proposed adaptation, we begin by illustrating the limita-
tions of the reference scheduler for VBR traffic. For comparing the performance of the
algorithms, we investigate the impact of scheduling policies in a scenario consisting of
one node with the Videol application trace. We assume the node has been allocated its
mean data rate of 445 kb/s by the reference scheduler and observe how the reference

scheduler performs with the CBR application profile (Videol _CBR) shown in Figure
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4.3(a) and VBR application profile (Videol "VBR) shown in Figure 4.3(b). Finally, we
look at the potential of using the proposed adaptation on the VBR profile. For each
scenario, we show the bandwidth allocation given to each node (in kb/s), the node’s
residual queue length (in packets), and the CDF plot of the delay experienced over the

duration of the simulation.
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Figure 4.10: CBR Flow Performance with Reference Scheduler

We begin with the Videol _CBR application trace, which has a mean of 445 kb/s
and a standard deviation of 20 kb/s. Using the reference scheduler, time is allocated
based on the mean data rate requested by the node. Figure 4.10(a) illustrates the band-
width allocation and shows that the node is given 445 kb/s based on its requirements.

With this allocation, the CBR flow does not experience any residual queue buildup and
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the queue size remains low with approximately one packet left in the queue (less than 20
Kb) throughout the simulation, as can be seen in Figure 4.10(b). Figure 4.10(c) shows
the CDF plot of the delay experienced by the CBR flow given the reference scheduler’s
time allocation. Since the node does not experience high residual queue lengths, the

delay experienced is low and well within the desired delay limit of 60 ms, as shown in

the figure.
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Figure 4.11: VBR Flow Performance with Reference Scheduler

Having looked at a CBR flow, we look at the impact of the same allocation on an
application traffic flow encoded using VBR. Using the application trace of Videol "VBR,
which has the same data rate as the CBR node (445 kb/s) but a higher standard devi-

ation of 282 kb/s, we can see in Figure 4.11(a) that the bandwidth allocation given by
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the reference scheduler varies over time but is limited to the mean data rate. With this
allocation, we can see in Figure 4.11(b) that unlike in the CBR case, the node experi-
ences a high residual queue buildup, indicating the need for additional time allocation.
The time allocation given by the reference scheduler for Videol is inadequate due to
its higher variability. The consequence of this high queue buildup can be seen in CDF
of the experienced delay, illustrated in Figure 4.11(c). Note that the delay experienced
significantly exceeds the maximum tolerable delay of Videol, i.e. 60% of the packets

experience delays higher than 60 ms.
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Figure 4.12: VBR Flow Performance with Proposed Adaptation

We next evaluate the performance of the proposed algorithm using dynamic time

allocation of resources. The proposed adaptation allocates additional time appropriately
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based on the monitored residual queue size. Figure 4.12(a) shows the additional alloca-
tion provided with the proposed adaptation mechanism. Note that through the realloca-
tion of the remaining time of the HCCA period to the VBR traffic flows during critical
periods (around 20 sec), the adaptation algorithm is able to relieve the queue and pre-
vent a high buildup, i.e. maximum of 3 packets (queue size of 18 Kb) as opposed to
80 (queue size of 1.2 Mb) without adaptation. Figures 4.12(b) and 4.12(c) illustrate the
queue size and experienced delay respectively using the algorithm’s time allocation in
HCCA. As can be seen from the graphs, the proposed algorithm can significantly reduce
the delay experienced by the HCCA flow and hence, the algorithm can avoid exceeding
the maximum delay and decrease the packet loss experienced by the flow. For instance,

90% of the packets transmitted fall within the tolerable delay limit.

Adaptation Performance Under Different VBR Variability

Having looked at the impact on one VBR application profile, we next evaluate
our adaptation algorithm for VBR flows with different variability. For this evaluation,
we look at a model-based application profile for one VBR flow and the effect of the
algorithm given a specific variability and distribution type. We record the average delay
experienced by one VBR flow over a period of three minutes, using the model-based
application profiles, with the reference scheduler and our adaptation. For each profile,
we performed five simulation runs and calculated the average delay over the five runs.
We found the standard deviation for the mean delay across our sample runs with our
adaptation was less than 5%. Table 4.5 shows the results of our evaluation for both the
normal and uniform distribution profiles. For each video profile, we present the data
rate requirement and the delay with and without adaptation.

The table indicates that with the reference scheduler, the experienced delays
without adaptation increase as the standard deviation increases. For example, from N1
to N3, the delay increases from 209 to 467 ms and from Ul to U3, the delay increases

from 159 to 286 ms. Hence, the reference scheduler becomes more limited in providing
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Table 4.5: Effect of Video Variability on Adaptation

Profile Data Rate (kb/s) Delay (ms)

Name | Mean | Standard Deviation | Without Adaptation | With Adaptation
N1 300 60 209 39
N2 300 90 385 39
N3 300 180 467 38
Ul 300 60 159 42
U2 300 90 188 39
U3 300 180 286 39

adequate time allocation with greater variability. Additionally, from the table, it can be
seen that the reference scheduler performs better with a uniform distribution of packets
than a normal distribution. Mainly, the uniform distribution provides appropriate slack
for the scheduler to better allocate time for the VBR flow. It is important to observe that
the delay with the reference scheduler still exceeds the tolerated delay of 60 ms, even
when the data rate variability follows a uniform distribution.

Using the proposed adaptation of HCCA allocation, we can see that for both
the normal and uniform distribution, the adaptation algorithm is able to decrease the
experienced delay significantly so that it falls within the delay bounds and remain about
the same, around 40 ms, independent of the variance. By dynamically monitoring the
queue size, the algorithm is able to handle the observed variance and maintain a tolerable

packet delay.

Adaptation Performance Using Trace-Based Application Profiles

For the next set of experiments, to understand how the proposed algorithm works
in the case of real application traces, we look at four different trace-based application
profiles. In particular, we look at four two minute sequences of the Videol "VBR flow
and show the data rate requirement for each of the profiles in Figures 4.13(a), 4.13(b),
4.13(c), and 4.13(d) over a two minute duration. Additionally, we provide summarized

statistics (mean data rate and standard deviation) for each of the profiles in Table 4.6.
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Looking at the profiles, we can see that the bandwidth experienced in Videol_1
remains for the most part below the mean with occasional exceptions at around 25 and
40 seconds. Videol 2 and Videol 3 are highly varying with multiple periods where
the bandwidth requirement is significantly higher than the requested data rate. The
maximum requested bandwidth for Videol_2 is at around 900 kb/s near 80 seconds and
for Videol_3, the maximum bandwidth is 1 Mb/s near 70 seconds. Finally, we look at
Videol 4 profile, and observe a very high variance throughout the two minute duration.
The standard deviation to mean data rate ratio is significantly higher with this profile
compared to the other profiles and the maximum bandwidth required is near 1.4 Mb/s

earlier at around 25 seconds.

Table 4.6: Experienced Delay of Trace-Based Application Profiles with Adaptation

Profile Data Rate (kb/s) Standard Delay (ms)

Name Mean | Standard Deviation Without With
Deviation | to Mean Ratio | Adaptation | Adaptation

Videol_1 330 85 0.254 614 19

Videol 2 409 154 0.374 1854 38

Videol_3 422 146 0.346 1999 63

Videol 4 349 240 0.688 1558 121

Having looked closely at these four profiles, we now present the corresponding
experienced delay with and without adaptation and also the standard deviation to mean
ratio of each of the application flows in Table 4.6. We start by looking at the delay ex-
perienced without adaptation for the four video profiles and observe that for all profiles,
the delay experienced is higher than the maximum tolerable delay. We also observe that
the average delay without adaptation depends on the range of variability observed and
temporal properties of variation, i.e. the time duration where the demand exceeds the
mean requirements. For instance, Videol _1 has low variability with a standard deviation
to mean ratio of 0.254 and therefore, it experiences the lowest delay with the reference
scheduler allocation. We also can observe from the table that although Videol_2 and

Videol _3 have similar variability, the average delay experienced by Videol _3 is slightly
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higher than Videol_2. The difference between the experienced delay is caused by the
higher application demand of Videol_3 than Videol_2. From the profile graphs of both
videos, Videol_3 has more and higher peaks for its application demand than Videol 2.
Finally, we look at the delay experienced by Videol 4 without adaptation. From the
table, we see that although Videol_4 has the highest variability, the delay is not the
highest. This can be explained by looking at the mean data rate over the simulated pe-
riod. Since the average requirement of this flow is less than the mean allocation, the
reference scheduler, despite the variation, is able to relieve the queue of excess pack-
ets when the flow demand is lower than the time allocated. In this scenario, the higher
variation in Videol 4 in combination with the lower mean allow this video profile to
experience less of a delay than Videol_2 and Videol _3.

Having seen that the desired delay cannot be met with the allocated time given
by the reference scheduler, we describe the results obtained with adaptation. As can be
seen in Table 4.6, there is a significant delay improvement achieved through the use of
the adaptation. With adaptation, the trend of the delay is dependent on the range of the
variability, temporal variability, and allocation restrictions. For instance, the adaptation
provides the lowest delay, 19 ms, to Videol_1, which has the lowest variability and low-
est average data rate demand. Similarly, Videol_2 is able to maintain a delay within the
tolerable delay limit using the adaptation. For Videol_3, we observe a significant delay
reduction but observe that the flow experiences an average delay higher than Videol_2
with the adaptation. This is mainly caused by the configured polling restrictions of the
system, i.e. a limit on the additional time allocation per service interval. In this eval-
uation, we have assumed that at most one additional poll is allowed for each flow in a
given service interval. Hence, in the periods where Videol_3 has the higher data rate
requirements, our polling restriction limits the adaptation’s ability to reduce the average
delay below the tolerable delay limit. Similar behavior can be observed in Videol 4,
where the observed delay is higher because of the extremely high requirements early
in the simulation. We believe that the impact of the adaptation can be improved by

allowing more than one poll per service interval and this parameter can be configured
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appropriately to support traffic flows with widely varying requirements.

Adaptation Performance with Multiple VBR Nodes

Next, we look at the impact of the adaptation when there are multiple VBR
flows. We consider two application profiles, first looking at a model-based application
and then looking at a trace-based application. In the topology, we consider one CBR
flow (Video2_CBR) scheduled in HCCA and vary the number of HCCA flows with
VBR traffic from one to sixteen flows, using N2 (mean-300 kb/s, standard deviation-
100 kb/s) for the model-based and Videol _VBR for the trace-based application. For
these experiments, the objective is to see how the adaptation performs when there are
multiple VBR nodes being adapted.

Table 4.7 presents the results of our evaluation in terms of the delay experience
averaged over the model-based HCCA flows considered. Looking at the delay without
adaptation, we can see that the performance remains similar as we increase the number
of nodes from two to sixteen. This is expected because the reference scheduler pro-
vides guaranteed time allocation per service interval. Without the proposed adaptation,
it can be seen that as the number of nodes increases, the average delay experienced by
the nodes increases slightly. Although the adaptation is able to reduce the delay signif-
icantly, in the case where are many nodes, i.e. sixteen nodes, the experienced delay is

higher due to lack of time in HCCA for additional allocation.

Table 4.7: Effect of Adaptation on Delay of Multiple HCCA Model-Based VBR Nodes

Number of Delay (ms)

VBR Flows | Without Adaptation | With Adaptation
2 234 39
4 236 39
8 238 40
12 239 41
16 246 54

In terms of a trace-based application profile, we use the Videol VBR profile
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and observe the improvement achievable with and without the adaptation. Table 4.8
presents the results of our evaluation. Without adaptation, the delay experienced by the
VBR flow seems to vary slightly as the number of nodes increase. This may be due to
simulation variation and possibly higher packet sizes, which may allow a flow to slightly
exceed its TXOP and cause a small delay for other flows. The average delay between
the five scenarios without adaptation is 836 ms. If we look at the performance with
adaptation, we can see a slight increase in the delay with adaptation as the number of
nodes increase, especially in the case of sixteen nodes. In addition to slight simulation
variations, this may also be caused by the actual HCCA time allocation policy. The
ability of the adaptation to reduce the experienced delay is dependent on the available
time that can be allocated and hence, on the number of nodes in the system. With a
higher number of nodes, i.e. sixteen nodes, the adaptation does not have sufficient time

to allocate additional transmission opportunities to the VBR flows.

Table 4.8: Effect of Adaptation on Delay of Multiple HCCA Trace-Based VBR Nodes

Number of Delay (ms)

VBR Flows | Without Adaptation | With Adaptation
2 731 20
4 830 23
8 837 39
12 883 52
16 899 500

From these experiments on HCCA allocation, we have seen that the adaptation
can improve the experienced delay in a number of cases, including in cases where there
is higher variability, where actual application traces are used, and where there are multi-
ple nodes using the adaptation. Next, we look at the second part of the EDCA Mapping

algorithm.
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4.5.3 Flow Reallocation in EDCA

In the case where the HCCA period has limited available time, the effectiveness
of flow reallocation in HCCA is reduced to the case without adaptation. In this sub-
section, we look at the effectiveness of the second method in our proposed adaptation,
EDCA mapping, when reallocation in HCCA is not possible and the load in EDCA can

support additional flows.

Load Estimation using Utilization and Collision Ratio

As described in Section 4.4.2, EDCA mapping is allowed only when the mon-
itored load is low in EDCA. In order to estimate the load in EDCA, we look at two
values, the utilization ratio and the collision ratio. The utilization ratio is defined as
the ratio between the transmission duration of packets successfully sent and the total
available time. The second observed value is the collision ratio, which is the ratio of
collisions to the number of packets sent per SI. To understand the impact of the number
of nodes on the utilization ratio and collision ratio, we consider a scenario where there
is one VBR node, using the Videol_VBR profile, scheduled in HCCA and the number
of EDCA nodes, using the EDCA profile of 256 kb/s, is increased from one to sixteen.
In these experiments, the EDCA nodes are given the same access category, AC_BE, and
hence, the same EDCA parameters. We do this in order to simulate the scenario where

the EDCA nodes are using best effort and can be impacted by additional nodes.

Table 4.9: Effect of Load on Utilization and Collision Ratio

Number of Utilization | Collision
EDCA Flows Ratio Ratio

1 0.036 0.000
2 0.072 0.052
4 0.144 0.124
8 0.287 0.193
12 0.388 0.466
16 0.400 0.604
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As can be seen in Table 4.9, as the number of nodes increases in EDCA, the
utilization increases because there is a greater number of packet transmissions being
sent on the wireless channel. Note however that the value of the utilization ratio begins
to plateau as nodes are added to the network. This is mainly due to EDCA’s contention-
based channel access mechanism. Although the channel is being utilized more with
the increase of nodes in the network, the probability of collisions increases as well. In
Table 4.9, it can be seen that the collision ratio is 0% with one EDCA flow and increases
up to 60.4% in the case of sixteen nodes. Although the collision ratio could be used
as the only metric to estimate load, varying channel conditions can impact the number
of retransmissions experienced. Hence, we use both the utilization ratio and collision
ratio in our load estimation. From these results, we can see that the utilization and
collision ratios are affected by the load and in our experiments, we use thresholds for
the utilization and collision ratio and monitored values as an indicator of the whether

EDCA mapping is appropriate.

Performance of EDCA Mapping Adaptation

In order to evaluate the performance of the EDCA mapping adaptation, we look
at scenarios where there are four VBR nodes scheduled in HCCA needing additional
time, which have the Videol_VBR profile. For these scenarios, we vary the number of
EDCA nodes, from four to twelve, and evaluate two EDCA mapping algorithms, one
with load estimation and one without. When EDCA mapping occurs, the HCCA nodes
are given the AC_VI parameters in EDCA. We include the EDCA mapping without load
estimation to show the negative impact on EDCA throughput that can occur if EDCA
mapping is always allowed. In addition to delay, we record the percentage decrease
in EDCA throughput due to the increased load of the VBR nodes, as well as provide
the value of a utility metric, described in Section 4.4.2, which considers both the delay
improvement in HCCA and the throughput degradation in EDCA.

We now present a summary of the results in Table 4.10 and 4.11. In the case
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without adaptation, the VBR node experiences high unacceptable delay for each of the
scenarios. Note that the values of delay are similar because of the fixed allocation policy
used by the reference scheduler. Although the VBR nodes experience high delays, the
EDCA throughput is above the 256 kb/s requirement when no adaptation is used and the
utility metric, which factors in both the average delay of the HCCA flow and the average

throughput of the EDCA flows, in this scenario is at 0.53.

Table 4.10: Effect of EDCA Mapping on Delay and Throughput

Number of Delay (ms) 9% EDCA Throughput Red.
EDCA Without | With Adapt |  With Adapt | With Adapt | With Adapt
Flows Adapt Load Est. | No Load Est. Load Est. | No Load Est.

4 1001 28 28 11% 11%

8 952 45 36 11% 14%

12 964 597 35 35% 91%

Table 4.11: Effect of EDCA Mapping on Utility Value

Number of Utility Value
EDCA Without | With Adapt | With Adapt
Flows Adapt Load Est. | No Load Est.
4 0.53 1 1
8 0.53 1 1
12 0.53 0.78 0.54

We next look at the impact of our EDCA mapping adaptation using load estima-
tion. As can be seen in the table, the delay for all the scenarios (with 4, 8, 12 flows)
have been reduced significantly, with the maximum delay reduction from 1008 ms to 28
ms. Although there is a reduction in the average delay experienced by the VBR flows,
a trend can be seen that as the number of EDCA flows increase, the delay with adap-
tation also increases from 28 ms to 597 ms. This reason for this increase is that our
load estimation algorithm limits the amount of EDCA mapping when the network has a
high load in EDCA. Hence, the total amount of time allocated to a VBR flow is less in

the scenarios where there are more EDCA nodes. Next, we look at the utility value for
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the scenarios with adaptation. From the results, we can see that for the scenarios with
four and eight nodes, the utility value is at its maximum, indicating that the throughput
requirement of EDCA and delay requirement of HCCA are both met. Although there
is around a 12% reduction in EDCA throughput due to the additional EDCA node, the
average EDCA throughput remains to be higher than its required throughput and so this
decrease is not reflected in the utility value. If we look at the case of 12 nodes with our
adaptation, the average VBR flow experiences a delay of 597 ms and the 35% decrease
in EDCA throughput leaves the utility value at 0.78. Note that although the full utility
value is not met, this is still an improvement from the case without adaptation.

Next, we consider the case when EDCA mapping occurs but no load estimation
is used. We evaluate the impact of allowing all flows in need of time allocation in HCCA
to send in EDCA. In these results, the main objective is to show that the excess load
placed on EDCA by the extra VBR flows can lead to significant system degradation.
Due to EDCA’s contention-based channel access, additional nodes lead to an increased
probability of collision, larger waiting times, and lower achieved performance. Table
4.10 provides the results of EDCA mapping without load estimation. From this table, we
observe no improvement in the case of four nodes, mainly because the load estimation
in this scenario indicates that the load is low enough for the VBR nodes to send in
EDCA. In the case of eight nodes, we see that there is a slight improvement in the
delay if we allow EDCA mapping whenever needed but it leads to an increase in the
EDCA throughput degradation from 11% to 14%. The utility value remains at 1 since
both the delay and throughput requirements are met. Finally, in the case of twelve
nodes, although there is an improvement in VBR delay, we see a high cost in terms of
the percentage reduction of EDCA nodes when no load estimation is used. This cost is
reflected in the utility value for this adaptation which is 0.54, indicating that the decrease
in throughput outweighs the benefits of adapting the flows. Hence, from these results, it
is clear that some load estimation should be used to prevent unfairness to EDCA nodes
and system performance degradations.

From the experiments showing results from HCCA allocation and EDCA map-
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ping, we have shown that the adaptation framework is able to significantly decrease
the delay experienced by VBR flows. Using these two techniques, reallocation of time
in HCCA and guided transmission in the EDCA period, we were able to reduce delay
noticeably below the tolerated delay and in the case of EDCA mapping, we were able
to do this without heavily impacting EDCA throughput. In our next section, we com-
pare our work to a similar dynamic scheduler and highlight the differences between the

mechanisms.

4.5.4 Comparison with Flexible HCF

In addition to comparing our work with the reference scheduler, we have also
compared the proposed algorithm with Flexible HCF (FHCF), proposed in [98], which
adjusts the transmission opportunity based on the dynamic profile. To perform this
comparison with FHCF, we implemented the FHCF algorithm in the Opnet framework
and considered a number of scenarios. We revisit the scenarios used in Table 4.5 and
evaluate the performance of the FHCF algorithm. The experimental results, found in
Table 4.12, show that the delay experienced by the VBR flow with FHCF is higher
than with our adaptation. We believe this is due to the burstiness of the traffic flow,
which can cause the FHCF algorithm to shrink the TXOP prematurely and cause higher
delays. Especially in the case of Videol_4, FHCF is unable to reduce the delay below

the tolerable threshold.

Table 4.12: Comparison of Variability with FHCF

Profile Data Rate (kb/s) Delay (ms)

Name Mean | Standard Without With | With
Deviation | Adaptation | Adaptation | FHCF

Videol _1 329 84 614 19 35

Videol_2 409 153 1854 38 58

Videol_3 421 146 1999 63 121

Videol_4 347 240 1558 121 414

After looking at how one VBR flow fares with FHCF, in the next scenario, we
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Table 4.13: Comparison of Proposed Approach with FHCF

Number of Delay (ms)

VBR Flows | Without Adaptation | With Adaptation | With FHCF
4 916 12 59
8 814 15 111
16 773 37 491

vary the number of VBR flows between four and sixteen and use similar traffic profiles
(Videol_2). We use the same traffic profiles for all flows in order to simulate the case
when there is a high correlation between the demands of all the flows. The results are
summarized in Table 4.13. In order to compare FHCF and our adaptation, we consider
these cases to highlight the differences between the two approaches and potential advan-
tages. In the case of four nodes, the time available in HCCA is sufficient to incorporate
the variable requirements in each approach; hence our proposed adaptation and FHCF
are expected to have similar performance. However, we observe that our adaptation
fares better than FHCF and this is potentially due to burstiness of the traffic flow as ob-
served in the earlier result. In the case of eight nodes, the time available is limited and
the AP has to fairly allocate the additional transmission opportunity. In order to achieve
fairness, FHCF divides the remaining time evenly between the flows. However, the seg-
mented transmission opportunities may not be sufficient for a flow to overcome traffic
variability leading to higher delay as observed in the table. Alternatively, our proposed
adaptation attempts to achieve fairness over a number of S/s using a weighted round
robin approach. In each S/, the algorithm selects a set of flows to poll and allocates
additional time based on their reservation parameters. We believe this approach leads to
improved delay performance by our algorithm. Finally, in case of sixteen nodes, there
is no time available in the HCCA period, hence, the FHCF flow is unable to use any of
its mechanism to deal with the variability in the flows. Our proposed adaptation fares
better because of the additional opportunity to transmit in EDCA.

The final aspect we evaluate in this section is the delay effect on other flows

scheduled in HCCA period by the FHCF approach. Since FHCF elongates TXOP for
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flows, flows already scheduled in HCCA will experience an increased delay due to adap-
tation. For this evaluation, we observe a case with one VBR flow (Videol "VBR) and
multiple CBR flows (Video2_CBR). The performance of the VBR flow improves similar
to the previous simulations. However, for the CBR flows scheduled after the VBR node,

we observe an increase of 10% in the average delay due to the FHCF adaptation.

4.5.5 Video Quality

With an understanding of the impact of the adaptation, we now evaluate the
adaptation on video quality. Video quality is degraded by the player if the video packets
are not received in the expected effects of the playout period. Although buffering can
be used to smooth out variation in packet delays during playback, large buffering leads
to high video startup latency. Additionally, even with nominal buffering, very high
packet delay may lead to buffer underflow affecting the video playback. In absence
of the desired frame/packet in the buffer, the default error concealment method is to
redisplay the previous frame leading to a number of stalls and possible blurring in the
video playback.

For the quality evaluation experiments, we use VideoSim [100] to evaluate the
effect of our proposed adaptation on end-to-end video quality. Figure 4.14 illustrates
the overall framework for our quality evaluation. First, the video stream is encoded at a
Variable Bit Rate (VBR) and the traced video is used as an input to the Opnet simulator.
The Opnet simulator is then used to evaluate the experienced delay of the video flow
over the WLAN topology. The observed Opnet delay is used as an input to VideoSim,
which simulates the end-to-end transmission of the video stream, including Internet and
buffering delay. Finally, the video is decoded and compared with the original video and
the Peak Signal to Noise Ratio (PSNR) is used in this framework as a measure of video
quality.

With the above framework, we evaluated an example video (Video3_VBR) and

looked at the effect of our proposed adaptation assuming a 5 second buffering at the
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Figure 4.14: Video Quality Measurement Framework
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player. We observed that the proposed adaptation enables a 16dB improvement (from
22.3db to 38.6db) in video quality. The impact of the adaptation on quality can be seen in
Figure 4.15, where we show the PSNR values with and without adaptation for the video
frames. Additionally, a snapshot of the video can be seen in Figure 4.16, illustrating

potential video quality degradation.
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Figure 4.16: Still Shot of Decoded Video Without and With Adaptation

4.5.6 Capacity

The final aspect we investigate is the impact of the adaptation framework on
network capacity. As stated in the previous sections, static adaptation of a flow may
increase the quality experienced, but will lead to an overall reduction of capacity of the
network. Hence, although it is possible to allocate TXOPs large enough to handle the
maximum variation of the flow, there is a tradeoff with network capacity.

For these experiments, we evaluate the capacity of a network, assuming similar
traffic flows, and calculate the delay experienced by a flow given that time allocation.
For these experiments, we consider the Video3_VBR profile used earlier in the quality
experiments. Given a minimum tolerable video quality criteria, a maximum tolerable
delay of 60 ms, we look at the number of VBR flows that can be supported in the HCCA
period. As seen in Table 4.14, the number of nodes that can be supported is higher
when the TXOP granted is based on the mean requirements but the total capacity of
the network is reduced when the TXOP allocation is based on maximum requirements.
However, with the use of the proposed adaptation, the quality experienced by the HCCA

flows can not only be improved, but the capacity of the network can also be increased.
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Table 4.14: Capacity and Delay Experienced Achieved with Adaptation

Time Allocation Capacity | Delay (ms)
Mean Allocation 16 275
Extended Time Allocation (2Xx) 8 25
With Adaptation 24 33

4.6 Related Work

Providing QoS over Wireless LAN has been a prime topic of interest in the recent
past. The techniques can be broadly classified into four categories: (1) QoS support for
legacy 802.11, (2) 802.11e investigation and adaptation algorithms, (3) Coordination

between centralized and distributed channel access, and (4) Cross-Layer adaptation.

4.6.1 QoS Support for Legacy 802.11

Since the legacy 802.11 system only provides best-effort access, initial research
work investigated service differentiation by assigning different WLAN channel-access
parameters to each of the traffic flows [88, 87]. Additionally, there has been some work
concerning individual parameter adaptation to achieve higher throughput [101, 90]. All
these attempts, and many others, were targeted towards providing QoS within legacy

802.11 and have led to the design of the new standard IEEE 802.11e.

4.6.2 802.11e Investigation and Adaptation Algorithms

EDCA

Regarding IEEE 802.11e, the majority of published works have been mainly to
model, simulate, and analyze the performance of IEEE 802.11e EDCA in comparison
to the legacy IEEE 802.11 standard [102, 103, 104, 105, 85]. In addition to these perfor-
mance evaluations, there has been some work evaluating possible adaptations in IEEE

802.11e. By changing channel access parameters of the contention-based EDCA access
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period, work in [89, 92, 106] propose dynamic adaptations to deal with varying net-
work conditions, such as load and channel variance. Additional work has been done in
the area of distributed admission control and airtime allocation in [107, 108]. In these
works, the main focus is to determine the values of the EDCA parameters, such as CW
and TXOP, to meet the goals of the admission control algorithm and node requirements.
With these adaptations, support for QoS can be improved in EDCA and as pointed out
by [108], EDCA can have advantages over centralized channel access. Some of these
advantages include less coordination between the nodes and the AP, flexibility for flows
entering and leaving the network, and faster ability to adjust to changing requirements,
i.e. there is no need to renegotiate allocation when requirements change. However,
despite these listed advantages, HCCA can provide for higher efficiency and provide
guaranteed time allocation and channel prioritization to real-time flows. Our proposed
work can work complementary to these EDCA schemes, using the EDCA adaptation
schemes to improve the flows using the distributed access and our proposed algorithm

for flows scheduled in HCCA.

HCCA

In terms of related work for the centralized HCCA aspect of 802.11e, there has
been limited work mainly focusing on the impact of using a different scheduler than the
TGe-reference scheduler scheme, based on Weighted Round Robin (WRR) [95]. For
example, [109] showed the improvement of throughput using an Earliest Deadline First
(EDF) scheduler. Similarly, [110] proposed the static scheduled contention free burst
(S-CFB) scheduling framework that minimizes the number of contention free bursts for
energy-efficiency. While the goal of the above work has been to improve scheduling
policies in general, in this work, we focus on improving resource allocation to address
one prominent behavior of the real-time flows, i.e. variable flow requirements.

To support variable flows in 802.11e, there has been some work that addresses

this need by statically increasing the TXOP, such as [111] and [112]. In [111], the
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TXOP is statically increased in order to meet a minimum packet loss rate and the cal-
culation of this TXOP is used for admission control. In [112], the maximum burst size
of a flow is used to statically allocate more time per flow. While these techniques re-
duce the delay, they negatively impact the system capacity by reducing the total number
of flows admitted. Another piece of work addressing variable sources is FHCF [98],
where a scheduler is proposed to deal with the limitations of VBR traffic using the ref-
erence scheduler. However, as described in Section 4.3.3 and seen in Section 4.5.4, the
approach has some limitations. While they propose to change the transmission oppor-
tunity duration for a VBR flow, our algorithm attempts to minimize negative effects on
other flows by allocating time only after scheduled flows have been serviced and by

choosing not to decrease other flows’ transmission opportunities.

4.6.3 Coordination Between Centralized and Distributed Channel

Access

While there have been a number of techniques to improve aspects of EDCA and
HCCA, there has been little literature on the coordination of the two periods. To the
best of our knowledge, the interaction of centralized and distributed channel access has
only been investigated in [113]. This work focuses on improving the aggregate through-
put of access points by dynamically changing the ratio between the legacy IEEE 802.11
channel access periods, DCF and PCF. Although our adaptation does not change the
ratio between the centralized and distributed channel access, the mapping allows for
increased system utilization and therefore, increases overall system throughput. The
proposed adaptation is able to take advantage of the two types of channel access by dy-

namically changing which stations are in each channel access period based on need.
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4.6.4 Cross-Layer Adaptation

The final area of related work is cross-layer adaptation for QoS in WLAN sys-
tems. The main contribution of the work presented in [114, 115] is to show the benefit
of adapting parameters in multiple layers of the protocol stack to improve video quality.
For example, in [114], the authors investigate adaptation of parameters at the applica-
tion level, specifically of UMCTF video, such as Group of Frames (GOF) size, temporal
decomposition levels, and reference frames used in the future and past, in addition to
adapting parameters at the MAC layer, such as the frame length and retransmission
limit. While these cross-layer schemes have been shown to improve QoS, we believe
that the proposed adaptation in this chapter can work complementary to this scheme.
In a scenario where all the knobs at the various layers have been set, such as data rate,
retransmission limit, and scaling factor, there still remains a problem of allocating suffi-
cient time-to-time varying flows. We believe that our proposed adaptation algorithm can
be used to address variability in flows and inaccurate reservations. Combined with our
proposed adaptations, we believe that the QoS performance using cross-layer adaptation
can be further improved.

From our related work study, we have seen work towards improving QoS through
the use of various schemes, including parameter adaptations, admission control, cross-
layer adaptations, coordination, efc., as described above. While these works all have the
same end goal, the proposed method differs and is novel in that it can provide adequate
time allocation to scheduled flows, despite the flows’ variability. We believe that the
proposed technique can complement the approaches of previous work mentioned above

and be used to achieve further QoS improvements.

4.7 Conclusions

In this chapter, we identified the limitations of the reference scheduler for

802.11e HCF in supporting real-time multimedia flows. Specifically, the current ref-
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erence scheduler is unable to support multimedia flows with variable requirements or
flows using dynamic application-level adaptations. Under variable flow requirements,
the current reference scheduler leads to high delay, severely impacting the real-time
multimedia quality. Additionally, we observed that the HCF framework maps differ-
ent flows to different modes of medium access with real-time flows being confined to
polling-based mechanisms. Although the above separation leads to simplified medium
resource management, this can lead to poor channel utilization under heavy HCCA load.

We addressed the above limitations by monitoring the status of each flow for
variations in the flow requirements, developing an algorithm to dynamically associate
traffic flows appropriately, configuring a polling schedule to allow additional polls to the
lagging flows, and selectively mapping real-time multimedia flows to EDCA mode of
access under low load in EDCA. We compared our proposed approach with other known
techniques using realistic application data profiles collected from video traces with an
Opnet-based simulation environment. Our comparative evaluation demonstrates that the
adaptation reduces the delay observed in the real-time flows, and fairs better than other
known techniques in terms of delay, multimedia quality and capacity of the network.

In developing this adaptation framework, we observed that the variation in the
traffic flows under the reference scheduler can significantly increase the delays and even
the minimal variability in reservation can lead to high delays. Since the AP allocates
time solely based on reservation requests, the accuracy of these requests is important
in maintaining the desired QoS. From our experience, we conclude that the reserva-
tions should be used as a guideline, whereas additional resources should be allocated

dynamically based on monitored requirements of a flow.

The text of this chapter, in part, is based on material that has been published in
the ICST/IEEE Intl. Workshop on Broadband Wireless Multimedia in 2004 (N. Ramos,
D. Panigrahi, and S. Dey, “Dynamic Adaptation Policies to Improve Quality of Ser-
vice of Multimedia Applications in WLAN Networks”, Proceedings of ICST/IEEE Intl.
Workshop on Broadband Wireless Multimedia, San Jose, California, October 2004) and
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material published in ACM Springer Wireless Networks Journal in 2007 (N. Ramos,
D. Panigrahi, and S. Dey, “Dynamic Adaptation Policies to Improve Quality of Ser-
vice of Real-Time Multimedia Applications in IEEE 802.11e WLAN Networks”, ACM
Springer Wireless Networks Journal, vol. 13, no. 4, pp. 511-535, August 2007). The
dissertation author was the primary researcher and author, and the coauthors listed in
these publications collaborated on, or supervised the research that forms the basis for

this chapter.



Chapter 5

Device and Network Aware Video
Scaling for Enhanced Quality and
Network Efficiency

5.1 Introduction

In the previous chapter, we focused on improving quality of service through
scheduling and resource allocation at the access point. We next target the content source
to improve quality and bandwidth efficiency, as well as serve a diverse set of platforms.
As described in Chapter 1, there is a diverse set of user devices accessing multime-
dia over wireless networks. Traditional wireless devices, such as cellular phones and
PDAs, are being transformed into multimedia-capable platforms. Additionally, tradi-
tional multimedia terminals, such as PCs and TVs, are now being designed to support
wireless connectivity. With these developments, the devices requesting multimedia data
over wireless networks vastly differ in terms of capabilities, such as screen resolution,
supported frame rate, as well as supported bit rate. Content service providers are now
faced with the challenging problem of enabling seamless and efficient delivery of mul-

timedia content to viewers using different platforms.
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To provide appropriate video content to varying devices and networks, video
systems have been reliant on two device-centric schemes. The first is to encode and
store various versions of the video at the server a priori and send the prepared video
stream based on device capabilities. Another method is to use transcoding techniques
[62] to decode and re-encode the video before delivery. While both of these schemes
can be currently supported, the increasing availability of video content and the greater
diversity in device capabilities will make it difficult to continue using these methods in
future video systems. The first method of preparing and storing multiple versions suffers
from the major drawbacks of needing significant content management and storage space,
while the second method of transcoding is costly in terms of the processing power and
the number of servers needed to support quick decoding and re-encoding of each video
stream.

An alternative to these delivery systems is the recent work in scalable video
coding. Over the past few years, significant strides have been made in this area in
improving coding efficiency and reducing decoder complexity. These developments
have provided the motivation for the Joint Video Team (JVT) to develop and standardize
a more powerful scalable video codec, called the H.264/AVC Scalable Video Coding
(SVC) Extension [67]. The proposed SVC is a layered video codec that provides bit-
stream scalability and allows video to be encoded once at the server in such a way that
various scaled streams can be extracted and decoded from the single stream, without
the need for re-encoding the video. Building on scaling techniques in previous video
standards, SVC makes it possible to extract video scaled in multiple dimensions: spatial,
temporal, and quality dimensions. Future video systems using SVC will allow devices
to extract a suitable video stream scaled to match their capabilities.

Although SVC provides a notable advantage over previous video standards, the
penalty for this scalability comes in terms of the network delivery costs. With SVC, the
entire stream, allowing for video extraction at the highest possible quality, will be sent
over the network without regard for the capabilities of each receiving device. In the case

of wireless networks, this is a significant problem because it causes bandwidth ineffi-
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ciency and limits the overall number of devices that can be supported simultaneously.
Additionally, there is a cost for each device for processing and receiving the additional
scalability layers unnecessarily, in terms of energy, processing power, and memory.

To address the above problem, we describe a Device and Network-Aware Scal-
ing framework, called DeNAS, that will provide efficient delivery of scalable video over
wireless networks. Based on device capabilities, network capacity, user channel infor-
mation, and the desired service objective, DeNAS determines the suitable scaling level
for each stream. In this chapter, we consider two different sets of video scaling schemes:
user device-centric and network cooperative. In the user device-centric scaling scheme,
the DeNAS framework considers only the needs of the individual user device and has
the objective of providing the best quality video solely based on a user device’s ca-
pabilities. With the network cooperative schemes, the objective is to improve overall
network efficiency, and therefore improve the aggregate quality of the users, rather than
simply meeting individual user requirements. Hence, DeNAS considers the requests of
all the devices and uses known information about the network, such as capacity or in-
dividual user channel limitations, prior to making a decision on the scalability levels.
By performing the appropriate scaling prior to video delivery over the wireless network,
DeNAS is able to retain the advantages of SVC of using a single-encoded stream, but
is also able to increase bandwidth efficiency, support a greater number of simultaneous
users, and improve quality satisfaction.

DeNAS can be used in conjunction with most of the recent SVC-related work, as
will be discussed in Section 5.5. While this set of related work looks at supporting full
SVC streams, DeNAS differs in that it focuses on scaling based on device information
and makes decisions for all devices in the network in the network-cooperative schemes.

Having briefly introduced our work and provided a brief discussion on SVC and
related work, the rest of the chapter is organized as follows. We first describe the in-
efficiencies of sending the full SVC stream and motivate our work in Section 5.2. We
next present the proposed framework in Section 5.3 and follow with a description of

our proposed scaling algorithms in Section 5.4. In Section 5.5, we describe some of re-
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search related to scalable video coding. Experimental results are provided in Section 5.6
demonstrating the effectiveness of DeNAS in improving resource efficiency and quality

satisfaction. Finally, in Section 5.7, we conclude and present our chapter conclusions.

5.2 Motivation

In this section, we start by providing motivation for our proposed Device and
Network-aware Scaling Framework. As stated earlier, SVC provides many advantages
in terms of scalability; however, it can be significantly bandwidth inefficient. As an
example, consider a scenario where a video stream is being requested over a wireless
network by a set of devices. To keep this example simple, we consider an equal distri-
bution of three possible devices; a laptop, a PDA, and a cellular phone with capabilities
that limit viewing quality to a resolution, frame rate (frames per second), and bit rate

(kb/s) of CIF 30-512, CIF 15-256, and QCIF 15-128 respectively.
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Figure 5.1: Bandwidth Efficiency with SVC and Proposed Adaptations
Comparison of needed bandwidth for SVC, Device-Aware, and Device & Network Capacity-Aware Scal-

ing as the number of user devices increases.

With SVC, the video stream is encoded once at the server, such that the maxi-
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mum quality level can be extracted from the stream by the receiving device. In this sce-
nario, the BUS video is encoded and sent to each device so that the maximum scalability
level (CIF 30-512) can be extracted, irrespective of the device’s capabilities. Figure 5.1
shows the bandwidth usage of this method. Note that the bandwidth needed with SVC
increases linearly with the number of devices in the network. If a basic admission con-
trol scheme is used to limit the number of devices based on the required bandwidth, the
network can only support a limited set of devices with SVC. For example, in a network
with an application layer throughput limit of 5.5 Mb/s, such as in an 802.11b network,
only 10 devices can be supported with SVC. Similarly, in a cellular network with a 1.5
Mb/s application layer throughput limit, only 2 devices can be supported simultaneously
in a cellular site.

Next, we look at what can be achieved using the proposed Device and Network-
Aware Scaling (DeNAS) framework. In the example scenario, the DeNAS system would
receive a request from the devices, determine the suitable video stream, and scale the
requested video stream prior to sending over the network. As stated earlier, we consider
two types of video scaling schemes: user device-centric and network cooperative. In the
first scaling scheme, the DeNAS framework considers only the needs of the individual
user device. For example, if the laptop and cellular phone made requests for video
streams, the DeNAS framework would consider the scaling of the laptop and phone
independently with the user device-centric scaling scheme. On the other hand, in the
network cooperative scheme, DeNAS would consider the requests of all the devices in
the network prior to making a decision in scaling the video stream.

The bandwidth usage of a user device-centric video scaling algorithm is pre-
sented in Figure 5.1 and is labeled in the graph as device-aware. Prior to sending the
video over the wireless network, this algorithm extracts a scaled video stream matching
the maximum capabilities of each device. In this scenario, the laptop would be sent
the full CIF 30 video, while the phone would be sent the QCIF 15 video. As seen in
the figure, the device-aware scheme achieves significant improvement over SVC, with

up to a 42% reduction of bandwidth usage in the case of 30 devices. Additionally, the
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device-aware scaling algorithm increases the number of devices that can be supported,
from 10 devices with SVC to 18 devices given the application throughput limit of 5.5
Mb/s. In the case of 1.5 Mb/s, the device-aware scheme is able to increase the number
of supported devices from 2 to 5 devices.

With the above algorithm, the scaling is performed based solely on device limi-
tations. We next consider a network cooperative scheme where the DeNAS framework
uses network information, such as network capacity, to determine the appropriate scaling
levels for each device in the network. The device and network capacity-aware scaling
algorithm, which is described in Section 5.4, focuses on maximizing quality satisfaction,
while improving bandwidth efficiency and supporting a greater number of users. The
results with this proposed scaling algorithm can be seen in Figure 5.1, labeled as device
and network-aware. Bandwidth usage is reduced by 64% in the case of 30 devices com-
pared to SVC. Additionally, the device and network capacity-aware scaling algorithm
increases the number of simultaneous video users by 3x, from 10 devices with SVC to
30 given a 5.5 Mb/s application throughput limit. With a 1.5 Mb/s limit, we can increase
the number of users from 2 to 15 devices.

As can be seen in this example, DeNAS can be used to increase the number of
clients supported in a given network. Additionally, DeNAS is also able to improve the
aggregate quality satisfaction across all of the clients using the network, with DeNAS
improving quality satisfaction by 3x in comparison to SVC in the scenario of 30 devices
as will be shown later in Figure 5.6. We show further results in Section 5.6 on DeNAS’
effectiveness in other scenarios, its impact on quality, and also show its ability to handle

user channel limitations.

5.3 DeNAS Framework

Having shown the drawbacks of SVC and the potential for efficiently delivering
video to a diverse set of devices, we now describe the proposed Device and Network-

Aware Scaling framework. In order to perform the scaling prior to the wireless network,
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the DeNAS framework must be located such that it can access information about the

network, device, and application. The DeNAS framework can be placed in a proxy-type

device on the edge of the wireless network or on a high-end Access Point (AP), as shown

in Figure 5.2. Clients make requests to the server for a given video and DeNAS inter-

cepts these requests and obtains the scalable video stream from the appropriate server.

DeNAS uses the SVC video stream, scalability property information, and network band-

width limitations to determine the appropriate scaling for each of the devices.
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Figure 5.2: DeNAS Framework in a Wireless LAN Network

We now discuss DeNAS’ three major components: Network and device monitor,

Video characteristics source, and a Video scaling controller and extractor. Figure 5.3

illustrates the components and their interactions with one another.

Scalable Video Stream

Video Characteristics
Source
4CIF 60
4CIF 30

CIF 30
CIF15

aciF1s 0

Scalability Profiles

S17:(c17,917)| S18: (c18q18) | S19: (c1919)

S15: (c15q15)

Si: (c1T.q1t
S7:(c7,q7)
S3:(c3)

OFFLINE

Scalability
Properties

i Extractor

Scaled Video

Video
Scaling
Controller

Streams

Device
Capabilities

Device/Video
Mapping

Network
Bandwidth

Network and Device Monitor J

ONLINE

Figure 5.3: DeNAS Components and Interactions



125

5.3.1 Network and Device Monitor

The first component of the DeNAS framework is the Network and Device Mon-
itor. This component gathers information about the capabilities of the devices, deter-
mines which videos are being requested by each device, and obtains the available band-
width of the network. The network monitor either queries the AP to determine the
number of devices or directly obtains current channel condition information from in-
dividual devices to estimate the current network bandwidth available. For the device
information, the monitor’s first task is to determine what type of device is requesting the
video stream. The device type can be discovered during the RTP/RTSP handshake. The
next step for the monitor is to perform a device lookup in a Wireless Universal Resource
File WURF'L) [116] database and obtain information about the device capabilities,

e.g. maximum supported resolution, frame rate, and bit rate.

5.3.2 Video Characteristics Source

The Video Characteristics Source component receives the video stream and pro-
vides information about the stream to the DeNAS controller. For each video stream in
the network, the component determines a set of enumerated scalability profiles. Each of
these profiles represents a scalability level determined by a spatial, temporal, and bit rate
combination. For example, the video stream shown in Figure 5.3 has scalability profiles
given by a combination of different spatial (4CIF/CIF/QCIF), temporal (15/30/60 fps)
and associated bit rate levels. The Video Characteristics Source next determines the
attainable quality and associated cost for each profile. The quality information can be
calculated offline by the server during the encoding stage and sent with the video stream.
Alternatively, a dynamic video quality profiler can be used to determine the attainable
quality of the scalable profiles. For the associated cost of the scalability profile, we make

use of the profile’s bit rate requirements.
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5.3.3 Video Scaling Controller and Extractor

The final component of the DeNAS framework is the Video Scaling Controller
and Extractor. For a new set of incoming devices, the Video Scaling Controller uses
the received and monitored inputs to determine the scaling level for each of the devices.
The scaling levels chosen are dependent on the scaling algorithm’s desired service ob-
jective. For example, with a user device-centric scaling algorithm, the controller bases
the scaling solely on the capabilities of individual devices. On the other hand, for a
network cooperative algorithm, the controller considers information about the devices
in the network, as well as the available network bandwidth and user device channel con-
straints. We present algorithms to be used in the controller in the following section.
Once a scaling level is chosen, DeNAS extracts the appropriate scalable video stream
from the original stream. Note that the extractor software can support various scaling

input parameters, including spatial level, temporal level, and bit rate desired.

5.4 Proposed Scaling Algorithms

In this section, we present three different scaling algorithms to be used with
DeNAS. As illustrated in Section 5.2, the first video scaling algorithm is a user device-
centric scheme with the objective of providing the best quality video for a given user
solely based on its capabilities and limitations. The latter two algorithms are suitable
for network cooperative systems, where the objective is to improve the overall network
performance. The first of the network cooperative scaling algorithms works with the
network’s capacity limitation and determines the appropriate scaling for each user in the
network based on capacity, device constraint, and expected video quality impact. This
algorithm is suitable when the network operator can allocate the required bandwidth for
the stream selected by DeNAS for the entire duration of the video. However, it may
be the case that the network is unable to allocate the required bandwidth or is unable

to maintain the bandwidth through the entire video stream due to characteristics of the
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network, such as the location of the user, channel access scheme, network topology or
channel fluctuations. For this case, we describe a second network cooperative video
scaling to handle user channel constraints. The proposed algorithm can be utilized to
further improve resource usage and quality satisfaction when network scheduling con-
straints are known. Note that since the network cooperative algorithms need information
about the network, these schemes are best deployed by network operators. On the other
hand, with the user device-centric scheme, only information about the device is needed
and so it can be deployed by both the service provider, as well as the network operators.

We next present the three video scaling algorithms in greater detail. For each,
we provide a description of the service objective and details about the algorithm. In
our service objective formulations, we consider a wireless network with N clients each
requesting a unique video stream. For each video stream, the set of scalability profiles is
given by S;:[S;1, Sj2, ...S;j1, where j indicates the video stream index and L represents
the maximum number of scalable profiles available for the stream. The chosen profile
for all clients in the network is given by P : [P; | ¢ = 1 : N, P; € S|, where i is the
client index and v(2) is the video for client 7. Each scalability profile has a quality, cost,
and requirements component. For a given video j and a profile %, these components
are given by Sj;.qual, Sj;.bw, and S;i.req respectively. For the quality measurement
of each profile, S;.qual, there are various subjective and objective metrics that can be
used to measure video quality. As described later in Section 5.6, for our experiments,
we use a quality metric based on NTIA’s VQM because it has been shown to produce
quality estimation techniques close to human perception and measures the impact of
various quality components. Although we use VQM in our experiments, the algorithms
below are agnostic of the quality measure and other metrics can be used. In terms of
the profile cost, we focus mainly on the bandwidth requirement of the profile, S;;.bw.
However, the algorithm can be extended to reflect costs, such as energy or processing
costs, if the total energy and processing resources are known. Finally, each profile has
a requirement component .S;;.7req that is in terms of the profile’s spatial and temporal

properties.
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5.4.1 User Device-Centric Video Scaling Schemes

As stated earlier, the objective of a user device-centric scheme is to provide the
best quality video for a given user device based solely on its capabilities and limitations.
We showed in Section 5.2 that we can improve bandwidth efficiency and quality using
a user-device scheme. This set of schemes is ideal for scenarios where the DeNAS
framework is working with devices in multiple access networks and network impact is
not a concern.

The service objective of our proposed user device-centric algorithm is to maxi-
mize individual quality given device capability constraints. In other words, we want to
find a set P such that Vi € N P;.qual = maxQual;, where P;.qual is the quality for the
selected scalability profile and maxQual; is maximum attainable quality of the video
stream given the device’s capabilities. In this chapter, we consider the case when the
device capability information reflects the maximum supported capabilities, rather than
the run-time capabilities given by the current processing load. We believe that the work
can be extended to support run-time processing load by performing periodic updates.

In order to find the appropriate scalability profile, the algorithm performs a
search for each user to find the highest quality profile that does not exceed the limita-
tions of the device. The algorithm’s complexity is mainly found in sorting the scalability
profiles on the quality values and is at most O(NlogL). With this algorithm, the suitable
scaling profile is extracted prior to delivery over the wireless network, avoiding using
network resources unnecessarily. Since this is a network independent algorithm, it can
be used to support devices in different access networks and requires minimal informa-

tion from the network access point or base station.

5.4.2 Network Cooperative Video Scaling Schemes

We next consider schemes for a network cooperative system, where the video-
scaling framework is able to work with the network resource allocation scheme to im-

prove efficiency and meet network-wide service objectives.
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Device and Network Capacity-Aware Video Scaling

The first network cooperative video scaling scheme we consider is a device and
network capacity-aware scaling algorithm. In contrast to the user device-centric scaling
algorithm, this algorithm makes use of the available network capacity information and
makes a decision considering all the devices in the network.

For this work, we look to improve the achieved quality and quality satisfaction
of each user device in the network. Recall from the earlier discussion in this section,
for a user ¢ with a selected video profile P;, the achieved quality is reported as P;.qual.
In addition to the quality, we look at an additional metric that can relate the achieved
quality with the maximum quality possible given the user device capabilities, which we
term as the user’s quality satisfaction. We use quality satisfaction as a metric because
this additional metric can relate the achieved quality with the maximum quality possible
given the user device capabilities. We define the quality satisfaction, Q.S(F;), with the

following expression.

QS(P;) = w * Pi.qual/maxQual; (5.1)

where ¢ is the client index, P;.qual is the quality achieved with the chosen profile,
maxQual; is the maximum achievable quality of user 7, and w is the weight factor of
the client. In this chapter, we consider equal weights and hence ()S(P;) is defined by

the following expression with /V representing the total number of users in the network.

QS(P;)) = 1/N * P;.qual /maxQual; (5.2)

Having described the quality satisfaction of a user, we can now define the service
objective of our algorithm. The objective is to maximize the overall quality satisfaction
given the network capacity and device constraints. The constraints of the objective are

to maintain a minimum quality requirement, ensure that the bandwidth allocated does
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not exceed the overall network bandwidth, and choose a profile that does not exceed
what can be supported by the device. The objective can be expressed by the follow-
ing equation, where ¢ is the client index, P; is the selected profile index with P;.bw,
P;.qual, and P;.req representing the bandwidth needed, the quality achievable, and the
requirements of the given profile respectively, ()S is a function of quality satisfaction
as defined above, bw Avazl is the total bandwidth available, minQual; is the minimum
required quality guaranteed in the network, maxzCap; is the maximum capabilities of

user ¢, and agg(@).S is the aggregate quality satisfaction of the network.

maxp aggQS =YL, QS(P)

subjectto Vi € N P,.qual > minQual; (5.3)
P;,.req < maxCap;
and SN P.bw < bwAvail

In order to meet the above objective and constraints, we consider a video scal-
ing algorithm that uses an iterative approach to achieve maximum quality satisfaction.
Figure 5.4 presents a flow chart of the proposed scaling algorithm. Briefly, we can
summarize the flow diagram in the following steps. The assumed inputs to this algo-

rithm are the video stream, information about scalability properties, network bandwidth

availability, and device information, which are gathered by the other components.

e Step 1: Using device capability information, determine if the maximum qual-
ity obtainable (maxQual;) for each device can be supported. If so, extract the
device-appropriate stream but if not, select a set of devices in the network such

that the minimum quality requirements (minQual;) of each device can be met.

e Step 2: If the network is not overloaded, determine potential change in aggre-
gate quality (AaggQual) and aggregate bandwidth cost (AaggBW) if all video
streams are upgraded to a higher scalability profile. The upgrade can be based
on simple bandwidth allocation or on expected quality impact given video scal-

ability properties. Based on device capability information, limit the maximum
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Figure 5.4: Algorithm Flowchart - DeNAS: Network Capacity

profile obtainable with these upgrades.

Step 3: Check for the following criteria: (1) the potential change in aggregate
quality is significant and over a set threshold (up() Limit) and (2) the aggregate
bandwidth cost is within the available network bandwidth. If the above criteria
are met, upgrade the profiles for each device and repeat Step 2, considering

additional network-wide upgrades.

Step 4: When network-wide upgrades are no longer possible, check to see if

it can improve the quality satisfaction of individual devices. Select an individ-
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ual device (7) based on weights to upgrade if bandwidth is still available and
calculate the potential impact on individual quality (A P;.qual) and cost of the
upgrade. If the upgrade is possible given the device capabilities and network
constraints, upgrade the scalability level and repeat until no additional upgrades

are possible.

By the end of the process, the proposed device and network-aware scaling al-
gorithm is able to select streams that maximize the aggregate quality satisfaction of the
network. The algorithm insures a minimum quality for each video stream, performs
network-wide upgrades for fairness, maintains bandwidth efficiency by not exceeding

device limitations, and stays within the network bandwidth limitations.

Device and Network-Aware Scaling using User Channel Constraints

In the previous network cooperative scheme, the video scaling algorithm deter-
mines the appropriate video scaling for each of the devices in the network and assumes
that the network access point or base station is able to allocate the necessary bandwidth
for each user. However, depending on user location, wireless technology, channel ac-
cess scheme, physical layer limitations, and network topology, a network access point
or base station may be unable to provide the necessary bandwidth to a particular user
device. For example, in the case of IEEE 802.11b/a/g, maximum link layer throughput
is dependent on the distance from the AP and hence, devices farther away may not be
able to achieve the desired throughput. Additionally, since channel access in 802.11 net-
works is distributed, the achievable bandwidth per device is dependent on the number of
devices sharing the channel at any given time. The recent IEEE 802.11e provides some
bandwidth guarantees with Hybrid Coordination Function Controlled Channel Access
(HCCA) but depending on the available resources, the bandwidth reserved for a user
may still be less than the required bandwidth. Additionally, it can be the intent of the

network scheduler to limit the achievable data rate of each user to meet additional ser-
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vice objectives. For example, the maximum achievable data rate of each user would be
limited if the network wanted to ensure equal or proportional bandwidth allocation to

the devices to achieve fairness.
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Figure 5.5: Algorithm Flowchart - DeNAS: User Channel Constraints

In order to incorporate these constraints and make better decisions about scala-
bility of each device, we modified the previous video scaling algorithm to include the
individual channel limitations. Mainly, we restrict the extent of the scaling upgrade
based on the individual user channel limitations and prevent preparing video streams

with greater requirements than what can be handled by the user device and network
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constraints. In order to handle these user channel limitations, we make changes in the
previous algorithm, shown in Figure 5.4, mainly in Steps 3 and 4, where the video
scaling levels are upgraded. The changes can be summarized in the flowchart of the
algorithm in Figure 5.5. By scaling based on known channel limitations, DeNAS can
improve the quality achieved across the network and provide higher quality videos only
to the users that are capable of viewing them. We show the impact of the algorithm on
quality satisfaction and individual quality in Section 5.6. Note that this algorithm as-
sumes the condition of the channel remains static over the duration of the video stream.
In the case where the channel conditions fluctuate, a reevaluation of the situation can be

made periodically to adjust to the channel changes.

5.5 Related Work

Before we move to the experimental section, we first provide a brief summary
of related research to scalable video coding. To provide appropriate video content to
varying devices and networks, video systems were once reliant on storing and serv-
ing multiple versions different resolutions at the server or on transcoding methods [62]
[117] [118] [63] [119] [64]. Over the past few years, there have been significant re-
search efforts in the area of scalable video coding to improve coding efficiency and
decoder complexity. These efforts have made scalability more feasible and recent video
standards have included some scalability features, such as quality scalability using fine-
grained scalability in MPEG4 [66], as well as spatio-temporal scalability in H.264/AVC
[65][120]. A summary of advancements in scalable video coding can be found in [121].

These developments have renewed interest in scalability and have provided the
motivation for the Joint Video Team (JVT), composed of the MPEG and the ITU-T
Video Coding Experts Group, to develop and standardize a more powerful scalable
video codec, called the H.264/AVC Scalable Video Coding (SVC) Extension [67]. The
primary objective of the proposed SVC standard is to provide scalability in multiple

dimensions: spatial, temporal, and quality. As described earlier, the proposed SVC is
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a layered video codec that provides this scalability in multiple dimensions through bit-
stream scalability. In addition to work directly related to the standard, there has been
research work on related topics, including techniques for supporting SVC in the lower
layers, such as providing transport layer support [122] and prioritization schemes and
error protection at the link layer [123], as well as methods of enabling scalability layer
switching at the device decoder with little or no change to the encoder [124] [125].
Other related research to SVC includes security streaming and adaptation using SVC
discussed in [126] for encryption and authentication.

In addition to research on SVC, there has been some previous research dis-
cussing video adaptation with other encoding standards, such as MPEG4 and H.264.
For example, there has been research that looks at switching between enhancement lay-
ers based on expected quality, such as the research found in [127], [128], and [129].
These techniques focus on trying to minimize the variability in the enhancement lay-
ers, the perceptual video quality, short-term rate variability for CBR streams and VBR
streams. Out of order buffering as a means of data shaping has also been shown to
improve quality, as seen in [100]. Additionally, there have been some high-level discus-
sions of creating an adaptive framework for scalable video, such as the work described
in [130] and [131]. In [130], the article discusses the potential of a high-level framework
that can combine scalable video representations, network-aware systems, and adaptive
services. In [131], the authors discuss the differences between network-centric and end-
system centric solutions and some of the advance research that can be used to combine
the approach.

The final related research area that we discuss investigates cross-layer strategies
for video transmission. There have been a number of techniques proposed in this area,
including [132], [133], [134], [135], [136], [114], and [115]. These research techniques
evaluate how lower layer techniques can be combined with choosing higher layer en-
coding parameters to improve end-to-end quality. For example in [135] and [134], error
protection schemes for scalable video are investigated at both the higher and lower lay-

ers. In [136], the authors look to combine a TCP-friendly video rate adaptation scheme
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with unequal forward error protection.

Our DeNAS framework differs from the above mentioned research because it
investigates the potential benefits of scaling based on device information, as well as
network information. Additionally, in our network-cooperative schemes, DeNAS makes
decisions in terms of the entire network and decides the appropriate scalability level for
all of the users in the network based on network capacity and user limitations. All the
previous research discussed are user device-centric schemes and look to optimize video
streams for a single user. DeNAS can be also used in conjunction with a number of
the research discussed above. For example, DeNAS can be combined with the research
concerning scalable video delivery in the transport and link layers, addressing error
concealment and appropriate network parameters, for robustness and improved delivery.
Finally, in comparison to SVC, DeNAS proposes the appropriate scaling be made prior
to delivery over the wireless networks. Rather then simply putting the burden on the
network and devices, DeNAS can be used to avoid inefficient bandwidth use and avoid

the delivery and processing cost of including unusable layers unnecessarily.

5.6 Experimental Results

In this section, we present the experimental evaluation of the DeNAS framework
and video scaling algorithm. For our experiments, we implemented the proposed video
scaling algorithms for the Video Scaling Controller. For the scalable video encoding,
decoding, and extraction of streams, we incorporated the JSVM6 Scalable Video Coding
Software [67]. Due to the limitation of the JSVM6 encoder, we limit our spatial scalabil-
ity to CIF and support a temporal scalability of up to 30 frames per second. With these
spatial and temporal limitations for the requested video stream, we consider networks,
such as WLAN or cellular networks, with capacity limits up to 5.5 Mbps. However, we
believe that the experimental results will be applicable to higher levels of scalability and
in networks with higher network capacity. We consider three different video sequences:

BUS, FOREMAN, and AKIYO, in our experiments.
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We report on the average quality experienced by users in the network, as well as
the aggregate quality satisfaction introduced in Section 5.4. We use the NTIA’s Video
Quality Metric (VQM) as the basis of our video quality metric in our experiments. VQM
has been shown to produce quality estimation techniques close to human perception
and is able to measure the impact of various quality components, including temporal
characteristics. To make the quality metric more intuitive, we report the video quality
level using the following definition: QL = 1 — VM, where QL = 1 signifies the
highest quality with no distortion and ()L = 0 signifies the lowest quality. Hence, each
user ¢ with a given profile P; experiences a quality P;.qual measured in () L. In scenarios
with multiple users, we report the average quality for the users. The value of avg() is
given by the following expression, with ¢ representing the user, P;.qual being measured

using )L, and N representing the total number of users in the network.

N
avg@ = (1/N) x Z P;.qual 5.4)
i=1

In addition to average quality, we also consider a quality satisfaction metric that
considers the achieved quality in relation to the maximum achievable quality for each
device. We consider quality satisfaction because it is able to reflect whether the quality
level achieved by the user is acceptable given the user device’s capabilities. Recall from
Equation 5.3, aggregate quality satisfaction is given by aggQS = Zf\[:l QS(P;) where
QS = (1/N) * (P;.qual /mazrQual;), and P;.qual and mazrQual; are the achieved and

maximum quality measured in Q) L for user ¢ .

5.6.1 User Device-Centric Video Scaling

We first report on the user-device scaling algorithm discussed in Section 5.4 that
selects the correct profile using the maximum capabilities of the device. We first revisit
the scenario used in Section 5.2 and consider three set of devices in the network with
the viewing capability translating to CIF 30, CIF 15, and QCIF 15. We assume that each

device is requesting one BUS video stream and a basic admission control is used to limit
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the number of devices in the network based on the bit rate needs of the stream. In this
scenario, the AP is able to allocate the needed bandwidth to each device and the only

limitations considered are the device and network capacity constraint of 5.5 Mb/s.
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Figure 5.6: Aggregate Quality Satisfaction
Comparison of Aggregate Quality Satisfaction (aggQS) for SVC, Device-Aware, and Device & Network

Capacity-Aware Scaling as the number of user devices increases.

Figure 5.1 in Section 5.2 showed the benefits of the DeNAS framework in terms
of bandwidth efficiency using the device-aware algorithm. In comparison to SVC, the
device-aware algorithm reduces bandwidth usage by 42%. We now look at the impact of
DeNAS on the aggregate quality satisfaction ratio agg()S. Recall that agg@)S reflects
the average ratio of achieved quality versus the maximum achievable quality of the
devices. As seen in Figure 5.6, agg@.S is high when the number of devices in the
network can be fully supported. However, as the number of users increases beyond the
maximum number of devices supported, the aggQ®S decreases significantly with SVC
and the device-aware scheme because some devices are left unserved. The device-aware
scheme, however, fares better than SVC with the quality satisfaction at 0.60 with 30
devices versus the 0.33 achieved with SVC.

Next, we look at the average achieved quality, avg(), in the network with the
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Figure 5.7: Average Experienced Quality
Comparison of Average Experienced Quality (avgQ) for SVC, Device-Aware, and Device & Network

Capacity-Aware Scaling Algorithms as the number of user devices increases.

various schemes in Figure 5.7. As the number of users increases beyond the maximum
number of devices possible with SVC and for the device-aware scheme, the average
achieved quality of the network degrades heavily since some devices are left unserved.
The device-aware scheme, however, fares better than SVC with the average quality met-
ric at 0.41 with 30 devices versus the 0.22 average quality level experienced with SVC.
These results indicate that the user device-centric scheme is able to improve over SVC

in terms of bandwidth, quality satisfaction, and experienced quality.

5.6.2 Network Cooperative Video Scaling

In this subsection, we present results using the network cooperative video scal-
ing schemes. We first begin with the scaling using network capacity information and

then present results when the algorithm incorporates user channel information.
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Device and Network Capacity-Aware Video Scaling

We begin by presenting the results of DeNAS using network capacity informa-
tion. Recall from Section 5.4, the algorithm’s objective is to maximize aggregate quality
satisfaction based on the constraints of the device, as well as the available network band-
width.

We look at the scenario described in the previous section, which has an equal
distribution of user devices requesting the BU .S video. Figure 5.1 in Section 5.2 showed
that in a scenario with an equal distribution of devices, the device and the network
capacity-aware algorithm, reduces bandwidth usage by up to 64%. In terms of aggregate
quality satisfaction, agg@®)S, we can maintain an aggregate quality satisfaction of 0.95
with 30 devices and outperforms SVC. By using network capacity information as well as
device information, we see that more devices are able to access the network and achieve
a satisfiable quality. Similarly if we look at the avg() of the device and network capacity-
aware algorithm, we see that the proposed algorithm achieves the highest average quality
obtainable in this scenario, achieving a 0.65 average quality level at 30 users as seen in
Figure 5.7.

After looking at a scenario with an equal distribution of devices, we next eval-
uate the proposed device and network-aware scaling algorithm over multiple test cases.
For these experiments, we look over a set of test cases, changing the scenario charac-
teristics by changing the number of devices, varying the device capabilities by choosing
different capabilities for each user for each test case, and looking at three different video
sequences: AKIYO, BUS, and FOREMAN.

Table 5.1 summarizes the results of these experiments. Each row represents the
average of five test cases with a given video stream and number of devices combination.
This table reports the number of devices supported in the network, the average quality
score, and the aggregate quality satisfaction over the five runs. In the experiments with
SVC, we assume a favorable admission control policy that serves the devices with the

highest possible achievable quality.
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Table 5.1: Experiments with DeNAS using Network Capacity Information
Comparison of SVC and Device & Network Capacity-Aware Scaling in terms of Number of Devices Sup-
ported, Average Experienced Quality, and Aggregate Quality Satisfaction with different videos, number

of devices, and distributions of device type.

Video Name Number of Average Aggregate
and Devices Experienced Quality
Number of Served Quality Satisfaction

Devices SVC | DeNAS | SVC | DeNAS | SVC | DeNAS
Bus-10 10 10 0.670 | 0.670 1.00 1.00
Bus-20 10 20 0.383 | 0.619 | 0.500 | 0.920
Bus-30 10 30 0.263 | 0.617 | 0.333 | 0.927
Foreman-20 | 20 20 0.638 | 0.638 1.00 1.00
Foreman-30 | 21 30 0.462 | 0.645 | 0.700 1.00
Foreman-40 | 21 40 0.353 | 0.619 | 0.525 | 0.965
Akiyo-20 20 20 0.882 | 0.882 1.00 1.00
Akiyo-30 21 30 0.625 | 0.854 | 0.700 | 0.964
Akiyo-40 21 40 0477 | 0.834 |0.525| 0.944

We first start by looking at the number of devices that can be supported in the
network given the different scaling methods. The table shows that our proposed scaling
algorithm is able to support a greater number of devices in the network across all the
test cases. In the particular combination of the BUS video stream with 30 users, we
observe the maximum improvement of 3x with only 10 users supported with SVC in
compared to 30 users with DeNAS using network capacity. Next, we look at the av-
erage quality, avg(, achieved in the different scenarios. While the avg() is similar in
the cases where the number of devices is small, DeNAS achieves a significantly higher
average quality improves over SVC in the cases where there are a greater number of user
devices. Additionally, we observe a similar trend with the aggregate quality satisfaction
in the different scenarios because more user devices are able to access the network and
are satisfied with DeNAS. While the quality satisfaction and achieved quality for SVC
quickly deteriorates with more devices, DeNAS scales well with increasing number of
devices, with minimum degradation in quality satisfaction and average quality experi-

enced. DeNAS is able to achieve a quality satisfaction score in the range of 0.92-1,
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while the quality satisfaction using SVC is as low as 0.33 with the BUS stream. In all
cases, DeNAS is able to achieve high quality satisfaction, while maintaining the mini-

mum quality requirement.

Device and Network-Aware Scaling Using User Channel Constraints

We now focus on evaluating the performance of DeNAS in the case where there
are channel limitations for individual users. In the previous scenarios, the scaling deci-
sion is made assuming that the access point is able to provision the necessary bandwidth
for each user. However, as discussed in Section 5.4, this may not always be possible due
to various reasons, including channel conditions resulting from distance and topology,

as well as the wireless network’s channel access scheme.

Table 5.2: Experiments with DeNAS using User Channel Limitations: Aggregate
Comparison of Aggregate Quality Satisfaction using SVC, DeNAS using Network Capacity, and DeNAS

using User Channel Constraints.

Type & Aggregate Quality Satisfaction
Number of | SVC | DeNAS using Network | DeNAS using User

Devices Capacity Information | Channel Information
ALL-15 | 0.750 0.997 0.998
ALL-20 | 0.500 0.983 0.997
ALL-25 | 0.400 0.982 0.996
ALL-30 | 0.333 0.991 0.997
LAP-15 | 0.750 0.963 1.00
LAP-20 | 0.500 0.952 1.00
LAP-25 | 0.400 0.976 1.00
LAP-30 | 0.333 0.985 1.00

The proposed scaling algorithm can improve the chosen scaling levels for each
user by ensuring the chosen scalability can be supported by the device’s capabilities,
as well as their channel limitation. To show the impact of this algorithm, we evaluated

DeNAS using channel information and observed the improvement in network quality
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satisfaction. For these experiments, we consider topologies consisting of 15, 20, 25, and
30 devices, where each of the devices is requesting the BU S video and the maximum
capacity is 5.5 Mb/s. For each network topology, we performed 20 test runs to vary the
maximum achievable bandwidth of each user in a given network. Table 5.6.2 summa-
rizes the results of these experiments, where each row represents results with a topology
for a fixed number of users. The table provides the achieved quality satisfaction with
SVC, with DeNAS using network capacity information, and finally, with DeNAS using
user channel information. Additionally, the maximum improvement of an individual
user achieved by with DeNAS using channel information is given in terms of the dis-
cussed quality metric, ()L, and the corresponding percentage improvement. Recall that
the quality satisfaction score is the ratio between the quality of the received video over
the maximum achievable quality. We adjust the maximum achievable quality to reflect

the user channel impairments.

Table 5.3: Experiments with DeNAS using User Channel Limitations: Individual
Comparison of Maximum User Improvement in Experienced Quality of DeNAS using Channel Informa-

tion versus DeNAS using Network Capacity.

Type & Maximum User Improvement

Number of QL (VQM-based) QL (PSNR-based)
Devices | Quality Difference | Percentage | Quality Difference (dB) | Percentage
ALL-15 0.07 10.14% 0 0%
ALL-20 0.16 24.24% 2.86 10.52%
ALL-25 0.16 25.40% 7.21 32.27%
ALL-30 0.13 20.63% 6.03 27.08%
LAP-15 0.13 18.84% 2.86 10.52%
LAP-20 0.17 26.15% 491 22.05%
LAP-25 0.16 25.40% 7.28 32.69%
LAP-30 0.13 20.63% 6.16 27.28%

In the first set of experiments, we assume an even distribution of all three devices
(laptop, PDA, and cellular phone) in the network. These experiments are labeled as ALL

in the results. We start by looking at the quality satisfaction scores with SVC, DeNAS
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using only network capacity information, and DeNAS using channel information. In all
of the scenarios, the DeNAS algorithm based on network capacity information contin-
ues to outperform SVC even with the user channel limitations. We next look at what
improvements can be achieved using channel information. As seen from the quality sat-
isfaction scores, the majority of users are able to reach their maximum achievable quality
given their channel and device limitations with DeNAS using user channel information.
While the quality satisfaction score shows improvement over the entire network, we
next look at individual users and discuss the maximum improvement achieved with a
single user in these scenarios. As can be seen in the table, the potential impact for a
single user can be significant. For example, in the case of 25 devices, the maximum user
improvement is 0.16, when a laptop originally obtaining a VQM-based quality of 0.63
is able to improve its quality up to a 0.79. This is approximately a 25% improvement
in the laptop’s experienced quality. We also calculated the quality impact using PSNR
as the quality metric. The columns of Table 5.3 show the maximum individual user
improvement measured in PSNR for the discussed scenarios. The maximum individual
user improvement with DeNAS using channel information is 7.21 dB in the case of 25
users.

In our next set of experiments, we look at scenarios where the bandwidth de-
mand is higher and consider the case where all the devices are laptops. We consider
similar scenarios to the above experiments with 15, 20, 25, and 30 devices and perform
20 test runs to vary the maximum achievable data rate of each device. These results
are also provided in Table 5.6.2 and are labeled as LAP in the table. As can be seen
in the quality satisfaction scores, the DeNAS adaptation using network capacity infor-
mation outperforms SVC. Since the devices have higher bandwidth needs, the quality
satisfaction scores are slightly lower than the previous results. We next look at DeNAS’
performance using user channel information. The results indicate that DeNAS is able
to improve the quality satisfaction score to almost 1, meaning that the majority of de-
vices can reach their maximum achievable quality. Finally, in terms of the maximum

individual quality improvement with DeNAS using channel information, we observe in
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Table 5.3 results similar to the previous scenarios with a VQM-based quality metric im-
provement of 0.17, approximately 25%, and a PSNR maximum improvement of 7.28
dB.

Having shown the summarized data for these scenarios, we next show the quality
experienced by the devices measured using the VQM-based quality metric ()L in a cho-
sen scenario in order to better understand how the quality improvement is distributed
over the network. Figure 5.8 shows the LAP-20 scenario, where DeNAS is able to
achieve the maximum improvement in quality satisfaction using additional channel in-
formation. The X axis provides the user number for the 20 devices and their maximum
achievable data rate. The Y axis shows the VQM-based quality metric experienced.
For each device, we compare the experienced quality with DeNAS using network ca-
pacity versus scaling using channel information. As can be seen in the figure, many
of the individual devices, such as N1, N2, and N4, are able to experience significantly
higher quality video when DeNAS can use additional channel information to determine
video scaling. When the quality of each profile is measured in PSNR, DeNAS is able
to achieve the maximum improvement in quality satisfaction in the LAP-25 scenario.
Figure 5.9 shows the quality impact in this scenario of using channel information with
DeNAS. Many of the individual user devices, such as N1, N2, and N4 are able to achieve

a significant improvement of up to 5 dB when user channel information is considered.

5.6.3 Evaluating DeNAS in a WLAN Network

In the previous experiments, we evaluated the proposed video scaling algorithms
with abstracted information of the network capacity and channel conditions. In addition
to these experiments, we wanted to evaluate DeNAS in a simulated WLAN environment.
For this work, we used the Opnet tool to simulate an IEEE 802.11b environment. Rather
than choose a default packet distribution to represent the video stream, we incorporated
actual packet traces of the SVC encoded video stream and the scaled video streams

created by DeNAS in order to have an accurate application load in our simulations. The
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Figure 5.8: Experienced Quality Improvement (VQM-based) with DeNAS Using Chan-
nel Information
Results showing distribution of improvement in Experienced Quality based on VOM metric with DeNAS

using Network Capacity versus DeNAS using User Channel Information in a 20 device scenario.

packet traces of the scalable video streams were incorporated into the Opnet Application
and Profile configuration. In our experiments, we considered the default simulation
parameter settings for an 11 Mb/s IEEE 802.11b network and assumed that no admission
control scheme is used for the network. We varied the number of users from 10 to 20
with an equal distribution of Laptops and PDAs and used a 20 second looped sequence
of the BUS video for the video sequence. To understand the quality of the video received
at the user device, after each simulation, we used the set of successfully received packets
over the simulated network and reconstructed the video that would be viewed given the
device’s capabilities.

The results from this set of simulations show that the use of SVC can lead to
serious congestion problems in the network. As the number of devices increases, the
observable delay experienced by each device increases significantly with SVC and the
device-aware scheme, in comparison to the DeNAS algorithm. The delay observed is

dependent on the setting of the number of nodes in the network, the AP buffer size,
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Results showing distribution of improvement in Experienced Quality in PSNR with DeNAS using Network

Capacity versus DeNAS using User Channel Information in a 25 device scenario.

and the amount of background traffic. As the number of devices in the network in-
creased, the AP experiences large delays, collisions and retransmissions because of the
contention-based medium access control used in 802.11. For example, in the case of
20 devices, devices are only able to receive one viewing of the video with SVC but are
able to observe more than two full viewings of the looped video with DeNAS. Hence,
the delay with SVC is 2x greater than DeNAS due to the amount of traffic the AP has to
handle. Additionally, in the test cases where the SVC traffic overloaded the 2 MB AP
buffer, several SVC streams suffer from significant packet loss, making the video stream
undecodable. In contrast, DeNAS is able to support 20 devices comfortably without any

packet loss and significantly alleviate the load of the network.



148

5.7 Conclusion

In this chapter, we presented the DeNAS framework. By finding the appropri-
ate scaling level for each video stream prior to its delivery over the wireless network,
DeNAS is able to provide a high quality stream to each device, while increasing net-
work efficiency and satisfying a greater number of clients than SVC. We demonstrated
through our experimental results the effectiveness of DeNAS in achieving high quality

satisfaction, relieving network load and increasing network capacity.

The text of this chapter, in part, is based on material that has been published in
the IEEE International Symposium on Personal, Indoor, and Mobile Radio Communi-
cations in 2007 (N. Ramos and S. Dey, ”A Device and Network-Aware Scaling Frame-
work for Efficient Delivery of Scalable Video over Wireless Networks”, Proceedings
of IEEE International Symposium on Personal, Indoor and Mobile Radio Communi-
cations, Athens, Greece, September 2007) and material submitted to the IEEE Trans-
actions on Broadcasting (N. Ramos and S. Dey, “User Device-Centric and Network-
Cooperative Video Scaling Algorithms for Efficient High Quality Video Delivery”, IEEE
Transactions on Broadcasting). The dissertation author was the primary researcher and
author, and the coauthors listed in these publications collaborated on, or supervised the

research that forms the basis for this chapter.



Chapter 6

Future Work

As described in this thesis, there are a number of challenges in supporting mul-
timedia over wireless networks. These challenges include energy-efficiency, network
efficiency, quality of service, and serving diverse platforms. This thesis addressed these
challenges directly by enabling network adaptation schemes at the user device, access
point, and content source. In particular, it introduced two user device schemes; a dy-
namic network parameter adaptation algorithm to adapt link layer parameters to reduce
energy consumption and a channel-dependent packet level tuning scheme to adjust link
layer parameters to achieve higher quality and throughput. The thesis also proposed an
access point scheduling algorithm to provide a means of allocating resources to users
depending on their application needs. By recognizing the variation in application re-
quirements and dynamically scheduling additional resources when needed, we were
able to improve several quality metrics and overall network capacity. Finally, we looked
to adapting the content source and developed a framework to scale multimedia video
over the network for a diverse set of devices. We showed the potential of improving
quality and network efficiency by considering properties of the network and the device
in determining the appropriate video scaling.

In this final chapter, we discuss future research directions and opportunities that

can be pursued given the work presented in this thesis. We group the possible future

149
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work into two categories. The first set of extensions look at broadening the scope of
each of the individual network adaptations. The second set extend the entire scope of

the thesis and look into possible applications of the developed work.

6.1 Extensions of Individual Network Adaptations

The individual network adaptations proposed in this thesis were shown to im-
prove quality and efficiency of wireless multimedia transmissions. In this section, we
discuss the scope of possible extensions for each of the individual network adaptations.
We briefly describe future work that can be pursued and discuss the potential improve-

ments that can be made with each of the adaptations.

6.1.1 Energy Parameter Adaptation

For this thesis, we focused at energy adaptations only at the user and looked pri-
marily at the data link layer. One possible extension is to look for other parameters in
the data link layer and investigate the appropriate tuning for these parameters for min-
imizing energy. Another possible extension is to look at other networks and determine
the feasibility of using the developed work in the context of these networks. This can
include other wireless technologies with different physical layers or can also include
IEEE 802.11 ad-hoc networks. Note that the developed work has been investigated in
the context of IEEE 802.11 infrastructure network but the potential impact of energy

improvement can also be evaluated in an IEEE 802.11 ad-hoc network.

6.1.2 Quality of Service Parameter Adaptation

In terms of parameter adaptation for improved quality, we can further improve
quality by determining the appropriate settings for the IEEE 802.11-specific parame-
ters and determining the mapping from DiffServ to these parameters. While we looked

at specific problems like priority inversion and starvation, further work can be done to
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maintain different service levels. By monitoring the channel conditions and whether
users are achieving their expected throughput and delay requirements, dynamic adap-
tation of channel access parameters can ensure that the appropriate resources are pro-
visioned for each user. Additionally, coordination with a centralized controller or with
other users in the network for parameter settings can be used as another means of im-

proving service differentiation using dynamic parameter adaptation.

6.1.3 Quality of Service Scheduling and Resource Allocation

In the service differentiation work using reservations, there are a number of di-
rections that can be pursued. First, there is a possibility of incorporating varying channel
conditions in determining the appropriate scheduling. The next is to focus on resource
allocation to meet variable application requirements and investigate the impact of this
work in terms of energy consumption. A combined approach of parameter adaptation
and scheduling can also be developed to coordinate the access point work and the device
adaptations to ensure that the adaptations do not negatively impact each other. Finally,
a possible direction is to look at admission control and determining which users are the

best to serve given their capabilities, requests, and channel conditions.

6.1.4 Content Scaling for Diverse User Devices

The final network adaptation we discuss is the developed video scaling work.
A future direction would be to investigate how video scaling can take into account dif-
ferent priority level and service differentiation. Additionally, we can also look into the
impact of scaling on energy and choose the scaling based on available energy and cur-
rent processing capabilities. Finally, we can consider a joint scheme where we combine
video scaling and link layer scheduling to improve delivery of multimedia video. Al-
though the approach developed in this thesis can greatly enhance the capacity of the
video delivery system, individual streams delivered may still face network and quality

problems. In order to be able to allocate network resources judiciously to each appropri-
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ately scaled SVC stream, a future research direction would be to develop a joint video
scaling-network scheduling technique, where both the video scaling choices and net-
work allocation choices are performed simultaneously. For example, in the context of
an IEEE 802.11e-based network, resource allocation and network parameters would be
decided to match the scaling chosen for the individual stream by DeNAS. The proposed
approach would enable a high capacity video delivery system, capable of streaming high

quality video to a large number of video terminals, under any given network condition.

6.2 Application of Developed Network Adaptations

Having described possible improvements to the individual network adaptations,
we next describe potential extensions and applications of the entire body of research
developed in this thesis. One possible future direction is to investigate the work in the
context of large-scale wireless networks. The developed adaptation schemes have fo-
cused and evaluated on a single network and wireless technology. In the near future,
we envision scenarios where it is necessary to support the delivery of multimedia ap-
plications with high requirements to a large number of users using multiple wireless
technologies, and different methods of connectivity. We believe the developed work
can be enhanced such that the adaptation techniques can be used in the context of these
networks. The second possible future direction is in creating an adaptation manager
for these schemes. While we were able to show the potential of these individual net-
work adaptations, we believe that further improvement can be made by looking at joint
and coordinated network adaptation. We describe these two possible extensions in the

following subsections.

6.2.1 Large Scaled Wireless Networks

The first potential extension of the work presented in this thesis is to explore

the developed adaptations in the context of large scaled wireless networks. Here, we
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Figure 6.1: Future Work

consider network adaptation in systems with multiple wireless connectivity points and
wireless technology supporting a large number of users requesting a rich diverse set of
applications. In these systems, network adaptation will be necessary to support user
requirements since quality and resource efficiency will be essential in these networks.
We believe that this work can be extended to work in these large scaled networks
and that there is potential of the network adaptation working at additional network el-
ements. This extension will include investigating how to work over multiple access
points, wireless technologies, and even different channel access schemes. Some of the
key challenges that have to be investigated include load balancing between access points,
handoffs, and ensuring connectivity. These challenges will have to be investigated in
order to understand the potential of the proposed work in these type of networks. Ad-
ditionally, a possible extension is to create a demonstration of these adaptations and

evaluate their effectiveness outside of the simulation framework.

6.2.2 Coordinated Adaptation Management

Another future direction would be to evaluate coordinated adaptation manage-
ment. This thesis proposed different network adaptation focusing on different metrics
including energy efficiency, network capacity, and quality of service. A natural step
would be to coordinate these network adaptations based on current conditions and on the

network service objective. The adaptation management would determine which adap-
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tations should be active and also decide individual parameters for each of the schemes.
As illustrated in Figure 6.1, the adaptation management would receive information from
the content source, access points, and user devices. This could be done passively by ac-
tively monitoring the channel and overhearing packets exchanges or may be performed
more directly by performing a periodic query to the network elements to determine the
current state. Also, this management system could maintain current information about
the users, which include device type, capabilities, and subscribed service levels, that

could be used by the adaptation algorithms.
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