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Abstract
Reliable and energy-efficient delivery of multimedia to mobile terminals in dynamic networks
is a very challenging problem. In this thesis, we focus on a cooperative extension to the Digital Video
Broadcasting – Handheld (DVB-H) standard, forming a cooperative broadcast network whereby
terminal-to-terminal cooperation creates a distributed form of multi-input-multi-output (MIMO) that
supplements existing fixed network infrastructure.
First, we develop a novel and computationally-efficient hierarchical Markov model that is
able to accurately perform a cross-layer packet error mapping between the physical and transport
layers of the DVB-H/IPDC (IP DataCast) protocol stack. We then construct a discrete-event
simulator in MATLAB® that incorporates all of the necessary modules to conduct dynamic multiterminal network simulations. Next, the convergence of cooperative wireless communication, Raptor
application layer forward error correction (AL-FEC) and Network Coding (NC) is examined.
Originally proposed for broadcasting over the Internet, the application of Raptor codes to wireless
cooperative communications networks has been limited to date, but they have been mandated for use
in DVB-H. Network coding is used to reduce energy consumption by opportunistically recombining
and rebroadcasting required combinations of packets. Two novel coding-enabled cooperative relaying
protocols are developed for multicast and multiple unicast file distribution scenarios that are
transparent, fully distributed, and backwards compatible with today's systems. Our protocols are able
to exploit several different forms of diversity inherent to modern wireless networks, including spatial
diversity, radio interface diversity, and symbol diversity. Extensive simulations show that our
protocols simultaneously achieve breakthroughs in network energy efficiency and reliability for
different terminal classes and densities, allowing greatly improved user experiences.
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Chapter 1 Introduction
Introduction
1.1

Mobile Multimedia Delivery
The digitization of traditional broadcast systems has made significant progress in recent

years. Recently, the broadcast industry has turned its eyes to mobile multimedia broadcasting.
Applications such as mobile digital television (mDTV) still have many obstacles to overcome, but at
the moment such applications seem very likely to be the next breakthroughs for the broadcast
industry. Mobile multimedia delivery can be broadly classified into two service classes; non-real time
downloaded video clips and real-time streaming video.
Delivery of multimedia information in different application scenarios leads to significant
challenges. Familiar with high-definition TV at home, end users expect similar high quality from
mobile applications as well. On the other hand, network and service operators desire high efficiency
and low costs in terms of infrastructure and hardware, while at the same time providing high
customer satisfaction. While personalized services can be improved by considering point-to-point
(p-t-p) distribution, popular content requires more efficient methods of broadcast distribution. The
reliable delivery of large non real-time files or live video broadcasting to many users over unreliable
and bandwidth-limited networks, however, remains a very challenging task.____________________
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Many of the challenges arise at the lowest layers of the protocol stack, such as the physical
and medium access control layers. However, to avoid large up-front infrastructure costs, there is a
general tendency to reuse as much as possible of the existing network infrastructure. For example, the
DVB-H standard relies heavily on the terrestrial DVB-T infrastructure, and 3GPP Multimedia
Broadcast/Multicast Service (MBMS) reuses existing signal processing and network infrastructure
from p-t-p Universal Mobile Telecommunications System (UMTS) systems. Therefore, the
optimization potentials on the layers below the network layer are limited and Internet Protocol (IP)
multicast transmission is generally not reliable or fully optimized, necessitating higher-layer protection
schemes [1]. In order for a broadcast or multicast service to be technically and financially successful, a
number of high-level network requirements must be met:
•

Scalability: The server load should be independent from the number of clients.

•

Reliability: All clients should be able to decode an exact copy of the original message.

•

Reception-efficiency: The total number of packets required by each client to successfully
decode should be minimized.

•

Time-efficiency: Computational complexity should be minimal at both the encoder (server)
and decoder(s) (client(s)).

•

Time-independence: Clients should be able to join the session asynchronously and
reception should be resilient to temporary interruptions.

•

Transmitter-independence: Clients should be able to collect packets from a server and/or
other clients that are all disseminating the same message, without requiring significant
coordination with the server.

•

Flexibility: The protocol in use should tolerate a heterogeneous mixture of clients with
different end-to-end loss rates and data rates.
It will be shown in subsequent chapters that a protocol based on the breakthrough class of

fountain codes at the application layer can simultaneously meet all of these objectives.
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Cooperative Cellular Networks
In a cellular network, spatial diversity can be exploited by integrating multiple antennas at the

base station (BS) and terminals, a technique known as multiple-input multiple-output. However,
batteries on mobile handsets typically have lifetimes measured in hours or at most days, and the
development of smaller and higher capacity batteries has been slow in comparison with Moore’s Law.
Implementing multiple antennas on a handheld is also still not feasible due to the shrinking sizes of
such devices, which makes spacing out the antennas by more than one correlation distance
increasingly difficult.
One alternative method of combating the time-varying wireless channel, which has emerged
in recent years, is through the use of terminal cooperation. For downlink broadcasts, a BS can exploit
path diversity and have terminals act as auxiliary antennas to assist neighbouring terminals
experiencing high loss rates due to, e.g. a deep fade, being situated in a coverage gap between base
stations, or being indoors. These cases are particularly relevant for video broadcast applications. For
example, results from the first DVB-H test runs in Helsinki, Finland revealed that the most popular
times for mDTV viewing was while travelling by public transportation [2]. Vehicular users are one of
the most challenging cases, though, since they experience frequency-selective fading impairments, in
addition to vehicle penetration loss. Furthermore, vehicular users cannot manually optimize the
position of their receiver antennas [1]. If appropriate coordination strategies are in place, the
cooperative wireless communication can be viewed as a type of distributed MIMO system, which can
achieve significant breakthroughs in network throughput, reliability, energy efficiency, coverage, and
end-to-end latency, thus decreasing infrastructure costs. Therefore, the provision for future methods
of multicasting that incorporate efficient support of relaying is a critical capability [4]. The question
then naturally arises about how one should code for and coordinate the various transmissions that
different relays make. An excellent approach to the coding problem involves using Raptor codes [5].
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Mobile Multimedia Broadcasting Technologies
Like most new technologies, there are several major standards for video broadcasting around

the world. These include three open standards; DVB-H, Terrestrial Digital Multimedia Broadcasting
(T-DMB) and MBMS, and one proprietary one; Qualcomm’s MediaFLO. DVB-H and T-DMB are
mobile-specific extensions of previous broadcasting technologies, DVB-T and Digital Audio
Broadcasting (DAB), respectively. Three of these technologies, DVB-H, T-DMB and MediaFLO
share many transmission characteristics (Table 1.1), while the fourth one, MBMS, is an extension of
current UMTS cellular networks to allow point-to-multipoint (p-t-m) types of connections. DVB-H
and MediaFLO can offer the best quality for audio and video signals because the total data rate of the
network is superior to that of T-DMB and MBMS. Moreover, although all the technologies have all
been designed to guarantee long watching times between recharges of battery-powered devices,
DVB-H and MediaFLO obtain the best results due to their time-slicing power-saving mechanism [1].
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Standard
DVB-H
Frequency band

VHF: 174-240 MHz
UHF: 470-862 MHz

T-DMB

MBMS

VHF

2GHz

MediaFLO
VHF and
UHF
5, 6, 7, 8

Channel bandwidth

5, 6, 7, 8 MHz

1.536 MHz

5 MHz

Spectral efficiency

0.46 – 1.86 bps/Hz

0.2–1.2bps/Hz

0.15–0.3bps/Hz

Modulation

OFDM

OFDM

WCDMA

QPSK

QPSK

1/4, 1/8,1/16, 1/32

¼

N/A

Convolutional,

Convolutional,

Reed-Solomon

Reed-Solomon

23.75 Mbps

1.8 Mbps

1.5 Mbps

Up to 15 Mbps

Up to 1.4 Mbps

Up to 1.5 Mbps

0 – 10 Mbps

8 kbps–1.8Mbps

0 – 256 kbps

Up to 40 km

Up to 80 km

500 m – 2 km

Up to 25 km

Yes

Yes

Yes

Yes

Yes

Yes

Yes

Yes

Constellation
OFDM Guard
Interval

Coding

Maximum multiplex
net data rate
Multiplex data rate in
real scenario
Single-service data
rate
Maximum tx. distance
Reception possible at
120 km/hr
Seamless handover

QPSK, 16QAM,
64QAM

MHz
0.47–
1.87bps/Hz
OFDM
QPSK,
16QAM
1/8
Turbo,

Turbo

ReedSolomon
24 Mbps
Up to 15
Mbps
12 kbps – 1
Mbps

Table 1.1: Comparison of system parameters between different mDTV standards [1].
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DVB-H

1.4.1 System Overview
The objective of DVB-H is to provide an efficient way of carrying multimedia data over
digital terrestrial broadcasting networks to handheld terminals. The DVB-H transmission system is
built from the capabilities of DVB-T, but it overcomes the two key limitations of DVB-T technology
— it extends the battery life of the handheld device and improves the robustness of the mobile
reception in fading environments. DVB-H uses a power-saving technique based on the timemultiplexed transmission of different broadcast services. The technique, called time-slicing, achieves a
large battery power-saving effect. Time-slicing also allows soft handover if the receiver moves from
one broadcast cell to another with only one radio interface. For reliable transmission in poor signal
reception conditions, an enhanced error-protection scheme on the data link layer is introduced, called
Multi-Protocol Encapsulation Forward Error Correction (MPE-FEC). MPE-FEC employs powerful
channel coding on top of the channel coding included in the DVB-T specification and offers a degree
of time interleaving. DVB-H, as a transmission standard for mobile broadcasting, also specifies the
physical layer and the elements of the lowest protocol layers.
At the physical layer, the DVB-H standard also features a transmission mode that is not
present in DVB-T, the 4K mode. This mode offers additional flexibility in designing single-frequency
networks (SFNs) that are well-suited for mobile reception. The DVB-H 4K mode is created via a
4, 096 -point inverse discrete Fourier transform (IDFT) in the orthogonal frequency division

multiplexing (OFDM) modulator. The 4K mode represents a compromise between the DVB-T 2K
and 8K modes. It allows for a doubling of the transmitter distance in an SFN compared to the 2K
mode and, when compared to the 8K mode, is less susceptible to the impairments caused by Doppler
shifts during mobile reception (Table B.7).
Streams in a DVB-H broadcast network are organized hierarchically as shown in Fig. 1.1.
The hierarchy is based on the concept of the MPEG-2 transport stream (TS) [6]. At the bottom level
of the hierarchy are elementary streams (ESs), which each carry one specific type of streaming
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content output by one MPEG-2 encoder. ESs usually carry video, audio and textual (e.g. subtitle)
information. A group of synchronized ESs that make up a single entity are called a DVB-H service.
Several DVB-H services are then multiplexed together in the form of a single MPEG-2 TS. At the
top of the hierarchy are DVB-H networks, which are made up of many transport streams.

Figure 1.1: Hierarchical streams in DVB-H broadcast networks.

1.4.2 IP Datacast
DVB-IPDC defines the components necessary for a commercial system on top of an IP
interface such as that provided by DVB-H. A DVB-IPDC system can be described simply as a
system that combines a unidirectional p-t-m DVB-H broadcast path with a bidirectional interactivity
path, usually provided by an existing cellular network [1]. Such networks are often referred to as
hybrid networks in the literature. We focus only on the former. A simplified protocol stack for a
DVB-IPDC system is presented in Fig. 1.2, with Open Systems Interconnect (OSI) reference model
equivalent labels for different layers. The physical and data link layers define a DVB-H system, and
the network, transport and application layers define a DVB-IPDC system. From the figure, we make
the important observation that Raptor application layer FEC is employed in a DVB-IPDC system.

8
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Figure 1.2: Simplified DVB-IPDC protocol stack [1].

The DVB-H/IPDC standards form a technically advanced framework for the worldwide
deployment of mobile video broadcast, which appears to be gaining ground on its competitors and is
seen as a key element of beyond-3G networks. The DVB-H/IPDC system is an umbrella standard
built upon several component standards, as shown in Table 1.2. Only those standards shown in
boldface font in Table 1.2 are within the scope of our investigations.
Standard

Describes

ETSI TR 102 469

System architecture

ETSI TS 102 470

Program-specific information and service information

ETSI TR 102 471

Electronic service guide

ETSI TS 102 472

Protocols used for the delivery of content

ETSI TR 102 473

Detailed examples of use cases of DVB-H/IPDC services

ETSI TS 102 005

Describes standard content source coding methods

DVB blue book A100

Mechanisms for service purchase and protection

DVB blue book A096

Coordination and areas of application of the different standards

DVB-H standards

DVB-H standard itself
Table 1.2: DVB-H/IPDC framework standards.
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Figure 1.3: DVB-H Single Frequency Network.
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1.4.3 Single Frequency Networks
A typical DVB-H SFN is shown in Fig. 1.3 and is composed of several SFN areas, each using
its own frequency allotment. The maximum size of a single SFN depends on physical layer
parameters such as the DFT size and the guard interval and on geographical properties of the
network, but is usually several kilometers in diameter. Each SFN has several BSs that are time- and
frequency-synchronized (typically via a Global Positioning System (GPS) reference), supported by a
number of repeaters or fixed relays to cover some small holes (not shown). The time and frequency
synchronization of the BSs and fixed relays allows receivers to combine signals coming from several
transmitters. The area covered by a single BS is a cell.

1.5

Wireless Channel Modeling
The propagation paths between a wireless transmitter and receiver may vary from line-of-

sight (LOS) to very complicated ones due to diffraction, reflection and scattering effects. To estimate
the performance of wireless channels, propagation models are typically used. We distinguish between
large-scale and small-scale propagation effects. The former models focus on predicting the received
signal strength indicator (RSSI) over large separation distances between the transmitter and receiver.
Propagation models characterizing rapid fluctuations of the received signal strength over short
distances or short time durations are called small-scale propagation models. Both types of propagation
effects are illustrated in Fig. 1.4.
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Figure 1.4: Path loss, shadowing and multipath vs. distance.

1.5.1 Large-Scale Path Loss and Shadowing
Large-scale fading (attenuation or path loss) can be considered a spatial average over the
small-scale fluctuations of a signal. The Okumura-Hata path loss model [7] is one of the most
commonly-used empirical models for signal prediction in large urban cells, which explains its
popularity in DVB-H SFN research. Originally based on Okumura’s extensive measurements of BSto-mobile signal attenuation throughout Tokyo, Japan, the model was later extended by Hata to a
closed-form formula for the empirical path loss in urban areas:

PL urban ( d )dB = 69.55 + 26.16log 10 ( f c ) − 13.82 log 10 ( hBS )
−a ( h MT ) + (44.9 − 6.55 log 10 ( hBS ))log 10 ( d )

(0.1)

where:
•

d is the distance between the mobile terminal (MT) and the BS in kilometres, 1 ≤ d ≤ 100 km

•

f c is the carrier frequency in Megahertz, 150 ≤ f c ≤ 1500 MHz

•

hBS is the height of the base station in meters, 30 ≤ hBS ≤ 200 m

•

h MT is the height of the MT antenna in meters, 1 ≤ h MT ≤ 10 m
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a( h MT ) is a correction factor for the MT antenna height, based on the size of the coverage
area. For small to medium-sized areas, this factor is given by:

a( h MT ) = (1.1log10 ( f c ) − 0.7)h MT − (1.56log10 ( f c ) − 0.8)dB

(0.2)

and for larger areas at frequencies f c > 400 MHz , by:

a( h MT ) = 3.2(log 10 (11.75h MT ))2 − 4.97dB.

(0.3)

Environmental clutter may be very different along two different paths having the same BSMT separation, d . The log-normal distribution describes the random shadowing effects that occur at
different locations having the same separation d but different levels of clutter on the propagation
path. Incorporating shadowing, the path loss at a particular location is random and distributed lognormally (normally in dB) about the distance-dependent mean value [8], i.e.:

PL urban ( d )dB = PL urban ( d ) +X σ

(0.4)

where Xσ is a zero-mean Gaussian random variable (r.v.) (in dB) with standard deviation σ (in dB).
Then, the received power for a given d is:

Pr ( d )[dBm] = Pt [dBm] − PLurban ( d )[dB].

(0.5)

In wireless systems, there is usually a target minimum received power level Pmin below which
performance becomes unacceptable. When considering path loss combined with shadowing, the
received power at any given distance from the transmitter is log-normally distributed with some
probability of falling below Pmin , known as the outage probability. For the combined path loss and
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shadowing model in Eq. (0.4), this becomes:

Pout ( Pmin , d ) = P ( Pr ( d ) < Pmin )
 P ( d ) − Pmin 
= Q r

σ



(0.6)

 P − ( Pt + PL urban ( d )) 
= 1 − Q  min

σ


where the Q -function is defined as:

1
Q(z ) =
2π

∞

e

− x 2 /2

dx .

(0.7)

z

1.5.2 Small-Scale Fading
Small-scale propagation models capture propagation characteristics of wireless channel on a
finer granularity than large-scale path loss and shadowing, and describe the rapid fluctuation of a
signal over a short period of time rather than the mean received signal power at a given location.
Small-scale fading results from multipath propagation caused by signal reflections from the ground
and surrounding structures in the environment. The relationship between the signal parameters,
channel parameters, and motion of the MT relative to the BS governs the type of fading experienced
by a mobile. Two independent propagation mechanisms, multipath time dispersion and Doppler
spread, lead to a total of four distinct types of fading.
Multipath time dispersion is the first mechanism, which causes a transmitted signal to
undergo either flat or frequency-selective fading. Flat fading occurs if the bandwidth of the signal is less
than the coherence bandwidth of the channel, i.e. BS  BC . Equivalently, the symbol period is greater
than the root mean square (RMS) delay spread of the channel, i.e. TS  10σ τ . With flat fading, the
strength of the received signal changes with time due to fluctuations in the gain of the channel caused
by multipath, but the spectrum of the signal is preserved. It is for this reason that flat fading channels

CHAPTER 1. BACKGROUND AND MOTIVATION

14

are commonly referred to in the literature as amplitude varying channels or narrowband channels. The most
common model for the amplitude of the received signal in a flat fading channel is the Rayleigh
distribution. If the bandwidth of the signal is greater than the coherence bandwidth of the channel,
i.e. BS > BC or equivalently, there is time dispersion in the channel, TS < σ τ , the received signal will
include multiple versions of the transmitted waveform which are attenuated and delayed in time,
causing a distorted signal and inter-symbol interference (ISI). Such channels are also known as
frequency-selective fading or wideband channels, for obvious reasons. Wideband channels are beyond
the scope of this work.
Doppler spread is the second propagation mechanism that determines the type of fading
experienced by an MT. For receivers in motion, complexity comes not only from the multiplicity of
received signal components delayed in the time domain, but also from the frequency shifts affecting
those components. Signals received in motion are affected by a frequency Doppler shift, which is
relative to the receiver speed and the relative angle between the direction of motion and the incoming
signal direction:

BD = Δf D = V ⋅

fc
⋅ cos(θ )
C

(0.8)

where:
•

V is the receiver velocity

•

f c is the carrier frequency of the transmitted signal

•

C is the speed of light in a vacuum ( 2.997924 x 108 m/s)

•

θ is the angle between MT motion direction and incoming signal direction.
Doppler spread causes a transmitted signal to undergo either fast or slow fading. Fast fading

occurs when the coherence time of the channel is smaller than the symbol period of the transmitted
signal ( TS > TC ), causing frequency dispersion or time-selective fading, which leads to signal
distortion. In the frequency domain, this occurs when BS < BD , and signal distortion increases with
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increasing Doppler spread relative to the bandwidth of the transmitted signal. Slow fading can also
occur when the Doppler spread of the channel is much less than the bandwidth of the signal,

BS  BD . In the time domain, this corresponds to a channel impulse response that changes much
more slowly than the transmitted signal, i.e. TS  TC .
As discussed, the Rayleigh distribution is commonly used to describe the statistical timevarying nature of the amplitude of the received envelope of a flat fading signal r, or the envelope of
an individual multipath component. Fig. 1.5 shows the variation of a signal envelope of a constant
signal after passing through a single-path Rayleigh fading channel with a maximum Doppler shift of
10 Hz, as a function of time. The Rayleigh distribution has a probability density function (pdf) given
by:

 r
 r2
exp

− 2
p( r ) =  σ 2
 2σ
0, r < 0




, 0 ≤ r ≤ ∞

where σ is the RMS value of the received voltage signal before envelope detection.

Figure 1.5: Typical Rayleigh fading envelope at 1800MHz with fm = 10Hz.

(0.9)
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1.5.3 Noise
Noise is present in every wireless communication system and is generated by a variety of
natural causes. A typical model for the noise affecting a modulated signal s ( t ) = ℜ{u( t )e j 2π f c t } , where
u ( t ) is the complex envelope of s ( t ) . n( t ) is an Additive White Gaussian Noise (AWGN) process,
which is added to the signal prior to reception, such that the received signal is r ( t ) = s ( t ) + n( t ) .
The Signal-to-Noise Ratio (SNR) can then be defined as the ratio of the received signal
power Pr to the power of the noise within the bandwidth of the transmitted signal s ( t ) , where Pr is
determined by the transmitted power Pt , and the path-loss, shadowing and small-scale fading as
described in Sec. 1.5.1 and 1.5.2. The noise power, however, is determined by the bandwidth of the
transmitted signal and the spectrum of n( t ) . If the bandwidth of u ( t ) is B , then the bandwidth of
s ( t ) is 2B . AWGN noise n( t ) has uniform power spectral density N 0 / 2 and thus the total noise
power in the signal bandwidth is N = N 0 2 ⋅ 2 B = N 0 B and the received SNR is γ = Pr N 0 B .

1.5.4 Interference
The two main interference sources that constrain the cell size of a DVB-H SFN are inner
and outer interference. The inner interference is the interference generated by the transmitters in the
SFN. The outer interference is the interference coming from other SFNs or multiple frequency
networks (MFNs) that operate at the same frequency as the SFN.
The maximum acceptable echo delay depends on the used OFDM guard interval. When the
echo delay of the signal is higher than the guard interval, ISI occurs. Thus, as long as the distance
between the transmitters in the SFN is less than a maximum distance R g , there is no inner
interference in a network with only two transmitters. Otherwise, inner interference occurs. The
maximum distance R g is defined by the following formula [1]:

R g = C ⋅ Tg

(0.10)

CHAPTER 1. BACKGROUND AND MOTIVATION

17

where C is the velocity of light and Tg is the guard interval length. Due to multipath environments,
different signals will be received with different delays and interference is inevitable. Signals received
within the OFDM guard interval contribute to the useful signal, whereas signals with a time delay
larger than the guard interval cause self-interference.

1.6

Thesis Scope and Contributions
In this thesis, we study the intersection of cooperative wireless communication, Raptor AL-

FEC and application layer Network Coding (AL-NC). We take a cross-layer and end-to-end
simulation-based research approach that examines how application layer coding can be intelligently
applied in a cooperative environment to achieve enhanced information dissemination reliability,
which is manifested in the form of improved decoding performance. We explore the implications of
these reliability improvements to cooperative terminal energy consumption and find that substantial
energy savings and higher network throughput can be achieved simultaneously with improved
decoding. In broad terms, the contributions of this thesis are twofold.
First, we develop a complete Physical-to-Transport layer Performance Module that
characterizes User Datagram Protocol (UDP) error rates in a DVB-H/IPDC datacast system. We
abstract only the necessary aspects of the standards and begin by appropriately parameterizing a
previously-proposed four-state Markov model to match the run length packet distributions of the
DVB-H physical layer. We then develop abstractions for the higher layers of protocol stack. The
result is a novel hierarchical Markov model that is computationally-efficient to implement and that
accurately performs a cross-layer packet error mapping. We then construct a discrete-event simulator
in MATLAB® that includes all of the necessary modules to conduct dynamic multi-terminal network
simulations. Next, we extend the DVB-H/IPDC framework to allow for terminal-to-terminal
cooperation and accordingly extend the dynamic network simulator. This extended simulation
framework allows us to carry out our simulations with a high degree realism that is rarely found in
cooperative communication or coding-related studies, linking application layer coding to physical
layer energy consumption. Our simulator has many configurable degrees of freedom, allowing it to be

CHAPTER 1. BACKGROUND AND MOTIVATION

18

quite flexible. To the best of the author’s knowledge, no cooperative provision has yet been
considered for the future of DVB-H/IPDC by the relevant standardization committees. The topic
has not yet received an appreciable amount of research attention either. Conducting our work in this
context then is novel from a research perspective but is also a very practical first step in evaluating
the evolution of existing broadcast systems to incorporate cooperation in the future.
Second, using the AL-FEC Raptor codes already mandated for use within the DVBH/IPDC standards, we develop two novel coding-based cooperative relaying protocols. They are
completely transparent to the end user and could be easily programmed into a terminal's firmware.
We examine a scenario where the BS provides many services and focus on two special base station
multimedia distribution cases; multicast and multiple unicasts. Our first cooperative protocol for
multicast is based entirely on Raptor codes, whereas the second protocol for the multiple unicasts
case combines both Raptor FEC coding with opportunistic network coding. Both cooperative
protocols also exploit radio interface diversity, i.e., they exploit the difference in terminal energy
consumption when transmitting or receiving a bit over a short-range link (SRL) interface versus that
required to do the same over a long-range cellular link (CL) interface. This allows us to draw
comparisons not only internally among cooperative protocols, but also to compare against the case of
no terminal cooperation, as is the case today. Both cooperative schemes are shown to enable large
enhancements in both the reliability and energy efficiency of multimedia broadcast, resulting in
improved

end-user

experiences.___________________________________________________
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Thesis Organization
This thesis presents the developments of our work in a progressive manner to enhance

readability. Background, results and discussion are distributed throughout the thesis, with each
chapter building on previous chapters. The remaining chapters of the thesis are as follows.
In Chapter 2, we overview the system model constructed for our simulation-based
investigations. The network topology under study is presented, followed by the architecture of the
discrete-event dynamic network simulator (DNS) we have constructed, which closely adheres to the
framework in the DVB-H family of standards and comprises several modules.
In Chapter 3, a novel 3-layer hierarchical Markov model is developed, linking physical layer
packet loss rates to application layer loss rates in the DVB-H/IPDC protocol stack. The appropriate
model parameters corresponding to the DVB-H physical layer are first determined. Then, the model
is extended to account for the FEC and encapsulation mechanisms above the physical layer. This
model is the most important module of the discrete event simulator, enabling the realistic cross-layer
DVB-H/IPDC simulations in subsequent chapters and providing a platform for evaluating
application layer coding-enabled cooperative protocols. Background on base station time-sliced
bursts and multi-service distribution are also presented.
In Chapter 4, we first motivate the need for new AL coding-enabled cooperative protocols
that aim to improve both energy savings as well as transmission reliability. A brief overview of the
relevant aspects of the Bluetooth short-range link technology is then provided. Next, we develop
another key module which characterizes the inter-terminal SRLs. Ad-hoc piconets and different
cooperative approaches are then overviewed. To understand the network dynamics of our study, the
different types of terminal losses observed using the system model with inter-terminal cooperation
are characterized and quantified.
In Chapter 5, the coding theory background required to understand the application layer
coding-based cooperative protocols developed for DVB-H/IPDC is overviewed in detail. This
includes a discussion on fountain coding, narrowing to LT coding, non-systematic Raptor coding and
the systematic standardized Raptor codes used in DVB-IPDC. Next, network coding is overviewed,
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with discussions on both intra-session and inter-session NC techniques. Lastly, the motivation for
combining Raptor AL-FEC and AL-NC coding is overviewed.
In Chapter 6, we first discuss the relevant associated delivery procedures used in the
standards to broadcast multimedia. Then, we develop a new coding-based cooperative protocol for
the special distribution case of multicast file delivery. In doing so, we present two related problems;
the symbol availability problem and the symbol sampling distortion problem, and provide lowcomplexity solutions to each that enable on-the-fly Raptor recoding at cooperative terminals. We
analyse the performance of this protocol with extensive multi-terminal simulations using the discreteevent dynamic network simulator developed in Chapter 2-4. The average decoding performance and
average energy consumption of cooperative terminals are the metrics of interest. Next, we develop a
second novel protocol for multiple unicast file distribution that combines both Raptor and network
coding techniques. The average decoding performance and average energy consumption of this
scheme are also analysed extensively using the DNS. Comparisons are made between both schemes
and non-cooperative DVB-H.
In Chapter 7, we conclude the thesis with a summary of the work presented in the preceding
chapters. The benefits of the cooperative protocols developed and the implications of implementing
them in real DVB-H/IPDC systems are reviewed. Finally, the most promising areas for future
investigations on this topic are outlined.
The cross-layer dynamic network simulations carried out in this study introduce many
degrees of freedom and possible parameter selections. For example, at the DVB-H physical layer
alone, the number of possible transmission parameter combinations is in the thousands. Thus, the
question naturally arises as to which parameters to choose when building a model. To improve the
readability of the thesis, we introduce dedicated parameter selection sections in the document once
the proper context for those parameter selections has been given. Through these sections, we build
different parameter "profiles", which are then applied to simulations.
The interested reader will also find extensive use of appendices that describe optional
introductory information, in-depth implementation details, and additional investigations and results
that are related to the main thesis results, but are not essential to understanding them.

Chapter 2 System Model
System Model
2.1

Network Topology
In this section, we provide an overview of the network topology under study. DVB-H is a

unidirectional broadcast standard, which when combined with an existing cellular network forms a
hybrid network with both a downlink and an uplink path (e.g. for billing purposes) for terminals. In
what follows, our interest is with respect to the efficient reception of data at the terminals. Therefore,
only the downlink from the base station to the terminals is considered. Terminal-to-terminal
cooperative transmission will also be considered. The DVB-H standard defines two types of
terminals (portable and mobile), comprising a total of four different classes. We examine homogeneous
.
networks of either Class A terminals or Class C terminals, as summarized in Table 2.1. The terms
"user" and "terminal" are used interchangeably throughout.
Without loss of generality, we limit the scope of our work to a single circular cell of a DVBH SFN as shown in Fig. 1.3, where a BS is located at the centre and N cell , MT terminals equipped with
appropriate DVB-H/-IPDC hardware and software ("user equipment") are initially scattered
uniformly at random about the BS. The issues of inner and outer interference, as discussed in Sec.
1.5.4, as well as the problem of handover, are of no consequence when considering a single cell and
are thus ignored in our work. ____________________________________________________
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Category

Class

Description

• Outdoor reception where a portable receiver with an
A

attached or built-in antenna is used
• Terminal moving at very low (walking speed) or
stationary

Portable

• Ground floor indoor reception where a portable receiver
B

with an attached or built-in antenna is used
• Terminal moving at very low (walking speed) or
stationary
• Outdoor reception where the receiver is moved while

C

being used, e.g. antenna integrated into a car
• Terminal moving at medium to high speed (no walking
speed)

Mobile

• Reception inside moving objects like cars or vehicles (e.g.
D

bus, train, etc.)
• Terminal moving at medium to high speed (no walking
speed)

Table 2.1: Terminal classes defined in DVB-H standard [9].

2.2

Dynamic Network Simulator Architecture
To simulate coding-enabled cooperative relaying protocols in broadcast networks, a dynamic

network simulator was designed and its architecture is now described. The simulator is a discreteevent simulator, where time is partitioned into fixed-length time slots and the only events of interest
are the transmission and reception of data by terminals. Network dynamics are represented as a
chronological sequence of events.
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Figure 2.1: DVB-H/IPDC dynamic network simulator architecture.

Our dynamic DVB-H system level simulator is comprised of four component modules,
which we refer to as the: DVB-H/IPDC Physical-to-Transport Layer Performance Module ( M 1 ),
Terminal Mobility Module ( M 2 ), DVB-H Signal Coverage Module ( M 3 ), and the Display Module (

M 4 ), as in Fig. 2.1. Each module M x , 1 ≤ x ≤ 4 , has a refresh time interval Trefresh_M x , which dictates
the frequency with which outputs are computed based on a module's current inputs. For our work,
Trefresh = Trefresh_M1 = Trefresh_M2 = Trefresh_M3 = Trefresh_M4 and all modules operate in lockstep. The required
refresh time interval of module M 1 drives Trefresh and hence the entire simulator, and is discussed in
Sec. 3.2.4 - Sec. 3.2.5. During each time slot and for each user in the cell, the following computations
occur in the following order:
1. Terminal Mobility Module: moves each user across the service area (single cell in the
DVB-H SFN) starting from its position at the end of the last time slot and ending at a new
position. The distance traveled by a user during a specific time slot is dependent upon the
velocity calculated for the user during that time slot, as determined by an internal mobility
model, described in Sec. 2.2.1. Because simulation results may vary greatly for different
mobility patterns (receiver trajectories and velocities), a realistic, yet flexible model is used
which can be tailored to the traffic patterns of the scenarios under study. The outputs
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produced by this module are a new user position/velocity-induced Doppler shift at the end
of the time slot for each user.
2. DVB-H Signal Coverage Module: computes the average Carrier-to-Noise Ratio (CNR or

C/N) of a user, based on the user’s new position within the cell, as provided by the Mobility
Module, and the large-scale path loss and shadowing model described in Sec. 1.5.1. When
considering an entire SFN, the output of this module could be modified to instead calculate
the Signal-to-Interference plus Noise Ratio (SINR) at each time slot, incorporating the
effects of interference as described in Sec. 1.5.4. However, this was beyond the scope of our
work.
3. DVB-H/IPDC Physical-to-Transport Layer Performance Module: calculates UDP

datagram losses at the transport layer of the DVB-H/IPDC protocol stack by abstracting
the physical, data link, network and transport layer error performances. The module takes as
inputs the Doppler shifts and CNR values computed by the Mobility Module and the DVBH Signal Coverage Module, respectively, and uses the values in the physical layer abstraction
sub-component to compute physical layer loss characteristics, which are then propagated up
the protocol stack, finally producing application layer loss characteristics. The outputs of
this module are a number of UDP datagram loss traces.
4. Display Module: Creates a visual on-screen display of the dynamically varying network

topology
Note that the calculations performed by the Mobility Module and the DVB-H Signal Coverage
Module can be pre-computed prior to running a simulation.

2.2.1 Gauss-Markov Terminal Mobility Module
The Gauss-Markov Mobility Model [10] has become well-known for the simulation of adhoc network protocols. This mobility model was designed to adapt to different levels of randomness
via a single tuning parameter. Each terminal within a cell is assigned an initial position, speed and
direction. At the start of fixed time slots Tr ,n n = 1, 2, 3,... , movement occurs by updating the speed

25

CHAPTER 2. SYSTEM MODEL

and direction of each terminal. Specifically, the values of speed and direction, respectively, during the
n th time slot are calculated from the values at the end of the ( n − 1)st time slot Tr ,n −1 using the
following two equations:

s n = α s n −1 + (1 − α )s + (1 − α 2 )s x n −1

(2.1)

d n = α d n −1 +(1 − α )d + (1 − α 2 )d x n −1

(2.2)

where s n and d n are the new speed and direction of the terminal for the duration of time period Tr ,n ,

α is the tuning parameter used to vary the randomness where 0 ≤ α ≤ 1, s and d are constants
representing the mean value of speed and direction as n → ∞ , and s x n−1 and d x n −1 are Gaussian r.v.s.
Totally random values (Brownian motion) are obtained by setting α = 0 , and linear motion is
obtained by setting α = 1 . Intermediate levels of randomness are obtained by varying the value of α
between 0 and 1 .
At the start of each time slot, the next terminal position is calculated based on the current
position, speed, and direction of movement at the end of the previous time slot. We use a coordinate
system whereby the centre of the cell is the origin. During time slot Tr ,n a terminal’s position is given
by the equations:

x n = x n −1 + s n −1 cos d n −1

(2.3)

yn = yn −1 + s n −1 sin d n −1

(2.4)

where ( x n , yn ) and ( x n −1 , yn −1 ) are the x and y coordinates of the terminal’s position during the
n th and ( n − 1)st time slots, respectively. s n −1 and d n −1 are the speed and direction of the terminal,
respectively, during the ( n − 1)st time slot.
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To ensure that a terminal does not remain near a cell edge for a long period of time,
terminals are forced away from the edge when they move within a certain distance of it. This is done
by modifying the mean direction variable d in Eq. (2.2). For example, when a terminal is near the
right edge of the cell, the value d is changed to 180 degrees.

2.2.2 DVB-H Signal Coverage Module
The DVB-H Signal Coverage Module combines large-scale path loss and shadowing effects
and is used to predict the average CNR of each mobile terminal during each time slot. The large-scale
propagation model used is the Okumura-Hata model of Sec. 1.5.1, and specifically, Eq. (0.5) is used.
Propagation effects such as building penetration and vehicle-entry losses are not accounted for since
both classes of terminals under consideration are outdoors (roof-mounted car antenna for Class C
terminals) and are thus not affected.

2.3

Parameter Profiles
In this section, we establish two profiles corresponding to Portable Class A and Mobile Class

C terminals (Table 2.1). These two profiles, named "Profile A" and "Profile C",

capture

representative parameter choices for the reception scenarios under consideration. Initially, the
parameter profiles incorporate parameter selections for the Terminal Mobility Module and DVB-H
Signal Coverage Module. Later, in Sec. 3.1.3, Sec. 3.2.3 and Sec. 3.2.6, the profiles are extended to
incorporate Physical-to-Transport Layer Performance Module parameters as well.

2.3.1 Common Parameters
This section describes the parameters which are common to both Profile A and Profile C
type terminals. The common DVB-H Signal Coverage Module parameters are shown in Table 2.2.
The carrier frequency, f c , was selected based on the discussion in Table 1.1. The BS parameters are
typical for DVB-H networks [11].
Good coverage in a broadcast area is typically defined by at least 95 % of the receiving
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locations at the edge of the coverage area being covered for portable reception and 99 % of the
receiving locations at the edge being covered for mobile reception [11]. Because these percentages
apply to the edge of the cell, the average value within it is larger. In Table 2.2, we have computed the
required shadow fading margin based on a good edge coverage probability.
Parameter type

Parameter

Value

Carrier frequency, f c in MHz

800
Calculated from

Distance between terminal and base station, d in km

terminal position
module input

General
Coverage probability (cell edge)

0.95 (95%)

Log-normal shadowing standard deviation, σ in dB

5.5

Shadow fading margin, Mshadow in dB

9.63

Height of base station, hBS in meters

100

Transmitter power, Pt , BS

in Watts

1000

in dBm

60

Antenna gain, Ga , BS in dBi

0

Receiver sensitivity, Pmin , BS in dBm

-102

Implementation loss (cable loss + combiner loss), in dB

0

Base station

Transmitter Effective Isotropic Radiated Power (EIRP),

PEIRP , BS = Pt , BS [dBm] + Ga , BS + (Imp.loss) in dBm

60

Table 2.2: Common Okumura-Hata DVB-H Signal Coverage Module parameters.

For the Terminal Mobility Module, the common parameters between the two profiles are
shown in Table 2.3. Tsim is the simulation time in seconds, which is dictated by the transmitted file
size and properties of the BS transmission discussed in Sec. 3.2.6.
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Parameter type

Parameter

Map type
General

Gauss-Markov

Circular area with reflective
boundaries

Map radius (m)

2,100

Map area (m2)

13.85 x 106

Random amplitude, σ

1

Maximum transitions possible per

Mobility Module

Value

terminal during simulation time

Tsim / 2

Table 2.3: Shared Gauss-Markov Terminal Mobility Module parameters [12].

Finally, in order to study the effect of varying the number of terminals in the cell, we
introduce two deployment scenarios, which represent both early and late stages of user adoption of
the technology. These two deployment scenarios are presented below in Table 2.4.

Deployment Scenario

Terminal Density

Number of terminals N cell , MT

(terminals/km2)

1

100

7.2179

2

500

36.0896

Table 2.4: Shared Terminal Mobility Module deployment scenarios.

Next, we describe the parameters that are specific to each profile.

2.3.2 Profile A
In Table 2.5, the Class A-specific Terminal Mobility Module parameters are shown. Since the
terminals are transported by outdoor pedestrians, it would be reasonable to expect some variability in
the terminal movement. Thus, we have selected a memory factor of α A = 0.50 for this class. The
minimum and maximum speeds for this class are based on the fact that they are pedestrian-carried.
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Parameter

Value

Maximum pause time (s)

450

Memory factor, α A

0.50

Minimum speed (m/s)

1

Maximum speed (m/s)

2

Table 2.5: Gauss-Markov Terminal Mobility Module parameters specific to Class A terminals.

A sample system mobility trace for Class A terminals using the parameters in Table 2.3 and
Table 2.5 is shown in Fig. 2.2. The final position of individual terminals is shown as dots. From the
trace, it is evident that individual terminal paths criss-cross many times over the course of Tsim . This
suggests that there are many opportunities for peer-to-peer cooperation, while terminals are in close
proximity to each other.

Figure 2.2: Sample system mobility trace (Class A terminals, Deployment 1).
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Table 2.6 shows the Signal Coverage Module parameters specific to Class A terminals. The
transmit power of a typical DVB-H handset has been given by [1], and the antenna gain results from
Appx. B. The receiver sensitivity is dependent on the minimum CNR value, CNRmin , required by the
physical layer for Quasi Error-Free (QEF) operation (bit error ratio (BER) of 10 −11 in static Rayleigh
fading). The value of CNRmin is determined by the physical layer parameters chosen for the DVB-H
Physical-to-Transport Layer Performance Module, as discussed in Sec. 3.1.3.
Parameter type

Parameter

Value

Height of mobile terminal, h MT in meters
Transmitter power, Pt , A , MT

Mobile station
(terminal)

1.5
in Watts

1.0

in dBm

30

Antenna gain, Ga , A , MT in dBi (UHF V band)

-5

Receiver sensitivity, Pmin , A , MT in dBm

-84.96

Implementation loss in dB

0

Total receiver gain, Gtot , A , MT = Ga , A , MT + Pmin , A , MT + (Imp.loss) dB

79.96

System gain, Gsys , A = PEIRP , BS + Gtot , A , MT in dB

139.96

Allowed propagation loss PL max , A = Gsys , A − M shadow in dB

130.34

Table 2.6: Okumura-Hata DVB-H Signal Coverage Module terminal parameters for Class A.

2.3.3 Profile C
Table 2.7 shows the Terminal Mobility Module parameters for Class C terminals. Since the
vehicle in this case is a car, terminal motion is constrained to (mostly) linear roads and a value of

αC = 0.85 was selected. It is also assumed that a speed limit of 50 km/hr =13.88 m/s is in effect in
the urban environment under study. One possible application scenario for Class C terminals could be
a rear-seat mounted entertainment system.
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Parameter

Value

Maximum pause time (s)

30

Memory factor, αC

0.85

Minimum speed (m/s)

1

Maximum speed (m/s)

13.88

Table 2.7: Gauss-Markov Terminal Mobility Module parameters specific to Class C terminals.

A sample system mobility trace for Class C terminals using the parameters in Table 2.3 and
Table 2.5 is shown in Fig. 2.3. The final position of individual terminals are shown as dots. From the
trace, it is evident that due to a higher maximum speed as compared with Class A terminals, the
average path length over the same time period for any given terminal is much greater. These
dynamics would suggest that terminals will cross paths more frequently than Class A terminals, but
for shorter time durations over the course of Tsim .

Figure 2.3: Sample system mobility trace (Class C terminals, Deployment 1).
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Table 2.8 shows the Signal Coverage Module parameters specific to Class C. The most
obvious differences compared to Class A terminals are the transmitter power and the antenna gain,
which is higher for a car rooftop-mounted antenna than for a handheld terminal.
Parameter type

Parameter

Value

Height of mobile terminal, h MT in meters
Transmitter power, Pt ,C , MT

Mobile station
(terminal)

1.0
in Watts

2.0

in dBm

33.98

Antenna gain, Ga ,C , MT in dBi (UHF V band)

5

Receiver sensitivity, Pmin ,C , MT in dBm

-84.96

Implementation loss in dB

0

Total receiver gain, Gtot ,C , MT = Ga ,C , MT + Pmin ,C , MT + (Imp.loss) dB

89.96

System gain, Gsys ,C = PEIRP , BS + Gtot ,C , MT in dB

149.96

Allowed propagation loss PL max ,C = Gsys ,C − M shadow in dB

140.34

Table 2.8: Okumura-Hata DVB-H Signal Coverage Module terminal parameters for Class C.

2.4

Simulation Environment
Due to the analytical intractability of the objectives set forth in this work, most of the results

were obtained via simulation. A number of computers were used to carry out these simulations, and
parallelization was exploited wherever possible. Typically, the simulation was the only significant
process running on a machine, at normal priority. The machines used were very similar in terms of
characteristics. A representative machine is described in Table 2.9.
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Characteristic

Processor

Memory
Hard drive

Value

Model

Intel Intel® Core 2 Quad Q6600

Clock speed

2.40 GHz

Front Side Bus

1066 MHz

L2 cache

4 MB x 2

Quantity

3.0 GB

Type

DDR 2 800 MHz

Speed

5400 RPM

Table 2.9: Characteristics of representative simulation platform.

2.5

Chapter Summary
In this chapter, we provided an overview of the system model constructed for our

simulation-based investigations. First, we presented the network topology under study in Sec. 2.1. In
Sec. 2.2, we described the architecture of the discrete-event dynamic network simulator that was built
to conduct our investigations, describing each component module in turn. In Sec. 2.3, we focused on
two particular classes of terminals and provided the relevant parameters that characterize both. Our
system model adheres closely to the system framework set forth in the DVB-H family of standards
and is representative of a typical DVB-H broadcast system deployed in an urban setting. Finally, in
Sec. 2.4, we provided a brief overview of a representative simulation platform used. In doing so, we
provided a basis for understanding the computational resources required to attain the results
described in subsequent sections.___________________________________________________

Chapter 3 Application Layer Model
Application Layer Model
We are primarily interested in the performance improvements achievable from an extension
of the DVB-H/IPDC standards to incorporate cooperation between terminals. Changes in multiterminal network decoding performance, throughput, energy efficiency, and end-to-end latency are
thus the key performance criteria to be measured. While the first metric is easily evaluated with
coding schemes applied at the application layer, the other metrics are more appropriately measured at
the physical layer. In this chapter, we develop the most critical module of the DNS in Sec. 2.2 — the
Physical-to-Transport Layer Performance Model. This module performs a cross-layer error mapping,
enabling us to accurately link cooperative application layer coding-based protocols to the underlying
performance metrics of interest.

3.1

DVB-H Physical Layer Abstraction
Typical physical layer simulations produce plots of, for example, BER as function of SNR

for a given system configuration. However, to analyse system performance at the upper protocol
layers such as the data link, network, transport, or application layer, increasingly larger numbers of
data bits must be processed through the entire protocol stack. In this type of of analysis, it is useful to
have models for the packet error process at the protocol layer of interest, where such models
implicitly incorporate lower-layer functionalities. Since we wish to evaluate Raptor codes
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in their native environment – the application layer, the task is non-trivial. Realistically modeling the
UDP datagram loss rates at the transport layer of the DVB-H/IPDC protocol stack in a
computationally-efficient manner is thus the focus of this chapter.

3.1.1 Related Work
The use of Markov models to describe the behaviour of packet transmission in burst-error
fading channels was recently investigated in [13-15]. In [13], a two-state Markov model (2SMM) was
used to approximate a flat Rayleigh fading channel. In [14], the authors proposed the Markov trace
analysis (MTA) algorithm for modeling network channels that experience time-varying statistics. In
[15], a four-state Markov Run Length Model (4SMM) was applied to simulating mobile and ad-hoc
networks.
In [16], a comparison of the aforementioned finite-state models for simulating DVB-H data
link layer performance was conducted. The criteria for assessing the Markov packet channel models
were the data link layer TS packet error rate (PER), average burst error length (ABEL), and variance
in burst error length (VBEL). These values were measured for a range of SNR values using a
hardware channel simulator. The first conclusion was that a memoryless channel model closely
reproduces the PER, but fails to reproduce ABEL and VBEL due to the limited time-interleaving
capability of the DVB-H demodulator. The 2SMM failed to accurately replicate the VBEL, and the
MTA failed to accurately reproduce the PER and ABEL. For the 4SMM, it was found that when the
parameters are chosen correctly, the model accurately reproduces all three metrics and thus represents
the best approximation of data link layer loss rates of all the models tested.
To accurately model the application layer packet error process, a realistic mapping is
developed in this chapter between bit error rates seen at the physical layer of the DVB-H and loss
probabilities at the application layer of the DVB-IPDC protocol stack. This approach is a significant
departure from most studies in the literature involving AL-FEC Raptor codes, which typically assume
simplistic independent random packet losses at the transport and application layers. These studies are
unrealistic because they fail to capture the underlying dynamics of a multi-terminal network. Worse
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yet, the vast majority of studies in the literature have considered only static transport/application layer
loss rates, rather those that dynamically change with time. These over-simplifications severely limit
the practical applicability of such studies.
One notable exception to these overly simplistic models is presented in [17], where a mobile
cellular channel model is used to generate traces for the carrier, interference and noise present at a
mobile terminal. These traces are then modified to obtain effective SINR values for each
transmission time interval (TTI), using a method referred to as the Equivalent SNR Method based on
Convex Metric. The SINR obtained for each TTI is then converted into a sequence of application
layer loss traces by applying a suitable table lookup for the physical layer code (in this study, a Turbo
code). The disadvantage to this approach is the need for traces, which pose a significant
computational problem for simulating multi-terminal networks.

3.1.2 DVB-H Physical Layer
At the DVB-H physical layer, the following processes are successively applied to a data
stream, starting from the baseband (BB) signal:
•

Transport multiplex adaptation

•

Randomization for energy dispersal

•

Outer coding

•

Outer interleaving

•

Inner coding

•

Inner interleaving

•

Mapping and modulation

•

OFDM transmission

In what follows, we describe the purposes and some technical aspects of these processes by
examining the subsystems of an end-to-end physical layer model we have constructed in Simulink®
according to [9] for the purpose of model verification in Sec. 3.1.6. The complete physical layer is
shown in Fig. 3.1, where it can be seen that the channel model is composed of frequency-flat
Rayleigh fading plus AWGN. The interested reader is referred to Appx. B for an in-depth discussion
of the implementation details of each subsystem in Figure 3.1._
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Figure 3.1: Simulink® model for DVB-H physical layer (2K mode) over Rayleigh-flat fading channel.
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3.1.3 Parameter Profile Extension I: Physical Layer
Building upon the two parameter profiles established in Sec. 2.3, we now describe a set of
physical layer parameters that are common to both Profile A and C.
In both profiles, a Radio Frequency (RF) channel bandwidth of 8 MHz is assumed. This
corresponds to an RF signal bandwidth of 7.61 MHz. Previous analyses in [18] have shown that good
candidates for the convolutional code rate which provide acceptable error performance in mobile
fading channels, are 1 2 or 2 3 , in combination with either Quadrature Phase-Shift Keying (QPSK)
or 16-QAM (Quadrature Amplitude Modulation) modulation. We have selected the latter of both sets
of options. Because of difficult channel conditions for mobile handheld reception, convolutional
code rates of 3 4 , 5 6 , and 7 8 and 64-QAM do not provide acceptable robustness towards errors
for a reasonable value of CNR. The OFDM mode used is 2K non-hierarchical transmission (see
Appx. B.1.8), with guard interval of 1 32 , corresponding to the cell radius of 2.1 km.
In Appx. B.2.3, we show that the receiver sensitivity Pmin is dependent upon the minimum
CNR, CNRmin , required by the physical layer for QEF operation, which in turn depends on the
physical layer parameters chosen. The receiver sensitivities for both Class A and Class C terminals
have been calculated using Eq. (B.11) and Eq. (B.12). A summary of all of the physical layer
parameters selected is presented in Table 3.1.
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Physical Layer Subsystem

Parameter Name

Parameter Value

Inner convolutional encoder

Code rate

23

Modulator

Constellation

16-QAM

OFDM mode

2K

Guard interval, g

1 32

Maximum cell radius

2.1 km

CNRmin

14.2 dB

Pmin , A , MT = Pmin ,C , MT

-84.96 dBm

OFDM transmitter

Receiver

Table 3.1: DVB-H physical layer subsystem parameters for Profile A & C.

3.1.4 Finite-State Markov Models
Packet channel models can be implemented efficiently using finite state machines, where the
state structure, state transition probabilities, and output symbol emission probability distributions are
chosen to provide the required accuracy. For practical implementations, packet channel models must
be easily parameterizable. That is, it should be feasible to determine the model parameters from
relevant variables of the underlying system to retain an accurate relationship between the model
behaviour and the actual system behaviour. In the following, we always view vectors as row vectors
and denote them with an underlined lower-case letter. Matrices and sets use an upper-case letter. It
should be clear which is which from the context.
An N -state Markov model for a discrete communication channel is defined by a number of
parameters. The set of states S is denoted by:

S ={1, 2, 3,..., N }

(3.1)

and St denotes the state at a particular discrete time index t . Each transition probability a ij denotes
the probability of transition from state i at time t ( St = i ) to state j at time t + 1 ( St +1 = j ) :
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a ij ( t ) = Pr[ St +1 = j |St = i ], i , j = 1, 2, 3,..., N
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(3.2)

The transition probabilities in Eq. (3.2) are usually represented by a state transition matrix:

 a11 ( t )  a1N ( t ) 

 
A( t ) =  
a N 1 ( t )  a NN ( t )

(3.3)

Transitions between states takes place each discrete time t , which is derived from the fundamental
data unit of interest to the system. For example, when simulating packet-based communication
channels, state transitions occur at positive integer multiples of the packet duration. In our work, we
assume a stationary (i.e. not time-varying) state transition matrix and therefore A( t ) = A .
Let π t , i denote the probability that the Markov model will be in state i at time t :

π t ,i = Pr[ St = i ], i = 1, 2, 3,..., N .

(3.4)

Then, we can write a state probability distribution vector π t at time t as:

π t = π t ,1 π t ,2  π t , N  .

(3.5)

In general, the state probability distribution vector at time t + k is given by:

Πt +k = π t Ak

(3.6)

where A k represents the k -step transition matrix. Assuming that the Markov process converges to a
steady-state value distribution for sufficiently large t and arbitrary k , it follows that:
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Π ss = π ss A k = [π 1 π 2  π N ]

(3.7)

Also:

N

N

k =1

k =1

π i = Pr[ St +1 = i ] =  Pr[ St = k ]Pr[ St +1 = i |St = k ] =  π k a ki , i = 1, , N .

(3.8)

For a stationary Markov model, the state probabilities π i are uniquely determined from the transition
matrix A . If a simulation is performed in which the initial state probability distribution vector π 0 is
different from the steady-state distribution vector π ss , some time will be required for the state
probability distribution vector to converge to π ss .
The error symbols for an M-ary symbol alphabet are denoted by the set

E = {e1 , e 2 , e3 ,..., e M }.

(3.9)

E ={0,1}

(3.10)

For the binary case,

where 0 denotes no error and 1 denotes that an error has occurred. The probability that error
symbol ek 1 ≤ k ≤ M occurs, given that the model is in state i , is denoted as:

bi ( ek ) = Pr[ ek |St = i ].

(3.11)

In binary hard-decision applications, the parameters bi ( ek ) are represented by a matrix having two
rows and N columns. Thus, the error generation matrix for a stationary Markov random process
takes the form:
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b11 b12  b1i
B=
b21 b22  b2 i

 b1N 
 b2 N 

(3.12)

where b1i denotes the probability of correct decision given that the model is in state i , and b2i
represents the probability of error given that the system is in state i . With this formulation, note that
the columns of B must sum to one. For non-binary applications or binary soft-decision applications,
the error generation matrix B will have more than two rows. Using matrix multiplication, it follows
that the unconditional probability of a correct decision Pc and error Pe are given by:

[P

c

Pe ] = Π ss B T

(3.13)

These parameters define a discrete-time Markov process operating at a transition rate equal
to the data unit rate, and the output of the process consists of two sequences: the sequence of states

{St } , and a sequence of error symbols {Et } , where t is the time index over the positive integers.
Normally, only the input and the output of the channel, and hence the error sequence, can be
observed — the state sequence itself cannot be observed. In this case, the state sequence is "hidden"
or not visible from external observations, and the Markov model is referred to as a hidden Markov
model.
A Markov process of order (or memory) m has probability of being in state i at time t + 1 ,

St +1 , given by:

Pr[ St +1 |St , St −1 ,] = Pr[ St +1 |St , St −1 ,, St −m −1 ]

(3.14)

which says that the probability is dependent upon the previous m states. For a first-order Markov
process, the probability of the state at time t + 1 is a function only of the previous state. That is:

Pr[ St +1 |St , St −1 ,] = Pr[ St +1 |St ]

(3.15)
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3.1.5 4-State Markov Run Length Model for Flat Fading Channels
The 4SMM was originally presented in [15]. It incorporates small-scale Rayleigh flat fading
and Doppler effects, while offering a low-complexity method of approximating the run length
duration of good (error-free) and bad (erroneous) packet states. A run is defined as a series of
consecutive good or bad packets. A brief overview of the relevant aspects of the model will now be
provided.
The 4SMM is premised on two ideas. The first is that it is sufficient [19] to use a physical
layer model that accurately models the run length distributions (rlds) of both good and bad packets.
The second is that the actual rlds each behave like a mixture of two geometric distributions, with each
resulting distribution having two distinct slopes. It was shown in [20] that a single geometric
distribution cannot accurately track the two distinct slopes observable in actual rlds of the IEEE
802.11a WiFi physical layer. The general rld of the 4SMM for either bad or good packet runs can thus
be described as:

f ( k ) = p(1 − α )α k −1 + (1 − p )(1 − β )β k −1 , k = 1, 2, 3,...

(3.16)

where k is the run length, α represents the initial exponential slope of the short rld, β represents
the asymptotic or tail exponential slope of the long rld, and p (0 ≤ p ≤ 1) represents the combination
(mixture) factor of the two geometric distributions, which controls the relative frequency of short and
long runs. The good packet rld f g ( k ) determines the amount of time the process stays in the Good
Short (GS) and Good Long (GL) states and is governed by the set of parameters {α g , β g , p g } . The
bad (error) packet rld f b ( k ) determines the amount of time the process stays in the Bad Short (BS)
and Bad Long (BL) states and is governed the set of parameters {αb , βb , pb } . The state diagram and
state transition probabilities for the 4SMM are given in Fig. 3.2. The transition probabilities can also
be described in terms of a transition probability matrix, as shown in Eq. (3.17).
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a11 = α g

a 22 = β g

a 33 = αb

a 44 = βb

Figure 3.2: 4-State run length model for approximating DVB-H physical and data link layers [15].

 a11  a14 
A =     
a 41  a 44 
0
(1 − α g ) pb
 αg

0
βg
(1 − β g ) pb
=
(1 − α b ) p g (1 − α b )(1 − p g )
αb

0
(1 − βb ) p g (1 − βb )(1 − p g )
GS

GL

BS

(1 − α g )(1 − pb ) GS
(1 − β g )(1 − pb ) GL

 BS
0

βb
 BL
BL

(3.17)

Although not originally designed for DVB-H, the 4SMM model has been shown in [16] to
have good performance for reproducing the three key DVB-H data link PER performance metrics
described in Sec. 3.1.1. The authors in [16] were, however, required to simulate the DVB-H data link
layer using a hardware simulator followed by a logic analyser. Then, the authors performed curvefitting on the resulting error traces to find the two slopes α and β for each rld – a resource-

45

CHAPTER 3. APPLICATION LAYER MODEL

intensive and laborious process. Fortunately, in [20], analytical expressions were derived for setting
the six model parameters based on the underlying properties of the physical channel.
In [20], the authors focused on finding the model parameters for the IEEE 802.11a and
802.11b standards. Choosing the analytical model parameters properly is critical if the resulting
4SMM is to accurately model the statistical properties of error rates for a given standard of interest.
Given our focus on characterizing the data link layer packet error process of DVB-H for specific
physical layer parameter profiles (Sec. 2.3), the model parameters corresponding to those profiles
were required. A full treatment of the parameterization of the 4SMM can be found in Appx. A.1,
which describes how to obtain the six necessary model parameters, and our selected values. Appx.
A.1 provides a deep insight into the 4SMM that is necessary to fully understand the model. The
interested reader should refer to that section.
Below, we present two algorithms which when combined, parameterize the 4SMM. The first
algorithm in Fig. 3.3 is executed only once per physical layer configuration of interest, that is, once
per set of parameters in Table 3.1 (and thus only once in our work). The second algorithm in Fig. 3.4
describes how the probability transition matrix for each terminal in the network is modified, during each
time slot, by the Physical-to-Transport Layer Module in the DNS. To reduce the total computation
required for a simulation, a transition probability matrix A corresponding to a particular (SNR , f m )
combination is stored in memory and looked up when similar values (within 0.1 dB and ±5 Hz) are
provided as inputs to the Physical-to-Transport Layer Module.

in Appx.A.1.

Figure 3.3: 4SMM parameterization algorithm (1 of 2).
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(A.1)

(A.2)

(A.8)

(A.9)
(3.17)

(3.17)

Figure 3.4: 4SMM parameterization algorithm (2 of 2).

3.1.6 Frequency-Flat Fading Model Validation
In Sec. 3.1.6.1, we first simulate good and bad packet rlds for the DVB-H physical layer over
a Rayleigh flat-fading channel with AWGN noise. We do this by simulating the entire Simulink®
model we constructed for the DVB-H physical layer of Fig. 3.1 at the bit level. Once these true
reference distributions are determined, in Sec. 3.1.6.2 we parameterize the 4SMM and obtain
approximations to the true rlds. We then compare these reference and approximation curves to
determine the accuracy of the 4SMM.
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Simulation of the DVB-H Physical Layer
Keeping the parameters selected in Sec. 3.1.3 fixed, the simulation was performed for

average SNR values in the range [15, 30]dB at increments of 0.5 dB. For each average SNR value,
different values of the maximum Doppler shift of the Rayleigh fading process, f m , were tested;
specifically [5,10, 25,50,75,100,150, 200] Hz. In [1], the authors determined the minimum error trace
lengths required to obtain sufficiently constant (i.e. with small variance in the sample mean) estimates
of the relevant error statistics. The findings are re-published in Fig. 3.5, where it is clear that the
required minimum trace length grows quickly with increasing CNR and decreasing Doppler
frequency, which is intuitive from a physical point of view. Based on our SNR and Doppler ranges of
interest, it can be seen from Fig. 3.5 that the traces should be on the order of 105 − 106 packets.
Thus, each (SNR, f m ) combination was simulated for 1x 107 TS packets. The simulation for each
such combination took between 6 − 9.5 hours on the representative system of Sec. 2.4. Selections of
the resulting pdfs for good and bad TS packets are presented in Fig. 3.6 - 3.13. Each pdf was
obtained by counting the runs of different lengths present in the error indicator stream produced by
the final Error Rate Calculation block in Fig. 3.1 and determining the probability of each run length
by dividing by the total number of runs.

Figure 3.5: Required measurement trace lengths to obtain small variance in sample mean [1].
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Figure 3.6: Good TS packet rld for physical layer over Rayleigh fading channel (γ0 = 15 dB).

Figure 3.7: Bad TS packet rld for physical layer over Rayleigh fading channel (γ0 = 15 dB).
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Figure 3.8: Good TS packet run rld for physical layer over Rayleigh fading channel (γ0 = 20 dB).

Figure 3.9: Bad TS packet rld for physical layer over Rayleigh fading channel (γ0 = 20 dB).
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Figure 3.10: Good TS packet rld for physical layer over Rayleigh fading channel (γ0 = 25 dB).

Figure 3.11: Bad TS packet rld for physical layer over Rayleigh fading channel (γ0 = 25 dB).
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Figure 3.12: Good TS packet rld for physical layer over Rayleigh fading channel (γ0 = 30 dB).

Figure 3.13: Bad TS packet rld for physical layer over Rayleigh fading channel (γ0 = 30 dB).
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From the preceding figures, it is possible to draw some important conclusions. First, it is
clear that there are distinct initial and tail slopes in both the good and bad run length curves, which
provide an early indication that the 4SMM is indeed a suitable model to use in approximating good
and bad TS packet run lengths in DVB-H systems.
For a given SNR, in both the good and bad run length curves, the initial slope remains
relatively constant as a function of f m , confirming the conclusion in Appx. A.1.1 that the parameters

α g and αb should be constants. The tail portion of the curve, however, changes shape as a function of
f m . For low f m , the tail appears almost uniform, and as f m increases from 10 Hz to 75 Hz, a local
minima and local maxima emerge, both becoming progressively smaller as f m increases. Between
100 Hz and 200 Hz, the tail slopes are more steep, indicating that the average run length of good
packets becomes shorter, which is intuitive since higher Doppler shifts imply more packet errors due
to frequency dispersion of the signal.
Examining the difference between the good and bad packet run length curve for a fixed
SNR, it is obvious that with the parameters chosen in Sec. 3.1.3, long good runs occur much more
often than long bad runs. On the bad run curves, the local minima and maxima on the tails of the
curves are far more pronounced than those in their respective good rld graphs.
As SNR increases, the families of good and bad run length curves follow two opposite
trends. The good run length curves gradually become closer to uniform distributions, with their
means moving to ever-increasing values. On the other hand, the bad run length pdfs become smaller
and more concentrated, with means approaching zero. Again, this is expected, as increasing the
average SNR implies fewer packet losses at a receiver.

3.1.6.2

Simulation of the 4SMM

To parameterize the 4SMM, we first simulated the DVB-H physical layer over AWGN to
determine the two instantaneous SNR threshold variables, s 1 and s 2 , as in Fig. 3.3 and Appx. A.1.1.
Using the physical layer parameters from Sec. 3.1.3, the Simulink® model in Fig. 3.14, which has only
an AWGN channel (no Rayleigh fading) was simulated at increments of 0.05 dB. The resulting PER
vs. instantaneous SNR curve is shown in Fig. 3.15._____________________________________
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Figure 3.14: Simulink® model for DVB-H physical layer (2K mode) over AWGN channel.
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Figure 3.15: PER vs. instantaneous SNR for DVB-H physical layer over AWGN channel.

The thresholds were found by inspection of Fig. 3.15 to be s 1 = 8.5 dB and s 2 = 10 dB. From
the figure, it is also clear that with the parameters chosen, the DVB-H physical layer is characterized
by a very rapid transition from no reception at all to error-free reception. Under static conditions, then,
there will be locations in the cell where reception is not possible at all (outage areas) and locations
where all data are correctly received from the BS (covered areas).
The integrations in Eq. (A.8) and Eq. (A.9) require a continuous function pe ( r ) . However,
only an approximation to this function was available from Fig. 3.15, with a resolution of 0.05 dB.
Therefore, an equation approximating the curve was found using appropriate curve-fitting software
tools. The general form of the "sum of sines" model, commonly used for fitting periodic functions,
was used and is given by the following equation:

y=

n

 a sin(b x + c )
i

i =1

i

i

(3.18)
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where a is the amplitude, b is the frequency, and c is the phase constant for each sine wave term. n
is the number of terms in the series and 1 ≤ n ≤ 8 . The specific form of Eq. (3.18) with the
coefficients obtained from curve fitting was:

pe ( s ) = 0.678500sin(0.6175s + 2.4040) + 0.552500sin(1.4060s + 3.1650)
+0.043410sin(5.4830s − 2.8060) + 0.146100sin(3.8240s − 0.5199)
+0.022630sin(9.3610s − 0.6102) + 0.042320sin(6.9930s + 1.9620)

(3.19)

+0.008054 sin(12.430s − 2.8210 ) + 0.002540sin(15.790s + 3.3430)
The Sum of Squares due to Error (SSE) statistic is the least-squares error of the fit, with a value
closer to zero indicating a better fit. For the fit in Eq. (3.19), an SSE value of 2.2738x 10 −4 was
obtained. The resulting curve fit is shown superimposed on the simulated points in Fig. 3.16. From
the figure, it is evident that the function approximation is accurate over the range of interest
( s 1 ≤ s ≤ s 2 ).

Figure 3.16: Sin8 curve fit for DVB-H (2K mode) physical layer TS PER over AWGN channel.

CHAPTER 3. APPLICATION LAYER MODEL

56

Having obtained the required parameters, the 4SMM of Fig. 3.2 was simulated over a range
of average SNR and Doppler shift values in order to gain a better understanding of the dynamics of
the model. The interested reader is referred to Appx. A.1.4 for the results and the associated
discussion.
Next, we gauge how well the pdfs of the good and bad run lengths generated by the 4SMM
for frequency-flat fading track the simulated distributions of Sec. 3.1.6. The simulations were carried
out for the same average SNR and f m values used previously. In Fig. 3.17 - 3.24, all of the simulated

f m values per SNR value are shown on the same graph. In addition, Fig. A.15 - Fig. A.46 in Appx.
A.2 show the run length distribution obtained using the 4SMM superimposed upon run length
distributions obtained via the Simulink® model for the each SNR and f m combination individually, to
better observe the closeness of each fit. Note that for each simulation, 1x 107 packets were run
through the 4SMM and the Simulink® physical layer model.
By comparing Fig. 3.17 - 3.24 and Fig. 3.6 - 3.13 it is clear that the 4SMM rlds track the
simulated physical layer rlds very closely over a wide range of SNR and Doppler shift values, for both
good and bad runs. The fits are quite remarkable in most cases for this simple two-slope model,
especially when the curves are observed superimposed on each other as in Fig. A.15 - A.46. One
disadvantage of the 4SMM, however, is that because the resulting pdf consists of two straight lines
(on a logarithmic scale), it consistently overestimates the probabilities of very short run lengths (local
valleys) and underestimates the probabilities of slightly longer run lengths (local hills). This effect
becomes more noticeable with increasing SNR, as the local valleys and hills become more
pronounced. On average, however, the 4SMM provides a very close approximation to the run length
distributions of good and bad runs produced at the physical layer. Its use as an approximation to the
DVB-H physical layer, therefore, is justified. In the rest of Chapter 3, we build upon the 4SMM and
develop a hierarchical Markov model that also abstracts the higher layers of the protocol stack.
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Figure 3.17: Good TS packet rlds over frequency-flat Rayleigh fading channel (γ0 = 15 dB).

Figure 3.18: Bad TS packet rlds over frequency-flat Rayleigh fading channel (γ0 = 15 dB).
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Figure 3.19: Good TS packet rlds over frequency-flat Rayleigh fading channel (γ0 = 20 dB).

Figure 3.20: Bad TS packet rlds over frequency-flat Rayleigh fading channel, (γ0 = 20 dB).
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Figure 3.21: Good TS packet rlds over frequency-flat Rayleigh fading channel (γ0 = 25 dB).

Figure 3.22: Bad TS packet rlds over frequency-flat Rayleigh fading channel (γ0 = 25 dB).
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Figure 3.23: Good TS packet rlds over frequency-flat Rayleigh fading channel (γ0 = 30 dB).

Figure 3.24: Bad TS packet rlds over frequency-flat Rayleigh fading channel (γ0 = 30 dB).
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DVB-H Data Link Layer Abstraction

3.2.1 Related Work
In the DVB-H literature, many studies have focused on the decoding performance resulting
from different combinations of parameters at the physical layer, such as in [18]. The studies in [21]
and [22] have also evaluated the performance of different data link layer decoding schemes. In [23],
the authors take an energy-oriented perspective and evaluate the efficiency of the DVB-H timeslicing mechanism at the data link layer. Most works, however, stop at the link layer. To the best of
the author's knowledge, there is no previously published literature on a full physical-to-transport layer
abstraction model for the purpose of accurately evaluating application layer loss performance in a
computationally-efficient fashion, which is essential for our multi-terminal network study of AL
coding-enabled cooperative protocols.

3.2.2 DVB-H Data Link Layer
Two major technologies were introduced at the data link layer of the DVB-H standard
specifically to accommodate mobile terminal reception, which set it apart from the DVB-T standard.
The first element is the MPE-FEC technique mentioned in Sec. 1.4.1 and discussed in Sec. 3.2.2.2,
and the second is the time-slicing mechanism discussed in Sec. 3.2.5. Neither of the new DVB-H
features modifies the DVB-T physical layer in any way, making DVB-H completely backwards
compatible with DVB-T infrastructure.
The data link layer itself consists of two sublayers; the Logical Link Control (LLC) sublayer
and the Media Access Control (MAC) sublayer, as shown in Fig. 3.25. The former is responsible at
the transmitter for an additional layer of protection by encoding IP datagrams with a Reed-Solomon
(RS) code. This encoding is done by organizing IP datagrams to be transmitted into a format known
as an MPE-FEC frame. At the receiver, this sublayer performs RS decoding on IP datagrams in the
MPE-FEC frame. The latter sublayer encapsulates IP datagrams into MPE sections and redundancy
information into MPE-FEC sections. Both types of sections are then broken down into smaller TS
packets and passed onto the physical layer. At the receiver, decapsulation of the sections obtained
from the received transport stream is performed to restore the MPE-FEC frame.________________
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...
Figure 3.25: Packetization across DVB-H/IPDC protocol stack (MPE-FEC code rate of 3/4).
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Multi-Protocol Encapsulation

At the transmitter MAC sublayer, each IP datagram is transmitted in an MPE section and
each column of the Reed-Solomon Data Table (RSDT) is transmitted in an MPE-FEC section. The
MPE definition specifies that this payload should be less than 4, 086 bytes. Since this is also the
maximum size for an IP datagram in DVB-H networks, one MPE section corresponds exactly to one
IP datagram. All headers of the MPE(-FEC) sections contain a 4 -byte real-time parameters field,
which include a 12 -byte start address that indicates the byte number (counted from the start of the
table) of the start position of the corresponding IP datagram or RS data column, as well as the 18 byte delta-t parameter (relevant to the time-slicing technique) and 1 -bit flags to signal end-of-table
and end-of-frame.
At the receiver, TS packets are received and parsing takes place whereby the beginning and
end of MPE sections are found from the TS packets. Next, decapsulation of the sections obtained
from the received transport stream is performed to restore the MPE-FEC frame.

3.2.2.2

Multi-Protocol Encapsulation FEC

At the LLC sublayer, the MPE-FEC technique adds another level of protection to the MPE
sections in addition to the mechanisms defined at the DVB-T physical layer. The FEC method
consists of adding a RS code to MPE frames. The IP datagrams of a particular burst are introduced
vertically, column-by-column, into the Application Data Table (ADT) portion of the MPE-FEC
frame, starting in the upper left corner. If an IP datagram does not end exactly at the bottom of a
column, the remaining bytes continue from the top of the next column. If the IP datagrams do not
exactly fill the ADT, the remaining byte positions are padded with zeros. On each row of the ADT,
64 parity bytes are calculated and placed in the adjacent RSDT row. In this fashion, parity data in
each row of the RSDT is calculated on chunks of data spanning all of the IP datagrams constituting
the payload of an MPE frame. This technique ensures a long virtual time interleaving. MPE-FEC is an
optional feature, and is defined so that devices that cannot make use of the error correction that it
provides can still process MPE-FEC frames.
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MPE-FEC Reed-Solomon Erasure Decoding

RS decoding can be classified into three main categories; decoding with errors, decoding with
erasures, or decoding with both errors and erasures. When studying conventional non-erasure RS
decoding with the RS (255,191) code, a maximum of t 2 = (255 − 191) 2 = 32 erroneous RS symbols
(bytes) are allowed on each row of the MPE-FEC frame for the frame to still be received correctly.
Frames consisting of at least one row with more than 32 errors are considered erroneous.
Erasure decoding is advantageous in that it can correct more ( t = 64 ) incorrectly received
code symbols than a decoder operating without erasure information. There are two possible sources
from which the data link layer RS decoder may derive its erasure information, resulting in two
different decoding methods. These are known as Transport Stream Erasure Decoding (TSD) and
Section Erasure Decoding (SED).
With TSD, decoding is performed at the TS packet level and the TS packet header provides
the source of erasure information. In our work, we do not consider TSD. The interested reader is
referred to [1] for more details. If decoding is done MPE-FEC section by section, the decoding is
known as SED. In this case, the source of erasure information is the CRC-32 that is appended to
each MPE(-FEC) section. The CRC-32 (v. 42) has the following generator polynomial:

x 32 + x 26 + x 23 + x 22 + x 16 + x 12 + x 11 + x 10 + x 8 + x 7 + x 5 + x 4 + x 2 + x + 1

(3.20)

Like any other binary linear code used for error detection, CRC-32 can miss a fraction 2 − r of
all possible error patterns, where r = n - k is the number of redundant bits [24]. For CRC-32, r = 32 ,
implying that the number of undetectable erroneous section patterns is no greater than 2 −32 . The
probability of an undetected erroneous symbol in an MPE-FEC RS codeword is even smaller than the
probability of CRC fault because in an undetectable corrupted section, not all bytes are necessarily
wrong. Therefore, it is reasonable to assume that the erasure information obtained from the CRC-32
is completely reliable.
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In SED, all of the bytes of a particular MPE-FEC section are marked as reliable or
unreliable, depending on the result of CRC-32 decoding. This particular form of erasure decoding is
not optimal in practice because not all of the bytes in a section marked erroneous by the CRC are
necessarily erroneous. However, because it is the suggested method in the DVB-H Implementation
Guidelines [45], it is the decoding method used in our work.

3.2.3 Parameter Profile Extension II: Data Link Layer Part I
The MPE-FEC frame with 1, 024 rows was used and the IP packet size was assumed to be a
constant 1, 024 bytes. Several possible MPE-FEC frame sizes, and thus code rates, are achievable by
varying the number of columns in the ADT and the RSDT. Our selection is presented in boldface in
Table 3.2, where it can be seen that a code rate of 3 4 was used. Combined with the physical layer
parameters selected in Sec. 3.1.3, the data link layer parameters yield a gross bitrate of RCL ,tx , gross = 16.1
Mbps and spectral efficiency of 2.11 b/s/Hz at the interface to the network layer.

MPE-FEC
Code Rate

1/2

3/4

Uncoded

ADT

RSDT

Total Number

Columns,

Columns,

of Columns,

NADT_cols

NRSDT_cols

Ntotal_cols

64

191

255

64

64

0

128

255

255

Number
of Rows

MPE-FEC
Frame Size
(KB)

256

32.0

512

64.0

768

96.0

1,024

128.0

256

63.75

512

127.5

768

191.25

1,024

255.0

256

63.75

512

127.5

768

191.25

1,024

255.0

Table 3.2: ADT/RSDT combinations leading to different MPE-FEC code rates.
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Interestingly, the minimum CNR required by receivers to demodulate a DVB-H signal
affected by a mobile channel is strongly affected by our parameter selections in Sec. 3.1.3 and this
section. The shape and position of a CNR vs. f m curve reveals that MPE-FEC lowers the minimum
CNR required for successful demodulation and allows demodulation success to be quasi-independent
of f m as long as the minimum CNR is achieved in a particular cell location. For an interesting
discussion on this topic as well as the particular curve resulting from our parameter sections, the
reader is referred to Sec. B.2.3.

3.2.4 Extended 4-State Markov Model
Having accurately modeled the error indicator stream of TS packets at the physical-data link
layer interface, we turn in this section to the task of modeling the IP datagram error indicator stream
at the data link-network layer interface by extending the 4SMM of Sec. 3.1.5 to a model we name the
Extended 4SMM (E4SMM). The E4SMM can be thought of as a hierarchical Markov model,
whereby each level in the hierarchy represents a corresponding level in the DVB-H/IPDC protocol
stack. Thus, the lowest layer corresponds to the physical layer and is modeled by the 4SMM. The
following discussion develops the higher model layers.
We first make some assumptions. First, we assume that the RS decoder used at the DVB-H
physical layer is a bounded-distance or incomplete decoder [25]. This assumption is valid because the
majority of FEC decoders used in practice are incomplete decoders. A bounded-distance decoder
decodes only those received words or n -tuples lying in one of the decoding spheres about one of the
codewords, as shown in Fig. 3.26. If the spheres are of equal radius about the codewords of the code,
are disjoint, and completely fill the space, the code is known as a perfect code. In order for a block
code to be a perfect code, it must satisfy the Hamming bound:

|C |≤

| A|n
t
n 
i
 i  (| A | −1)
i =0  



(3.21)
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with equality, where |C | is the cardinality of the codebook, n is the code block length, t is the error
correction capability of the code, | A | is the cardinality of the code alphabet, and | A |n is the entire
observation space of vectors. For the shortened RS (204,188) code under consideration, |C |= 256188 ,
| A|= 256 and t = 8 such that:

n 
| A|n
i
−
≤
(|
|
1)
A
 
|C |
i =0  i 
8
 204 
256204
i

 (255) ≤
256188
i =0  i

t




(3.22)

1.1576x 1033 ≠ 25616
and thus the code is not a perfect code. From this result, we can deduce that there are interstices
between decoding spheres. Received words that land in these interstices have more errors than a
bounded-distance decoder can correct and such error patterns are called uncorrectable error patterns.
In systems where Automatic Repeat reQuest (ARQ) is available, typically the decoder would declare a
decoding failure and a re-transmission would occur. In our work, however, when a decoder
encounters an uncorrectable error pattern, it declares a decoding error i.e. we do not make a
distinction between the event where a received word lands within the interstice between coding
spheres and the event where a received word lands in the wrong decoding sphere of another
codeword. Note that we could not have made this decoding error assumption had we assumed a
complete decoder, which partitions the observation space into disjoint and collectively exhaustive
regions R1 ∪ R1 ∪ ... =| A|n . Thus, a TS packet is deemed corrupt when the number of byte errors in
the received word corresponding to that TS packet exceeds the error correction capability of the RS
(204,188) code, which is t = 8 bytes.
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Figure 3.26: Decoding spheres.

In Sec. 3.1, a model was described and parameterized for producing accurate error indicator
streams for TS packets at the output of the physical layer RS decoder. Consider a received word prior
to RS decoding that contains more than 8 byte errors. According to our assumption, the RS decoder
decodes to an incorrect message or TS packet. The probability that the erroneous TS packet resulting
at the output of the decoder differs from the transmitted (true) TS packet in only the first 4 bytes, thus
affecting only the TS header and not its payload, is the probability of finding a TS packet from the set
of all 256188 possible input patterns that is exactly the same as the erroneous TS packet between the
5th and 188th byte positions. This probability is calculated as (2564 ) (256188 ) = 256−184 , which is
extremely small. This probability is even smaller if one considers that certain bits in the TS header are
critical to a packet being declared error-free, and that the corruption of those bits will also render the
packet corrupted. Thus, we can assume with confidence that an erroneous TS packet will also have a
corrupted TS payload. The CRC-32 bytes appended to each MPE(-FEC) section during MAC
sublayer encapsulation are calculated over the entire MPE header and IP datagram in the case of
MPE sections, or FEC header and RSDT column in the case of MPE-FEC sections. A corrupted TS
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packet payload will then cause erroneous bytes in an MPE(-FEC) section, leading to failure of the
CRC check for that MPE(-FEC) section.
Next, we assume that the MPE-FEC sections produced by the RSDT at the link layer are all
of the same length, N r symbols, coinciding with the number of rows in the MPE-FEC frame. We
have selected N r = 1, 024 in Sec. 3.2.3. Furthermore, we assume that all MPE sections of the ADT
are all of the length N r bytes as well, which is reasonable since we have assumed fixed-length IP
payloads at the network layer of length N r bytes.
The final assumption we make is that SED RS decoding is used by the LLC sublayer of the
data link layer at the receiver. As discussed in Sec. 3.2.2.3, this implies that if an MPE(-FEC) section
fails the CRC-32 check at the MAC sublayer, then the entire section (i.e. all the bytes within that
section) will be deemed unreliable. When such a section erasure happens, it erases one symbol in all
of the RS codewords of the MPE-FEC frame. We now introduce the following notation:
•

pdet_corr_sec

= probability of a corrupted section being detected

•

pundet_corr_RS_sym

= probability of a corrupted RS symbol being undetected by the CRC

•

mdet_corr_sec

= number of detected corrupted sections

•

m undet_corr_RS_sym

= number of corrupted RS symbols undetected by the CRC

•

nRS_cw

= RS codeword length at the data link layer

 nRS_cw 
There are a total of 
 patterns of mdet_corr_sec section erasures within a codeword of length
 mdet_corr_sec 
 nRS_cw − mdet_corr_sec 
 placements
 m undet_corr_RS_sym


nRS_cw , which we assume are equiprobable. For each of them, there are 

of m undet_corr_RS_sym undetected RS symbol errors in the remaining nRS_cw − mdet_corr_sec codeword positions,
which we assume are also equiprobable. The probability of a particular combination of erasure and
error

patterns

for

given

mdet_corr_sec

and

m undet_corr_RS_sym

is
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m

m

n

undet_corr_RS_sym
RS_cw
_corr_sec
pdetdet_corr
_sec pundet_corr_RS_sym (1 − pdet_corr_sec − pundet_corr_RS_sym )

− mdet_corr_sec − mundet_corr_RS_sym

. Thus, the probability of any

combination of mdet_corr_sec and m undet_corr_RS_sym is:
(3.23)

 nRS_cw   nRS_cw − mdet_corr_sec 
p( mdet_corr_sec , m undet_corr_RS_sym ) = 
 ⋅ 
 
 mdet_corr_sec  m undet_corr_RS_sym

___________________________
m

m

n

undet_corr_RS_sym
RS_cw
_corr_sec
pdetdet_corr
_sec p undet_corr_RS_sym (1 − pdet_corr_sec − p undet_corr_RS_sym )

− m det_corr_sec − m undet_corr_RS_sym

__________________
It is can be easily shown [24],[26] that any code of minimum Hamming distance d min can correct

mdet_corr_sec erasures and m undet_corr_RS_sym errors whenever:

mdet_corr_sec + 2 m undet_corr_RS_sym < d min

(3.24)

We assume that the data link layer RS decoder is also incomplete and only consider decoding
within minimum code distance. Therefore, whenever Eq. (3.24) does not hold, a decoding error has
occurred. Every combination of mdet_corr_sec ≥ d min , mundet_corr_RS_sym = 0 results in decoding error. There are
many other combinations of mdet_corr_sec and m undet_corr_RS_sym that may also lead to a decoding error. As
discussed in Sec. 3.2.2.3, for CRC-32, the fraction of undetectable corrupted section patterns does
not exceed 2 −32 . The probability of an undetected corrupted symbol in a RS codeword is much
smaller though because in a missed corrupted section, not all bytes are necessarily erroneous.
Therefore

pundet_corr_RS_sym << 1 − pdet_corr_sec

and

pundet_corr_RS_sym

may be neglected by substituting

mundet_corr_RS_sym = 0 into Eq. (3.23). As a result, the decoding error probability for section erasure
decoding is:

pSED_dec_err =

 nRS_cw  mdet_corr_sec
nRS_cw − mdet_corr_sec

 pdet_corr_sec (1 − pdet_corr_sec )
mdet_corr_sec = d min  m det_corr_sec 
nRS_cw



(3.25)
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Note that d min = nRS_cw − k + 1 varies depending on which MPE-FEC code rate is chosen
from Table 3.2. In Sec. 3.2.2.3, we came to the conclusion that the CRC can be considered
completely reliable. Previously in this section, we also concluded that an erroneous TS packet causes
the CRC of the MPE(-FEC) section to which it belongs to fail with probability ≈ 1 . Using

N r = 1,024 , there are (12 + 1, 024 + 4) = 1, 040 bytes per MPE(-FEC) section and 184 bytes per TS
payload, resulting in 1,040 184  5.65 TS packets per MPE(-FEC) frame. For simplicity, we apply
the ceiling function to the last calculation, giving the result that a run of 6 consecutive error-free TS
packets is required for an erasure-free section to have occurred. Thus, the section erasure probability
with SED decoding is:

1, if <N good_TS consecutive good TS packets are observed
pSED_sec_eras ≈ 
0, if ≥ N good_TS consecutive good TS packets are observed

(3.26)

N good_TS = ceil ((12 + N r + 4) 184)

(3.27)

where:

and the consecutive run of good TS packets must occur over a window starting at N good_TS i + 1 for
some non-negative integer i .
At this point, it is important to briefly discuss the issue of timing. We denote the lowest layer
of the E4SMM as layer 1. In layer 1, the time unit of interest is that of a TS packet, i.e. T1 = TTS , and
transitions between 4SMM states occur at this time interval. At the next layer up in the hierarchical
model, the level of granularity under consideration is that of an MPE(-FEC) section, and transitions
between states occur at time increments corresponding to the time duration of an MPE(-FEC)
section, denoted T2 = N good_TS ⋅ T1 . At the third layer of the hierarchy, MPE-FEC frames are
considered. The transitions between states here occur at increments of approximately
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T3 = Ntotal_cols ⋅ T2 . For an MPE-FEC code rate of 3 4 , N ADT_cols = 191 and N total_cols = 255 . Note that
the time increments of layers 2 and 3 are positive integer multiples of the time unit T1 . Because the
time units within a particular layer are mutually exclusive (non-overlapping) and collectively
exhaustive, we have that at any given time t ≥ T2 , the model will have a defined state in layer 2, and
for any given time t ≥ T3 , the model will have defined states in all three layers. We have assumed that
the time required for computations and processing at each stage of the IP encapsulator/decapsulator
of Fig. 3.25 are negligible in comparison to packet transmission time, an assumption that is
reasonably accurate given sufficient computing power.
In the 4SMM, transitions between the GS and GL states (i.e. GS  GL and GL  GS) have
zero probability. For an MPE(-FEC) section to pass the CRC-32 check, a run of N good_TS good TS
packets must occur. We make the assumption at this point that the initial slope of the good rld covers
runs of length N good_TS TS packets, which is true for most (SNR, f m ) combinations shown in Fig.
3.17 - 3.24. The cases where this does not hold are generally for higher Doppler shifts than we
consider in our Terminal Mobility Module. Thus, there must be no transition from either the GS or
the GL state to either of the two bad states for all N good_TS T1 time units in the interval

[ T2 j + 1, T2 ( j + 1)] , where j is a non-negative integer, if an uncorrupted section is to result. That is,
the E4SMM in layer 2 can be thought of as a Markov process of order N good_TS in layer 1. The
unconditional probability of the 4SMM being in a good state for two consecutive T1 time units is:

π good_to_good = Pr[ ε GS →GS ∪ ε GL →GL ]
= (Pr[ ε GS →GS |GS] + Pr[ ε GL →GL |GL])
= α g ⋅ Pr[GS] + β g ⋅ Pr[GL].

(3.28)

The probability of the 4SMM remaining in a good state for N good_TS T1 time units and producing an
uncorrupted section is:
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κ uncorr_sec = α g

N good_TS −1

⋅ Pr[GS] + β g

N good_TS −1

⋅ Pr[GL ].

(3.29)

Therefore, the probability of section erasure is:

κ eras_sec = 1 − κ uncorr_sec .

(3.30)

The unconditional probabilities Pr[GS] and Pr[GL ] in Eq. (3.29) can be obtained by examining the
values in the steady-state state probability distribution matrix, Π ss , from Sec. 3.1.4 and using Eq. (3.7)
Consider the following example. The frequency-flat Rayleigh fading 4SMM with γ 0 = 15dB
and f m = 50 Hz has the following state transition matrix:

0
0.1580 0.7159 
 0.1261
 0
0.9977 0.0004 0.0019

.
=
A
 0.1361 0.6837 0.1802
0 


0
0.9897 
0.0017 0.0086

(3.31)

The steady-state state probability distribution matrix for A is shown in Eq. (3.32) after convergence
has been reached, which occurs after about 300 iterations. The transient probabilities of each state
are plotted in Fig. 3.27, where the initial probabilities of each state were chosen to be 0.25 .
Alternatively, it is also possible to obtain the exact Π ss by solving a linear system of simultaneous
equations given by A Π ss = Π ss and Π ss ,1 + Π ss ,2 + Π ss ,3 + Π ss ,4 = 1 . This method has the benefit of
being more computationally efficient and not susceptible to the propagated round-off error which
can result from multiplying matrix A by itself k times.
Π ss = [ Pr[GS]
= 4.2907x 10 −4

Pr[GL]
0.8171

Pr[BS]
4.8136x 10 −4

Pr[BL]]
0.1820  .

(3.32)
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Figure 3.27: Transient and steady-state 4SMM state probabilities for Eq. (3.31).

Substituting the relevant values from Eq. (3.31) and Eq. (3.32) along with N good_TS = 6 into Eq. (3.29)
yields:

κ uncorr_sec = α g

κ eras_sec

N good_TS −1

⋅ Pr[GS] + β g

N good_TS −1

⋅ Pr[GL ]

= (0.1261)5 ⋅ 4.2907x 10 −4 + (0.9977)5 ⋅ 0.8171
= 0.8077
= 0.1923.

(3.33)

The results in Eq. (3.33) correspond to a 19.23 % section loss probability for the particular
( SNR, f m ) combination considered. We can now rewrite Eq. (3.26) as:

pSED_sec_eras = κeras_sec .
and finally Eq. (3.25) can be written as:

(3.34)
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pSED_dec_err =

 nRS_cw  mdet_corr_sec
nRS_cw − mdet_corr_sec
.

 κ eras_sec (κ uncorr_sec )
mdet_corr_sec = d min  m det_corr_sec 
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nRS_cw



(3.35)

Thus, a link has been established between the output of the 4SMM and the decoding error probability
of the data link layer RS decoder.
Finally, we establish the link between the decoding error of a single RS codeword in Eq.
(3.35) and the probability of IP datagram error at the network layer. After section decapsulation (i.e.
placement of all received sections into the MPE-FEC frame), an MPE-FEC frame consisting of at
least one row with more than d min erasures is considered erroneous. This is the same probability as
that of a single row decoding error in Eq. (3.35), since we are assuming SED decoding. Therefore,
the probability of frame erasure is given by:

ηeras_frame = pSED_dec_err

(3.36)

and the probability of uncorrupted frame is:

ηuncorr_frame = 1 − ηeras_frame .

(3.37)

When a frame erasure occurs, N ADT_cols consecutive IP datagram errors occur at the network layer.
The E4SMM is now completely specified and is shown in Fig. 3.30. Dashed lines correspond to initial
state probabilities at layers 2 and 3 for times t < T2 and t < T3 , respectively. Fig. 3.28 and 3.29 below
summarize the steps involved in running the E4SMM.
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(3.27)

Figure 3.28: E4SMM execution algorithm (1 of 2).

3.4

(3.7)

(3.29) and Eq. (3.30).
(3.36) and Eq. (3.37).

Figure 3.29: E4SMM execution algorithm (2 of 2).
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Figure 3.30: Extended 4-State Markov Model.
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One important point should be made regarding the timing issue when executing the E4SMM
algorithm of Fig. 3.28 and Fig. 3.29. The algorithm is executed at time increments T3 , but it requires
a state transition matrix A at each iteration. The matrix A is generated only as often as the

(SNR, f m ) combination changes, which is dictated by the frequency of Terminal Mobility Module and
DVB-H Signal Coverage Module updates. With the parameters selected in Sec. 3.1.3 and 3.2.3,

T1 = 8.9088x 10 −5 sec , T2 = 5.3453x 10 −4 sec and T3 = 0.1363sec . Therefore, the refresh time interval
of modules M 2 and M 3 must be at least T3 plus an off-time (discussed in Sec. 3.2.5) for the results
produced at layer 3 of the E4SMM to be accurate. That is, Trefresh_M 2/3 ≥ T3 + t off such that the inputs to
M 1 appear static. Trefresh_M 2 and Trefresh_M3 are chosen as a trade-off between the total required

simulation time using the DNS and the desired accuracy of the results. In our experiments, we set

Trefresh_M2 = Trefresh_M3 = T3 + t off , which provides the highest possible model accuracy. This implies that

(

)

every floor Trefresh_M 2/3 T3 + t off = 1 MPE-FEC frames are subjected to the same ηuncorr_frame and ηeras_frame
using the E4SMM with our settings, i.e. the probabilities are re-calculated for each frame
As discussed previously, the prime motivation for the development of the E4SMM was to
create a computationally-efficient, yet statistically accurate model for the characterization of transport
layer UDP datagrams in dynamic DVB-H system simulations. The static algorithm in Fig. 3.28
consists of steps 1 − 3 , which are only executed once per data link layer configuration – in most cases
this configuration is kept as a set of fixed system parameters and the computations are done only
once. Step 1 of the dynamic algorithm in Fig. 3.29 involves generating or loading the required A .
This step becomes faster as execution proceeds because the frequency of retrievals from a look-up
table grows larger relative to the frequency of generating A matrices. The same can be said of steps
2 − 4 , but even if these computations must be made, they are very simple and quick to compute.
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3.2.5 Base Station Time-Slicing and Parallel Elementary Streams
In addition to the optional MPE-FEC technique introduced in Sec. 3.2.2.2, the second new
technique introduced in DVB-H (as compared to terrestrial DVB-T) is a mandatory one called timeslicing, which is a form of time-division multiplexing (TDM). Time-slicing is premised on two facts.
The first is that a high-quality video display (e.g. using H.264/AVC compression standards) on a
handheld terminal requires a relatively low playback bit rate ( 300 Kbps according to [20]) due to the
reduced screen size. By comparison, fixed-receiver DVB-T channels normally offer bit rates of at
least 3 Mbps. The second fact is that DVB systems are capable of providing very high bit rates of up
to 23.75 Mbps (Table 1.1), which can be leveraged. With time-slicing, then, the DVB-H BS transmits
data to MTs in high-data-rate bursts of short time duration, rather than continuously multiplexing the
services at their much lower playback bitrates, as would be done using traditional continuousstreaming (e.g. DVB-T) techniques. A simple comparison of the BS transmission techniques for
DVB-T and DVB-H with one service per time slice is presented in Fig. 3.31 below.

Figure 3.31: DVB-H time-sliced reception vs. DVB-T reception.
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A time slice or burst is defined as a set of MPE sections transmitted on an elementary
stream. The burst itself contains the expected starting time of the next burst for the stream. Between
bursts, an MT receiver can switch off its radio components, which have a very high power
consumption. The DVB-H literature [1] claims that time-slicing can reduce power consumption by
up to 90% with respect to a non-time-sliced transmission. The second purpose of time-slicing is to
allow for seamless, near-optimal inter-cell BS handovers, a topic that is beyond the scope of our work
since we focus on a single DVB-H SFN cell.
The burst schedule information is transmitted to the receiver within the current burst using
what is known as the delta-t method. The actual information that is sent consists of the expected
length of the time interval between the current and next bursts, delta-t. Using relative terms removes
the need for strict time synchronization throughout the network between the BS and MTs and
ensures that the method is unaffected by delays in the transmission path. To achieve optimal
flexibility, the DVB-H standard does not define specific values for the characteristics of the bursts,
except that their maximum size is limited to 2 Mb ( 261,120 bytes) and the available memory of the
device.

Figure 3.32: Time-slicing burst characteristics.

The most important characteristics of time bursts are the burst period (sum of the on- and
off-times), the burst size and the burst bitrate, as shown in Fig. 3.32. The ES (i.e. service) bitrate is
also important in determining the number of services that can be carried per burst. The on- and offtimes are calculated as follows:
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Off − time = t OFF =
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burst size
+ sync time
burst bitrate

(3.38)

burst size
− (On − time )
ES bitrate

(3.39)

where the number of MPE-FEC frame rows, N r , drives the burst size and the bitrate for the entire
DVB-H multiplex (consisting of multiple ESs), burst bitrate, drives the absolute burst duration, Ontime, while the average ES bitrate drives the burst periodicity, burst period .
IPDC services over DVB-H can be transmitted in sequential elementary streams (SESs) or
parallel elementary streams (PESs) [27], which are different organizations of broadcast services in the
TS bitrate/capacity-time domain [1]. We assume in our work for simplicity that an ES consists of
only a single service, i.e. there is a one-to-one mapping ESs and services. The SES approach was
shown in Fig. 3.31 and consists of ordering multiple ESs one after another in time, with one ES per
burst. Using this approach, all services have the same maximum (burst) throughput. In Fig. 3.33,
multiple services are shown transmitted within the same burst – the PES approach. Using this
approach, the total burst capacity is divided among the services (ESs) which are transmitted in
parallel. In the figure, services are shown as blocks in the TS capacity-time domain. In the temporal
domain, however, different services are multiplexed together into a single TS as in Fig. 1.1 and up to
50 services per multiplex are possible [23].

Figure 3.33: Time-parallel approach to ES organization – PESs.
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There are many good reasons to use the PES approach instead of the SES one. First, bursts
need to meet a minimum burst length to satisfy receiver sensitivity constraints. Second, the DVB-H
system tries to make maximal utilization of the available bandwidth. Third, transmitting ESs in
parallel reduces service access or "zapping time" of mDTV services and allows auxiliary services to be
sent in parallel to main services. Finally, if national-level services reserve a certain percentage of the
total throughput for geographically-local services, then these local services can be inserted by local IP
encapsulators. The major drawback to the PES technique, however, is that when MTs in the network
are only interested in one ES at a time, they typically receive and discard the data pertaining to the
other received ESs in the same burst. From the entire system point of view, this results in inefficient
usage of the total available energy resource, as those ESs discarded by a given terminal could be used
by other terminals.
From the perspective of the broadcast server - the BS - different transmission patterns are
conceivable and have been described in the literature. In [1], two transmission schemes are discussed
as shown in Fig. 3.34, which has been adapted to account for multiple services.

Only source symbols

Only repair symbols

BS
transmission
pattern 1 [1]
Source Repair
symbols symbols

BS
transmission
pattern 2 [1]
(adapted)
Only source symbols

Only repair symbols

BS
transmission
pattern 3 [28]

Figure 3.34: Base station time-sliced burst transmission patterns.

In "BS transmission pattern 1", which is the standardized transmission mode in DVB-IPDC
when using AL-FEC, the source and repair symbols are transmitted sequentially over the
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transmission slots, with the advantage that MTs that correctly receive the source bursts can ignore the
repair bursts, leading to power savings. The disadvantage of this arrangement is that service access
times may be slow if a terminal tunes into a burst of repair symbols and there are not enough
symbols to decode. The MT would need to wait for the next source symbol bursts. In "BS
transmission pattern 2", source symbols are interleaved with repair symbols to support faster service
access times, since immediate access to the source symbols is possible. Fast service access, however,
requires no loss in the initial received bursts. In "BS transmission pattern 3" [28], an additional burst
of parity data is transmitted several seconds after the original burst, making use of the off-time
between bursts. With this scheme, a more robust transmission is achieved, but at the expense of
reducing system capacity and introducing delay.

3.2.6 Parameter Profile Extension III: Data Link Layer Part II
This section discusses the selection of DVB-H time-slicing parameters, further extending the
two parameter profiles Profile A and Profile C of Sec. 2.3 to incorporate burst time-slicing
parameters. The flexibility of the delta-t parameter allows the burst characteristics to vary from one to
the next. For simplicity, however, we assume that they remain fixed.
The burst period induces a trade-off between service access time and the average power
consumption of a terminal’s receiver, which must consume power to lock onto another service
during its off − time periods. Clearly, the trade-off point is optimal if the average power consumption
is just below an imposed threshold and the t OFF period is minimized. The DVB-H Implementation
Guidelines [45], add the following two constraints:
1. The target maximum average power consumption is chosen to be 100 mW, typically
representing < 10% of the entire terminal power consumption.
2. For seamless handovers to be possible, 4 ⋅ ( t ON + sync time ) < burst period .
Although we do not consider inter-cell handovers in our work, to ensure applicability in real
deployments and future investigations, we choose our parameters to satisfy 2. above also.
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Power

Type

mode

Symbol

Description

consumption
(mW)

PCL ,RF_ON

RF_ON

RF/BB

RF_OFF1

Processing

active and a time slice is received.

400

BB: 200
RF: 200

The RF part is shut down but MPEFEC calculations are ongoing.

PCL ,RF_OFF 1_OFF 2
RF_OFF2

The RF and demodulation parts are

The MPE-FEC calculation is

50

finished and receiver is feeding data

Processing

to application layer.
Data transfer to application layer is
RF_OFF3

Processing

PCL ,RF_OFF 3

finished and receiver is waiting for

10

next burst.
Table 3.3: DVB-H terminal receiver power modes [3].

The DVB-H receiver has four power modes (excluding Sleep) as described in Table 3.3,
which can be classified as either RF/BB-related or processing-related. In the table, typical state-ofthe-art values are shown, assuming the RF component is a direct conversion silicon tuner and the
baseband Integrated Circuit (IC) technology is 90 nm. In the numbers shown, system power
management has been optimized so that only necessary modules are refreshed or powered.
Furthermore, we exclude the power required to backlight the terminal's screen. Very similar values
were measured and reported in [71] on a real DVB-H enabled Nokia N96 phone.
The data link layer parameters selected in Sec. 3.2.3, in combination with the values in Table
3.4, make up the specific time-slicing parameters chosen for file delivery services. The receiver sync
time, tCL,sync , has been selected in accordance with [18], where 100 - 250 ms is assumed for the RF
circuits in the receiver to wake up before a burst and synchronize to it.
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Figure 3.35: Data link layer time-slicing configuration using selected parameters.

Parameter Type

Physical layer

Parameter

Maximum bitrate with 16-QAM, CR = 2/3, GI =
1/32, and no MPE-FEC

Value

16.1 Mb/sec

MPE-FEC code rate

3/4

Burst/MPE-FEC

MPE-FEC frame size

255 KB

frame-related

Burst size, Fburst

1.9922 Mb

Burst peak TS bitrate, RTS , peak

16.1 Mb/sec

Number of ESs in parallel per burst, N ES ,burst

16

Peak bitrate per ES
ES-related

Service-related

1.0063
Mb/sec

Data size per ES per burst, FES ,burst

0.1245 Mb

Required ES average bitrate

100 kb/sec

nocoop
MPE-FEC frame cyclic period, t CL
, cyc

1.3056 sec

Services per ES

1

Gross service bitrate, R ES , gross

100 kb/sec
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Net service bitrate

75 kb/sec

Sync time, t CL , sync

0.1250 sec

Burst on-time without sync time included, t CL ,RF_ON

0.1237 sec

Burst on-time with sync time (RF_ON time), t ON

0.2487 sec

RF_OFF1 & RF_OFF2 combined time,
Timing

t CL ,RF_OFF 1_OFF 2

Power-related

0.5000 sec

RF_OFF3 time, t CL ,RF_OFF 3

0.5569 sec

Burst total off-time, t OFF

1.0569 sec

Delta-t jitter time, t CL ,delta_t_jitt

0.0000 sec

Average power consumption per period

99.6201 mW

Table 3.4: Data link layer time-slicing parameters for file download services.

In our investigations, we adopt "BS transmission pattern 1" from Fig. 3.34 for file download services.
Note that we assume an "always on" BS during the transmission period for a given session whereby
the file to be transferred is queued, rather than a probabilistic traffic arrival model. The mixing of
source and repair symbols in "BS transmission pattern 2" implies a reduced compatibility with
terminals incapable of AL-FEC decoding. The reduction in system capacity of "BS transmission
pattern 3" is an expensive price to pay, making this strategy undesirable from our viewpoint.

3.3

Chapter Summary
In this chapter, a novel 3-layer hierarchical Markov model known as the E4SMM was

developed. The E4SMM provides a computationally-efficient link between physical layer TS packet
losses and UDP loss rates seen at the transport-application layer interface of the DVB-H/IPDC
protocol stack.
The E4SMM utilizes the 4SMM previously developed in [19] at its lowest layer (1) to provide
a physical layer TS packet error approximation. The 4SMM was originally shown to accurately
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reproduce key performance metrics when used to model IEEE 802.11a/b physical layers operating
over a flat Rayleigh fading channel. To determine the suitability of the model in our work, we first
determined the appropriate model parameters which correspond to the DVB-H physical layer
characteristics of interest (Sec. 3.1.3). Next, in Sec. 3.1.6, the run length distributions of good and bad
packets obtained using the 4SMM were compared to those resulting from a full Simulink® physical
layer implementation. The results obtained via the 4SMM were remarkably close to those obtained
using the full model, thus validating our parameter selections and the use of the 4SMM in our work.
Next, the 4SMM was extended to account for the data link layer MPE-FEC protection
shown in Fig. 3.25, assuming the Section Erasure Decoding method, as well as the multiple
encapsulation and error propagation mechanisms in the data link, network and transport layers. The
resulting hierarchical model is simple and can be executed efficiently in code.
With the E4SMM specified, the most important component of the dynamic network
simulator architecture — the DVB-H/IPDC Physical-to-Transport Layer Performance Module —
was constructed. This module enables the realistic cross-layer and multi-terminal DVB-H network
simulations performed in subsequent chapters and provides a platform for evaluating application
layer coding-enabled cooperative protocols. The module itself is comprised of a number of E4SMMs
that operate in lock-step, each one corresponding to a particular mobile terminal in the cell and
having its respective active states.
In Sec. 3.2.5, the BS transmission of time-sliced bursts and the concept of multi-service PESs
were presented. Extensions to the parameter profiles were made in Sec. 3.2.3 and 3.2.6.

Chapter 4 Cooperative Short-Range Link
Cooperative Short-Range Link
Communication
Communication
Cooperation refers to a group of entities working together to achieve a common and/or an
individual goal [29]. Up to this point, we have considered DVB-H broadcast single frequency
networks where terminals communicate with the base station, but there is no interaction between
terminals. In this chapter, we extend our network to support cooperation among terminals, and
define a cooperative terminal as one that cooperates for some arbitrary fraction of the total file
delivery session. A non-cooperative terminal then is one that never cooperates with other terminals.
Thus, we form the cooperative broadcast network (CBN), which combines the traditional broadcast
network and local cooperative ad-hoc clusters or piconets. To carry out simulations in the CBN, we
extend the dynamic network simulator of Sec. 2.2 to support two radio interfaces at each mobile
terminal: a cellular link for packet reception from the BS (as discussed previously) and a short-range
link for exchanging packets locally. It is standard today for cellular phones and terminals integrated
into cars to have multiple different radios integrated within them. Some typical examples of SRL
wireless technology include Bluetooth (BT), Ultra-wideband (UWB), and Wireless Universal Serial
Bus (USB). To avoid concerning ourselves with the multitude of issues surrounding piconet
formation, we adopt a simple, yet feasible set of cooperative rules and choose BT as the SRL
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technology in our simulations, due to its almost ubiquitous integration in today's MTs. Other SRL
technologies could also be used instead with the protocols developed.
The outline of this chapter is as follows. First, we present related work in Sec. 4.1, where we
describe a cooperative energy saving strategy proposed for IP services in DVB-H systems to reduce
terminals' energy consumption. Our work in subsequent chapters extends this framework to consider
the impact of AL coding in improving the reliability and energy efficiency of cooperative
communication. Next, in Sec. 4.2 a brief summary of the relevant aspects of the BT SRL technology
are presented. In Sec. 4.3, the concept of ad-hoc piconets is presented and in Sec. 4.4, the DNS
architecture is extended to support the assessment of ad-hoc cooperative techniques. Finally, Sec. 4.5
characterizes different burst losses in the CBN.

4.1

Related Work
The basic idea of cooperative DVB-H reception, examined previously only in [27], is that

terminals can cooperatively receive the time-sliced bursts from the BS. Each cooperative mobile
terminal only receives a fraction of the total data transmitted by the BS over the CL. In the case
where PESs are sent within a burst, the terminal does not discard the unwanted packets as would be
done in the current implementation of the DVB-H standard. Instead, the terminal forwards relevant
packets to its neighbouring piconet terminals over the SRL. Likewise, the MT gets the missing
packets it requires from its neighbours. This cooperative transmission schedule is illustrated in Fig.
4.1 for a 4-terminal ( N neigh = 4 ) cooperative piconet. The authors of [27] impose the restriction that
each cooperative MT must exchange an equal number of packets to satisfy a fairness requirement.
We refer to this protocol as Cooperative Strategy 0 (CS0) going forward and use it as a baseline for
comparison. In our work, we consider two special cases of this protocol; the case of multicast (M),
where each MT within a piconet is interested in the same service, and the case of multiple unicasts
(MU), where each MT in a piconet desires a different service than its neighbours. In Fig. 4.2, a timing
diagram for protocol CS0 when multiple unicasts are requested (CS0-MU) by the 4-MT piconet is
shown. From it, the transmission and reception of bursts by the BS and MTs can be
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seen. Although SRL transmissions are shown as occurring immediately after CL receptions, this is not
strictly the case. There is always a processing delay of t CL ,RF_OFF 1_OFF 2 between the two events.
Within a cooperative piconet, terminals alternate which burst to receive over the CL in a
round-robin fashion, sharing the information relevant to their neighbours shortly after separating the
different services contained within the transport stream. In the above figure, the term "intermediate
nocoop
terminal" denotes the MT that tunes into the BS's burst each t CL
, cyc time period and the term

"destination terminal" refers to each of the N neigh − 1 piconet neighbours that subsequently receive
their data over the SRL.

First

nocoop
t CL
, cyc time period

Second

nocoop
t CL
, cyc time period

First hop: CL
Second hop: SRL
Source terminal
Intermediate terminal
Destination terminal

Third

nocoop
t CL
, cyc time period

Fourth

nocoop
t CL
, cyc time period

Figure 4.1: Cooperative DVB-H transmission schedule.
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Figure 4.2: CS0-MU timing diagram [27].
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CS0 has a major advantage over non-cooperative communication. Terminal energy
consumption is significantly reduced because the transmission and reception energy per bit (EpB) is
much less over the SRL than the CL, and longer idle times are induced on the CL by splitting the CL
coop
receptions among all cooperating MTs, i.e. the cooperative MPE-FEC frame cyclic period t CL
, cyc is
nocoop
extended in comparison with the non-cooperative frame cyclic period t CL
, cyc , which is much shorter.

The expressions for average MT energy consumption per burst with cooperation, Ecoop ,CS 0 , and
without (standard method), Enocoop , in Joules are given by [27]:

nocoop
nocoop
Enocoop = t CL
, cyc PCL

Ecoop ,CS 0 =

t cyccoop
N burst

(P

coop
CL

(4.1)

coop
+ PSRL
,CS 0

)

(4.2)

and the average energy saving resulting from cooperation using CS0 is given by:

 Ecoop ,CS 0
Esaving ,CS 0 = 1 − 
 Enocoop







(4.3)

where the relevant parameters and values are given in Table 3.3-3.4, Table 4.2 and Table 4.3.
Despite the impressive energy savings possible using CS0-MU and its multicast counterpart
CS1-M — up to 54 % power saving gain is reported in [27] — both protocols have serious
limitations. The authors analytically examine two very simple scenarios focused on a single piconet of
3 terminals whereby either all terminals are stationary, or only one is mobile. The scenarios
considered are rather unrealistic and worse yet, one-sided, since they do not consider the reliability of
information dissemination, instead only focusing on the energy savings possible. Furthermore, the
implementation of the SRL processing and its energy costs are not considered. In the original
cooperative arrangement, whenever a burst is lost due to a poor connection with the BS (a channel
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burst loss), the receiving terminal is not able to relay any information over its SRL to its
neighbours. As a result, all neighbours experience a one-burst interruption of their respective
services, creating an undesirable causal relationship between a burst loss over the CL and the SRL (a
propagated burst loss). This problem is illustrated in Fig. 4.2. Clearly, the number of propagated SRL
burst losses increases linearly with the number of neighbours cooperating in the piconet, N neigh , and
becomes more severe as the degree of service heterogeneity, Dserv ,het , in the piconet decreases, because
either a larger portion of the TS bandwidth is allocated to each ES, implying a greater amount of data
lost per terminal tuned into a particular service. The severity of the propagated burst loss problem is
quantified in Sec. 4.5, where it becomes apparent that the disadvantages of CS0-M/MU would likely
prevent these protocols from being implemented in any practical cooperative DVB-H systems.

4.2

Bluetooth Short-Range Technology
Bluetooth is a wireless short-range ad-hoc technology. In this section, we provide a brief

overview of the Bluetooth 2.1 + EDR standard [30], covering only the aspects relevant to our work;
the physical layer and the application layer error model adopted in our work.

4.2.1 Physical Layer
A BT radio operates in the license-free Industrial, Scientific and Medical (ISM) band at 2.4
GHz. It uses a fast ( 1,600 hops/sec) frequency-hopping spread-spectrum (FH-SS) technique, where
the radio hops in a pseudo-random fashion on 79 1 -MHz channels [31]. The frequencies are located
at (2, 402 + k ) MHz for k = 0,1, , 78 . The modulation used is binary Gaussian Frequency-Shift
Keying (GFSK) and the baud rate is 1 Msymbols/sec, for a bit time of 1 µs and a raw transmission
rate of RBT ,tx = 1 Mbps.____________________________________________________________
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Maximum Transmit Power Pt , max

Class

dBm

Minimum Transmit Power Pt , min
mW

dBm

coop
Maximum Range d max
with Pt , max

mW

Power (m)

1

20

100

0

1

88.85

2

4

2.5

-6

0.25

26.02

3

0

1

N/A

N/A

19.14

Table 4.1: Bluetooth radio power classes [30].

Link Type

Param. Type

Parameter

t CL ,on = t CL , sync + t CL ,RF_ON + ( t CL ,delta_t_jitt 2 )
nocoop
t CL
, cyc = t CL , on + t CL , RF_OFF 1 _OFF 2 + t CL , RF_OFF 3

CL

Time-related

nocoop
t CL ,RF_OFF 3 _ext = t CL ,RF_OFF 3 + ( N burst − 1)t CL
, cyc

Description

Burst on-time with sync time
MPE-FEC frame cyclic period
without cooperation
Virtually extended idle time in
RF_OFF3 mode

Parameter Value

0.2487 sec
1.3056 sec
0.5569 sec + ( Nburst 1)
(1.3056 sec)

coop
coop
t CL
, cyc = t cyc = t CL , on + t CL , RF_OFF 1 _OFF 2 + t CL , RF_OFF 3 _ext

MPE-FEC frame cyclic period

0.2487 sec + 0.5 sec

with cooperation

+ t CL ,RF_OFF 3 _ext sec
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CL
Burst-related
SRL

 t CL ,on PCL ,RF_ON + t CL ,RF_OFF 1_OFF 2 PCL ,RF_OFF 1_OFF 2  nocoop
PCLnocoop = 
 t CL ,cyc
 +t CL ,RF_OFF 3 PCL ,RF_OFF 3


Average per non-cooperative

 t CL ,on PCL ,RF_ON + t CL ,RF_OFF 1_OFF 2 PCL ,RF_OFF 1_OFF 2  coop
PCLcoop = 
 t cyc
 +t CL ,RF_OFF 3 PCL ,RF_OFF 3


Average per-cooperative MT
CL power cons. per period
Bursts sent by BS in one coop.

N burst = N neigh

MPE-FEC cyclic period

t SRL ,tx ,burst

Tx. time of a single burst
Transmission time

t SRL ,tx ,CS 0 = t SRL ,tx ,burst

Time-related

MT CL power cons. per period

(

Dserv ,het = 0 )

0.2500 sec

t SRL ,rx ,burst = t SRL ,tx ,burst

Reception time of a single burst

0.2500 sec

t SRL ,rx ,CS 0 = ( N neigh − 1)t SRL ,rx ,burst

Reception time

( N neigh − 1)(0.2500sec)

RF_OFF1 & RF_OFF2

t SRL ,RF_OFF 1_OFF 2 = t CL ,RF_OFF 1_OFF 2

combined time

t SRL , idle ,CS 0 = t ccoop
yc − ( t SRL , tx ,CS 0 + t SRL , rx ,CS 0 + t SRL , RF_OFF 1 _OFF 2 )

Idle time

coop
coop
coop
t SRL
, cyc = t CL , cyc = t cyc = t SRL , tx ,CS 0 + t SRL , rx ,CS 0 + t SRL , RF_OFF 1 _OFF 2

MPE-FEC frame cyclic period

+t SRL , idle ,CS 0

Power-related

0.2500 sec

coop
SRL ,CS 0

P

t cyccoop

Average per cooperative MT
SRL power cons. per period

Table 4.2: Parameters for (non-)cooperative DVB-H time-slicing burst reception equations in CS0.

95

 t SRL ,tx ,CS 0 PSRL ,tx + t SRL ,rx ,CS 0 PSRL ,rx 


=  t SRL ,RF_OFF 1_OFF 2 PSRL ,RF_OFF 1_OFF 2 
 +t

 SRL , idle ,CS 0 PSRL , idle


0.5000 sec
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Power

Power

Type

mode

Symbol

Description

consumption
(mW)

RF_ON
(TX)
RF_ON
(RX)

RF/BB

PSRL ,tx

Transmission power

100 RF: 95

RF/BB

PSRL ,rx

Reception power

10

PSRL ,RF_OFF 1_OFF 2

= PCL ,RF_OFF 1_OFF 2 (See Table 3.3).

50

PSRL , idle

Power consumption in idle state

1

RF_OFF1

Processing

RF_OFF2

Processing

RF_OFF3

Processing

RF: 5

BB:
5
BB:
5

Table 4.3: BT terminal receiver power modes [3].

BT radios come in three different power classes, as shown in Table 4.1, and the BT power modes
analogous to Table 3.3 for the cellular link are shown in Table 4.3. We note that modes RF_OFF1
and RF_OFF_2 also appear here since the two interfaces share the MT's processing hardware and
because MPE-FEC calculations and cross-layer data transfer is also required for received SRL bursts.
We assume that all SRL communication between terminals is governed by the combined path loss
and shadowing model of Eq. (0.4). Furthermore, we use the following parameters:
•

Minimum allowed BT radio receiver sensitivity of Pmin = −70dBm [30]

•

Maximum transmit power values Pt , max of Table 4.1

•

K = −31.54dB [7]

•

Path loss exponent γ = 3.0 , which is typical for shadowed urban cellular settings [8]

•

Log-normal shadowing standard deviation σ = 5.5dB (Table 2.2)

•

Reference distance d 0 = 1 m

As an example, consider two Class 1 terminals separated by d = 80 m. Using the outage probability
expression in Eq. (0.6) yields:
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Pout ( Pmin = −70dBm, d = 60m )
= P ( Pr (60m ) < −70dBm)
 P − ( Pt + PL urban ( d )) 
= 1 − Q  min

σ


 P − ( Pt + 10 log 10 K − 10γ log 10 ( d / d 0 )) 
= 1 − Q  min

σ


 −70dBm − (20dBm − 31.54dB − 30 log 10 (80m))dB 
= 1− Q 

5.5dB


= 0.4018.

(4.4)

For the purpose of neighbour discovery, we impose a limit on the distance between terminals that
coop
,
would discover each other and attempt to cooperate over their SRLs. This maximum distance, d max

is taken to be the distance at which Pout = 0.50 , and the values for different power classes of BT
radios have been calculated and included in Table 4.1. Fig. 4.3 illustrates the relation between outage
probability using the selected parameters and distance between communicating terminals.

Figure 4.3: Outage probabilities for different Bluetooth power classes.
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In reality, Class 1 BT radios perform power control over the SRL, limiting the transmitted
power over +4 dBm. This technique is optional for Class 2 and Class 3 devices. Power control
capability under +4 dBm is optional and could be used for optimizing the power consumption and the
overall interference level of the network [30]. In our work, we consider all terminals equipped with a
Class 1 radio. Due to the complexity of the power control mechanism, though, an exact expression
for transmission power is not known. We therefore assume a fixed transmit power on the SRL, equal
to the maximum value given in Table 4.1. This is reasonable since MTs within the same piconet
relay burst contents over their SRLs at different times, and cooperative piconets are separated by
coop
. Thus, SRL interference is negligible.
more than d max

4.2.2 Physical-to-Application Layer Abstraction
The BT protocol stack is presented in Fig. 4.4, alongside an approximate OSI reference model
layer labeling [32].

Figure 4.4: Simplified Bluetooth 2.1 + EDR protocol stack [31].
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It is obvious that the BT protocol stack and the OSI reference model do not line up exactly,
but it is still useful to relate them to gain an understanding of how MPE(-FEC) frames would be
handled by BT. The L2CAP layer of the BT protocol stack shields the specifics of the BT lower
layers and provides an IP packet interface to higher layers [31]. Thus for our investigations, we
assume that above the L2CAP layer, an equivalent method exists of performing the same procedures
as those done in the link layer through to transport layers of the DVB-H protocol stack (Fig. 3.25). In
fact, it should be possible to completely implement the functionality of the DVB-H layers mentioned
in software at the application layer of the BT protocol stack, by means of an emulator. This processing
would be done prior to forwarding the resulting UDP datagrams onto the appropriate application.
For simulation purposes, modeling MPE(-FEC) channel frame losses at the application layer
of the BT protocol stack in a computationally-efficient manner is a challenging task that would
require a significant research effort beyond the scope of this work. We do provide one suggestion,
however; the E4SMM could be suitably modified to perform this abstraction, provided that a
statistically accurate layer 1 model for BT can be found. This layer 1 model would need to
incorporate all of the functions performed between the physical and transport layers of the BT stack.
To the best of our knowledge, no such cross-layer abstraction model currently exists for BT. There
has, however, been work conducted in [33] at abstracting the physical layer only using a 2SMM.
In our work, we have assumed the smallest frame size shown in Table 3.2 (32KB) for SRL
transmissions. Using the notation of Sec. 3.2.4 and the parameter selections of Sec. 3.2.3, since

RBT ,tx = 1 Mbps = 131, 072 bytes/sec , the rate of TS packet transmission is R1 = 697.19 TS
packets/sec

or,

equivalently,

T1 = R1−1 = 1.4343x 10−3 sec ,

the

section

time

period

is

T2 = N goodTS ⋅ T1 = 8.6059x 10 −3 sec and the frame time period is T3 = 0.2500sec . We associate an

MPE(-FEC) frame loss event with a physical layer outage event by assuming that an outage causes
complete corruption of the sections that make up a frame, and hence the frame itself. When a
receiver is not in outage, we take the physical layer FEC of the BT protocol, as well as the emulated
DVB-H link layer MPE-FEC — which uses a powerful 1/2 code rate — as sufficient to recover
frames from errors with high probability. Simulations in related works have shown that this is a
reasonable assumption. Therefore, ploss , frame = Pout .
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Ad-Hoc Piconets
BT-enabled terminals are capable of forming ad-hoc piconets, whereby a terminal can be in

one of two roles; primary terminal or secondary terminal ("master" and "slave", respectively, in BT
terminology) and each secondary terminal is assigned a unique active member address. Members of a
piconet are neighbours and within each piconet there may be only one primary terminal and up to
seven active secondary terminals at a time, so that 1 ≤ N neigh ≤ 8 . Any secondary terminal can become
the primary terminal in accordance with the role-switching sequence established by the primary
terminal at piconet formation. While it is possible two or more piconets to be interconnected,
forming a scatternet, such topologies are not considered in our work. Piconets coexist in time and
space, independently of each other.
For a single piconet, the following variables are of interest:
•

t pico ,life , the lifetime of the piconet. This is defined as the time duration a particular piconet is
of a particular size and is comprised of the same set of neighbours; a change in size or
neighbour composition constitutes the dissolution of that particular piconet

•

Dserv ,het

 0

=  N serv ,req
 N
 neigh

N serv ,req = 1
1 < N serv ,req ≤ N neigh

, 0 ≤ Dserv ,het ≤ 1 ,

the degree of service heterogeneity, where N serv ,req is the number of unique services requested.
Note that Dserv ,het = 0 corresponds to a homogeneous service reception among piconet neighbours,
also known as the special distribution case of multicast. The case of Dserv ,het = 1 is commonly referred
to as the multiple unicasts case. Finally, the ratio Dserv ,het has been defined with respect to the number of
neighbours in the piconet and not the number of services (ESs) in a TS, N serv ,TS , since there may be
many more services in a TS than piconet neighbours. By extension, within a network composed of
multiple piconets, the following variables exist:
•

t pico ,life , the average lifetime of all piconets formed over the simulation time, Tsim

•

N neigh , the average piconet size of all piconets formed over the simulation time, Tsim
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Dynamic Network Simulator Cooperative Extension
In this section, we extend the DNS to account for cooperation between terminals. The

coop
maximum cooperation range of a terminal, d max
, is defined in Table 4.1. A terminal is able to discover

neighbours in its cooperation range using the mechanisms described in Sec. 4.3. When terminals
cooperate, a piconet is formed.
The question of whether a terminal should cooperate is easily answered. Using the typical
values of Sec. 3.2.6, the average energy saving gain per burst with protocol CS0 is computed as a
function of the number of piconet neighbours and is shown in Fig. 4.5, where the case of N neigh = 1
corresponds to traditional non-cooperative reception over the CL only. It can be seen that when as
few as two terminals cooperate, energy savings per burst of ~ 35% are already possible. Energy
savings continue to increase as more terminals join the piconet, but with diminishing returns. With
these results, we can assume that whenever terminals are within close enough proximity to cooperate,
they will choose to do so, recognizing the mutual energy savings possible.
Referring again to Fig. 4.5, it can be seen that the per-neighbour average energy saving gain
decreases as N neigh increases and is maximized when N neigh is 2 or 3. While this may be the optimal
piconet size from the perspective of maximizing per-terminal energy savings, it is certainly not an
optimal strategy for maximizing the total number of terminals that cooperate in a piconet. For
instance, four terminals capable of cooperating would prefer to exclude one among them using this
strategy. We define two possible approaches a terminal can take when deciding whether to join a
piconet:
•

Selfish approach: Each terminal seeks to maximize its own energy saving gain and terminal

prefers to join piconets of certain sizes over others. The first element of a size preference
vector specifies the most favourable piconet size to a particular terminal, and the last element
represents the least favourable size. Under the selfish approach, the size preference vector is

o = [2 3 4 5 6 7 8 1] . This approach maximizes the energy savings of terminals which do
cooperate, but may leave many terminals isolated.
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Fair approach: Each terminal wishes to maximize the total number of terminals in the

network able to cooperate and achieve energy savings. Therefore, each terminal is willing to
accept a sub-optimal energy saving gain in order to minimize the number of isolated
terminals in the network. Without global information about the state of the network, each
terminal can only seek to maximize the size of its own piconet. Therefore, under this
approach the size preference vector is o = [8 7 6 5 4 3 2 1] .

Figure 4.5: Average energy saving gain of CS0 protocol.

In this work, we limit our investigations to terminals that employ the selfish cooperative
approach, leaving fair-terminal studies for future work. We also focus our attention on fully-meshed
piconets where each piconet can communicate with all other neighbours, as shown in Fig. 4.6. With
this topology, each terminal is within the cooperative range of all neighbours and communication on
the SRL is over at most two hops.

CHAPTER 4. COOPERATIVE SHORT-RANGE LINK COMMUNICATION

103

Figure 4.6: Fully-meshed cooperative piconet consisting of three terminals.

The signalling on the SRL consists of frequent role-switching, service discovery and
connection establishment. Synchronization of SRL transmissions is achieved by exploiting the
synchronized cross-platform time information of the DVB-H system that allows a terminal to receive
a burst at the correct time. Finally, we extend the DNS of Fig. 2.1 to support cooperation between
terminals. The full architecture is shown in Fig. 4.7.

Figure 4.7: DVB-H/IPDC extended cooperative dynamic network simulator architecture.

CHAPTER 4. COOPERATIVE SHORT-RANGE LINK COMMUNICATION

104

The additional modules required to support SRL cooperation are the:
1. Cooperative Topology Generator Module ( M 5 ): forms piconets based on terminal
positions within the cell by determining possible fully-meshed connections and applying the
appropriate piconet formation approach (selfish or fair). The output of this module is a
number of piconet formations throughout the cell.
2. Short-Range Link Performance Module ( M 6 ): produces UDP datagram loss traces for

communication taking place over the SRLs within piconets, according to the SRL physicalto-application layer abstraction model of Sec. 4.2.2. The inputs to this module are the
coop
of each
terminal positions. For two terminals within maximum cooperative range d max

other, the outage probability is calculated using Eq. (0.6), using the actual MT-pair
separation distance. A uniform r.v. is sampled and compared to threshold Pout to determine
whether a SRL burst error has occurred.
3. AL-Coding Cooperative Strategy Module ( M 7 ): applies the rules of one of the

cooperative protocols described in Chapter 6. Inputs to this module are a given set of
piconets, UDP datagram loss traces over the CL and SRL for terminals within those
piconets, and a cooperative protocol. The output of this module is a number of Quality of
Service (QoS) indicators.
Module M 5 has the same refresh time interval Trefresh as in Sec. 2.1. Modules M 6 and M 7 ,
nocoop
however, are required to refresh more often since multiple SRL transmissions occur with a t CL
, cyc time

period. Fig. 4.8 shows a sample piconet formation output trace produced by the Display Module of
the DNS, from which 9 piconets can be seen.
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Figure 4.8: Sample piconet formation trace (Selfish Class A terminals, Deployment 1).

To better understand the dynamics of the network under study, the joint pdf of piconet
lifetime and piconet size for different terminal classes and deployment scenarios are shown below for
the selfish cooperative approach. Each pdf was obtained by averaging over 100 independent piconet
formation traces of length Tsim . Each pdf is accompanied by a graph that shows the percentages of
cooperative and non-cooperative terminals as a function of session duration. Table 4.4 summarizes
some key first-order statistics of each combination.
Terminal Deployment
Class

A

C

Scenario

Avg. piconet

Average piconet

lifetime, t pico ,life (sec)

size, N neigh

1

33.1911

2.0817

2

35.0806

2.3153

1

13.4322

2.0974

2

7.3044

2.3013

Table 4.4: Network dynamics statistics.
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Piconet size, Nneigh

Figure 4.10: Percentages of (non-)coop. MTs (Selfish Class A, Deployment 1).

Figure 4.11: Joint pdf of network dynamics (Selfish Class A, Deployment 2).

Figure 4.12: Percentages of (non-)coop. MTs (Selfish Class A, Deployment 2).
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Figure 4.9: Joint pdf of network dynamics (Selfish Class A, Deployment 1).
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Piconet size, Nneigh

Figure 4.14: Percentages of (non-)coop. MTs (Selfish Class C, Deployment 1).

Figure 4.15: Joint pdf of network dynamics (Selfish Class C, Deployment 2).

Figure 4.16: Percentages of (non-)coop. MTs (Selfish Class C, Deployment 2).
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Figure 4.13: Joint pdf of network dynamics (Selfish Class C, Deployment 1).
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From the above joint pdfs, we observe that for Class A (pedestrian) terminals, the mean
piconet lifetime is more than twice as long as for Class C (car) terminals, as would naturally be
expected given our terminal mobility model. Also, the average piconet size for both classes increases
slightly under Deployment 2 because of increased MT density, which facilitates piconet formation.
From Fig. 4.10, Fig. 4.12, Fig. 3.13 and Fig. 3.15, under Deployment 1, a system operator would
expect approximately 20% cooperative penetration among the cell's terminals, for both classes. As
the terminal density reaches that of Deployment 2 due to increased adoption of the technology,
however, the system operator would expect to see the number of cooperative terminals exceed the
number of non-cooperative terminals for both classes, resulting in significant system-wide energy
savings. Furthermore, this form of cooperation would not require any modifications to the existing
DVB-H standard; the BS need not even know that terminals are cooperating. Hence, such
cooperation is fully distributed.

4.5

Characterizing the Lossy Cooperative Broadcast Network
In Sec. 4.1, the problem of propagated burst losses was presented. We turn in this section to

characterizing the burst losses present in the lossy cooperative DVB-H broadcast network. In Fig.
4.17 - 4.20, the cumulative percentages of the three different types of burst losses discussed
previously were simulated over a file delivery session of a 526 KB file ( 36 bursts of approximately
N ES ,burst , syms = 31 symbols each) for different combinations of terminal class and deployment scenario.
Each curve was produced by counting the burst losses of each type that occurred at cooperative
terminals over the session and averaging over 100 independent sessions. We note that standard
deviations shown are, algebraically speaking, not additive. The curves were thus obtained by
computing variances, which are additive, and taking their square roots at discrete points along the xaxis. Curves representing the average cumulative CL burst loss for non-cooperative terminals have also
been plotted as a reference.
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Figure 4.17: Cumulative (non-)cooperative burst losses (Class A, Deployment 1).
Intermediate terminal CL loss mean
Intermediate terminal CL loss standard deviation
Destination terminal propagated SRL loss mean
Destination terminal propagated SRL std. dev.
Destination terminal channel SRL loss mean
Destination terminal channel SRL loss std. dev.
Total loss mean
Total loss standard deviation
Non-coop. terminal CL loss mean (reference)
Non-coop. terminal CL loss std. dev. (reference)

Intermediate terminal CL loss mean
Intermediate terminal CL loss standard deviation
Destination terminal propagated SRL loss mean
Destination terminal propagated SRL std. dev.
Destination terminal channel SRL loss mean
Destination terminal channel SRL loss std. dev.
Total loss mean
Total loss standard deviation
Non-coop. terminal CL loss mean (reference)
Non-coop. terminal CL loss std. dev. (reference)
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Intermediate terminal CL loss mean
Intermediate terminal CL loss standard deviation
Destination terminal propagated SRL loss mean
Destination terminal propagated SRL std. dev.
Destination terminal channel SRL loss mean
Destination terminal channel SRL loss std. dev.
Total loss mean
Total loss standard deviation
Non-coop. terminal CL loss mean (reference)
Non-coop. terminal CL loss std. dev. (reference)
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Figure 4.18: Cumulative (non-)cooperative burst losses (Class A, Deployment 2).
Intermediate terminal CL loss mean
Intermediate terminal CL loss standard deviation
Destination terminal propagated SRL loss mean
Destination terminal propagated SRL std. dev.
Destination terminal channel SRL loss mean
Destination terminal channel SRL loss std. dev.
Total loss mean
Total loss standard deviation
Non-coop. terminal CL loss mean (reference)
Non-coop. terminal CL loss std. dev. (reference)
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Figure 4.19: Cumulative (non-)cooperative burst losses (Class C, Deployment 1).

Figure 4.20: Cumulative (non-)cooperative burst losses (Class C, Deployment 2).
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From the figures, we make several important observations. First, note that in all cases, the
cumulative burst loss experienced by a cooperative terminal is inherently higher than that at a noncooperative terminal, which operates in isolation. This is due to the propagated and channel SRL
burst losses mentioned previously. Second, it is clear that propagated SRL losses account for a
significant proportion of the total burst losses experienced by a typical cooperative terminal. Third,
the number of propagated SRL losses is always lower-bounded by the number of intermediate
terminal CL losses. In the figures, we observe that in fact these curves are quite close to their lower
bounds due to the small average piconet sizes in Sec. 4.4. By the end of the file delivery session for
Class A Deployment 1, the average cooperative MT was unable to decode about 30 % of the bursts
that had been transmitted by the BS. Similar curves resulted from Class A Deployment 2, but the
variance about the means was reduced in Deployment 2 since we averaged over a much larger
number of cooperative terminals. Next, it is clear that for Class C, the typical terminal experiences a
noticeably higher cumulative burst loss total, which is representative of the more rapidly varying
network dynamics. It is also interesting to note that destination terminal channel SRL losses become
more pronounced in comparison with slowly-moving pedestrian vehicles in Class A. This can be
explained by the fact that terminals spend less time close to each other and move quickly to the edge
of each other’s cooperative range, where channel burst losses are more frequent.

4.6

Chapter Summary
In this chapter, we began by discussing the only known related work. We showed its serious

flaws and limited applicability, which motivate the need for new AL coding-enabled cooperative
protocols that aim to improve both energy savings as well as transmission reliability. In Sec. 4.2.1, a
brief overview of the relevant aspects of the Bluetooth physical layer was provided. Next, in Sec.
4.2.2, we developed a Short-Range Link Performance Module which characterizes the behaviour of
the channel between terminals communicating over short-range BT links. In Sec. 4.3, ad-hoc piconets
and different cooperative approaches were discussed. In Sec. 4.4, we extended the DNS of Sec. 2.2 to
account for terminal-to-terminal ad-hoc communication by integrating two new modules into it; the
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Cooperative Topology Generator Module, and the SRL Performance Module. To gain a better
understanding of the underlying network dynamics in our study, analyses were conducted in Sec. 4.4
and Sec. 4.5. The results clearly suggest that the cooperative broadcast network as described could be
feasibly formed in existing real-world DVB-H systems and that such a CBN requires AL codingenhanced cooperative protocols to be practical. In the following two chapters, novel cooperative
protocols are developed using AL-FEC/NC techniques that define the final DNS module, the ALCoding Cooperative Strategy Module._________________________________________________

Chapter 5 Application

Layer

Coding

Background
Application Layer Coding Background
5.1

Erasure Channels
The Binary Erasure Channel (BEC)[34] is a simple but important channel model in

communications. The BEC operates over the Galois field 2 and has input alphabet {0, 1} and
output alphabet {0, 1, E} , where E denotes a symbol erasure. An erasure occurs with probability p ,
known as the loss rate, and thus a symbol makes a correct transition with probability (1 − p ) . A symbol
refers to an l -bit vector in general. The BEC is shown is widely used for characterizing packet
networks._________________________________________________

(t)
(t)
(t)
(t)
Figure 5.1: The Binary Erasure Channel with time-varying p

112

113

CHAPTER 5. APPLICATION LAYER CODING BACKGROUND

The Physical-to-Transport Layer Performance Module of Chapter 3 provides a
computationally-efficient way of producing UDP datagram loss rates by capturing and abstracting the
effects of the realistic reception conditions experienced by mobile terminals. From the perspective of
an AL-FEC decoder, only completely correct or completely incorrect symbols are observed. The
Physical-to-Transport Layer Performance Module therefore creates a virtual BEC for the application
layer, where the loss rate p is a dynamic and time-varying quantity, p( t ) as shown in Fig. 5.1, which
is dependent upon the processes occurring at the lower protocol layers. In the rest of this chapter, the
AL codes necessary to understand the cooperative protocols developed in Chapter 6 are overviewed.

5.2

Fountain Coding
A fountain code [35] with fixed dimension K is a linear mapping from K-extended Galois

Field of order 2 (GF(2) or 2 ) to N-extended GF(2), i.e. 2K → 2N , where N ∈  + . The output
symbols z = [ z 1 , z 2 , , z N ] are r.v.s with distribution Ω( x ) =



K
i =1

Ω i x i over 2K , where Ωi is the

probability that degree i is chosen. For a given binary input message of length K source symbols,

x = [ x 1 , x 2 ,, x K ] , a potentially infinite stream of independent output symbols (block length N ) is
produced by a fountain code encoder. The encoder can thus be thought of as a metaphorical fountain
[36] and the output symbols as drops of water. Once the receiver, a metaphorical bucket, has
collected any N > K output symbols (i.e. it is filled), the entire message can be decoded with high
probability.
The encoding cost of a fountain code is the expected number of arithmetic operations
sufficient for generating each output symbol, and the overhead is defined as the ratio ς =

N
K

− 1 or

the percentage ς % = ( NK − 1) ⋅ 100% . At the receiver(s), information describing the relations between
input and output symbols is obtained either in packet headers or by other application-dependent
means of synchronization between transmitter and receiver(s). A reliable decoding algorithm is
defined as one which can recover the original K input symbols from any set of N output symbols
with error probability at most inversely polynomial in K [37]. The reliable decoding algorithm is
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usually said to have an excess number of received output symbols or coding inefficiency [38] denoted
by ε = N − K . The decoding cost is the expected number of arithmetic operations sufficient to
recover the K input symbols, divided by K .
Fountain codes are revolutionary codes that were designed for unknown and time-varying
erasure channels, where z j are either received correctly or not received. These codes have attracted
significant research attention in recent years because of their desirable properties:
•

Ratelessness: No concept of a "block" exists as with fixed-rate block codes. K is fixed

according to the length of the source message, but the number of output symbols is not.
There is no a priori rate, R = K / N , as with block codes._
•

Adaptivity: N is determined "on-the-fly" according to the loss rate of the channel. This is

an intrinsic feature of the code and does not require additional adjustments to the code at the
encoder, such as the usual puncturing technique used in adaptive block-coded systems. In a
fountain-coded system, a higher p on the erasure channel only translates to a longer
reception time for the decoder to collect N output symbols. In any case, though, the
decoder will eventually be able to decode with probability 1.
•

Universality: N can be designed to be arbitrarily close to K . That is, as K → ∞ , the

overhead ς → 0 , implying that a fountain code is asymptotically optimal and operates close
to the BEC capacity of (1 - p) bits/channel use on any BEC with p < 1.
•

Low feedback: A fountain code is nearly feedback-free. This is no need to acknowledge the

reception of each output symbol as is the case with protocols that use ARQ. Instead, only a
single acknowledgement is required to signify that a receiver has collected all N output
symbols it requires to decode the message.
To develop an understanding of the main concepts related to practical fountain codes, we
next briefly review the two most important sub-classes of these codes; Luby Transform codes and
Raptor codes. We note that going forward, the term "encoded symbol" is always taken to be
equivalent to "output symbol".
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5.2.1 LT Codes
Luby Transform (LT) codes [39] were invented in 1998 and were the first practicallyrealizable implementation of the fountain code concept. The LT encoding process consists of three
steps, which are performed at the encoder at each time iteration, t j :
1. Randomly select an output symbol’s degree Ωi from a distribution Ω( x ) .
2. Uniformly at random, select Ωi distinct input symbols. The selected symbols are denoted by a
column vector GLT , j = [ g 1 j , g 2 j , , g Kj ]T where g ij = 1 if input symbol x i was selected.
Thus GLT , j will have Hamming weight equal to Ωi and defines a new column in an
expanding generator matrix GLT .
3. Compute the output symbol z j by taking the modulo- 2 bitwise sum or exclusive OR
(XOR) of the source symbols for which g ij = 1 , as in Eq. (5.1).

zj =

K

x g
i

ij

= x 1 g 1 j ⊕ x 2 g 2 j ⊕  ⊕ x k g Kj

(5.1)

i =1

This process produces a stream of encoded output symbols and equivalently a bipartite
Tanner graph (Fig. 5.2), which is a graphical representation of GLT . On a Tanner graph, symbols are
referred to as nodes. An output symbol z j is said to be covered if there exists an edge between it an
at least one input symbol. The decoder also produces its own generator matrix GRx using received
columns in packet headers or by recreating them via application-dependent means at the receiver (e.g.
a random number generator with the same seed).
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Figure 5.2: Sparse bipartite Tanner graph produced by LT encoding.

The ripple is defined as the set of decodable, i.e. degree-1 variable nodes in the current round.
Denoting input symbols as variable nodes and encoded symbols as check nodes, the decoder operates
as follows [36]:
1. Search the graph for a degree-1 check node, i.e. one that is in the ripple. If none exists, a
decoder failure occurs.
2. Set the value of the output symbol equal to the value of its input symbol, i.e. z j = x i .
3. XOR the value of x i to all check nodes connected to x i .
4. Disconnect all edges connected to input symbol x i . x i is now decoded or uncovered.
5. While there are still covered input symbols, repeat steps 1 − 4 .
These steps are akin to running the Belief Propagation (BP) iterative decoding algorithm on the
graph, but because the assumed channel model is the BEC, all messages are completely certain or
completely uncertain. Thus, only one iteration is required. If this process is repeated out in rounds
after every h ∈  + received output symbols, then the decoder is known as a greedy decoder. h is
chosen as a trade-off between computational complexity and access to input symbols. It is often
advantageous to delay the XOR operations in the algorithm by using them to instead create a
decoding schedule which stores the order in which the XOR operations are to be performed. Once
the above algorithm completes, a single acknowledgement is sent from the decoder to the encoder to
signify that the encoded symbol stream should be terminated.
The appropriate choice of Ω( x ) is of critical importance in the design of an effective
fountain code. First, the encoding and decoding complexity of the Tanner graph scales linearly with
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the number of edges present and thus the mean degree, Ω = E[ Ω( x )] should be as small as possible.
Second, to avoid redundancy there should only be a single degree-1 check node at each iteration or
round of the decoder. Thirdly, variable nodes should be added to the ripple at the same rate as they
are processed. Luby’s first proposition for a suitable degree distribution was aptly named the Ideal
Soliton Distribution (ISD) of Eq. (5.2) and Fig. 5.3, where he used the equivalent notation ρ ( x ) :

 1K

Ω( x ) = ρ ( x ) =  1
 x ( x − 1)


for

x=1

for

2≤x≤K

(5.2)

Figure 5.3: The Ideal Soliton Distribution, ρ(x).

The expected value of the ISD is E[ ρ ( x )]  ln( K ) , which is optimal [39]. Moreover, the expected
number of degree- 1 check nodes at each iteration of the decoding algorithm is 1 . While this is in
line with the desirable properties mentioned, in practice the ISD works very poorly, since any small
variance about the mean degree makes it likely that a decoder failure will occur or that not all of the
variable nodes will be covered [36]. The addition of two new parameters, c , a constant of order 1 ,
and δ (as previously defined), solve this problem and lead to the Robust Soliton Distribution (RSD)
of Eq. (5.3), Eq. (5.4) and Fig. 5.4.
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Ω( x ) = μ( x ) =



S
τ (x ) = 
K




where:

S
Kx

δ

for

(5.3)

Z

for x = 1, 2,,

S
ln( ) for
0

ρ( x ) + τ ( x )
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K
−1
S

K
S
K
x>
S
x=

(5.4)

and Z normalizes μ(1) to 1.

Figure 5.4: The Robust Soliton Distribution, µ(x).

The expected number of degree- 1 check nodes is now S = c ln( Kδ ) K . From Fig. 5.4, the large spike
at the low degree ensures that there are many low-degree check nodes in the resulting Tanner graph,
i.e., that there is a low density of ones in the graph’s generator matrix GLT . The large spike from

τ ( x ) at

K
S

ensures that occasionally, a check node will have many variable node neighbours, and

thus that all the variable nodes are covered. The important result is that the decoder needs

N = 2 ln( δS )S output symbols to decode with a probability of (1 − δ ) . So, for example, for a message
of length K = 10, 000 , δ = 0.1, c = 0.05 , S  57.56 and N  10, 732 , an overhead of approximately
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7.3% is required to recover the source message.

In [38], the authors find lower and upper bounds for c as:

1
1 K
K
≤c ≤
K
2 ln( δK )
K − 1 ln( δ )

(5.5)

In that work, the effect of c on the performance of the code is analysed and it is found that the best
decoding performance is achieved for values close to the lower bound. δ should be selected as a
trade-off between the sparsity of the generator matrix and the required failure probability. Larger δ
yield sparser matrices, but increase the probability of decoder failure.

1-to-1 decoding
Actual decoding

Figure 5.5: Avalanche decoding characteristic for K=1000 using LT code (c = 0.01, δ=0.5).

LT codes normally exhibit a decoding characteristic as shown in Fig. 5.5, which shows 5
simulated decodings of an LT code with a 1-to-1 decoding curve shown as a reference. At first, not
many input symbols are decoded until a critical point is reached, at which avalanche decoding begins.
Given a reliable decoding algorithm, an LT code's decoding graph has cK log( K ) edges. Since the
number of edges in the graph is directly proportional to the decoding complexity, a solution that
reduces this number is desirable. This solution was provided with the invention of Raptor codes [37].
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5.2.2 Raptor Codes
Since their invention, Raptor codes have attracted a great deal of interest in academia and
industry. In academia, the studies involving Raptor codes can be broadly classified into two
categories; those conducted at the physical layer and those at the application layer.
More recently, Raptor codes have been studied as physical layer FEC codes where the
evaluation metric of interest is usually their BER performance as a function of overhead or SNR.
Some examples of recent studies include the Binary Symmetric Channel (BSC) [40], noisy channels
such as the AWGN [41],[42] and fading channels [43],[44],[4]. On these channels, an iterative BP
decoder is typically used to decode. In [44] it was found that the Raptor code can, in fact, correct
errors, but at a cost of increased bandwidth as the SNR decreases, while the LT code, on the other
hand, exhibits an error floor. The study of Raptor codes on symmetric channels in [40] showed that
the degree distributions of the code can be optimized only to suit a given channel because the
distribution varies with channel conditions.
Raptor codes, however, were originally designed for the BEC where a universal degree
distribution (the RSD) exists, which provides capacity-achieving performance for any prescribed loss
probability p . At the encoder, each output symbol is generated using O(log(1/ ς )) operations and the
K source symbols are recovered at the decoder with O( K log(1/ ς )) operations. This is a relatively
low complexity compared to the iterative BP decoding required over non-BEC channels, where the
processing may be energy-prohibitive on mobile devices with limited battery capacity. These
important properties, coupled with the desire to reuse existing network infrastructure, have led
standardization committees such as DVB and 3GPP to standardize Raptor codes as application layer
FEC codes instead of as physical layer FEC codes, recognizing Raptor codes as the most powerful
FEC option for their applications.

5.2.2.1

Non-Systematic Raptor Codes

Raptor codes were introduced by Shokrollahi in 2001 [37] as an extension to LT codes. A
Raptor code with parameters ( K , C ,Ω( x )) is an LT code with an ( n, K ) linear code C as a pre-code
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(outer code) and a distribution Ω( x ) on n input symbols that are the coordinates of codewords of
C . The pre-code is described by an n x K generator matrix G . The key idea of Raptor coding is to

relax the condition that all of the source symbols need to be recovered. Thus, a weakened LT (wLT)
code is only required to recover a constant fraction of the source symbols and its decoding graph
need only have K edges, allowing for a linear decoding cost. The remaining unrecovered source
symbols can be recovered by serially concatenating a erasure-correcting block code with the wLT
code. In Fig. 5.6, n input symbols are obtained by first pre-coding the K source symbols with the
( n, K ) block code. Next, the wLT inner code produces a potentially infinite ( N shown) stream of
output symbols z j .

Figure 5.6: General decoding graph of a non-systematic Raptor code.

The decoder collects N > K of these output symbols and the wLT decoder runs the BP
algorithm on the decoding graph, recovering f wLT = 1 − e −Ω input symbols. Then the pre-code
decoder recovers all K source symbols from this f wLT fraction. To weaken the LT code, the RSD is
truncated such that its maximum degree is a low value, in this case, Ω = 3 . The decoding
characteristic produced from the first stage of decoding then looks similar to Fig. 5.7, which shows 5
simulated decodings of a wLT code. In this case, avalanche decoding does not happen and instead
the curves rise more gradually. Also, the curves do not reach the horizontal dotted line ( 100 %
decoding success) until ε is very large, as expected by design.
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1-to-1 decoding
Actual decoding

Figure 5.7: Decoding of K=1052 input symbol message using wLT code (c = 0.0037, δ = 0.2).

The performance parameters overhead ς and decoding cost apply directly to Raptor codes.
However, the encoding cost of a Raptor code is the sum of the encoding cost of the pre-code divided
by K , and the encoding cost of the wLT code. Raptor codes also require storage for input symbols,
so memory consumption is another important performance parameter.
The selection of an appropriate pre-code is important. In the simplest case, if no pre-code is
used, the Raptor code degenerates to an LT code, which has an intricately-designed Ω( x ) . At the
other extreme, if a very sophisticated pre-code is used with a very simple (e.g. uniform) Ω( x ) , what
results is known as a Pre-Code Only (PCO) Raptor code. In the literature, the pre-code is usually
systematic, meaning that the original source symbols appear at the output of the pre-coder, i.e. the
input symbols are y = [ x 1 , x 2 , , x K , y1 , y 2 , , y n − K ] , where [ y1 , y 2 ,, yn −K ] are parity symbols.
Furthermore, it is common that an irregular Low-Density Parity Check (LDPC) code (specified by a
parity-check matrix H ) or multiple serially-concatenated codes are used as the pre-code. In the DVBH/IPDC standard, the pre-code consists of a serial concatenation of an LDPC code and a Half code,
both of which have almost-regular (constant number of ones per column and row) generator
matrices, as described in the next section.
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Systematic Standardized Raptor Codes

Many applications require a systematic version of the FEC code being used, where the source
symbols precede a number of repair symbols. This allows terminals not capable of exploiting
redundancy packets to still participate in a session by only using packets containing original source
data. A systematic Raptor code is different from its non-systematic counterpart in Sec. 5.2.2.1,
because of the following two properties:
•

Systematicness: Source symbols are present within the transmitted output symbols, z .

•

Uniformity: ∀ 0 ≤ υ ≤ K , all source symbols can be recovered from any set of υ source

symbols and any set of ( N − υ ) repair symbols, with high probability.
Due to the significant difference in the statistics of the source symbols and those of the
repair symbols, the two types of symbols cannot simply be transmitted successively one after the
other, because doing so would cause the Raptor code to fail miserably [1]. In [37], a method is
provided to make the source symbols indistinguishable from the repair symbols, such that it does not
matter which of the received symbols are source and which are repair symbols.
In Fig. 5.8 we show a conceptual schematic of the entire encoding process. The systematic
Raptor code is a concatenation of several different codes. The innermost code is an LT code, which
provides the rateless property of the overall code. The LT encoder in combination with a systematic
pre-code forms the non-systematic Raptor encoder, and finally a transformation on the source
symbols provides the systematic property of the overall code.
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Figure 5.8: Conceptual schematic of systematic Raptor encoder.

We now make two assumptions and introduce some matrix notation. First, assume that the
Raptor code has a reliable decoding algorithm of overhead ς . Second, the pre-code C is systematic
and has an n x K generator matrix G = [ I K G p ]T , where I K is a KxK identity sub-matrix and G p is
an ( n − K )xK sub-matrix corresponding to the parity information in a pre-code codeword. Each
output symbol is obtained by sampling independently from Ω( x ) in the LT encoder to obtain a row
vector v in 2n and the value of the output symbol is calculated as the scalar product of pre-coded
intermediate symbol (PIS) vector u with v , i.e. z j = v ⋅ u T . For a given set N of output symbols,
there is an N x n matrix V(Nxn) for which the rows are the vectors corresponding to output symbols.
The overall encoding process is then:
V ⋅G ⋅ xT = zT

(5.6)

Note that we have used V=GLT'=GTLT, where GLT is as in Sec. 5.2.1, for notational simplicity.
The systematic Raptor code is encoded using the following three steps [1]. For each step, we provide
both Tanner graph and matrix interpretations of the operation(s) performed.
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Step 1 (offline pre-processing)

Tanner graph interpretation:
Start with a non-systematic Raptor code, and generate K output symbols. Run the decoding
scheduling algorithm to see whether it is possible to decode the input symbols using the
generated output symbols. If so, proceed to step 2 else repeat step 1.

Figure 5.9: Systematic Raptor encoding Step 1 (offline pre-processing) Tanner graph interpretation.

Matrix interpretation:
a)

Sample Ω( x ) K (1 + ς ) times to obtain rows {v 1 , , v K (1+ς ) } of matrix V .

b)

Calculate T = V ⋅ G . Using Gaussian elimination, find rank( T ) .
If rank( T ) < K : output an error flag and repeat step 1
If rank(T) = K: find a sub-matrix R of T consisting of K rows {i 1 ,, i K } (the
systematic positions) and compute R −1 .

Step 1 is the most difficult encoding step, because K output symbols which are decodable
with zero overhead (i.e. matrix R ) need to be found. Different methods can accomplish this, but the
resulting output symbols have different error probabilities and decoder complexities. These
computations are usually done offline at the broadcast server (the BS) and the best set of output
symbols are kept for repeated use. The standardized Raptor code in [45] provides an efficient method
to do step 1 for a wide range of K values using a 16 -bit Encoded Symbol ID (ESI) and a procedure
to reproduce the K output symbols from this integer.
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Tanner graph interpretation:
Associate the source symbols with the K output symbols generated in step 1 and decode
them to obtain a set of K intermediate symbols. Apply the pre-code C to these symbols to
obtain n pre-coded intermediate symbols.

Figure 5.10: Systematic Raptor encoding Step 2 Tanner graph interpretation.

Matrix interpretation:
a)

Compute y = [ y1 , , y K ] , given by y T = R −1 ⋅ x T

b)

Encode y using G of pre-code C to obtain PISs u = {uω }ω =1 = [ u1 , , u n ] = [ y u p ] ,
n

where u T = G ⋅ y T , u p represents the parity (non-systematic) part of u , and the index

ω is the pre-coded intermediate symbol ID (PSI).
c)

Calculate z i := v i ⋅ u for 1 ≤ i ≤ K (1 + ς )
T

Step 3

Tanner graph interpretation:
The repair symbols are then created from the PISs of step 2 using LT encoding.
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Figure 5.11: Systematic Raptor encoding Step 3 Tanner graph interpretation.

Matrix interpretation:
a)

Generate z K (1+ς )+1 , z K (1+ς )+ 2 , using the LT code with parameters ( K , Ω( x )) on u .

Decoding the Raptor code is equivalent to solving the system in Eq. (5.6) for x , and is done
in two steps:
1. Decode the output symbols using LT decoding to obtain the PISs {u1 ,..., un } , then extract

{ y1 ,..., y K } . If {u1 ,..., un } cannot be recovered, a decoding error has occurred.
2. Calculate x T = R ⋅ y T
Raptor codes can be either decoded using a linear-time but sub-optimal BP algorithm, or
using a Maximum Likelihood (ML) Gaussian elimination algorithm. For finite message lengths, the
ML algorithm significantly outperforms BP and it is likely for this reason that the DVB-H and 3GPP
standards chose an ML algorithm.
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Sample values:

K = 1000
s = 59
h = 13
K = 2000
s = 89
h = 14
K = 8192
s = 211
h = 16

__
Figure 5.12: Code constraint processor matrix, A.

Raptor codes in the DVB-H standard were designed such that once the PISs u are found,
the source symbols x can be computed very efficiently. The standard’s recommended algorithm is
premised on the concept of a code-constraint matrix A . A is not a generator matrix but rather
provides a set of constraints for both the pre-coding and inner LT coding steps and is shown in Fig.
5.12, where n = K + s + h . The calculation of s and h and definition of sub-matrix Z are described
fully in [46], however we provide some sample values in the figure. GLT ' grows row-by-row as
encoded output symbols are collected at the receiver. After receiving r output symbols with unique
T

ESIs j , the code-constraint matrix can be written as A( j 1 , j 2 ,, j r ) ⋅ u = [ z 1 , z 2 ,, z r ]T . Once
T

rank( A ) = n , u can be fully recovered. The decoding algorithm, which is comprised of 4 stages, and
can be implemented in real-time even with limited computing capability for 4 ≤ K ≤ 8,192 .
Furthermore, an improved ML decoding scheme over the BEC was presented in [46] which runs 10
times faster than the DVB-H decoding algorithm. It was found in [1] that the average reception
coding inefficiency for the standardized code decreases with increasing K as ε ( K )  ( 2 K ) ⋅ 100% .
Finally, during encoding and decoding, only slightly more memory is required than the file size, K .

CHAPTER 5. APPLICATION LAYER CODING BACKGROUND

5.3

129

Network Coding
Network coding (NC) is a technique that was first proposed in [47] which allows a relay

terminal to combine a number of incoming packets into one or several outgoing packets. This
technique is different from those used amplify-and-forward (AF) relays or decode and forward (DF)
relays. Rather, network coding can be thought of as a form of information spreading [48]. In this
section, we introduce the two main classes of network coding and evaluate their applicability in
cooperative protocols with the transmission schedule of Fig. 4.1.

5.3.1 Linear Network Coding over Lossless Channels
Consider an original packet m of size M bits, consisting of U ∈  + symbols v of size V
bits each over V − extended GF(2), 2V (not to be confused with the notation used in Sec. 5.2.2.2).
With linear network coding, outgoing NC packets are linear combinations of U original packets

{m c }c =1 = {m1 , m 2 ,, mU } , where addition is performed over
U

2V . The original packets may come

from one or more source terminals. A sequence of coefficients s d = [ s 1 , s 2 ,, sU ] , known as a local
encoding vector, dictates which original packets are to be bitwise added together to produce a
network-coded packet w d =



U

s m c , where s d ,c is the c − th coordinate of the vector s d . We

c =1 d , c

assume that the encoding vector is sent along with w d as side information in its packet header, and
that the overhead introduced in doing so is negligible for large packets. The encoding vector s d is
used by recipient terminals to decode the data in a NC packet. Note that new NC packets w e can also
be constructed recursively from existing NC packets.

5.3.1.1

Intra-Session Network Coding
Consider the case of multicast ( Dserv ,het = 0 ) illustrated using the famous butterfly topology in

Fig. 5.13. Destination terminals D1 and D 2 desire both packets m1 and m 2 from a single service S .
Without NC, in the first time slot intermediate relay I 1 receives m1 and m 2 , D1 receives m1 and
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D 2 receives m 2 . In the second time slot, I 1 transmits m1 to D1 and D 2 , and in the third time slot
it transmits m 2 . Define the throughput of a network as:

ξ=

Number of packets successfully received at destination terminal(s)
Total number of packets transmitted from source +intermediate terminal(s)

(5.7)

Then the throughput of the butterfly network without NC is ξnetnoNC = 4 / 4 = 1 . With NC, in
the first time slot I 1 receives packets m1 and m 2 , D1 receives m1 and D 2 receives m 2 (the
"antidote" packets), as seen before. In the second time slot, I 1 transmits network-coded packet

w = m1 ⊕ m 2 (the "poison" packet) to D1 and D 2 . Since both D1 and D 2 possess the antidote
packet, they are able to decode w , i.e. remedy the poison. The throughput with NC is thus

ξnetNC = 4 3 and the NC gain in this scenario is ξnetNC, gain = ξ netNC − ξ netnoNC = 0.33 . Without NC,
2
ξnetnoNC
( N + N ) and becomes ξnetNC, M = N 2 ( N + 1) when NC is used.
,M = N

SRC1

SRC2

Figure 5.13: Network coding butterfly topology.
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We define the throughput-to-energy ratio as:

Ψ=

ξcyc
Ecyc

(5.8)

where ξcyc is the total throughput achieved during a cooperative time period t cyccoop and Ecyc is the
energy expended by all terminals within a piconet during the same time period. Thus, Ψ is
the average energy consumed per unit of information received among piconet MTs.
NC applied in a multicast scenario is referred to as intra-session network coding because
there is a single session between the source terminal(s) and all destination terminals Dj . It can be
shown that intra-session NC can increase the total piconet throughput under the transmission
schedule of Fig. 4.1. However, the extra CL reception energy required to do so leads to a poorer Ψ ,
compared to no use of NC. Furthermore, system capacity is also reduced.

5.3.1.2

Inter-Session Network Coding

Consider now the case of multiple unicast transmission, where each destination terminal Dj
is tuned into a different service (ES) Sj from its neighbours ( Dserv ,het = 1 ) and N sessions exist.
Clearly, the multicast transmission of Sec. 5.3.1.1 is just a special case of multiple unicast
transmission. In the literature, NC applied to packets from different sessions is known as inter-session
network coding.
Fig. 5.14 illustrates a generalization of the butterfly network topology in Fig. 5.13. Each Di
desires the service offered by its corresponding source terminal. Each source terminal is connected
to intermediate terminal I 1 , and I 1 is connected to another intermediate node I 2 . I 1 and I 2 have
been drawn separately for illustrative purposes but are one and the same. Each source terminal is also
connected to all destination terminals Dj except Di . All Dj are connected to I 2 and all source
terminals except Sj . During the first time slot, all Dj receive packets {m 1 , m 2 , , m N \ m j } and I 1
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combines all of the incoming packets to produce w = m 1 ⊕ m 2 ⊕  ⊕ m N . In the second time slot, all
Dj receive w and decode it, obtaining the full set of original symbols.

SRC1

SRC2

SRC(N-1)

SRCN

___
Figure 5.14: Network coding generalized butterfly topology.

Without NC, i.e. with routing only, I 1 is a bottleneck that can only store the N incoming
packets from the source terminals and forward them one at a time to I 2 . The total throughput of all
N sessions is bounded by ξnetnoNC
, MU = N ( N + N ) = 1 2 since if the single I 1 − I 2 link is removed,

every source-destination session in the network is disconnected. Although all destination terminals
receive the ( N − 1) packets transmitted over the source-destination links in the first time slot, these
received packets are useless to the destinations on their own. However, when NC is used, the
throughput is ξnetNC, MU = N ( N + 1) as in Fig. 5.15.
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MU
MU
MU

Figure 5.15: Throughput of generalized butterfly network for multiple unicasts.

Optimal (or even very good) inter-session network coding is a very difficult problem. It is
known from [49] that linear codes are insufficient for optimal inter-session network coding, and even
under the restriction of linear codes, determining the best way to do NC is a nondeterministic
polynomial (NP) hard problem [50]. In fact, only a few methods of finding non-trivial inter-session
coding solutions exist. Two sub-optimal, yet practical methods were presented in [51] based on linear
optimization, however these methods are not well-suited to our time-sliced transmission schedule.

5.3.2 Raptor-Network Coding over Lossy Channels
In noiseless channels, the use of NC always improves the throughput of a network [52].
When considering a lossy channel, however, NC may actually decrease the throughput of a network.
For example, in Fig. 5.13 if packet m1 is lost over the SRC 1 − D1 link, then D1 does not receive m1
and is not able to decode m 2 either, resulting in ξ netNC, M ,lossy = 2 / 3 = 0.67 . For this reason, it would
seem that network coding in combination with Raptor coding, the latter of which can provide
resiliency toward channel erasures, would form a natural synergy.
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Before combining Raptor and network coding, it is important to understand their
differences. An erasure code such as a Raptor code is an end-to-end code. It is applied by the source
terminal and introduces a degree of redundancy to the packets so that the message can be recovered
even if only a subset of the packets sent by the source are received by the destination. Network
coding, however, is applied at intermediate terminals, where packets coming from different sources
are combined to improve throughput or reduce energy consumption at the intermediate terminal, as
compared to simply routing the received packets.

5.4

Chapter Summary
In this chapter, the background and motivation required to fully understand the energy-

efficient cooperative protocols developed for DVB-H/IPDC in Chapter 6 were presented. These
protocols are enabled by application layer Raptor coding in the multicast case, and the combination
of Raptor and network coding in the case of multiple unicasts.

Chapter 6 AL-FEC/NC

Enabled

Cooperative Protocols for File Download
AL-FEC/NC Enabled Cooperative
Services for File Download Services
Protocols
A DVB-IPDC system is designed to transport different types of content such as audio,
video, text, pictures, and binary files. The content delivery services offered in DVB-IPDC can be
broadly classified as either file delivery or streaming services. In previous chapters, we constructed a
robust simulation framework that extends the DVB-H/IPDC standards to incorporate terminal-toterminal ad-hoc cooperation. In this chapter, we develop breakthrough coding-enabled protocols for
file download applications whose designs are guided by the high-level network requirements in Sec. 1.1,
and evaluate them in this realistic simulation framework.
In a scheduled broadcast service, files are distributed once every session and all interested
MTs join the session at the beginning. Here, user perception of a file download is considered to be
essentially binary and a user is either satisfied when the file is recovered or unsatisfied if the file cannot
be recovered. In our work, however, we are concerned with terminal energy expenditure and thus the
evaluation metric adopted is the average difference in terminal energy consumption to recover the file
of interest with and without cooperation. Acquisition time is not as important because it is assumed
that the information is not very time sensitive. A maximum session time must be imposed, however,
to evaluate the percentage of satisfied users. Therefore, we set the evaluation time equal to the
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simulation time, which is determined by the number of BS time-sliced bursts sent, i.e. the size of the
file being broadcast
This type of distribution is applicable in a number of different scenarios. On a subscription
basis, one example could be the distribution of an electronic copy of a newspaper. The newspaper is
downloaded to all subscribers’ handsets every morning at the same time. Similarly, other content such
as road map updates for traffic information services could be downloaded periodically. The
download could also be an "on-demand" one. For example, consider a number of users autoupdating a software application which all users currently have installed. The broadcast is made to all
terminals at the same time, and the update may even be installed without user's knowledge.
Alternatively, a user may have access to a sort of electronic store, have a preview of the last audio
album from his or her preferred singer, see a movie trailer, or read some paragraphs of the latest
popular book and decide whether to purchase the corresponding data file. The server indicates the
time at which the file will be downloaded to the handsets of all the users that have ordered it.
In the following sections, we present two different coding-enabled protocols for file
download services, specifically designed for different service request scenarios — the case of
multicast, and the case of multiple unicasts. Combined, it is believed that these two special cases
account for the vast majority of practical service request situations that would take place in a piconet.
For widely-desired services, multicast is a good distribution model and, for all other situations,
multiple unicasts make sense since a burst can carry up to 50 services (Sec. 3.2.5) and we consider
16 . Furthermore, these protocols exploit the differences between transmitted and received RF/BB
power consumption on the CL and SRL interfaces. In what follows, we regard the BS as having an
infinite amount of energy available and we are only concerned with minimizing energy consumed by
MTs in the cooperative broadcast network.
The outline of this chapter is as follows. In Sec. 6.1, we discuss different related works. In
Sec. 6.2, we overview the relevant DVB-IPDC associated delivery procedures. In Sec. 6.3, we
complete our two parameter profiles with several additional parameter selections. In Sec. 6.4, we
describe and analyse our cooperative protocol for multicast distribution from reliability and energy
consumption perspectives. In Sec. 6.5, we do the same for our second protocol designed for the case
of multiple unicast distribution.
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Related Work
Due to the breadth of our work, there are several papers that touch upon isolated aspects of

our study in different ways. We now briefly outline some of the most relevant ones.
In the Raptor code literature addressing the non-cooperative efficient multicasting of files to a
number of terminals, there are several notable works. In [53] and [54], the authors examined reliable
file delivery in 3GPP MBMS broadcast networks. The system model used in the former is close to
ours in its realism, whereas that used in the latter is very simplistic. In [55] and [56] the trade-off
between link layer and application layer FEC is evaluated in DVB-H systems, while in [57], the
coding gain of the Raptor code is evaluated for various receiver speeds. In [58], the terminal energy
consumption required to receive Raptor-encoded data is compared to that required with no AL-FEC
(via data carousel BS transmission).
At the time of publication, an independently-developed algorithm for improving the
intermediate decoding performance of Raptor codes, similar to ours Sec. 6.4.1, has just surfaced in
[70]. The combination of Raptor and network coding was also examined in [59], where the authors
derive analytical throughput expressions as a function of channel erasure rate. However, it is assumed
that NC is done prior to Raptor encoding which will be shown in Sec. 6.5 to not be feasible in our
multiple unicast protocol, where Raptor encoding is done before NC. In [60], the authors compare
packet recovery and overhead performances of random linear coding and NC as functions of node
density, mobility and loss probability in ad-hoc networks.
In [61], a cooperative multicast scheduling scheme is presented for IEEE 802.16 networks
using two-phase cooperative transmissions to exploit spatial diversity gains, and in [62] a cooperative
peer-to-peer repair scheme is presented for IEEE 802.11. Relevant examples of literature involving
Raptor-coded cooperative multicast can also be found in [63] and [64]. In [65], the authors consider
Raptor recoding at peer nodes only when the entire file can be decoded, which introduces undesirably
large delays that limit its usefulness in real systems.
The topic of service heterogeneity among receiving terminals is ignored in all of the
aforementioned works, and furthermore, the exploitation of low-power SRLs over CLs (radio
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interface diversity) does not factor into any of the previous works' schemes. To the best of our
knowledge, no studies have yet focused on the implications of AL-FEC and NC for cooperative
protocols in DVB-H, and no provisions have yet been made to the DVB-H family of standards to
incorporate cooperation.

6.2

Associated Delivery Procedures

6.2.1 FLUTE Protocol
As shown in the protocol stack of Fig. 1.2, file delivery in a DVB-IPDC broadcast session is
accomplished using the File deLivery over Unidirectional Transport (FLUTE) protocol, which is built
on top of the Asynchronous Layered Coding (ALC) protocol. In this protocol, the file or "transport
object" is partitioned into one or more source blocks, as shown in Fig. 6.1, each with a maximum size
of 32 Mb so as not to overload the processing capabilities of the terminals [45]. Each source block
consists of K source symbols and is identified by a Source Block Number (SBN). Each source block
is then encoded using the standardized Raptor code independently of the other blocks. Each resulting
encoded symbol (a source symbol or a repair symbol) is assigned a unique ESI to identify the symbol
and its type. We assume that the standardized Raptor code under consideration is a strictly systematic
one, such that if the ESI is less than K , the symbol is a source symbol, otherwise, it is a repair
symbol. One or more encoded symbols of the same type, with consecutive ESIs, are then grouped
into an encoded FLUTE packet payload. The ESI of the first source or repair symbol in an encoded
packet is stored in its header, along with the SBN. FLUTE packets are encapsulated in UDP
datagrams and distributed over the IPDC broadcast bearer.
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Figure 6.1: Construction of FLUTE packets from file.

During a file delivery session, the BS transmits a fixed amount of redundancy after the source
symbols have been transmitted. The number of repair symbols generated by the BS is based on a
combination of the anticipated network conditions, (i.e. on the estimate of the worst CL burst loss rate
in the cell), the service characteristics, and the target users, however no specific algorithm is provided
in the Implementation Guidelines [45] for determining the number of such repair symbols that would
be generated in different circumstances. We make the important distinction here between this predetermined, fixed redundancy and the reception overhead ς discussed in Sec. 5.2, which is a
property of the Raptor code. Furthermore, we distinguish this BS-determined excess quantity from
the channel-determined quantity ε by denoting it ε ' . In our work, we assume the ε ' presented in
Table 6.1. Note that this selection significantly exceeds the average reception overhead of the
systematic standardized Raptor code for the file size considered in our work.
Number of repair
symbols generated, ε '

ceil (0.05 * K )

Description
5% of source symbols

Table 6.1: Fixed redundancy amount generated by the BS for file delivery sessions.

Receivers collect FLUTE packets containing encoded symbols, and with the information
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available in the packet header, the structure of the file can be recovered. Once enough encoded
symbols have been received, the Raptor decoder attempts to recover the source file from the received
encoded symbols. Due to the heterogeneous receiving conditions in a broadcast session, both the
number and the set of received encoding symbols differs among different receivers. If all source
blocks belonging to the file are recovered, the entire file is recovered and is stored on the terminal. It
can then be consumed immediately or at a later time. If, on the other hand, file recovery fails,
traditional DVB-H/IPDC systems invoke a post-delivery repair phase whereby terminals receive their
missing symbols from the BS over the CL. Each protocol developed in the following sections,
however, can be thought of as integrating this file repair session within the file delivery session itself,
effectively reducing the content reconciliation delay and energy costs present in current DVB-IPDC
systems.

6.3

Parameter Profile Extension IV: File Download Services
For simplicity, our investigation considers the case of distributing a single file to all mobile

terminals in the cell. We make the assumption that the file being transmitted is small enough to be
decoded in the working memory of a terminal from either class under consideration, such that only
one source block contains the entire file information of the file. Hence, the file itself is made up of K
source symbols. Table 6.2 contains the transport object parameters used in our experiments.

File size (KB)

526

Symbols per

Symbol size,

Packet size,

Symbols

Source

packet, G

s sym (bytes)

G x s sym (bytes)

in file, K

blocks

1

512

512

1,052

1

Table 6.2: Selected transport object parameters.

Using the parameters in Table 3.4 and Table 6.2, for a 526 KB file download, 36 bursts of
approximately N ES ,burst , syms = 31 symbols each are required for an ideal error-free file download. We
focus only on the initial delivery session and ignore the post-delivery repair session to simplify the
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analysis. For a thorough treatment of post-delivery repair mechanism in current DVB-H/IPDC
systems, as well as some comparisons of the associated costs of different file repair strategies to the
network operator, the interested reader is referred to [66]. As will be shown in Sec. 6.4.3.2, for
traditional non-cooperative DVB-H/IPDC systems, the existence of this repair session is absolutely
essential to ensure reliability in most cases. From an energy-consumption perspective, however, such
a session is very undesirable because it implies, in the worst case, as many additional CL link
receptions by a terminal from the BS as were originally transmitted in the delivery session. We note
that our work could be alternatively extended to include a peer-to-peer post-delivery repair session
over short range links instead of the typical implementation over CLs between each MT and the BS.

6.4

Cooperative Strategy 1 - Multicast
In this section, we describe a cooperative protocol based only on Raptor coding that is

applicable to multicast file distribution, where each terminal within the cell, and thus within each
piconet, is tuned into the same service being broadcast by the BS.
In Sec. 4.1, we illustrated the major drawback of protocol CS0, whereby the BS-tonocoop
intermediate terminal link each t CL
, cyc time period constitutes the "weakest link" because a CL burst

loss is necessarily propagated to all neighbouring terminals in the piconet, multiplying the loss by
N neigh times. In this section, we develop a cooperative protocol where an intermediate terminal
generates on-the-fly repair symbols upon experiencing a CL burst loss. Consider the transmission
nocoop
timing diagram of Fig. 6.2. We observe that in the third t CL
, cyc time period, terminal T 3 is unable to

properly decode the source symbol burst S 2,3 from the BS. After experiencing this channel burst loss,
T 3 drops the corrupted data in the third burst. Next, it generates a set of repair symbols r from its

current memory buffer of decoded pre-coded intermediate symbols u by LT encoding some of them
together. Note that we are implicitly assuming that each terminal uses a greedy Raptor decoder. T 3
then transmits a burst R2,1 consisting of the generated repair symbols, over the SRL to its
neighbours. In this manner, the causative loss relationship inherent to CS0 is eliminated. The
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uniformity property of the systematic Raptor code is also exploited to increase the symbol diversity in
the network and to provide symbols that are useful to all piconet neighbours and advance decoding
of their blocks.
Between time t 0 = 0 sec and the time of the first channel burst loss in the cell, t CL ,burst ,loss sec,
the BS broadcasts a total of q ≤ N symbols. The partial set of output symbols transmitted by the BS
is then z partial = {z 1 , z 2 , , z q } and all terminals Ti within the cell collect subsets of z partial , denoted

z partial ,Ti . The sets z partial ,Ti differ in both size and contents due to the heterogeneous reception
conditions over the CL and SRLs. Let z partial be LT-decodable to a partial

set

of

PISs

u partial = {u1 , u 2 , , u a } , where a ≤ n . Then, every cooperative terminal possesses a subset of u partial ,
u partial ,Ti corresponding to the decoded z i in its z partial ,Ti . Upon experiencing a CL burst loss, an
intermediate terminal will draw upon its set u partial ,Ti to generate a repair burst, and subsequently
forward the burst over the SRL to its neighbours. For this on-the-fly recoding protocol to work in
practice, we first provide solutions to two related problems which we call the symbol availability
problem and the symbol sampling distortion problem.
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Figure 6.2: CS1-M timing diagram.
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6.4.1 The Symbol Availability Problem
The RSD used in the systematic standardized Raptor code, μstd ( x ) , is a rough approximation
to the RSD presented in Fig. 5.4, consisting of only 7 non-zero degrees, i , and is shown in Fig. 6.3.
The figure was generated by implementing the degree generator module specified in [45]. The
decoding characteristic for the standardized LT code is shown in Fig. 6.4 for u = 1, 072 symbols
(averaged over 100 iterations). Three repair symbol amounts are also shown in the figure. The
decoding characteristic follows the avalanche behaviour discussed in Sec. 5.2.1, whereby very few
input symbols are decoded until a critical number of received output symbols is reached, at which
point nearly all of the input symbols are recovered. The rank of the LT generator matrix GLT is also
shown and increases almost linearly with the number of received output symbols. This decoding
behaviour poses a serious challenge to our proposed protocol because it implies that very few
decoded PISs would be available in a terminal’s buffer for recoding until the entire file has already
been transmitted.

Figure 6.3: RSD of the systematic standardized Raptor code, µstd(x).
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Figure 6.4: Decoding characteristic of standardized Raptor inner LT code over lossless channel.

To solve the symbol availability problem, we introduce a simple pre-processing step at the
BS which takes place prior to transmission of the output symbols. Our algorithm results from two
important observations, as discussed next.
First, we observe that Raptor encoding in the DVB-IPDC standard is not performed in a
rateless way, nor is it performed in an on-the-fly manner, two properties that are assumed in most
theoretical discussions. Instead, the fixed number of repair symbols ε ' is computed prior to the start
of the file delivery session according to the BS’s estimate of the worst CL channel, as discussed in
Sec. 6.2.1. This is logical from a practical perspective, because the few terminals experiencing high
burst loss rates could otherwise cause an excessively long file delivery session, whereby the BS’s
resources are not being used in an efficient manner.
Second, we note that the steep decoding characteristic in Fig. 6.4 is primarily due to the fact
that symbols are transmitted in a random order to satisfy the on-the-fly property of theoretical Raptor
codes. This means that many output symbol encoding dependencies accumulate over the session and
are not satisfied until most of the encoded symbols have been received. As a result, the inner LT
code of the systematic Raptor code exhibits very poor intermediate decoding performance.
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or GLT ''

ϒ

δ pre_proc

Figure 6.5: Conceptual diagram of a systematic Raptor code with pre-scrambling and pre-proc. steps

To improve the intermediate performance of the code, we introduce a pre-processing step
that occurs after all N = K + ε ' Raptor encoded symbols corresponding to a particular file have been
generated at the BS, but prior to transmission of those symbols over the channel, as shown in Fig. 6.5.
After the encoding process is complete, an nxN generator matrix GLT exists. Our algorithm
performs an intelligent re-ordering of the output symbol transmission sequence such that the degrees
of encoded output symbols can be reduced in an efficient way, leading to greatly improved interim
performance. The algorithm is presented in Fig. 6.6.
Steps 1 − 13 of the algorithm are similar to performing LT decoding at the BS before the
output symbols are transmitted. From these steps, an output symbol transmission sequence list ϒ is
produced. ϒ represents the ESI order in which output symbols should be transmitted by the BS for
optimal intermediate decodability by an MT, allowing successive columns of the modified LT
generator matrix GLT '' to be efficiently decoded as they are received. In contrast, sequential ESI
transmission is used currently in DVB-H/IPDC systems. Pre-processing can be enabled ( δ pre_proc = 1 )
or disabled ( δ pre_proc = 0 ) in Fig. 6.5, but is required in our work.
Steps 14 − 15 are optional steps that describe how the PISs u should be pre-scrambled
(permuted) prior to being LT encoded if the system operator desires that the uω are decoded from

GLT '' in consecutive PSI order (i.e. ω = 1, 2, 3, 4,...,n ) at the receiving terminals instead of in a
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random order. For real-time streaming applications, this sequential PSI property is desirable because
the pre-code used in the standardized Raptor code is a systematic one, and thus faster access to the
source symbols would be possible. Pre-scrambling does not change the structure of GLT nor does it
change the properties of the inner-LT code, but it does change the output symbol sequence z . Also,
it is affected by whether pre-processing is enabled or not. Thus, a required input is ϒ , which is fed
back from the pre-processing module. Pre-scrambling is enabled or disabled using δ scramble in Fig. 6.5.

Figure 6.6: Output symbol transmission pre-processing algorithm.
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δ pre_proc = 1

'

Figure 6.7: Tanner graph interpretation of pre-scrambling and pre-processing algorithms.

Following Sec. 5.2.2.2, Fig. 6.7 shows a partial Tanner graph that results when both prescrambling and pre-processing steps are applied at the BS. Using the algorithm of Fig. 6.6, the
decoding characteristic of the inner LT code is plotted in Fig. 6.8 for u = 1, 072 symbols, and has
been averaged over 100 different GLT '' matrices. Our algorithm clearly exhibits greatly improved
intermediate performance in comparison with the original one shown in Fig. 6.4. Also, the rank of

GLT '' curve is unaffected by our pre-processing algorithm, as expected.
We now discuss the implications of implementing our algorithm at the BS. First, the preprocessing step requires only minimal computation and introduces minimal delay at the BS. In
practice, once ϒ , GLT '' and Δ have been calculated, they are stored in memory at the BS to be reused for other files of the same size K . Thus, the one-time delay is amortized asymptotically to zero
over the BS lifetime. Second, the algorithm is completely backwards-compatible in supporting noncooperative terminals. This is because our algorithm simply re-orders the symbols sent within each
block. Terminals incapable of cooperation will receive the same encoded symbols as they would have
otherwise, only in a different order (unless pre-scrambling is applied). Thus, no negative
consequences occur for these terminals. These desirable properties validate the applicability of our
algorithm to existing DVB-IPDC systems.
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Figure 6.8: Decoding char. of pre-processed inner LT code (uniform sampling, lossless channel).

6.4.2 The Symbol Sampling Distortion Problem
The second problem facing protocol CS1-M is that the Raptor encoding process normally
occurs at the BS, where the entire file is available for encoding, rather than at a terminal where only
partial file information is available. To generate new repair symbols, a degree i must be sampled from
the RSD, followed by a uniformly random selection of i pre-coded intermediate symbols from the
set of all n PISs. The availability of only a fraction of the PISs raises some interesting issues.
First, the maximum sampled degree i max cannot exceed the number of available decoded
PISs. Using the parameters in Sec. 6.3, after only 5 correctly received bursts, 47 decoded PISs are
available on average and the maximum RSD degree, i max = 40 of Fig. 6.3 is exceeded. Since the file
size considered in our work is relatively small, the number of received bursts required to exceed i max
as a fraction of the total number of bursts for error-free download is high and represents a "worst"
case. We thus conclude that the RSD degree-limiting effect is negligible in general and vanishes after
only a few correctly received bursts.
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Second, if recoding of decoded intermediate symbols is performed over the entire partial set
u partial ,Ti at a specific instant in time, a sampling distortion is induced on the full set of PISs u , such that
the lower PSIs are cumulatively more probable than higher PSIs, since they remain in a terminal’s
buffer for a longer period of time. The process of sampling over the current contents of the buffer
in an unrestricted manner is therefore a process that only approximates true LT encoding as
|u partial ,Ti |→ n . Fig. 6.9 illustrates this problem by demonstrating how the selection probability of a
particular PSI evolves as more PSIs are decoded according to the LT decoding characteristic of Fig.
6.8. Fig. 6.10 illustrates the cumulative selection probability of particular PSIs by the time the entire
set u has become available in a terminal’s buffer, assuming no burst losses.

Figure 6.9: Evolution of PSI selection probability as set upartial,Ti grows.
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Figure 6.10: Cumulative selection probability of a particular PSI when |upartial,Ti|= n and |u|=1072.

Several papers exist on the topic of Unequal Error Protection (UEP) using fountain codes,
whereby certain source symbols of a file are considered more important than others, such as [67], [68]
and [69]. UEP strategies aim to protect these more important symbols to a greater degree than the
less important symbols. One way in which this could be achieved is by over-sampling the more
important symbols in u relative to the less important symbols, i.e., by intentionally inducing the
distortion we have discussed. In our work, however, we consider only scenarios where each PIS is
considered to be of equal importance to the QoS satisfaction metric. For file downloads, this is
reasonable because the user satisfaction metric is binary, and hence each symbol of the file is of equal
importance. Therefore, the non-uniform selection property of PISs is considered an undesirable
effect in our work that we wish to minimize.
To visualize the performance degradation resulting from non-uniform sampling, consider
Fig. 6.11, where the decoding characteristic of the inner LT code is shown. The rank of the LT
generator matrix increases sub-linearly, with each new decoded symbol increasing the rank of the
matrix by a lesser amount than the previous ("diminishing returns"). This clearly results from the
disproportionate number of edges in the decoding graph connected to PSIs received earlier in the file
delivery session. Fig. 6.12 shows a comparison of the availability of decoded PISs under both
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___
Figure 6.11: Decoding char. of pre-proc. inner LT code (non-uniform sampling, lossless channel).

uniform and non-uniform sampling, from which it can be seen that significantly fewer symbols are
decoded in the latter case after 28 bursts have been received. It should be noted that without further
modification to the recoding process, the final decoded symbol availability graph of Fig. 6.12 for a
particular terminal would lie somewhere in between the upper performance bound of uniform
selection and the lower bound of non-uniform symbol selection, depending on the ratio of
neighbour-generated repair symbols received to bursts received from the BS.
Consider the progression of a file delivery session. For each received burst 1 ≤ l ≤ l max , a
number of new decoded symbols are added to an MT Ti 's buffer u partial ,Ti . We denote the new
cardinality of u partial ,Ti after each received and decoded burst l as c l . The amount by which the
buffer grows in a particular time period, χ = c l +1 − c l , is determined by the availability curve in
Fig. 6.12. Assuming that we desire sequential PSI decoding ( δ scramble = 1 ) and that there are zero burst
losses, u partial ,Ti evolves in Eq. (6.1) over the course of the session.
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Figure 6.12: Availability of decoded PISs with (non-)uniform sampling for file download.
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Then the probability of sampling a particular PIS in the buffer u partial ,Ti during each time
period can be represented by a PSI probability matrix:
(6.2)
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The matrix Ξ has three sets of constraints which must be satisfied in order for the cumulative
selection probability to be uniform:
1.

p(l , j ) ≥ 0, 1 ≤ l ≤ l max ,1 ≤ j ≤|u |, i.e. each element in the matrix must be non-negative,
u

2.

Ξ

(l , j )

= 1∀ l which states that the sum of each row must equal 1 ,

j =1

l max

3.

Ξ
l =1

( l ,1)

=

l max

Ξ
l =1

( l ,2 )

= =

l max

Ξ
l =1

( l ,|u|−1)

=

l max

Ξ
l =1

( l ,|u|)

=

1
, which states that over the entire file
|u |

delivery session, each PIS must have the same overall selection probability.
The terminal is aware of the current burst number l as well as the total number of bursts l max that
will be transmitted as part of the file delivery session, based on initialization information received at
the start of the session. Furthermore, once an encoded symbol is added to a terminal’s buffer, it
remains there for the duration of the session. To compensate for the sampling distortion problem,
there are two additional requirements imposed on the matrix Ξ :
4. Sampling distortion compensation must be done in a distributed manner across all piconet
neighbours, since each neighbour periodically takes on the role of the intermediate terminal
capable of generating repair bursts; and
5. Incorrect decoding of a CL or SRL burst at a particular terminal results in the zeroing of χ
consecutive columns of that MT’s local PSI probability matrix ΞTi .
The last two requirements in particular make it very difficult to optimally compensate for nonuniform selection without a large amount of communication overhead between neighbours in a
piconet regarding the state of each terminal’s buffer u partial ,Ti , which would be energy-inefficient.
Therefore, we propose a low-complexity and zero-overhead sub-optimal sampling method that is
performed locally at the terminals with the goal of minimizing the global sampling distortion in
generated repair bursts across all of a piconet's neighbours. Our method is based on the following
ideas:
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1. We impose a hard limit on the number of times a particular PIS in a terminal’s buffer
u partial ,Ti can be sampled. We denote this number by ϑl , PSI and keep track of these values
using a matrix Θ with structure similar to Ξ but with ϑ values at each element instead of
PIS selection probabilities, as shown below:
(6.3)

Θ(l max x|u|)

ϑ(1,2 )
 ϑ(1,1)
 ϑ
ϑ( 2,2 )
 ( 2,1)
ϑ( 3,2 )
=  ϑ( 3,1)
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max 



0
0

2. While ϑl , PSI is positive, the corresponding intermediate symbol u PSI is in the selectable
subset of u partial ,Ti and it can be sampled. The size of the selectable subset after burst l has
been received is denoted by ϖ l and 0 ≤ ϖ l ≤ c l .
3. Every time symbol u PSI is sampled, ϑ( l , PSI ) is decremented by 1 and the probability of
selecting the same symbol is decremented by a fixed amount, termed the residual probability.
This probability is then added to all other symbols in the selectable subset.
4. Once a particular ϑ( l , PSI ) = 0 , u PSI is no longer in the selectable subset and its sampling
probability Ξ( l , PSI ) = 0 until the end of the file delivery session.
The complete algorithm is presented in Fig. 6.13.
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Figure 6.13: Sampling distortion compensation algorithm for creation of repair bursts.

From the above algorithm, it can be seen that constraints 1 and 2 are always satisfied.
Constraint 3 is strictly satisfied when ϑ( l , j ) = 1∀ j ∈ [1,|u |] . Here, we always consider the case where

ϑ( l , j ) has the same initial value for all l and j . Different initial values for different ( l , j ) may be
interesting in UEP applications, but such cases are beyond the scope of our work.
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Selecting a value other than ϑ( l , j ) = 1 , relaxes constraint 3 and induces a trade-off between
the uniformity of the posterior sampling pdf and the ability of the algorithm in Fig. 6.13 to create
repair symbols. Fig. 6.14 captures this trade-off, where each point on each of the curves represents
the number of repair symbols that can be generated, averaged over all cardinalities of u partial ,Ti in the
session and, further, averaged over 100 iterations. It is immediately clear that larger values of ϑ( l , j )
allow the algorithm to generate more new repair symbols as compared to smaller values. This can be
explained as follows: upon experiencing a CL burst loss, an intermediate terminal attempts to
generate a full burst of repair symbols. Let N ES ,burst , syms , gen represent the number of repair symbols that
can actually be generated. Using our previous example, N ES ,burst , syms = 31 repair symbols must be
generated for a full burst and each repair symbol will require sampling i times from the selectable
subset of u partial ,Ti . Hence, by allowing a symbol to be sampled more than once, we artificially extend
the size of the selectable subset, at the expense of a controlled amount of sampling distortion. Also
from the figure, it is obvious that for all ϑ( l , j ) , as the CL burst loss probability increases, the
algorithm is able to generate fewer repair symbols since more columns of Ξ and Θ are zeroed. This
reduces the size of the selectable subset. We also introduce parameters Σ and  [0,1], which dictate
the first burst number for which an intermediate MT is allowed to try recoding, and the minimum
fraction of a repair burst that must be filled for SRL transmission.Here, Σ = 1 and  = 1 (100%).
Fig. 6.14 illustrates the resulting posterior cumulative selection pdf of PISs in u
corresponding to the different values of ϑl , j in Fig. 6.14. We note that in Fig. 6.10, which represents
unrestricted sampling, the ratio of the cumulatively most probable PIS to the least probable PIS
was 0.0119 3.0934 x 10-5 = 386.05 . In Fig. 6.14, even the most distorted case where ϑ( l , j ) = 5 , the
same ratio is 0.0052 3.0716x 10-5 = 169.2929 – a worst-case distortion reduction of more than
50% . When ϑ( l , j ) = 1 , the ratio is 0.0025 2.6457x 10-5 = 94.4930 — a reduction of more than 75% .

Finally, Fig. 6.16 shows the decoding characteristics and LT generator matrix ranks that result from
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different ϑ values. As a baseline, the unrestricted non-uniform sampling case is shown, and it can be
seen that the rank curve for ϑ = 5 approaches the unrestricted sampling rank curve, since more
distortion is allowed than lower ϑ values.

Figure 6.14: Repair symbols generated for various ϑ and CL burst loss probabilities (|u| = 1072).

Figure 6.15: Cumulative compensated PIS selection probability for |u| = 1072 and 10% burst loss.
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Figure 6.16: Decoding char. of inner LT code with different sampling methods over lossless channel.

6.4.3 CS1-M Performance
6.4.3.1

The Effect of Pre-Processing on General Lossy Channels

The previous sections discussed decoding performance of the inner LT code of the
systematic Raptor code over a lossless channel. In this section, we isolate and quantify the decoding
performance of the inner LT code over general erasure channels when there is no file repair session
integrated with the file delivery session, as in protocol CS0. Specifically, we show the performance
differences that result from the presence or absence of LT generator matrix pre-processing at the BS,
which is an integral part of protocol CS1. To do this, we examine a metric critical to progressive
output symbol decoding at an MT and to overall decoding success; the decoding ripple lifetime.
From Sec. 5.2.1, it is known that LT decoding continues as long as the size of the decoding ripple is
greater than zero. Therefore, we determine the resiliency of a typical decoding ripple (and hence preprocessed LT generator matrix) to symbol erasures.
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5%

Figure 6.17: Avg. ripple lifetime of LT generator matrix for various erasure channels.

In Fig. 6.17, the average ripple lifetime, i.e. the number of consecutive decoding rounds for
which the ripple has size greater than 0 , is plotted as a function of the number of symbol erasures
experienced over the course of a 526 KB file delivery session with 5% fixed redundancy ( 1,105
output symbols). Two types of erasure patterns are examined; uniformly distributed symbol losses
and consecutive symbol losses. The results were obtained as follows. First, 100 independent LT
generator matrices were produced. Let q represent the total number of symbol erasures applied,
whose value is always a positive integer multiple of the number of symbols delivered per burst, i.e.
N ES ,burst , syms = 31 (Sec. 6.3). To each matrix, erasures were applied by zeroing the respective columns of

GLT . In the case of uniformly distributed erasures, q columns were chosen uniformly at random for
each matrix. In the case of consecutive erasures, uniformly chosen starting columns for
ceil ( q / N ES ,burst , syms ) bursts of size N ES ,burst , syms symbol erasures each were chosen. For each q and test
matrix, the total ripple lifetime was then determined. Each point on the two curves of Fig. 6.17
represents the average over all test matrices of a particular q . Standard deviation curves are also
shown.
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From the figure, it is apparent that for an LT code with no pre-processing, uniformlydistributed symbol erasures lead to slightly better average ripple lifetime than consecutive erasures,
which represent the case where one or more time-sliced bursts are completely lost. Both cases,
though, show the mean ripple lifetime decreasing exponentially as a function of q .
Next, we examined the effect of symbol erasures on a pre-processed LT code, as would be the
case under CS1. The curves in Fig. 6.18 were generated in the same manner as before, with the
exception that the LT generator matrices were pre-processed according to the algorithm of Fig. 6.6
prior to applying the symbol losses. The uniform symbol erasure mean curve does not change
appreciably from that in Fig. 6.17, but there is substantial improvement apparent in the mean ripple
lifetime under consecutive symbol losses with pre-processing. This is due to the fact that consecutive
losses affect large, localized groups or "segments" of columns in the pre-processed LT generator
matrix, whereas uniformly distributed losses negatively degrade columns in a more scattered way
across the entire matrix, leading to poorer overall performance. Therefore, our pre-processing
method has the important added benefit of being more suitable than the standard LT encoding
process for systems where application layer erasures are more likely to appear as bursty in nature, as
in DVB-H.

Figure 6.18: Average ripple lifetime of pre-proc. LT generator matrix for various channels.
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6.4.3.2

CS1-M vs. CS0-M: Decoding Analysis

In this section we isolate and examine the performance improvement that is attributed to
distributed on-the-fly recoding in the CBN by comparing protocol CS1-M to CS0-M, where no such
recoding is done. To compare the two fairly, we keep BS pre-processing on (constant) for both
protocols and examine two key metrics under each:
•

Average number of decoded PISs as a function of file session progression

•

Average rank of a terminal Ti 's local LT generator matrix as a function of file session
progression, rank( GLT ,Ti '') . This is a close approximation to rank( ATi ) because the top rows
of ATi determined by the pre-code form an under-determined system whose rank accounts
for a very small fraction of the total matrix rank (see Fig. 5.12).

Our results are presented in Fig. 6.19 - Fig. 6.20 for classes A and C under Deployment 1 ,
representing early adoption of CS1-M. In these simulations, we imposed Σ = 8 and  = 0.5(50%) .
These selections may not be optimal, but yielded good results in our experiments. Given the Σ
chosen, ranks were not computed either until received burst 9.

''
''

947

739
683

401

Figure 6.19: Per-dest. terminal LT decoding/rank(GLT,Ti'') comparison (Class A, Deployment 1).
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Figure 6.20: Per-dest. terminal LT decoding/rank(GLT,Ti'') comparison (Class C, Deployment 1).

r

Figure 6.21: Simulation methodology for calculating decoding/rank results
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Due to the time-varying nature of the system under study, the curves in the above figures
were obtained as described by the algorithm of Fig. 6.21, averaging over as many independent MT
mobility traces as were required to give at least 100 samples each time period over which to average.
By measuring the decoding performance from both protocols at the same times in the simulations,
we ensured a fair comparison between the two protocols by guaranteeing that the computations were
performed for the exact same BS rate.
Referring to the graphs, we first note that in all cases, rank( GLT ,Ti '') provided an upper
bound to the average number of LT symbols decoded by a destination terminal. The average Class A
assisted terminal's LT generator matrix rank at the end of the session was equal to 947 under CS1-M,
compared to 739 under CS0-M in Fig. 6.19. Next, we observe that the average number of PISs
decoded under protocol CS1-M at the end of the file delivery session is 683 , exceeding the average
of 401 decodable under protocol CS0-M by 70.3% . We notice that both pairs of curves diverge as
the file delivery session progresses. This is because as the size of an intermediate terminal's selectable
subset of u partial ,Ti grows, the repair symbols it can produce are comprised of more evenly-distributed
selections of PISs across the entire file, as was seen in Fig. 6.9. A larger pool of PISs is available for
selection as the delivery session progresses and thus the repair symbols received by assisted
destination terminals have linear dependence on existing columns of GLT ,Ti '' progressively less
frequently and produce increases in rank and number of decoded symbols more frequently. Referring
to Fig. 6.20, we find that the average rank of assisted cooperative Class C terminals at the end of the
session is 855 under CS1-M versus 664 under CS0-M. Furthermore, 552 symbols were decoded in
the former as compared to 309 in the latter, a 78.6% decoding performance improvement that can
be attributed to protocol CS1-M.
Protocol CS1-M is able to achieve superior average cooperative terminal decoding
performance by exploiting the inherent properties of the DVB-H SFN. From Sec. 4.5, we know that
channel SRL losses account for a large proportion of the total losses experienced by a cooperative MT
— almost as many as propagated SRL losses for Class A terminals, and significantly more for Class C

terminals. The channel SRL losses create differences among the sets zpartial,Ti collected by piconet
neighbours, and thus heterogeneity in their decoded PIS sets as well. Also, the fact that terminals are
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not typically cooperative for the entire session means that CL losses also contribute set differentiation
as well. Indeed, if all terminals possessed the same sets of decoded PISs, recoding those symbols
would not be useful to any of them. The inherently lossy and dynamic nature of the network is
responsible for the efficacy of CS1-M.
When comparing the results seen for Class A terminals to those seen for Class C terminals,
we find similar performance differences between the two protocols CS1-M and CS0-M. Overall,
however, the observed performance is worse for Class C terminals. This can be explained by
considering the interplay between two opposing effects. On one hand, because the average piconet
lifetime for Class C terminals is a mere 40.5% of that for Class A terminals, a stronger "mixing" or
cross-pollination effect exists in networks composed of the Class C terminals because MTs receive
recoded bursts from a greater number of other MTs across different piconets than do Class A
terminals. This increases the heterogeneity seen among decoded PIS sets. On the other hand, the
much higher cumulative burst losses seen by Class C terminals offer a counter-effect, degrading the
rank and decoded PIS counts compared to Class A terminals. We have observed in our simulations
that the latter effect was more dominant.
The Deployment 2 scenario, representing a mature adoption of the technology, was also
considered for both terminal classes. The rank and decoded symbol curves in the above figures did
not change appreciably in this case, but the variances about the means were reduced since we were
able to average over a greater number of cooperative destination terminals in each burst period. From
the perspective of a network operator, a more confident guarantee of the energy savings achievable
using the CS1-M protocol could be offered. For end users, greater predictability of a MT's battery life
would result in a better overall user experience.
For the sake of interest, we also examined turning off BS pre-processing in our simulations.
When we did this, we discovered as expected, that the performance of CS1-M degenerated much of
the way to its lower bound, CS0-M. This occurred because upon experiencing a CL burst loss, an
intermediate terminal was in many cases not able to decode enough PISs in its u partial ,Ti buffer to
generate enough repair symbols to fill a  fraction of a repair burst. This result emphasized the
importance of both BS and MT protocol components.____________________________________
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CS1-M vs. CS0-M: Energy Consumption Analysis

Having examined the impressive reliability improvements achievable using protocol CS1-M,
in this section we compare CS0-M and CS1-M from the perspective of terminal energy expenditure.
The results obtained realistically account for both the RF and BB power consumed by the CL and
SRL mobile terminal's interfaces due to transmission and reception events, as well as the energy
consumed in between those events by a terminal's circuitry for baseband processing and MPE-FEC
data link layer decoding. The power values in Table 3.3, which define four modes of operation for the
CL interface, were used in conjunction with the power values for the five BT short-range interface
power modes in Table 4.3. The timing values for both interfaces (Table 4.2), determined from the
properties of the time-sliced bursts transmitted by the BS, were also used in our calculations. Because
of the time-varying nature of the network, as well as the frequent piconet role-changing and
formation/dissolution, the figures were obtained using a count-and-average method similar to that of
Fig. 6.21 in Fig. 6.22.
Fig. 6.23 illustrates the average cooperative terminal energy consumption as a function of file
delivery session progress, with both protocols also compared to the reference case of no MT
cooperation (traditional DVB-H systems). Although we have presented the results in units of energy
(Joules) to clearly illustrate the energy savings possible using protocol CS1-M, the curves in the
previous section could also be normalized by these results to obtain throughput-to-energy ratios.
Examining the plots, it is clear that the average cumulative MT energy consumption of a cooperative
terminal under both protocols are very close over the entire session, with CS0-M requiring 2.80 J
total and CS1-M MTs requiring slightly more — 3.06 J total — by the end of the session, due to
more frequent SRL transmissions by intermediate terminals under the latter protocol. The small
(9.33%) energy difference, though, is more than justified by the significant reliability improvement
seen previously in Fig. 6.19. Note that SRL receptions are not spared under CS0-M when an
intermediate terminal is unable to decode a burst, since destination terminals have no immediate
knowledge of this failure. At 4.73 J, the average energy cost of a non-cooperative terminal is 54.72%
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more than CS1-M, strongly motivating the need for energy-efficient cooperative schemes in future
DVB-H/IPDC systems.

Figure 6.22: Simulation methodology for calculating energy consumption results
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2.80

Figure 6.23: Per-terminal energy consumption comparison (Class A, Deployment 1).

4.73

3.05
2.52

Figure 6.24: Per-terminal energy consumption comparison (Class C, Deployment 1).
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The curves in Fig. 6.23-6.24 are remarkably straight, except for a notch between bursts 8
and 9 on the CS1-M curve due to the value of  selected. For non-cooperative terminals, the
reason is obvious — no SRL activity takes place and thus the same amount of energy is expended by
the radio and circuitry components during each burst period by each terminal receiving information
from the BS. For cooperative terminals under CS1-M and CS0-M, a similar type of linearity was
observed. This predictability of energy costs is a consequence of the role-switching transmission
schedule and the fairness it induces from an energy point of view.
Next, we examined the average energy consumption of Class C cooperative terminals in Fig.
6.24. From Sec. 4.5, it is known that the intermediate terminal CL burst loss mean is mostly invariant
to terminal class and deployment scenario. Since this type of burst loss drives the generation of repair
bursts under CS1-M, we can conclude that repair bursts were generated with about the same
frequency as Class A terminals under both deployments, which explains why the average energy
expenditure of terminals under this protocol was 3.05 J at the end of the delivery session. Let us
assume, for the sake of interest, that the intermediate terminal CL burst loss mean was higher for Class
C terminals. This would imply that repair bursts are sent more frequently, reducing the proportion of
source symbol bursts sent out of the total. However, because an intermediate terminal in the
nocoop
multicast scenario is limited to sending only one SRL burst per t CL
, cyc time period, no change in average

terminal energy consumption would be observed. This means that there is a quasi-independence
between average cooperative terminal energy consumption and intermediate terminal CL burst loss
mean under CS1-M, which is a very desirable property of the protocol.
Under CS0-M, more frequent intermediate terminal CL losses implied fewer forwarded
bursts over the SRL due to decoding failures. Thus, this curve is lower in Fig. 6.24 than its
counterpart in Fig. 6.23, with 2.52 J of energy consumed by the end of the session, widening the gap
between the CS1-M and CS0-M curves in Fig. 6.24. When this decrease in energy expenditure is
viewed within the context of decoding performance achieved under CS0-M, though, it becomes quite
clear that the energy savings do not justify CS0-M's very poor decoding performance. Finally, the
energy consumption of non-cooperative terminals remained the same since nothing changed for
those terminals._______ ___________________________________________________________
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Cooperative Strategy 1 - Multiple Unicasts
In this section, we develop a cooperative protocol based on the combination of Raptor and

network coding, that is applicable to file distribution scenarios where each terminal within a
cooperative piconet is tuned into a different service broadcast by the BS than its piconet neighbours,
i.e. the multiple unicasts case where Dserv ,het = 1 . This corresponds to the timing diagram shown
previously in Fig. 4.2.
From Sec. 5.3.1.2, it can be shown that NC cannot be used to reduce the number of SRL
transmissions that an intermediate terminal is required to make upon successful reception of a CL burst,
with our cooperative transmission schedule. Furthermore, the complexity of inter-session NC
motivates the development of sub-optimal, yet useful strategies that improve the throughput-toenergy consumption ratio for a piconet. We also make the important observation that if intermediate
terminals were to apply protocol CS1-M straightforwardly in this scenario upon experiencing a CL
burst loss, we would require that:
1. each terminal have full knowledge of not only its own requested service, but of all
N serv ,req = N neigh services,
2. each terminal have N serv ,req Raptor decoders decoding all of the incoming services,
3. each terminal have N serv ,req times the amount of working memory available as in the multicast
case, and
4. an intermediate terminal make N serv ,req − 1 unique repair burst transmissions, one for each
service requested by its neighbours.
While none of the above points are desirable, given that our work is focused on minimizing terminal
energy consumption, the last point is particularly undesirable because it implies that the energy
consumption dependence on the degree of service heterogeneity that exists for SRL transmissions
within the piconet would also apply while transmitting repair symbols. These problems also imply a
high complexity and non-negligible encoding time in transmitting repair bursts after a CL burst loss.
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In this section, we develop a variation of protocol CS1 that is suitable for multiple unicasts,
aptly named CS1-MU. CS1-MU utilizes NC to completely eliminate problems 2 and 4 above,
reducing the number of repair burst SRL transmissions required each period to one, independent of
N serv ,req . Moreover, protocol CS1-MU manages problems 1 and 3 in a low-complexity manner.
Consider again Fig. 4.2, which shows protocol CS0-MU of [27]. In this protocol, each MT tunes into
nocoop
only one burst over the SRL per t CL
, cyc time period, corresponding to its requested service. Each

terminal therefore ignores the SRL transmissions in adjacent time slots, which are intended for other
terminals. In CS1-MU, we introduce four modifications to CS0-MU that result in a protocol that
achieves improved decoding performance and energy savings over CS0-MU.
First, we allow terminals to overhear the SRL transmissions intended for their piconet
neighbours, a process we call snooping. This is physically possible because all neighbours in a piconet
form fully-meshed connections with all other neighbours, each terminal is equipped with an
omnidirectional antenna, and the cooperative transmission schedule is well-defined such that SRL
transmissions are predictable. An intermediate or destination terminal Ti ’s working memory can be
thought of as being partitioned into N neigh disjoint buffers, where 1 ≤ i ≤ N neigh . Ti stores received
symbols for its requested service S Q ( Ti ) in a primary buffer BTi , Q ( Ti ) , where Q ( Ti ) is a mapping
function between a piconet terminal and its desired service. We assume that all Ti s' requested services
remain invariant for the duration of a piconet's existence, which is reasonable given the mean piconet
lifetimes presented in Sec. 1.1. Ti stores received symbols from each of its neighbour Tk 's requested
services in the appropriate secondary buffer BTi , Q ( Tk ) , 1 ≤ k ≤ N neigh , k ≠ i , which together comprise the
other N neigh − 1 memory partitions. Privacy issues related to snooping are beyond the scope of this
work. We assume that appropriate application layer encryption can be applied prior to FEC encoding
such that listening to a neighbour’s SRL burst does not pose a privacy or security risk.
Second, we introduce the idea of a buffer update burst, denoted UTi ,b , b = 1, 2, 3,... sent over
nocoop
the SRL every fixed t buffer ,burst = λ ⋅ t CL
, cyc time period, λ ∈  + . Each terminal maintains, for each of its
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piconet neighbours, an ESI list describing symbols the neighbour is known to possess in its buffers.
The bursts UTk ,b , serve to synchronize each terminal’s knowledge of the states of its all of its
neighbours’ buffers. The buffer update burst simply consists of a list of ESIs that have been either
correctly received and stored in a particular Tk ’s buffers since the last buffer update burst sent by
that Tk , or those ESIs which have been deleted since then. In other words, a buffer update burst
describes the incremental changes to Tk 's buffers over the last t buffer ,burst time period.
Third, after an intermediate terminal Tj experiences a CL loss, a single "poisoned" NC repair
burst is generated by Tj by combining symbols in its buffers in a particular way so as to maximize
the novel information conveyed to its neighbours. This poisoned repair burst is then transmitted over
the SRL to all of its neighbours.
The complete repair burst generation algorithm of CS1-MU is presented in Fig. 6.25. A
memory management algorithm is also included in Fig. 6.26 that describes how buffer sizes (memory
consumption) can be minimized. A timing diagram is shown in Fig. 6.27.
We now discuss some important subtleties of protocol CS1-MU. First, at the BS, preprocessing is not strictly necessary for this protocol to work, since on-the-fly recoding of the same
source block is not done at the terminals, and hence the symbol availability problem does not exist.
We thus assume that this process is off for the following investigations. It is feasible though that
CS1-MU and CS1-M could be used concurrently in the same network to address a wide range of
distribution scenarios. Since this process never decreases decoding performance, it could be safely
used. Given that CL and SRL bursts are of known size, that they are received either completely
correctly or incorrectly, and that ESIs coming from the BS with no pre-processing are sequential for
each service, it is sufficient for a terminal to transmit only the ESI of the first symbol of each newly
received or deleted burst. There can be at most N serv ,req + ( N neigh − 1)( N serv ,req − 1) correctly received
bursts per t cyccoop time period and ( N serv ,req − 1) deletions in a piconet. Since each ESI is 16 bits, the
maximum time spent transmitting a buffer update burst over the SRL is t SRL ,U ,tx ,max = 9.7656x 10 −4
sec, which is 0.3906% of a SRL transmission duration from Table 4.2. λ represents a trade-off
between energy consumption.
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Figure 6.25: CS1-MU algorithm 1 of 2 - NC repair burst generation.
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Figure 6.26: CS1-MU algorithm 2 of 2 - memory management.

and the timeliness of buffer state information. Because the amount of energy expended transmitting a
buffer update burst is very small, λ can be chosen to be small without having a significant impact on
a terminal’s overall energy consumption.
Second, by transmitting original encoded symbols network coded together rather than reencoded symbols, we would expect, on average, that the rank of GLT ,Ti increase more often for each
NC-decoded symbol than it would for each recoded symbol under CS0-M. This is because the
destination terminal is receiving a "second chance" to decode the same symbol that was transmitted
previously from the BS, whereas a recoded symbol may have a linear dependence on already decoded
PISs in its primary buffer.
Third, as discussed in Sec. 5.3.2, the network coding used in this protocol is applied at the
intermediate terminals. Raptor-encoded symbols destined for different destination terminals are
combined to improve throughput through the intermediate terminal as compared to simply routing
or forwarding the received symbols when no NC is utilized (CS0-MU). Raptor decoding of secondary
buffer symbols, i.e. those in BTi , Q ( Tk ) where k ≠ i , is not done. Thus, only a single Raptor decoder is
required for decoding primary buffer contents. NC of symbols is computationally simple and only
marginally increases the amount of computing required by a terminal in comparison with CS0-MU,
where NC is not done._________________________________________________________
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Figure 6.27: CS1-MU timing diagram

CHAPTER 6. AL-FEC/NC COOPERATIVE PROTOCOLS FOR FILE DOWNLOAD

176

We now present an example of the CS1-MU algorithm. Consider the state of the terminal
buffers as shown in Fig. 6.28 at the time T 3 produces w7 , based on the bursts shown in Fig. 6.27
and Fig. 6.28. Notice, first, that when executing step 1 of the algorithm, T 3 ’s knowledge of the states
of its neighbours’ buffers is limited to the information in its ESI lists, which were last updated a time
nocoop
duration of 2 ⋅ t CL
, cyc prior to the CL burst loss ( λ = 4 ) as shown in Fig. 6.27. In this trivial example,

Μ=

{{S } ,{S } ,{S }} , = Μ ' = Μ '' , and therefore in step 4, w
4 ,3

3,3

1,3

7

= S4 ,3 ⊕ S3,3 ⊕ S1,3 . Assuming that

T 1 , T 2 and T 4 all receive w7 error-free, the decoded primary symbols at each of the terminals are

S4 ,3 , S3,3 and S1,3 , respectively.

Figure 6.28: Actual buffer contents and T3's knowledge of its neighbours’ buffers when w7 created.

We note that in the above algorithm, each NC symbol generated normally requires a global
encoding vector which specifies the symbols that were XOR-ed together to produce it. We have
substantially reduced the required overhead introduced by these encoding vectors by requiring that
the first symbol from each ΜTk '' correspond to the first ESI of a previously received burst and that
all subsequent symbols selected from a particular secondary buffer be consecutive to the last ESI
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selected from that buffer. This implies that a terminal receiving a repair burst need only receive a
single global encoding vector, from which all subsequent encoding vectors can be deterministically
produced.

6.5.1 CS1-MU Performance
6.5.1.1

CS1-MU vs. CS0-MU: Decoding Analysis
To reduce the complexity of our simulations, we have limited the scope of our investigations

in several ways. First, we examine only the case where λ = 1 , i.e. where a buffer update burst UTk , i is
nocoop
transmitted by each terminal each t CL
, cyc time period. While this selection represents the worst case

choice in terms of energy consumption, it represents the best case in terms of minimizing the
likelihood of empty ΜTk '' sets. Next, we assume that buffer update bursts are always correctly received,
i.e. they are never subject to channel SRL losses. Network-coded repair bursts, however, are
subjected to the same burst losses as other SRL transmissions. To make the timing of buffer update
bursts predictable, we assume they are always of maximal duration t SRL ,U ,tx ,max . Next, we assume that
ESIs with the same number but belonging to different services can be differentiated easily; e.g. "1246", "3-246" would correspond to S1 symbol 246 and S3 symbol 246 , respectively. We have not
done an in-depth memory analysis of CS1-MU — we have assumed that the memory management
algorithm of Fig. 6.26 is sufficient for limiting memory usage. Simulations focused on a single piconet
have indicated that this is indeed the case. Finally, uncorrupted secondary service blocks of size

FES ,burst are assumed forwarded by an intermediate MT under CS0-MU when a primary service burst
block CL loss occurs.
In this section, we present a comparison between CS0-MU and CS1-MU from the
perspective of the reliability achievable under each protocol. We have used the same evaluation
metrics as in Sec. 6.4.3.2. The methodology followed to compute the decoding and rank results is the
same as that shown in Fig. 6.21, with CS0-MU and CS1-MU substituted in the appropriate places.
Similar to the case of multicast, steps 2 and 3 of the algorithm are conditionally executed only if
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 = 0.5 (50%) of a burst is filled, at which point it is worthwhile for an intermediate terminal to

expend the energy required to send a SRL repair burst to its neighbours. The choice of  has not
been optimized, but rather was made equal to the value used in Sec. 6.4.3.2 to permit fair
comparisons between the different protocols. In this section,  is ignored because the symbol
availability problem does not exist. Again, we simulated as many independent mobile terminal
mobility traces as were required to provide at least 100 samples within each time period over which to
average.

1002
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Figure 6.29: Per-dest. terminal LT decoding/rank(GLT,Ti) comparison (Class A, Deployment 1).
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Figure 6.30: Per-dest. terminal LT decoding/rank(GLT,Ti) comparison (Class C, Deployment 1).

Referring to Fig. 6.29, it is clear that for Class A terminals, the decoding curve finishes
significantly higher using protocol CS1-MU than both CS0-MU and CS1-M. This is because the
repair symbols generated under protocol CS1-MU are a “second chance” at those source symbols
previously transmitted by the BS, rather than recoded symbols that may have linear dependencies on
Tk's existing GLT,Tk generator matrix columns. In Fig. 6.30, similar average rank and decoded symbol
results can be seen for Class C terminals. The curves are slightly lower as compared to the
corresponding Class A terminal curves since destination terminal channel SRL losses are more
frequent for Class C terminals. Thus, sets ΜTk '' are exhausted more often and no NC repair burst
can be sent, resulting in poorer generator matrix ranks and decoded symbol numbers for all piconet
neighbours. Overall however, CS1-MU for Class C terminals still outperforms CS1-M for the same
class, with an average GLT,Ti rank of 951 and 714 decoded PISs by the delivery session end. The
results seen for both terminal classes demonstrate the benefit of a cooperative terminal having
knowledge (even if imperfect) of its piconet neighbours' buffers. The process of snooping is
therefore worthwhile and justified from a decoding performance standpoint.
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6.5.1.2

CS1-MU vs. CS0-MU: Energy Consumption Analysis

In this section, we examine the energy consumption implications of protocol CS1-MU. Our
results were obtained using a method similar to that shown in Fig. 6.22, with CS0-MU and CS1-MU
substituted in the appropriate places. Also, the fourth and fifth terms of step 1 modified to

(

)

nocoop
include the multiplicative factor ∇ in Σ '  ' ∇t SRL ,tx ,burst PSRL ,tx and t CL
,cyc − Σ '  ' ∇t SRL , tx ,burst PSRL , idle ,

respectively. ∇ = N neigh − 1 when no CL burst loss occurred under CS1-MU, and unconditionally under
CS0-MU. ∇ = 1 when no such loss occurred under CS1-MU. Similarly, in step 2, the second and

(

)

nocoop
fourth terms were changed to ∇t SRL ,rx ,burst PSRL ,rx and t CL
, cyc − ∇t SRL , rx ,burst − Σ '  ' t CL , RF_OFF 1 _OFF 2 PSRL , idle

respectively, where ∇ = N neigh − 1 for both protocols. Additionally, the energy costs of sending and
receiving buffer update bursts were incorporated into steps 1 and 2.

4.73

3.11

2.35

Figure 6.31: Per-terminal energy consumption comparison (Class A, Deployment 1)
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Figure 6.32: Per-terminal energy consumption comparison (Class C, Deployment 1)

Referring to Fig. 6.31 and Fig. 6.32, first we observe that there are no notches present in any
of the curves, since  was not relevant in these simulations. In both figures, the energy consumption
of CS1-MU is noticeably lower than CS0-MU because of the foregone SRL burst transmissions at the
intermediate terminals enabled by the network coding of Raptor-encoded symbols destined for
different destination terminals. An interesting implication of protocol CS1-MU is that as the
intermediate terminal CL burst loss mean in the network increases, a greater fraction of the SRL
transmissions are repair bursts as opposed to source bursts. Therefore, total energy consumption will
actually decrease as BS-MT links degrade, due to an increased use of NC. Once the intermediate
terminal CL burst loss mean increase is high enough, however, a counter-effect becomes apparent
whereby the sets ΜTk '' become exhausted more often, resulting in increasingly frequent instances in
which  cannot be satisfied and decoding performance begins to suffer severely. The cost of
transmitting a buffer update burst, as shown previously, is less than 1% of the energy cost of a SRL
burst transmission. Therefore, the energy consumed sending and receiving these bursts did not
manifest itself visibly in the curves, even under the worst-case scenario considered where λ = 1 .
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The non-cooperative terminal energy consumption curves in both figures are predictably the
same as in Sec. 6.4.3.3. The energy-saving benefit for cooperative Class A terminals is an average
savings of 50.32% over the course of the file delivery session. Similar to Sec. 6.4.3.3, under CS0-MU
Class C terminals experience a slightly higher intermediate terminal CL loss mean and thus not as
many bursts are sent over the SRL due to decoding failures. This shifts the CS0-MU curve down,
reducing the gap between the two curves in Fig. 6.32 slightly. Still, an average savings of 15.04% is
achieved with protocol CS1-MU over CS0-MU. As discussed in Sec. 6.4.3.3, under Deployment 2 the
variances about the mean curves were reduced. For improved readability, these variances have not
been shown.

Chapter 7 Conclusions and Future Work
Conclusions and Future Work

Perhaps the most important application area of wireless communications in the near future
will be the distribution of multimedia to mobile users in highly dynamic environments. Currently, the
biggest obstacle to this emerging field is the relatively slow development of smaller and higher
capacity batteries that will allow for, e.g. watching video on the go, in contrast with continuous
advances in processing and memory capabilities. Thus, energy consumption will likely be the key
factor that determines the viability of future developments in multimedia broadcasting. Energyefficiency, though, must be coupled with corresponding improvements in information dissemination
reliability at the same time, to be meaningful.
In this thesis, we have studied a distributed form of MIMO known as cooperative diversity,
whereby terminals cooperatively receive information broadcast from the base station over their
cellular links and relay the relevant information to neighbouring terminals over their short-range
links, where the energy-per-bit cost is much lower. We have proposed an extension to the existing
DVB-H/IPDC standards that incorporates terminal-to-terminal cooperation. Existing work in this
area has been extremely limited, both in quantity and applicability to real-world systems. We have
thus developed two novel application layer coding-enabled protocols for cooperative wireless
communication in DVB-H/IPDC systems. Specifically, we considered the special cases of multicast
distribution, whereby each terminal in the network desires the same service from the BS, and multiple

183

CHAPTER 7. CONCLUSIONS AND FUTURE WORK

184

unicast distribution, whereby each terminal desires a different service from its cooperative
neighbours. Both protocols utilize the systematic Raptor codes mandated for AL-FEC protection in
DVB-H/IPDC and exploit several different forms diversity that are inherent to modern
communication networks, including spatial diversity, radio interface diversity, and symbol diversity.
Furthermore, both protocols are transparent to the end user, are fully distributed, and require
minimal broadcast server changes, making them backwards compatible with existing non-cooperative
terminals. Both protocols have also been constructed such that they are implementable in software,
allowing the re-use of existing infrastructure, and allowing the system operator to avoid expensive
hardware upgrades.
To realistically quantify the reliability and energy saving benefits resulting from the
application of our two protocols, a discrete-event dynamic network simulator was constructed that
comprises all of the necessary modules required to simulate a file delivery session involving a
homogeneous networks of either pedestrian- or vehicular-transported terminals. Furthermore, two
different terminal densities, corresponding to early and late stages of DVB-H technological adoption,
were considered. At the core of this simulator is the Physical-to-Transport Layer Performance
Module, which is a novel 3-layer hierarchical Markov model that performs a cross-layer packet error
mapping in a computationally-efficient and statistically accurate manner, closely approximating the
run length distributions of good (error-free) and bad (erroneous) transport stream packets at the
physical layer over a wide range of Doppler shift and average SNR combinations.
Under the first cooperative protocol, CS1-M, a terminal performs on-the-fly Raptor recoding
of pre-coded intermediate symbols upon experiencing a channel burst loss, eliminating the
propagated burst losses seen under protocol CS0-M. This allows a file repair session, which typically
takes place after the delivery session, to be integrated with the delivery session itself. Thus, time is
saved and substantial energy savings are also realized because post-delivery content reconciliation
normally requires a terminal to receive multiple time-sliced bursts directly from the BS over the CL.
We present new, low-complexity solutions to the symbol availability and symbol sampling distortion
problems that enable our strategy and do not require a terminal to have global knowledge of the state
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of each of its piconet neighbour's buffers. Furthermore, CS1-M benefits from differences among the
decoded PSI buffers, which increase the repair symbol diversity. This buffer differentiation inherently
arise because of spatial diversity, the dynamic nature of the network, and the differing burst loss
characteristics experienced by different terminals.
The average per-destination terminal LT decoding and rank(GLT,Ti'') performances were
examined for a relatively small file size of 526 KB, comprising 1, 052 source symbols. By the end of a
file delivery session, the typical Class A destination terminal observed an average decoding matrix
rank increase of 28.1% under CS1-M over CS0-M, and decoded an average of 70.3% more PISs.
Class C destination terminals observed average rank and decoded PIS increases of 28.8% and 78.6% ,
respectively under CS1-M versus CS0-M. Examining the combined RF/BB-related and processingrelated energy expenditures, it was found that the average cooperative terminal cumulative energy
consumption at the end of the file delivery session for Class A terminals was on average 54.6% less
expensive for a cooperative terminal than it was for a non-cooperative terminal, but was 9.3% higher
under CS1-M than under CS0-M due to more frequent SRL transmissions. This slight increase in
energy expenditure is clearly justified, however, based on the disproportionate improvement in
reliability observed under CS1-M. Class C terminals experienced comparable energy savings over
their non-cooperative counterparts, and the energy cost gap widened slightly between cooperative
terminals under CS1-M and CS0-M, to approximately 21.0% . The reliability improvement observed
between the two again justified this modest difference.
The second cooperative protocol developed, CS1-MU, addresses the problem of desiredservice heterogeneity among receiving terminals. This problem is rarely considered in cooperative
relaying studies, but is extremely important from a practical point of view. Terminals under this
protocol store symbols related to adjacent services in the time-TS bitrate domain, instead of
discarding them after de-multiplexing the TS. Then, these Raptor-encoded symbols are combined
intelligently using opportunistic network coding and knowledge of neighbours' buffers, obtained via
buffer update bursts. Thus, the Raptor code is used for end-to-end (BS to consuming terminal) ALFEC protection, whereas NC is used at intermediate terminals to combine repair symbols such that
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transmitting them requires only a fraction of the bandwidth and SRL transmit/receive energy that
would be required without NC. SRL transmissions intended for piconet neighbours are overheard by
a terminal in a process known as snooping, which trades the more expensive SRL transmissions for
cheaper SRL receptions and the ability to network code. We have also proposed a memory
management algorithm that can significantly reduce the memory consumption of this protocol at a
terminal.
Extensive simulations have shown that under CS1-MU, by the end of the file delivery session
a Class A destination terminal experiences a 41.1% higher decoding matrix rank and decodes 96.1%
more PISs on average than does a terminal under CS0-MU. For Class C terminals, a 31.5% higher
average decoding matrix rank and 85.4% average improvement in decoded PISs were observed
between terminals under CS1-MU versus those under CS0-MU. Average total energy consumption of
a Class A terminal was 32.3% less under CS1-MU than it was under CS0-MU, and was 50.3% less
than a non-cooperative terminal. For Class C terminals, these average energy savings were 15.0%
and 92.3% , respectively. Thus, the reliability and energy benefits of our two protocols were shown.
Furthermore, terminals have an overwhelming incentive to cooperate with each other as opposed to
operating in isolation.
Our investigations and results have opened many interesting avenues for future work in this
area of research and have motivated the implementation of our cooperative overlay protocols in
future DVB-H/IPDC systems. Next, we outline some of the possible research directions worthy of
further investigation in the future.
First, the flexibility of our simulation framework provides a great deal of potential for
parameter optimization. Most of our parameter selections were selected as good representative choices
supported by related literature, rather than optimal ones. For example, under CS1-M, it is expected
that the selection of a larger file size in Table 6.2 would improve the symbol diversity among
cooperating terminals, likely leading to improvements in decoding matrix rank and decoded symbol
performance. As another example, the selections of  and Σ in Sec. 6.4.3.2 could likely be
optimized based on a number of burst-, power- and timing-related parameters. Under CS1-MU, the
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trade-off between the timeliness of buffer state information
( λ ), and foregone transmissions due to empty sets could be explored. Further sensitivity analyses on
the parameters chosen as part of the two parameter profiles would also likely uncover many
optimization opportunities. Considering different network environments could also lead to the
discovery of situations in which our protocols are best suited. For example, how does the lack of
piconet "mixing" affect the decoding and energy saving performances of cooperative terminals that
are relatively static in position with respect to each other (i.e. more correlated movements) for longer
time period, as in a piconet formed by travellers on a train?
Extensions to our proposed protocols could also be constructed in different ways. Consider,
for example a more complex file distribution scenario whereby the BS transmits two files repeatedly,
one after the other, in a "carousel" fashion, i.e. File 1, File 2, File 1, etc. If all terminals in the network
desire the same two files, then upon the formation of a piconet, the terminals in the piconet could
choose at random one or the other, and agree to cooperatively receive only that file. Let us assume
that terminals in Piconet A were able to decode most of File 1, whereas terminals in Piconet B were
able to decode most of File 2 before each piconet was dissolved. Then, if terminals formerly from
Piconet A later join a piconet interested in File 1, these terminals have the advantage of possessing
most of the file already and thus they can produce recoded symbols under CS1-M which span most
of the file (i.e. their u partial ,Ti , File 1 are already large). This would also exploit time diversity and would
reduce the effect of the symbol availability problem. On this note, a quality metric could also be
introduced into CS1-M that ensures the linear independence of recoded symbols from existing ones
in neighbours' buffers.
Datacast applications in DVB-IPDC were considered in our work as a logical first step.
However, the next most obvious step would be an extension of the CS1-M and CS1-MU protocols to
real-time streaming services, and specifically mDTV services. This extension could be naturally made
by treating a real-time service as a series of small, time-constrained files.
Finally, we note that although a DVB-H/IPDC framework has been selected for our work,
our coding-enabled protocols can also be applied to different underlying networks as well, provided
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that they can be modeled as a BEC with time-varying erasure probability. For example, AL-FEC
Raptor codes have also been standardized by 3GPP for file download in the MBMS standard, and in
[17], AL-FEC Raptor codes are investigated in MBMS-enhanced UMTS networks. In fact, one of
the conclusions of [17] was precisely that the system-level benefits of using AL-FEC (and in
particular AL-FEC Raptor codes) shown in the MBMS study should also translate to other
broadcast/multicast channels and services — a sentiment we echo.
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4SMM Implementation and Results
A.1

DVB-H Physical Layer 4SMM Parameterization
This appendix describes the parameterization of the 4SMM of Sec. 3.1.5 in detail.

A.1.1 Initial Slope
The parameters α g and αb specify the initial portion of the good and bad run length
distributions, respectively. This corresponds to the situation where the underlying fading process is in
the intermediate instantaneous SNR range, between thresholds s 1 and s 2 in Fig. A.1. In this region,
the packet error process can be modeled as having each packet in error with some probability qo ,
independent of other packets. When the fading process is in this intermediate range, the packet error
probability qo is neither very close to zero nor one. Hence, both bad and good packets are frequent,
leading to many short bursts of both. Under this model, the bad and good packet rlds are geometric
with parameters αb = qo and α g = 1 − qo , respectively.
Using this model, the initial slopes of the rlds do not depend on many of the physical channel
parameters. In fact, as long as the fading process is sufficiently slow so that it tends to stay in the
intermediate region for much longer than the run lengths typically last, the rld will be mostly
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unaffected by changes in the Doppler rate. In addition, the average SNR γ 0 is irrelevant, because this
will determine how often the process enters this region, but will not affect the behavior of the run
lengths once the process is known to be in that region. This hypothesis has been confirmed via
simulation of the IEEE 802.11a and 802.11b physical layers operating over a flat Rayleigh fading
channel in [19], where the initial slope of both the good and bad rlds appears to be independent of
SNR, Doppler rate, packet size, and the choice of modulation and coding schemes. The authors of
[19] recommend a selection of α b = α g = 0.5 for the IEEE 802.11a and 802.11b physical layers.
However, as will be shown, we found that using α b = α g = 0.1 yielded much more accurate results
for the DVB-H physical layer under study.

A.1.2 Tail Exponential Slope

Figure A.1: Physical layer PER vs. instantaneous SNR.

The parameters β g and βb describe the asymptotic behaviours, or tails, of the rlds. The tails
of the rlds indicate the probabilities of long bursts of good or bad packets, and behave in an
exponential manner. The behaviour of the rld tails can be explained by the physical behaviour of the
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underlying small-scale Rayleigh fading process r ( t ) . Long runs of packet errors are caused by long
deep fades. Similarly, long continuous good packet runs occur when the signal envelope magnitude
remains at a relatively high level.
In a Rayleigh fading channel, the instantaneous SNR varies with time. The curve of PER
(linear) as a function of instantaneous SNR (logarithmic), can be obtained by simulating the physical
layer of interest in an AWGN channel. The PER curve can then be partitioned into three "regions",
as in Fig. A.1. These regions are determined by the instantaneous SNR thresholds s 1 and s 2 .
When the instantaneous SNR s is high ( s ≥ s 2 ), the PER is low, the received packets tend to
be correct, and a long run of good packets is observed. Conversely, when the instantaneous SNR drops
into the low region ( s < s 1 ) the PER is high and nearly all packets become corrupted, producing a long
run of bad packets. In the middle region ( s 1 < s < s 2 ), the PER is neither very high nor very low,
producing short bursts of good and bad runs. The good and bad packet run lengths can then be
thought of as being governed by two distinct behaviours, either very likely to be short runs in the
middle region or very likely to be long runs in the two outer regions, depending on the current value
of the instantaneous fading.
Consider again the curve in Fig. A.1. The two instantaneous SNR thresholds s 1 and s 2
which partition the curve into three distinct regions can be found from this curve as the points at
which the PER becomes close to one and zero, respectively. Because there is no precise definition
regarding how close to one or zero the PER should be at s 1 and s 2 , the selection of these two
parameters can be somewhat empirical. In [19], the author found that choosing the thresholds such
that the instantaneous PER is approximately 99 % for s 1 and 1 % for s 2 is a reasonable choice, and
further, the model is robust to minor changes in these thresholds. With these guidelines, we can now
define two fading envelope thresholds, r1 and r2 , where r1 = s 1 − γ 0 and r2 = s 2 − γ 0 in dB, with γ 0
being the average SNR of the fading process. Thus, for example, if the average received SNR is 12
dB and the thresholds s 1 = 3 dB and s 2 = 8 dB, then r1 = −9 dB and r2 = −4 dB. Now, suppose at
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some time the fading envelope magnitude |r ( t )| falls below threshold r1 , then the fading process will
cause packet errors as shown in Fig. A.2.

Figure A.2: Rayleigh fading process r(t) level crossing rate thresholds.

The parameters β g and βb are dependent upon two threshold parameters, r1 and r2 ,
respectively. The task of deriving the tail exponential slope of the bad run length distribution is then
converted into the problem of finding the tail exponential slope of the distribution of the time
duration in which the Rayleigh fading process magnitude remains below r1 . Conversely, assume that
the fading process magnitude remains above another threshold r2 . In this case, a run of good packets
results. The task of deriving the tail exponential slope of the good run length distribution is then
converted into the problem of finding the tail exponential slope of the distribution of the duration in
which the Rayleigh fading process magnitude stays above r2 . It can be shown that for the bad rld, the
tail slope can be well approximated by [20]:
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Similarly, the tail slope of the good run length distribution is given by the following expression, with
threshold r2 used instead of r1 :
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where:
•

f m is the maximum Doppler rate of the fading process, in Hertz

•

T p is the packet duration, in seconds

•

γ ( m, x ) =

•

ρ = J 0 (1.2) , where J 0 ( x ) is the Bessel function of the first kind of order zero

•

r1 and r2 are the fading process magnitude thresholds as defined previously, in dB.

1
( m − 1)!



x

0

t m −1e − t dt is the incomplete Gamma function

A.1.3 Combination Factor
The mixture factor represents the fraction of runs that are short, i.e. runs that occur when
the instantaneous SNR falls in the middle region of Fig. A.1, and is computed as:

p=

NS
NS + N L

(A.3)

where N S is the average number of short runs per second and N L is the average number of long
runs per second. For the case of bad runs, one long run occurs when the magnitude of the random
fading process falls below the threshold, r1 and for good runs, one long run occurs when it is higher
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than r2 . Hence, the occurrence of long bad runs per second, for example, is simply the level crossing
rate (Fig. A.2) of the fading process at level r1 [8]:

2

N L ,b = 2π ρ1 f m e − ρ1

where ρ1 = r1

(A.4)

γ 0 is the threshold level normalized to the RMS amplitude of the fading envelope.

The average SNR of the fading process, γ 0 , is obtained as an input to the DVB-H Physical-toTransport Layer Performance Module module of Fig. 2.1 from the DVB-H Signal Coverage Module
output CNR. A similar expression holds for the number of good long runs per second, except that
the level of interest is r2 :

2

N L , g = 2π ρ 2 f m e − ρ2

where ρ 2 = r2

(A.5)

γ0 .

When the fading process magnitude is in the middle region of Fig. A.2, the packet error
process cycles between short runs of good and bad packets. Define one cycle to be one good run
followed by one bad run. Suppose at some instant of time t , the magnitude of the fading process,

r ∈[ r1 , r2 ] and the corresponding PER at this t is pe ( r ) . Then the average length of good runs is
1 pe ( r ) and the average length of bad runs is 1 (1 − pe ( r )) . The average cycle length is the sum of
these two, and hence the average number of cycles per second (and correspondingly, the average
number of short runs per second) is:

N S (r ) =

pe ( r )(1 − pe ( r ))
Tp

(A.6)

where T p is the packet duration. The expression Eq. A.6 gives the average number of short runs per
second at a specific r , but pe ( r ) is different for every instantaneous SNR ( γ 0 + r ) (dB). Averaging
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Eq. A.6 over the pdf of the instantaneous SNR (power) of the Rayleigh fading process, p( r ) =

1

γ0

e −r ,

and thus averaging pe ( r ) over [ r12 , r2 2 ] , gives the average number of short runs per second:

r22

1 −r
NS =
e pe ( r )(1 − pe ( r ))dr
Tp r 2



(A.7)

1

Finally, the combining factor for bad runs is given by:

pb =

NS
N S + N L ,b
r22

e

=

−r

pe ( r )(1 − pe ( r ))dr

(A.8)

r12

.

r22

e

−r

pe ( r )(1 − pe ( r ))dr + 2πρ12 f m T p e

− ρ12

r12

A similar expression holds for good runs, except that the level crossing rate is measured at r2 instead
of r1 , such that:

pg =

NS
NS + N L, g
r22

e

=

−r

pe ( r )(1 − pe ( r ))dr

(A.9)

r12

.

r22

e

−r

pe ( r )(1 − pe ( r ))dr + 2πρ f m T p e
2
2

− ρ 22

r12

A summary algorithm of the steps involved in parameterizing the 4SMM is provided in Fig. 3.4.

A.1.4 Parameterized 4SMM Model Dynamics
______________________________________________________________
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Figure A.4: Evolution of a13 (GS  BS) transition prob. with various γ0 and fm.

Figure A.5: Evolution of a14 (GS  BL) transition prob. with various γ0 and fm.

Figure A.6: Evolution of a22 (GL  GL) transition prob. with various γ0 and fm.

204

Figure A.3: Evolution of a11 (GS  GS) transition prob. with various γ0 and
fm.
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Figure A.8: Evolution of a24 (GL  BL) transition prob. with various γ0 and fm.

Figure A.9: Evolution of a31 (BS  GS) transition prob. with various γ0 and fm.

Figure A.10: Evolution of a32 (BS  GL) transition prob. with various γ0 and fm.
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Figure A.7: Evolution of a23 (GL  BS) transition prob. with various γ0 and fm.
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Figure A.12: Evolution of a41 (BL  GS) transition prob. with various γ0 and fm.

Figure A.13: Evolution of a42 (BL  GL) transition prob. with various γ0 and
fm.

Figure A.14: Evolution of a44 (BL  BL) transition prob. with various γ0 and fm.

206

Figure A.11: Evolution of a33 (BS  BS) transition prob. with various γ0 and fm.
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Fig. A.3 - A.14 illustrate the evolution of the transition probabilities a i , j of Eq. (3.17) as a
function of γ 0 and f m . Note the differences in the y-axis scales, which have been varied in order to
improve readability. We adopt the notation "" for a transition between states.
Examining the figures, some important trends can be observed. Two essentially opposing
effects are at play in the 4SMM; increasing Doppler spread causes a larger proportion of the total
number of packets in the system to be lost, while increasing SNR counteracts this effect and increases
the probability of correct decoding. The 4SMM behaves as follows:
•

Both a11 and a33 curves have similar concave shapes, with maxima at approximately 50 and 25
Hz, respectively. Both sets of curves are not affected to any appreciable extent by changes in
SNR, and moreover, over a wide range of Doppler shifts, the changes in these variables is small.

•

a13 decreases with increasing f m , as a14 increases correspondingly, implying that runs of bad
packets are more likely to be long than short with increasing f m . Also, as γ 0 increases, a greater
proportion of the good runs are long, and thus there are fewer total number of transitions
originating from the GS state. The magnitude of change in these two probabilities is significant
over the range of f m and γ 0 .

•

a 22 decreases slightly as f m increases at lower SNR, with transitions to the BS state ( a 23 ) and
BL state ( a 24 ) rising. The transitions to the BL state account for most of the transitions out of
the GL state. As γ 0 increases, the 4SMM becomes more likely to stay in the GL state.

•

a31 decreases with increasing f m , as the proportion of long runs increases ( a 32 ). Moreover,
transitions to the GL state occur more frequently at higher SNR than at lower SNR.

•

The probability of remaining in the BL state ( a 44 ) decreases with increasing f m , with this effect
becoming more pronounced as γ 0 increases, as a more transitions to the GL state occur.

A.2

Additional Frequency-Flat Fading Model Validation
The following figures present additional 4SMM validation results related to Sec. 3.1.6.
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Figure A.17: Simulated phy. layer & 4SMM good TS rlds (γ0 = 15dB, fm = 50Hz). Figure A.18: Simulated phy. layer & 4SMM bad TS rlds (γ0 = 15dB, fm = 50Hz).
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Figure A.15: Simulated phy. layer & 4SMM good TS rlds (γ0 = 15dB, fm = 10Hz). Figure A.16: Simulated phy. layer & 4SMM bad TS rlds (γ0 = 15dB, fm = 10Hz).
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Figure A.19: Simulated phy. layer & 4SMM good TS rlds (γ0 = 15dB, fm = 100Hz). Figure A.20: Simulated phy. layer & 4SMM bad TS rlds (γ0 = 15dB, fm = 100Hz).
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Figure A.21: Simulated phy. layer & 4SMM good TS rlds (γ0 = 15dB, fm = 150Hz). Figure A.22: Simulated phy. layer & 4SMM bad TS rlds (γ0 = 15dB, fm = 150Hz).
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Figure A.25: Simulated phy. layer & 4SMM good TS rlds (γ0 = 20dB, fm = 50Hz). Figure A.26: Simulated phy. layer & 4SMM bad TS rlds (γ0 = 20dB, fm = 50Hz).
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Figure A.23: Simulated phy. layer & 4SMM good TS rlds (γ0 = 20dB, fm = 10Hz). Figure A.24: Simulated phy. layer & 4SMM bad TS rlds (γ0 = 20dB, fm = 10Hz).
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Figure A.27: Simulated phy. layer & 4SMM good TS rlds (γ0 = 20dB, fm = 100Hz). Figure A.28: Simulated phy. layer & 4SMM bad TS rlds (γ0 = 20dB, fm = 100Hz).
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Figure A.29: Simulated phy. layer & 4SMM good TS rlds (γ0 = 20dB, fm = 150Hz). Figure A.30: Simulated phy. layer & 4SMM bad TS rlds (γ0 = 20dB, fm = 150Hz).
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Figure A.33: Simulated phy. layer & 4SMM good TS rlds (γ0 = 25dB, fm = 50Hz). Figure A.34: Simulated phy. layer & 4SMM bad TS rlds (γ0 = 25dB, fm = 50Hz).
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Figure A.31: Simulated phy. layer & 4SMM good TS rlds (γ0 = 25dB, fm = 10Hz). Figure A.32: Simulated phy. layer & 4SMM bad TS rlds (γ0 = 25dB, fm = 10Hz).
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Figure A.35: Simulated phy. layer & 4SMM good TS rlds (γ0 = 25dB, fm = 100Hz). Figure A.36: Simulated phy. layer & 4SMM bad TS rlds (γ0 = 25dB, fm = 100Hz).
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Figure A.37: Simulated phy. layer & 4SMM good TS rlds (γ0 = 25dB, fm = 150Hz). Figure A.38: Simulated phy. layer & 4SMM bad TS rlds (γ0 = 25dB, fm = 150Hz).
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Figure A.41: Simulated phy. layer & 4SMM good TS rlds (γ0 = 30dB, fm = 50Hz). Figure A.42: Simulated phy. layer & 4SMM bad TS rlds (γ0 = 30dB, fm = 50Hz).
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Figure A.39: Simulated phy. layer & 4SMM good TS rlds (γ0 = 30dB, fm = 10Hz). Figure A.40: Simulated phy. layer & 4SMM bad TS rlds(γ0 = 30dB, fm = 10Hz).
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Figure A.43: Simulated phy. layer & 4SMM good TS rlds (γ0 = 30dB, fm = 100Hz). Figure A.44: Simulated phy. layer & 4SMM bad TS rlds (γ0 = 30dB, fm = 100Hz).
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Figure A.45: Simulated phy. layer & 4SMM good TS rlds (γ0 = 30dB, fm = 150Hz). Figure A.46: Simulated phy. layer & 4SMM bad TS rlds (γ0 = 30dB, fm = 150Hz).
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B.1

Transmitter Subsystems
This section describes implementation details relating to the transmitter subsystems of the

Simulink® DVB-H physical layer model of Fig. 3.1.

B.1.1 Transport Multiplex Adaptation
The transport multiplex adaptation phase transforms several input MPEG-2 encoded
elementary streams into a single stream of multiplexed MPEG-2 TS packets, as in Sec. 1.4.1.

B.1.2 Randomization for Energy Dispersal
The data is then subjected to a randomization program. Its purpose is to avoid periodic bit
patterns in the transmitted data. Such patterns would create discrete spectral lines in the modulated
signal, possibly causing transmission problems (interference).__
In order to emulate the transport multiplex adaptation and the energy dispersal
randomization behaviours, a random integer generator was used to generate uniformly distributed
256 -ary integer symbols (bytes) in the range [0,255]. The sample time of each symbol was Ts , and

188

such

byte

samples

were

grouped
216

into

a

frame

or

TS

packet.
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B.1.3 Outer Encoder
The outer coding process consists of computing a RS code to provide error correction
capabilities to the receiver. The systematic code is computed using an RS (204,188) shortened
algorithm, obtained by adding 51 zero (null) bytes of padding before the 188 information bytes of a
TS packet and passing them to an RS (255, 239) encoder. After RS encoding, the null bytes are
discarded, leading to a codeword with N = 204 bytes. The code generator polynomial is:

g ( x ) = ( x + λ 0 )( x + λ 1 )( x + λ 2 ) ( x + λ 15 ), where λ = 0216

(B.1)

and the field generator polynomial is:

p( x ) = x 8 + x 4 + x 3 + x 2 + 1

(B.2)

The resulting RS codeword is shown in Fig. B.1. In the Simulink® model constructed, a frame of size
204 bytes is produced at the output of the encoder.

Figure B.1: Reed-Solomon (204, 188) codeword.

B.1.4 Outer Interleaver
The outer interleaver that follows is called a Forney convolution interleaver. Its purpose is to
scatter potential burst errors by shuffling the data bytes over I = 12 packets. The interleaver is
composed of I branches, cyclically connected to the input byte-stream by the input switch. Each
branch

j

is a First-In First-Out (FIFO) shift register, with depth

j x M cells where
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M = N I = 204 12 = 17 . The cells of the FIFO shift register contain 1 byte each and the input and
output switches are synchronized. In the Simulink® inner interleaver subsystem, an integer to bit
block was included, resulting in a frame of bits of length 204 ⋅ 8 = 1,632 at the output.

Figure B.2: Inside the Simulink® outer interleaver subsystem.

B.1.5 Inner Encoder
Next, the data undergoes inner coding by a code optimized for bit error correction, based on
a mother convolutional code with basic rate of 1/2 and 64 states, as in Fig. B.3. The generator
polynomials of the mother code are G1 = 1718 = 11110012 for the X output branch and

G2 = 1338 = 10110112 for the Y output branch. This base rate of R = 1 2 generates a high level of
redundancy that can be reduced by puncturing, i.e. not transferring all the calculated bits, in order to
reduce the overhead. This flexibility provides a trade-off between overhead and the robustness of the
resulting code. The available code rates and corresponding puncturing patterns are shown in Table
B.1. If a code rate of 2 3 is used, for example, the output of the outer interleaver produces a frame
of size 1632 (2 3) = 2,448 bits.
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Figure B.3: Inner convolutional code mother code with R = 1/2 [9].

Code Rate, R

1/2

2/3

3/4

5/6

7/8

Transmitted Sequence after

Puncturing Pattern

X: 1
Y: 1
X: 1 0
Y: 1 1
X: 1 0 1
Y: 1 1 0
X: 1 0 1 0 1
Y: 1 1 0 1 0
X: 1 0 0 0 1 0 1
Y: 1 1 1 1 0 1 0

Parallel-to-Serial Conversion
X 1 Y1

X 1 Y1 Y2

X 1 Y1 Y2 X 3

X 1 Y1 Y2 X 3 Y4 X 5

X 1 Y1 Y2 Y3 Y4 X 5 Y6 X 7

Table B.1: Inner convolutional code available rates, puncturing patterns and transmitted sequences.

Figure B.4: Inside the Simulink® inner coder subsystem (R = 3/4).
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B.1.6 Inner Interleaver
The next process is inner interleaving, which is done to alleviate the bursty structure of the
stream. It consists of a bit-wise interleaving followed by a symbol interleaving, as Fig. B.5.

Figure B.5: Inside the Simulink® inner interleaver subsystem.

The DVB-H physical layer allows for two coding and modulation modes, known as
hierarchical and non-hierarchical. In the former, two independent MPEG transport streams, referred
to as the high-priority and the low-priority streams, are transmitted simultaneously such that a service can
be simulcast as a low-bit-rate, rugged version and another version of higher bit rate and lesser
ruggedness. In non-hierarchical mode, only a single stream exists. For simplicity, we focused
exclusively on non-hierarchical transmission mode. In this mode, the single input stream is demultiplexed into v sub-streams, where v = 2 for QPSK, v = 4 for 16 -QAM) and v = 6 for 64 QAM. Consider the case of 16 -QAM as shown in Fig. B.6.

Figure B.6: Mapping of input bits onto output modulation symbols for 16-QAM.
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The de-multiplexing is defined as a mapping of the input bits x i onto the output bits be ,o :

x i = b[ i mod v ] div ( v / 2) + 2[ i mod( v / 2)], i div v

(B.3)

where:
•

x i is the input to the demultiplexer

•

i is the input bit number

•

be , o is the output from the demultiplexer

•

e is the demultiplexed bit stream number (0 ≤ e < v )

•

o is the bit number of a given stream at the output of the demultiplexer

•

div is the integer division operator

The following mapping results for 16-QAM transmission:
x 0 → y 0 ,0
x 1 → y 2 ,0

x 2 → y1,0
x 3 → y 3,0

Each sub-stream from the demultiplexer is processed by a separate bit interleaver. Therefore,
there are up to 6 interleavers, depending on v , labeled I 0 through I 5 .
Bit interleaving is performed only on the useful data. The block size is the same for each
interleaver, but the interleaving sequence is different in each case. The bit interleaving block size is

126 bits. The block interleaving process is therefore repeated exactly 12 times per OFDM symbol of
useful data in the 2K mode, 24 times per OFDM symbol in 4K mode, and 48 times per symbol in
8K mode. Referring to Fig. B.5 and recalling that our Simulink® model uses 2K mode and 16-QAM
modulation, the incoming bit frames are buffered to smaller frames consisting of v = 4 interleaving
blocks, of size 126 ⋅ 4 = 504 bits, which are then passed to the bit interleaver.
For each bit interleaver, the input bit vector is defined as:
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B( e ) = [ be ,0 , be ,1 ,..., be ,124 , be ,125 ], 0 ≤ e < v − 1
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(B.4)

The interleaved output vector:
A( e ) = [ a e ,0 , a e ,1 ,..., a e ,124 , a e ,125 ], 0 ≤ e < v − 1

(B.5)

a e , w = be , He ( w ) , w = 0,1, 2,...,124,125

(B.6)

is defined as:

where H e ( w ) is a permutation function which is different for each interleaver and is specified in
Table B.2.

e

He(w)

Interleaver

0

I0

w

1

I1

( w + 63)mod126

2

I2

( w + 105)mod126

3

I3

( w + 42)mod126

4

I4

( w + 21)mod126

5

I5

( w + 84)mod126

Table B.2: He(w) function.

The outputs of the v bit interleavers are grouped to form the data symbols, such that each symbol of
v bits will consist of exactly one bit from each of the v interleavers. Hence, the output from the

bitwise interleaver is a v bit word y ' that has the output of I 0 as its most significant bit (MSB), i.e.:

y ' w = [ a 0 , w , a 1, w ,..., a v − 2 , w , a v −1, w ]

(B.7)
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The purpose of the symbol interleaver is to map v bit words onto the N max ,2 K = 1, 512 (2K
mode) N max ,4 K = 3, 024 (4K mode) or N max ,8 K = 6, 048 (8K mode) useful (active) carriers per OFDM
symbol. The symbol interleaver acts on blocks of N max data symbols.
In 2K mode, 12 groups of 126 data words from the bit interleaver are read sequentially into
a vector Y ' = [ y '0 , y '1 ,... y ' N max − 2 , y ' N max −1 ] and similarly, 24 groups of 126 data words are read in the
4K mode and 48 groups in 8K mode. Referring again to Fig. B.5, the bit-interleaved output is input
to the second buffer, which produces 12 ⋅ 504 = 6, 048 bit long output frames. The interleaved vector:

Y = [ y 0 , y1 ,..., y N max − 2 , y N max −1 ]

(B.8)

is defined by:

y H ( q ) = y 'q , q = 0,1, 2,..., N max − 1, q even
y q = y 'H ( q ) , q = 0,1, 2,..., N max − 1, q odd

(B.9)

Let Ri ' represent an ( N r − 1) binary bit word, where N r = log 2 M max and M max ,2 K = 2, 048 (2K
mode), M max ,4 K = 4, 096 (4K mode), and M max ,8 K = 8,192 (8K mode) represents the number of
global carriers. Ri ' takes the values given in Table B.3.
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i

Ri '

0, 1

Ri '[ N r − 2 , N r − 3 ,...,1, 0] = [0, 0,..., 0, 0]

2

R i '[ N r − 2 , N r − 3 ,...,1, 0] = [0, 0,..., 0,1]
R i '[ N r − 3 , N r − 4 ,...,1, 0] = R i −1 '[ N r − 2 , N r − 3 ,..., 2,1]

2 < i < M max

2K mode

R i '[9] = R i −1 '[0] ⊕ R i −1 '[3]

4K mode

R i '[10] = R i −1 '[0] ⊕ R i −1 '[2]

8K mode

R i '[11] = R i −1 '[0] ⊕ R i −1 '[1] ⊕ R i −1 '[4 ] ⊕ R i −1 '[6]
Table B.3: Ri’ function.

A vector R i is then derived from the vector Ri ' using the bit permutations given in Table B.4 Table B.6 below.

Ri ' bit positions

9

8

7

6

5

4

3

2

1

0

R i bit positions

0

7

5

1

8

2

6

9

3

4

Table B.4: Bit permutations for 2K mode.

Ri ' bit positions

10 9

R i bit positions

7

8

7

6

5

4

3

2

1

0

10 5

8

1

2

4

9

0

3

6

Table B.5: Bit permutations for 4K mode.

Ri ' bit positions

11 10 9

8

7

6

5

4

3

2

1

0

R i bit positions

5

0

10 8

6

9

2

4

1

7

11 3

Table B.6: Bit permutations for 8K mode.
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Figure B.7: Inside the Simulink® inner interleaver symbol interleaver subsystem.

As shown in Fig. B.7, the even symbol interleaver is a standard interleaver and the odd symbol
interleaver is a de-interleaver. For the 2K mode, they toggle between each other every 6,048 bits.
The permutation function H ( q ) is defined by the following algorithm:

q =0
for ( i = 0; i < M max ; i = i + 1)
{
Nr − 2

H ( q ) = ( i mod 2) ⋅ 2 N r −1 +

 R ( j )⋅ 2 ;
j

i

j =0

if ( H ( q ) < N max )
{
q = q + 1;
}
}
In a similar way to y ' , y is made up of v bits as:

y q ′ = [ y 0, q ′ , y1, q ′ ,..., y v − 2, q ′ , y v −1, q ′ ]

(B.10)
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where q ' is the symbol number at the output of the symbol interleaver. These values of y are used
to map the data into the signal constellation.
An optional in-depth interleaver can be used to increase the robustness of the 2 K and 4 K
carrier signals using the memory of the 8 K symbol interleaver to effectively increase the 2 K and 4
K modes’ symbol interleaver depths and therefore improve reception in fading channels. Use of the
in-depth interleaver was not considered in our work.

B.1.7 Modulator
The data output by the symbol interleaving is then mapped into a signal constellation. This is
performed OFDM frame by OFDM frame. Several modulation scheme options are available: QPSK,
16- QAM, 64-QAM, non-uniform 16-QAM, and non-uniform 64-QAM. Two, four, or six
consecutive bits, respectively, are allocated to the carrier using a Gray mapping. For non-hierarchical
transmission, the 16-QAM constellation and bit patterns are shown in Fig. B.8. The exact values of
the constellation points are z ∈{n + jm}

and the y u , q ' denote the bits representing a complex

modulation symbol z.

Figure B.8: 16-QAM mapping and corresponding bit patterns (non-hierarchical transmission).

The modulator used in the Simulink® model is shown in Fig. B.9. It takes frames of length 6,048 as
input

and

a (6,048 bits) (4 bits per 16-QAM symbol)=1,512 16-QAM symbols

produced as output.

frame

is
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Figure B.9: Inside the Simulink® modulator subsystem.

B.1.8 OFDM Transmitter
For transmission, the system uses OFDM. As mentioned previously, there are three main
OFDM transmission modes in DVB-H; 2K mode, 4K mode, and 8K mode, with the names of the
modes corresponding to the number of points of the Fast Fourier Transform (FFT) that they use
( 2, 048 , 4, 096 or 8,192 ). The detailed parameters of the three OFDM modes can be found in Table
B.7. In DVB-H, the signal is transmitted in OFDM frames composed of 68 symbols, with a duration
T f . A symbol consists of 6,817 modulated carriers in 8K mode, 3, 409 carriers in 4K mode, and
1, 705 carriers in 2K mode and is transmitted with a duration Ts . Each OFDM symbol is composed

of a useful part (payload) with duration Tu and of a guard interval meant to protect the transmitted
signal from echoes and reflections, with duration Δ . The guard interval consists of a cyclic
continuation of the useful part Tu , or cyclic prefix, and is inserted before it. Four values of the guard
interval may be used as shown in Table B.7. The guard interval in combination with the FFT mode
determines the maximum distances between transmitters. Long guard intervals benefit functionality
on quasi-static channels (AWGN, Pedestrian). On the other hand, experience and simulations have
proven that for mobile channels, short guard intervals outperform long ones. Shorter guard intervals
have shorter delays between pilot signals and the channel estimator is able to recover from faster
Doppler changes. It is well known that the improvement of lower guard intervals on maximum
Doppler is linear. The carriers are indexed by k ∈[0, kmax ] and the spacing between adjacent carriers
is 1 Tu . Four consecutive frames constitute a super-frame.
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OFDM Parameter

Number of global
carriers
Number of
modulated carriers,
K
Number of useful
(data) carriers
Elementary period,
T ( μs )
Duration of useful
part of OFDM
symbol, Tu ( μs )
Intercarrier spacing,
1 T u (kHz)
Spacing between
carriers K min and
K max = ( K − 1) Tu
(MHz)
Guard
1/32
interval, g
Duration of
guard
interval, T g ( 7
μs )
Total
duration of
OFDM
231
symbol,
Ts = Tu + T g
( μs )
SFN cell
2.1
radius (km)

Mode
4K

2K

8K

2,048

4,096

8,192

1,705

3,409

6,817

1,512

3,024

6,048

7/64

7/64

7/64

224

448

896

4,464

2,232

1,116

7.61

7.61

7.61

1/16 1/8 1/4

1/32 1/16 1/8

1/4

1/32 1/16 1/8

1/4

14

28

56

14

28

56

112

28

56

112

224

238

252

280

462

476

504

560

924

952

1,008 1,120

4.2

8.4

16.8 4.2

8.4

16.8 33.6 8.4

16.8

33.6

67.2

Table B.7: Time/frequency domain parameters of DVB-H OFDM modes (8MHz channel)[1].

The characteristics of the OFDM parameters in Table B.7 provide flexibility in DVB-H
system planning and trade-off the size of the transmission cells (best achieved in 2K mode) and the
resistance to echo effects (best achieved with 8K mode). The maximum coverage distance of a
transmitter is dictated by the transmission delay between transmitter sites, which should be smaller
than the guard interval length. The trade-off can be described as follows:
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•

8K mode can be used both for single-transmitter operation or MFNs and for small, medium,
and large SFNs. Provides a Doppler tolerance for high-speed reception.

•

4K mode can be used both for single-transmitter operation and for small and medium SFNs.
It provides a Doppler tolerance allowing for very high-speed reception.

•

2K mode provides the best mobile reception performance because of its larger intercarrier
spacing. However, because of the OFDM symbol and guard interval, it is only suitable for
small-size SFNs.

The ODFM transmitter used in the Simulink® model of Fig. 3.1 is shown in Fig. B.10. It takes
input frames of size 1,512 modulated symbols and zero-pads these frames to frames of size 2,048
after which the Inverse-FFT (IFFT) is applied.__________________________________________

Figure B.10: Inside the Simulink® OFDM transmitter subsystem.

B.1.9 Frequency Bands
DVB-H aims to use the three main broadcast bands, as follows [11]:
•

VHF Band III ( 174 − 230 MHz, 1.30 m ≤ λ ≤ 1.72 m ): This band is particularly robust

to propagation, Doppler and building penetration impairments. The long λ , however,
implies a large receiving antenna, which would be difficult to integrate in a small handheld
terminal. Thus, this band is not attractive for handset manufacturers.
•

UHF

Band

IV

( 470 − 598 MHz,

0.50 m ≤ λ ≤ 0.64 m ):

The

propagation

characteristics are acceptable for offering large coverage. The Doppler shifts accepted by
receivers in these bands correspond to a speed of 2 5 0 − 5 0 0 km/h and the antenna size is
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suitable for handset integration.
•

UHF Band V ( 598 − 862 MHz, 0.34 m ≤ λ ≤ 0.50 m ): This band is the most

preferable choice for handset integration.
There are four possible bandwidths specified for use with DVB-H systems; 7 MHz wide in
the VHF band and 8 MHz wide in UHF band (Europe), 6 MHz bandwidth mode (other parts of the
world), and a 5 MHz bandwidth as an option for using the standard outside of the classical broadcast
bands. One example of the 5 MHz bandwidth in use is in the United States, where a DVB-H
network at 1.7 GHz is running [18]. It should be noted that DVB-H is very spectrum efficient,
compared to traditional broadcast services. One 8 -MHz channel can deliver 30 − 50 video streaming
services to mobile terminals, about 50 times more services than standard-definition TV and 20
times more than high-definition TV [18].
Because the OFDM symbol duration is larger than the inverse of the carrier spacing, the
main lobe of the power spectral density of each carrier is narrower than twice the carrier spacing.
Therefore the spectral density is not constant within the nominal bandwidths of the three modes [1].

Figure B.11: OFDM spectrum after AWGN channel (SNR = 25dB).
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Receiver Subsystems
This section describes implementation details relating to the receiver subsystems of the

Simulink® DVB-H physical layer model of Fig. 3.1.The DVB-H standard does not specify how to
implement the receiver and in a commercial device, many of the receiver subsystems would be
proprietary to the vendor. The standard does, however, describe how some of the inverse operations
should be performed. Here, we describe those subsystems that are well-defined in the standard, and
provide reasoning for our choices in those subsystems that were not.

Figure B.12: Inside the Simulink® OFDM receiver subsystem.

The sub-components of the OFDM receiver, channel estimator and equalizer subsystems are shown
in Fig. B.12, Fig. B.13, and Fig. B.14, respectively.

Figure B.13: Inside the Simulink® channel estimator subsystem.

Figure B.14: Inside the Simulink® equalizer subsystem.

APPENDIX B. DVB-H PHYSICAL LAYER IMPLEMENTATION

232

The next subsystem is a 16-QAM de-mapper that makes soft decisions, producing a set of four real
numbers for each complex number in its input. These six numbers represent soft decisions on the
real and imaginary components’ first bit and second bits.

Figure B.15: Inside the Simulink® demodulator subsystem.

Figure B.16: Inside the Simulink® inner de-interleaver subsystem.

The Viterbi Decoder subsystem interprets the soft-decision numbers and uses them to decode the
punctured convolutional code. Fig. B.19 shows the full demodulator and IP decapsulator.

Figure B.17: Inside the Simulink® inner decoder subsystem.

Figure B.18: Inside the Simulink® outer de-interleaver subsystem.
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Figure B.19: DVB-T/H demodulator and DVB-H IP decapsulator [1].

B.2.1 Receiver Characteristics

Figure B.20: DVB-H reference receiver.

The DVB-H Implementation Guidelines [1] provide a reference receiver model, as shown in
Fig. B.20. Some commonly used performance metric measurement points are also shown in the
reference model. The receiver should have a noise figure better than 5 dB at the RF reference point
at the sensitivity point of each DVB-H mode. Note that in some cases the GSM reject filter must be
added in front of the receiver to prevent the high power from the GSM transmitter to enter the
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DVB-H receiver. Typically, the insertion loss of the filter, L GSM is on the order of 1 dB, raising the
overall noise figure to 6 dB.

B.2.2 Antenna Gain
For network planning purposes, the receiver antenna gain G0 is necessary. Antenna gains are
commonly specified in units of dBi, where the forward gain of the antenna is compared with a
reference hypothetical isotropic antenna which uniformly distributes energy in all directions. Effective
Isotropic Radiated Power is the output power of an antenna when a signal is concentrated into a
smaller area, i.e. an antenna that is not omnidirectional.
In [11], antenna gains are presented that can be used for UHF bands IV and V for terminal
classes A and C. The antenna in a handheld terminal is an integral part of the terminal construction
and will therefore be small when compared to the wavelengths of the UHF frequency bands
presented in Sec. 1.3. For Class C reception, a vehicular built-in antenna is typically used with a
greater gain than for handheld terminals. The practical standard antenna for vehicle reception is a

λ 4 monopole, which uses the metallic roof as ground plane [11]. For passive antenna systems, the
values in Table B.8 can be used for planning purposes.

Ga (dBi)

Frequency
Band

Class A

Class C

UHF IV

-10

2

UHF V

-5

5

Table B.8: Antenna gains for different UHF bands and terminal classes.

B.2.3 Receiver Sensitivity
The minimum signal input level to the receiver is influenced by the minimum required CNR
of the system for QEF operation (BER of 10 −11 ), CNRmin . In [1] CNRmin values for different
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modulation schemes are listed and the receiver noise figure (F) has been chosen as 6 dB for the
UHF frequency bands IV to V. The minimum receiver sensitivities, Pmin (dBW) can be calculated
from the receiver noise input power Pn (dBW) by using the following formulas:

Pn = F + 10 log 10 ( k ⋅ T0 ⋅ B )

(B.11)

Pmin = Pn + CNRmin

(B.12)

where:
•

− 23
Ws/K)
k is Boltzmann’s constant ( 1.38 × 10

•

T0 is the absolute temperature (assumed 290 K = 17° C)

•

B is the receiver noise bandwidth (Hz)

In the case that an 8 MHz OFDM bandwidth is used, the actual bandwidth is 7.61 MHz (see Table
B.7). Eq. (B.11) gives the following noise floor power level:

Pn = 6 dB + 10 log 10 (1.38 × 10 −23 Ws/K ⋅ 290K ⋅ 7.61MHz)
= -99.16 dBm

(B.13)

when no implementation loss is assumed.
In order to understand the minimum CNR requirements of the DVB-H system in different
pedestrian and mobile channels, examine Fig. B.21. This figure shows the minimum CNR required by
receivers to demodulate a DVB-T (no MPE-FEC) and a DVB-H (with some level of MPE-FEC)
signal affected by a mobile channel, where the x-axis corresponds to the Doppler frequency shift
resulting from receiver speed. It is important to note that the shape and position of these curves are
strongly affected by a number of physical and data link layer parameters, as will be explained. The
characteristics of the two generic curves shown in Fig. B.21, however, are representative of typical
curves generated for the two technologies.
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Figure B.21: CNR vs. Doppler shift for pedestrian and mobile receivers.

From static to slow motion, a sudden increase in required CNR is apparent at points A and
B on the two curves due to a phenomenon known as the mobile penalty, which occurs at a Doppler
shift of approximately 10 Hz, irrespective of physical layer and data link layer parameters chosen. On
the DVB-T curve, an increasingly greater CNR is required as a function of increasing Doppler shift,
until the demodulation becomes impossible at the CNRmin + 3 dB point (point D). Similarly, point C
represents the greatest practical Doppler shift acceptable.
For DVB-T, it has been found in [18] that the CNRmin for mobile reception is strongly
dependent on the coded constellation and code rate used at the physical layer. The maximum speed
has been found to rely heavily on the intercarrier spacing (ICS), as shown in Table B.7 for different
OFDM modes. These results carry over to DVB-H as well, which uses the same physical layer as
DVB-T. Also, the MPE-FEC used at the data link layer in DVB-H serves to lower the CNRmin point,
increase f d , max , and flatten the curve up to that point, implying an independence of service availability
from receiving speed. This desirable property implies that Pmin is independent of Doppler shift for a
given set of physical/link layer parameters.
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Fig. B.22 shows the mobile performance of the DVB-H physical and data link layers, using
the parameters selected in our work, as defined in Sec 3.1.3 and Sec. 3.2.3. It can be seen from the
horizontal portion of the curve that the service availability is quasi-independent of f m up to

f d , max ≈ 480 Hz , and that working reception occurs at an SNR of approximately 17dB .
______________________ __________________

Figure B.22: Mobile performance of DVB-H physical & data link layers using selected parameters.

__________________

