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Abstract

The aim of this diploma thesis was to evaluate the performance of the state-of-
the-art mobile video delivery technologies. For this purpose two technologies,
HSDPA and DVB-H, were chosen. The performance parameters for ”"high qual-
ity” streaming were investigated and all measurements were provided in live
network.

A video service over HSDPA is an On Demand approach, which means that
users are requesting any media at any time they want. DVB-H is a broadcasting
approach like standard TV usage scenario, where all users are receiving the same
media at the same time.

Using these technologies, video sequences were recorded in several situations
- scenarios. Additionally, streaming of the most promising video content types
was investigated. An objective video quality metric PSNR was used to compute
the quality of received video streams at the application layer of the OSI model.
Moreover measurements at the network layer were provided.

In the HSDPA case a streaming server was used to provide these measure-
ments. However, this was not possible in DVB-H case, where we did not get
access to the content provider. Therefore an alternative solution was chosen.

This thesis proves the ability of mentioned technologies to provide high qual-

ity video services.

v
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Chapter 1

INTRODUCTION

The idea of communication was always understood as a process that allows
people to exchange thoughts by one of several methods. By the means of tech-
nical progress, these methods came to a higher level. The main communication

drivers nowadays are television and mobile communication.

Television became commercially available in the 1930s [TVhist]. Since then it
captured people all over the world and became the biggest media. However,
probably the highest qualitative step was made in recent years by introducing
digital broadcasting. It was supported by former deployment of digital tech-
nologies like personal video recorders, DVD technology and video streaming

technologies over internet. These triggered enormous interest of consumers.

Mobile communication itself is an extension of the basic telecommunication
service - telephony, which started already at the end of nineteenth century.
Worldwide employment of mobile services began in the 1990s. The step into a
new millennium was also a step to another generation of mobile communication
technology. Third Generation (3G) networks provide new services and features,

where the most significant are higher capacity and data rates.

The rapid evolution in these two environments and huge user demand of both,

leads to a logical ambition of merging them into new types of services - mobile
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wvideo services. As a matter of course, this carries some new challenges which

can be approached from the side of either of the communication drivers.

e From the digital broadcasting (T'V) point of view; broadcasters were used
to bring TV services to home. Their TV receivers have generally great
screen resolution and are supplied directly from mains. This will not
be the case if they would like to broadcast to mobile handsets, because
these equipments have generally small screens, limited battery and are in

motion. The difference is shown in the Table 1.1.

Broadcasted (digital) TV Mobile TV
= =

Data rate 4-5 Mbps 128-384 kbps
Display Large and medium TV screen Small, mobile phone screen
Antenna Roof top, desktop or car antenna | Internal
Power Supply |Fixed. contmuous Battery powered, limited

Fixed, mdoor portable or .
Reception mode ¢ thdoot pe ¢ Mobile handheld

automotive

Table 1.1: The attributes of standard TV and mobile TV [Rhode]

e From the point of view of mobile communications; service operators are
well experienced in issues related to mobile environment. However they
were used to offer their services to single users, called unicast. Broadcast
services, how we understand them by means of television is the great

challenge for this approach [Alcat 06].

There is also another way to look at the growing inquiry for mobile video ser-
vices. Looking from the providing perspective (the way of distributing the

service), there are basically two approaches. One is called Video Broadcasting
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and it is actually the same scenario as television broadcasting. This means, that
service providers broadcasts some content, which is delivered to consumers at
the same time. Another approach is called Video On Demand. This is a scenario
which we know from internet. Users are requesting some content whenever they
want. They are either downloading some multimedia, or requesting for stream-

ing. (see Figure 1.1).

Video Video On
Broadcasting Demand
=
|~
request . request

~

W A
8 &b B I

Figure 1.1: Video Broadcasting and Video On Demand scenarios

1.1 Motivation

The motivation of this work is to investigate the state-of-the-art mobile video
delivery. Especially evaluate the performance for "high quality” video, which
will be assumed as any video with data rate higher than 200 kbps. Several dif-
ferent solutions, which meet the requirements for streaming multimedia content
to mobile receivers, already entered the market. These include DVB-H (Digital
Video Broadcasting-Handheld), DMB (Digital Multimedia Broadcasting), ISDB
(Integrated Services Digital Broadcasting) and MediaFLO (Forward Link Only)
[Nadschl 06]. A short overview of these technologies is shown in the Table 1.2.

In addition, there is still the possibility of using the existing 3G network, which
is probably the fastest and easiest, but not optimal way to get Mobile TV off the
ground. More precisely, technologies like HSDPA (High Speed Downlink Packet
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DVB-H MediaFLO |ISDB-T DMB 3G
Standard |Open Proprietary |Open Open Open
Europe, US, Japan, parts I;olrzia;bpgl‘ts
Regions |parts of us of South PS  'worldwide
Asia America some other
countries
Air QOFDM (sub-
Interface OFDM OFDM banded) OFDM CDMA

Table 1.2: Overview of mobile technologies providing TV services

Access) which is an extension of 3Gs UMTS (Universal Mobile Telecommuni-
cations System), TDtv (based on TD-CDMA technology from IPWireless) and
MBMS (Multimedia Broadcast Multicast Service). None is ideal, as all have
drawbacks of one kind or another: spectral frequencies used or needed, sig-

nal strength required, new antennas and towers to be build, network capacity

required, or difficult business model.

In this thesis, two suitable technologies for two different approaches, as men-
tioned above, were investigated. For the Video Broadcasting approach, it was

the DVB-H standard and for On Demand video delivery, it was HSDPA. All

measurements were done in a live network, using a Darwin Streaming Server

and cooperating with one of the biggest Austrian mobile operator.

1.2 Outline of the thesis

In what follows, technologies used throughout this work are explained in more
detail. The chapter 2 offers information about HSDPA. In the chapter 3, Digital

Video Broadcasting - Handheld technology is explained, mentioning why it is
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appropriate for mobile environments. Subsequently, information about the test
bed, scenarios, measurements and results of HSDPA and DVB-H are presented
in chapter 4 and chapter 5 respectively. Finally, in the chapter 6 this work ends

with some conclusions.



Chapter 2

HIGH SPEED DOWNLINK
PACKET ACCESS

2.1 Historical overview

Mobile telephony systems are undergoing a rapid evolution in recent years.
Nowadays the very successful 2G (Second Generation) technology GSM (Global
System for Mobile communication), is being altered by its 3G successor, called

UMTS (Universal Mobile Telecommunications System).

While the 2G made a giant step from analog networks to digital, the key fea-
tures of 3G are increased capacity of customers, as well as significantly higher
data rates. This opens a variety of new service opportunities, including video
telephony or mobile TV. 3G can be based on different underlying radio air in-
terfaces, which are basically related to CDMA (Code Division Multiple Access).
Currently, the most common mobile phone technology, UMTS, is based on the
use of W-CDMA (Wideband Code Division Multiple Access).

6
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2.1.1 3GPP releases

UMTS was standardized by the 3GPP (3rd Generation Partnership Project),
which is a collaboration agreement established in December 1998. It is an inter-
national co-operation between European ETSI, Japanese ARIB/TTC, Chinese
CCSA, North American ATIS and South Korean TTA! [3GPP]. The great num-
bers of 3GPP standards are structured in a so-called Release, which introduces

new features. Up to now releases are:

Release 98 - specifies pre-3G GSM networks

Release 99 - specifies the UMTS 3G networks [Summary 99]

Release 4 - adds features including an all-IP Core Network
[Summary 04]

Release 5 - introduces HSDPA and IMS (IP Multimedia System)
[Summary 05]

Release 6 - introduces WLAN (Wireless Local Area Network)
integration, HSUPA (High Speed Uplink Packet Access),
MBMS (Multimedia Broadcast Multicast Service)
and some other features [Summary 06]

Release 7 - (in progress) focuses on QoS improvements and decreasing

latency and other features

Plans for the future beyond Release 7 are developed under the title Long Term
Evolution (LTE). One of the main objectives of this research is to enable an

all-TP network [Am Rel 7.

2.1.2 Release 99 - UMTS

Every 3GPP release is in some way a milestone in the 3G development, but

Realease 99 is one of special importance. It meets the original scope of 3GPP,

IFor convenience are the shortcuts explained only in the List of Abbreviations
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to produce globally applicable 3G mobile phone system, which would fulfill the
IMT-2000? requirements [Wireless|:

better spectral efficiency;

e higher peak data rates - up to 2Mbit/s - which would result in a choice
of channels with a bandwidth of 5MHz instead of 200kHz indoor and
384kbit /s outdoor of GSM;

e supporting multimedia applications, meaning the retransmission of voice,
arbitrary data, text, pictures, audio and video, which requires increased

flexibility in the choice of data rates;

e backwards compatibility to second-generation systems;

Release 99 (UMTS) is a very mature specification, providing an evolution path
for the GSM network and especially for its improvements GPRS (General Packet
Radio Service) and EDGE (Enhanced Data rates for GSM Evolution) [Am Evol 04].

The architecture of UMTS in whole is composed of three subsystems:

e radio access network (RAN)
e circuit switched (CS) core network (CN)

e packet switched (PS) core network.

To ensure the backward compatibility, access network of the new system con-
sists of two main components: GSM/EDGE radio access network (GERAN)
and UMTS terrestrial radio access network (UTRAN) [Hakaste]. UTRAN ar-
chitecture is depicted on the Figure 2.1.

UMTS is nowadays commercial deployed in many countries all over the world,

provided by hundreds of mobile operators and having more than 30 million

2International Mobile Telecommunications - 2000 is the global standard for 3G as defined

by International Telecommunication Union (ITU).
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Core
Network

uR

RNC - Radio Network Controller
UE - User Equipment

Figure 2.1: UMTS Radio Access Network

subscribers [UMTS Forum]|. Data rates considerably exceed the speeds of GSM
and reach the limit of 384 kbps. However, these seem not to be enough for some

demanding services, like video and music on demand. Hence the potential of

3G had to be further exploited.

Introduction of the new Release 5 aimed to increase the spectral efficiency,
improve user experiences and add new services [Nort paper|. One of the key
feature of this release is High Speed Downlink Packet Access (HSDPA), which
offers much higher capacity and downlink data rates. HSDPA is being described

in the following sections.
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2.2 HSDPA enhancements

HSDPA provides considerable improvements over Release 99 for the downlink,
achieved by employing of some new techniques. Possible peak data rates are
up to 14,4 Mbps and sector throughput is increased three- to five-fold, which
significantly raises the number of data users on a single frequency [Qualcomm].
Applying some small changes in the UTRAN translates into shorter connection

and response times.

Implemented methods like Adaptive Modulation and Coding (AMC), Hybrid
ARQ (Automatic Repeat Request), or Fast Scheduling, make this improvements
possible. Great advantage of HSDPA is also in the very cost effective deploy-
ment, since the incremental cost is mainly due to software/hardware upgrade
of the Node B and RNC (Radio Network Controller) [Qualcomm]. Mentioned

techniques are described in the following subsections.

2.2.1 General Channel Structure

One of the major innovations of HSDPA over Release 99 is the introduction of

three new channel types:

e High-Speed Downlink Shared Channel (HS-DSCH)
e High-Speed Shared Control Channel (HS-SCCH)

e High-Speed Dedicated Physical Control Channel (HS-DPCCH)

HS-DSCH

The HS-DSCH is a shared transport channel type very similar to the DSCH
in Release 99. As in case of DSCH, the channel is shared among all users in
some specific sector. However, while the scheduling in DSCH is done in the

RNC, scheduling in HS-DSCH is done closer to the user equipment, in the Node
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B. The purpose of the new channel is to be the main radio bearer, offering a

best-effort packet data service and supporting the technologies discussed below

[Parkvall].

Since HSDPA is based on the CDMA technology, channels are divided by the
means of Spreading Factor (SF) codes. HS-DSCH is shared in a number of SF
16 codes. In addition it is shared in the time domain. The corresponding time
unit is called TTI (Transmission Time Interval). Its duration is fixed and equal
to 2 ms [TS 25.308]. Since HSDPA is a best-effort service, all codes can be
assigned to one user during the TTI, or may be divided between other users.

The corresponding code and time structure is shown on the Figure 2.2.

SF= 1

Sk= 2

SF= 4

SF= 8

SF=16

- Channelization codes used
for HS-DSCH transmission
Eight codes (example).
Canfigurable.

Channelization

codes
A HS-DSCH TTI
=2ms

P time
— User i 3 User2 [ User3d [— Userd

Figure 2.2: The code and time structure of HS-DSCH [Park Eng]

The TTI of 2 ms in HSDPA is significantly lower than the 20 ms, 40 ms, or 80 ms
in Release 99. The advantage of shorter TTI is in better short round trip delay
between the UE (User Equipment) and the Node B. Furthermore it improves
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the link adaptation ability and is important for the Adaptive Modulation and
Coding (AMC) technique.

HS-DSCH is supported by two additional control channels described next.

HS-SCCH

The HS-SCCH is a control channel used for the downlink signaling between the
Node B and the UE. It is accompanied with each HS-DSCH before the beginning
of every TTI. Although it is a shared channel, it has a fixed rate of 60 kbps and
SF of 128 [Qualcomm]. Tt carries the information regarding when to receive the
HS-DSCH [Hiltunen]. The signaling message furthermore includes AMC and
HARQ (Hybrid ARQ) information [DSCH Design].

HS-DPCCH

Up to now, only downlink channels were discussed. For the uplink signaling, a
dedicated HS-DPCCH control channel with SF=256 is used. It carries two types
of information. Firstly, it is used for the HARQ acknowledgement (ACK/NACK
information), to indicate whether the corresponding transmission was success-
fully decoded. Secondly, it carries the CQI (Channel Quality Indicator), which is
used for reasons of link adaptation. Visual representation of described channels

is on the Figure 2.3.

2

e HS-DPCCH: CQI

HS-SCCH: DL Transfer Infarmation s

HS-DSCH: Data Transfer -

7WW:R~

e HS-DPCCH: ACK/NACK

Figure 2.3: New channels in HSDPA [Qualcomm]|



Chapter 2 - HSDPA 13

2.2.2 Adaptive Modulation and Coding

One of the basic features of HSDPA is the AMC. The fundamental idea is to
dynamically change defined Modulation and Coding Schemes (MSC) [AMC 3G].
Each MSC consist of some parameters like code rate, modulation scheme, number
of codes, or transmit power [Dotlling]. The aim is to continuously optimize these
parameters to the actual channel conditions. The decision about choosing the
optimum MSC is performed according to the report received from the CQI and

can change every TTI.

Encoding

The encoding scheme used in HSDPA is based on the Release 99 rate (1/3 Turbo

encoder), but adds some new alternatives (1/4 to 3/4).

Modulation scheme

Another way to adapt to channel conditions is to change the modulation scheme.
High order modulations offer higher data rate, but at cost of the robustness.
Thus when targeting a higher level of reliability, e.g. being closer to Node B,
system can offer higher modulation. Lower modulation is then assigned, when
facing worse conditions, e.g. being at the end of a cell. HSDPA standards intro-
duce an additional 16QAM modulation to the existing QPSK used in Release
99.

Number of codes

User equipments in HSDPA can support different number of codes: five, ten, or
fifteen. Assigning more codes to one user, results in higher data rates. In the
very special case, with 16QAM modulation, 15 codes and with no coding (code
rate is one), user is able to achieve the maximum specified peak data rate of

14,4Mbps. However, this case is very unlikely in the reality.
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Transmit power

The employment of AMC results in better utilization of the power of Node B.

2.2.3 Hybrid ARQ

Hybrid Automatic Repeat Request is another essential feature of HSDA. It
gives better performance than the ordinary ARQ error control method, which is

achieved by soft combining and using N-Channel Stop and Wait (SAW) protocol.

Retransmissions requests are sent in the case, when data is not correctly de-
coded. Otherwise, a positive acknowledgement is signaled through the uplink
dedicated physical channel [Parkvall]. The major gain of HARQ provides the
utilization of the erroneously received information. This is not discarded, but
combined together with retransmitted information, resulting in significantly im-
proved performance and robustness to link adaptation errors. The combining
of the retransmitted and erroneously transmitted soft information can be per-
formed in two main ways: Chase Combining (CC), or Incremental Redundancy

(IR).

e CC is the simpler way, requiring minimum complexity and buffer. The
retransmission is identical with the initial transmission, which was erro-

neously decoded.

e IR is a more complex scheme, requiring higher memory for the UE. In-
stead of sending simple repeats of the information, additional redundant

information is incrementally transmitted [HARQ).

Stop and Wait mechanism is used, to manage the retransmissions and acknowl-
edgements. In a single SAW protocol, the transmitter waits for an acknowledge-
ment after every sent information unit. However, there is a desire for better
exploitation of the waiting time between acknowledgements. For this purpose

N-channel SAW is used, whereby N different SAW protocols are working in
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parallel. While one channel is waiting for the acknowledgement, the remaining
N-1 channels continue to transmit. There are up to six such channels used for

advanced Node B implementation [Qualcomm)].

Another benefit of HARQ follows from the place of its implementation. It is
implemented at the MAC-hs (Media Access Control high speed) sub layer, which
is located at the Node B. On the other hand, the retransmission functionality
of Release 99 is implemented in the RNC. These outcomes with much lower

retransmission delay for HSDPA compared to Release 99.

2.2.4 Fast scheduling

As mentioned above, the HS-DSCH is a best-effort transmit channel, which is
shared among all users in a particular sector. Therefore, some part of the system
has to be responsible for the allocation of the channel resources among the users.
Fast Scheduler is the key element of HSDPA providing described functionality.
One of the advantages of scheduling in HSDPA over Release 99 is again in the
emplacement. As with the HARQ), also the scheduler is located in the Node B.

This leads to better performance and overall behavior of the whole system.

Scheduling method works in conjunction with AMC, choosing different sched-
ulers for different scenarios. Just as in the case of AMC, also the scheduler can
modify with each TTI. The chosen scheduler depends also on the CQI, which
provides the actual information about the channel. This enables the base station
to flexibly decide which terminal’s packets to send, considering the fairness and
throughput [Etoh]. Corresponding to them, there are several scheduling algo-
rithms. The most common are: Round Robin, Maximum Carrier to Interference

(C/1), and Proportional Fair.

¢ Round Robin is the easiest algorithm. The channel resources are equally

assigned to all communicating users [Ofuji]. Users are served regardless of
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their signal quality. The outcome is a very high degree of fairness, but at

the cost of system throughput.

e On the other hand, the Maximum C/I algorithm want to maximize
the overall throughput. Therefore this scheme chooses only users with
maximum C/I, i.e. the best channel conditions. It provides no degree of

fairness, penalizing some users who are for instance at the edge of the cell.

e A good trade-off between the fairness and throughput is provided by the
Proportional Fair algorithm. According to [Troels] it can ideally offer
100% capacity gain over Round Robin. The scheduler selects users ac-
cording to the ratio between their momentary data rates and their mean

data rate [Qualcomm].

There are some other algorithm techniques which take in consideration also the

users application (e.g. streaming-aware algorithms) [Lundevall].

2.3 Additional notes

There is a lot to write about the HSDPA technology. But the aim of this work
is to be rather more practical than theoretical. The corresponding description

of the measurements of this technology follows in chapter 4.

In the end, there has to be mentioned, that HSDPA is already deployed through-
out the world. In some countries (including Austria) already by the download
data rates of 7,2 Mbps. This is one of the reasons, why this technology was

chosen for the thesis.
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DIGITAL VIDEO
BROADCASTING -
HANDHELD

3.1 Introduction to DVB-H

Digital Video Broadcasting - Handheld is a digital standard which aims at mo-
bile video delivery. It was developed by DVB Project and released by ETSI
(European Telecommunications Standards Institute) in November 2004 as a
part of the DVB family of standards [FactSheet 07]. It was developed to an-
swer the users demand for Mobile TV service. DVB-H is nowadays (july 2007)
launched nationwide in only few countries (Albania, Finland, Italy, Vietnam)
[DVBServ], but there are many trials running in different cities (also in Vienna)
[MobKom]|. There are also several countries were the nationwide service launch
is planned for 2007 (France, Germany, Spain, etc.) [DVBServ]. Concerning the
availability of DVB-H receivers, yet there are many devices offered on the mar-
ket by various companies (Nokia [Nokial, Siemens [Siem|, LG [LGe], and more).
These important matters make it much easier for the possible future success of

DVB-H.

17
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3.1.1 Requirements

The principles behind DVB-H are based on former released and already world-
wide implemented standard DVB-T (Terrestrial), which specified the terrestrial
transmission of MPEG-2 based television services. DVB-T was designed to re-
place the basic analogue TV broadcasting and hence it should support mostly
fixed receivers. However, experimental results and deployments illustrated the
technology’s ability to also support mobile environments [Bennett]. In spite of
that, the DVB-T technology, which targets fixed, electrically powered receivers,
does not support battery-limited handheld devices. For this reason, a new stan-
dard had to be developed to deal with issues related to mobile environment.
DVB-H is an extension of DVB-T and introduces some new features to fulfill

all expected requirements [TR 102 377], [Kornfeld 05]:

e Small power consumption
Receivers used in this systems are primarily portable (hand-held) and
mobile. The term hand-held includes equipments like multimedia mobile
phones, personal digital assistants (PDAs) and pocket PCs. Consequen-
tially, such a device is considered to be battery powered and therefore
the DVB-H receiver must avoid high power consumption. Therefore, this
transmission system should provide possibility to turn off some part of the

reception chain to increase the holding time of the battery [Torshizi 06].

e Handover
As mentioned above DVB-H receivers should be mobile. To guarantee
the mobility of users, this system should be able to ensure DVB-H service

while leaving a given transmission cell and entering a new one.

e Flexibility and Scalability
DVB-H is expected to be served in different scenarios. Not only indoor and

outdoor locations should be considered, but also pedestrian and moving
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vehicles environments. The transmission system should offer enough flex-
ibility and scalability to allow the reception of DVB-H services at various

speeds, while optimizing transmitter coverage [EN 302 304].

e Robustness and Man Made Noise
Mobile channels suffer of fading and Doppler effects. In addition, receivers
are mostly used in areas with high levels of man-made noise. Hence, the
transmission system should provide some means to mitigate these effects.
In other words, DVB-H standard should ensure some robustness to their

services.

e Various transmission bands and channel bandwidths
If a transmission system aims to be served in various part of the world,
it should offer the flexibility to be used in various transmission bands and

channel bandwidths.

It is also necessary to mention the expectation that DVB-H will provide useful
data rate of up to 10 Mbps. The transmission channels are the regular UHF
band or alternatively VHF III band [Kornfeld 05].

3.1.2 Overview of the System

In order to meet the above requirements, DVB-H contains a bundle of new
extensions over DVB-T, however they can share the same multiplex. For this
purposes an encapsulation mechanism called MPE (Multi-Protocol Encapsula-
tion) is used, which makes it possible to transport to data protocols on top of
MPEG-2 transport streams. In conjunction with this mechanism, a forward
error correction (FEC) scheme is used. This mechanism improves the mobility
and the robustness of the signal by employing powerful channel coding and time

interleaving.

Another key feature aims to improve battery consumption. It uses power saving

algorithm based on time multiplexing of different services. This technique, called



Chapter 3 - DVB-H 20

time slicing, not only saves the battery, but also allows smooth and seamless
frequency handover. DVB-T provides two OFDM transmission modes, namely
2K and 8K, for different network topologies. These modes comprise the infor-
mation about the OFDM parameters, like the overall number of carriers (FFT
size), modulated carriers, carrier spacing, etc. DVB-H introduces additional
4K mode (with 4 thousand carriers). This is useful for better cell design and
network planning flexibility. To further improve the robustness in the mobile

environment, in-depth symbol interleaver for the 2K and 4K are introduced.
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Figure 3.1: DVB-H System, including added new features [FactSheet 07]

All these new features (as shown on Figure 3.1) concern basically only the

physical and the link layer. More detailed explanations follow in below.
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3.2 Innovations in the physical layer

The physical layer of DVB-H is performed by the means of the DVB-T standard
using OFDM modulation [Kornfeld 05]. It consists of the DVB-T modulator and
demodulator. This means that the DVB-H data streams are absolutely compat-
ible with basic DVB-T transport streams. This feature results in a guarantee
that DVB-H streams are able to be broadcast not only in networks totally ded-
icated to DVB-H services, but also in networks where DVB-H streams are only
additions to DVB-T streams. To distinguish a DVB-H signal from an DVB-T
signal, one mandatory new feature is introduced in the physical layer of DVB-H
- it is the TPS signaling for the DVB-H streams in the multiplex. To fulfill other
characteristic requirements for mobile environment, techniques like time slicing

or MPE-FEC are put onto higher, link level.

For reasons of backwards compatibility, there was an ambition to introduce just
few changes in DVB-H. Nevertheless, there are some other new features in the
physical layer, which are however not mandatory. A new OFDM 4K mode and

an in-depth interleaver are introduced in DVB-H.

3.2.1 Signaling in the TPS-bits

TPS-bits are known already from the DVB-T standard. However, DVB-H cre-
ates some new elements of the TPS channel. The purpose of these additional
TPS-bits is to signal the presence of time slicing and MPE-FEC as well as
the 4K mode option. Broadcasting of the cell identifier, which was optional in
DVB-T, is in DVB-H made obligatory [TR 102 377]. TPS-bits are very robust
and in addition to that, demodulating of the carried information can be pro-

cessed much faster than demodulating of SI-tables (Service Information) or the

MPE-header.
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3.2.2 OFDM transmission modes

DVB standards are based on OFDM transmission system. It is advantageous
to use different OFDM parameters for different environment scenarios. The set
of OFDM parameters are called modes. DVB-T uses two modes, particularly
2K and 8K mode, which correspond to about two thousand and eight thousand
OFDM carriers respectively. Since the 8K mode has four times as many carriers
than 2K, its carrier spacing is four times lower. This means that 8K mode
can offer better maximum distance of transmitters, but consequently it is also
more sensitive to Doppler effects. On the other hand, in the 8K mode, the
mobile receiver process the transmission at lower speeds compared to 2K. The

comparison between OFDM transmission modes is shown in the Table 3.1.

Mode

OFDM parameter 2K 4K 8K
Overall carriers (= FFT size) 2048 4096 8192
Modulated carriers 1705 3409 6817
Useful carriers 1512 3024 6048
OFDM symbol duration (us) 224 448 896
Guard interval duration (us) 7,14,28,56 14,28,56,112 28,56,112,224
Carrier spacing (kHz) 4.464 2.232 1.116
Maximum distance of transmitters (km) 17 33 67

Table 3.1: Signal parameters for possible DVB-H OFDM transmission modes
[Kornfeld 05]

Since the network planning of DVB-H carries some additional challenges, it is
very useful if the system provides more flexibility. That is why DVB-H intro-
duces an additional OFDM transmission mode (4K) using 4096 FFT size, which
represents a compromise solution between the 2K and 8K modes. It suppose to
fill the gap of DVB-T modes and thus should be the alternative solution for the

trade-offs between coverage area and mobility [Bennett], [Faria 02].
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3.2.3 In-depth interleaver

Since 8K mode has the highest number of carriers among all three modes, it
requires more memory to perform interleaving than 2K and 4K. Roughly speak-
ing, since the number of carriers for 8K is four and two times the number of
carriers for 2K and 4K respectively, interleaving memory needed is four and two
times lower. The idea behind in-depth interleaving is to allow the full utilization
of the 8K memory also for the 4K and 2K modes. This leads to an increase of
memory for these modes. Since 8K mode uses one OFDM symbol, the in-depth
uses four consecutive OFDM symbols for the 2K mode and two consecutive

symbols for the 4K mode. This relation is shown on the Figure 3.2.

There is also another way of interleaving, denoted as native interleaving [KKornfeld 05].
Unlike in-depth interleaving, native interleaving does not use the full size of the

memory for all modes, but uses the individual length of the corresponding mode.

8K
OFDM symbol

4K 4K
OFDM symbol OFDM symbol

2K 2K 2K 2K
OFDM symbol||OFDM symbol| OFDM symbol||OFDM symbol

memory of the 8K symbol interleaver

Figure 3.2: In-depth symbol interleaving [Kornfeld 05]

The advantage of in-depth symbol interleaving is the improved reception in

fading channels and better protection against impulse interference.
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3.3 Link Layer

As shown above, DVB-H uses almost the same physical layer as DVB-T, with
only small extensions. That is the reason why DVB-H can be backward com-
patible with DVB-T [DigiTAG 05]. However, there are still some major require-
ments to be fulfilled for the ability of mobile video delivery. These are addressed
to the link layer. This layer provides the most significant changes compared to

DVB-T.

Given the requirement of power saving, DVB-H introduces a special technique
called time slicing. It results in remarkable battery saving effect and additionally
allows soft handover. To solve the issues of robustness and poor signal reception
conditions, a new error protection scheme called MPE-FEC (Multi- Protocol En-
capsulation Forward Error Correction) is introduced (graphically shown on the

Figure 3.3). This scheme employs Reed-Solomon channel coding.

peeeeneeenQWer control
H —|  Time Slicing
DVB T signal | DVB-T Demodulator| | P77 777777777 DVB-H
RF input EN 300 744 :
8K 2K = MPE - FEC = »  Terminal
4K, TPS datagrams
DVB-H Demodulator 15 .
packets

Figure 3.3: Conceptual structure of DVB-H receiver [EN 302 304]

These major extensions are described in the following sections.

3.3.1 Time Slicing

In traditional continuous mode (as used in DVB-T MPEG-2 data transmis-

sion), several services (e.g. TV programs) are transmitted in one transport
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stream. The services are multiplexed together and transmitted in parallel
[Henriksson 05]. Therefore, it is not possible to receive only one transport
stream, but the receiver has to process all the data (see Figure 3.4) and af-
terwards choose desired stream (service). This obviously leads to high power

consumption.

Channel capacity

Service 1

Service 2
Service 3

Service 4

p Time

Figure 3.4: Continual transmission structure [Kangas 06]

The objective of time-slicing is to reduce the average power consumption of
the terminal and enable smooth and seamless service handover [EN 302 304].
The technique is based on the TDM (Time Division Multiplexing), which has
long been used in communications systems for providing services to different
users in different time slots over common media [Yang Song 04]. Services are
not longer transmitted in parallel, but consecutively in time slots, called bursts.
These bursts have not necessarily the same duration, which is illustrated on the

Figure 3.5.

From this follows, that the full DVB-H data capacity is always used only by
one service for a fraction of time (say 200ms). After this, another service is
transmitted and then another, and so on. After couple of services, the first
service is again in the air. This is shown on the Figure 3.6, where the period

between sending the same service for this example is 4s.

Hence, in contrast to DVB-T, it is possible to receive only the desired service.
Receiver is receiving data only in a short time, while processing the desired

service burst. During the waiting time for the next burst, it is turned off. Using
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Figure 3.5: Time slicing structure [Kangas 06]
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Figure 3.6: DVB-H and DVB-T services [Henriksson 05]

this method, more than 90% of the power can be saved [Kornfeld 05].

Delta - T method

Apparently, there has to be some mechanism to ensure that the receiver will
turn on at the right time, while desired burst is awaited. For this purpose a
Delta-T method is used. The task of this method is to indicate the start of
the next burst (Figure 3.7). Every burst carries information about the arriving
time of the next one. Delta-t timing information is relative, i.e. it tells only the
time from the start of the currently received MPE section to the start of the
next. This allows time slicing being insensitive to any constant delays within the
transmission path. However, the accuracy of Delta-T can be decreased by jitters,
having some impact on the achieved power saving. According specification, the

accepted Delta-T Jitter for time slicing is 10ms, which should be easily achieved
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[EN 301 192].

Delta-T
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sections

Figure 3.7: Delta-T method [EN 301 192]

Another benefit of using relative delta-t time instead of absolute, is that there
is no need for special synchronization between the transmitter and receiver

[Bennett).

Burst parameters

There has been always an effort from two sides for getting better support of
various services in mobile environment. Firstly, it is a still present effort of
increasing the transmission data rates. Secondly, it is an ambition for getting
better content compression schemes (e.g. video compression), roughly speaking,
it is an effort for decreasing the data rates of the content. The fact that trans-
mission data rates in today’s mobile networks are much higher than data rates

needed for delivering ”high quality” video! allows the using of time slicing and

"High quality” video was defined in chapter 1 as any video with data rate higher than
200 kbps
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thereby battery saving.

Receiver is "listening” to the data only a fraction of time (Burst duration), in
the remaining time it is turned off. During receiving, the data is stored in the
buffer and played during the Off-time. Burst size corresponds to the number
of network layer bits within a burst. Clearly, it must be less than the buffers

memory available in the receiver.

Burst Bandwidth is approximately the momentary bandwidth of the burst, while
Constant Bandwidth is the average bandwidth needed for transmission of the
same information. The Off-time is the time between two consecutive bursts.

These parameters are graphically displayed on the Figure 3.8.

Burst
duration Off-time
Burst size
A Constant

bandwidth

Burst bandwidth

5

Figure 3.8: Burst parameters [EN 301 192]

Handover issue

Beside great power savings, Time slicing brings another advantage. This is the
support of handover. During the off periods, the receiver is able to scan other
available frequencies in order to find best alternative, or to execute the handover
[Far Hen 06]. This allows receiver a seamless handover, which is very desirable
in DVB-H system. More about the DVB-H handover issue is described in the
IEEE Magazine Survey [IEEE Survey 06].
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3.3.2 MPE - FEC

Multi-Protocol Encapsulation

The Multi-Protocol Encapsulation (MPE) is a method for providing a transport
of data network protocols on top of the MPEG-2 TS (Transport Streams) in
DVB networks [MPE Sim 05]. IP datagrams are encapsulated into MPE sec-
tions. Multiple MPE sections create an Elementary Stream (ES), which is a
stream of MPEG-2 TS packets with a corresponding program identifier (PID)
[Far Hen 06]. Each MPE section consists of a header, cyclic redundancy check
(CRC) tail and a payload, which is actually the I[P datagram carried by MPE

section. The complex protocol stack is shown on the Figure 3.9.

IP

MPE-FEC frame

MPE MPE-FEC
sections sections

MPEG-2 transport stream

DVB-T

Figure 3.9: Protocol stack of DVB-H [Sams]

Improvements over DVB-T

DVB-T was designed for receiving TV services mostly on fixed receivers, with big
antennas. However, it is possible to receive DVB-T services in moving vehicles,
but in that case, the need for appropriate antenna size is even greater. There are
two stages of error protection used in this standard. It is the inner convolutional
code and outer Reed-Solomon code [Kornfeld May 07]. Although these already

provide a strong protection, it is not sufficient for the mobile DVB-H scenario.
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In contrast to DVB-T, receivers in DVB-H networks are generally in motion and
are characterized by small antennas. In addition to that, signal transmission has
to deal with multipath effects like frequency selective fading and Doppler effects.
Of course, in such scenarios, one can assume a high level of man-made noise.
This leads to very poor reception conditions. Hence, the error protection used in
DVB-T is not satisfactory and therefore a new forward error correction (FEC)
scheme, called MPE-FEC, is introduced. The aim of the added protection is to
reduce SNR requirements for handheld reception and to increase the mobility
speed of the terminals. All stages of error protection in DVB-H are shown on

the Figure 3.10.

MPEG-2
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Figure 3.10: Different stages of error protection in an DVB-H transmitter block
[Kornf Perf 06]
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MPE-FEC together with Time slicing method, form the two main improve-
ments of DVB-H. They also closely link up, since one burst, as used in time
slicing, corresponds to one MPE-FEC frame. In contrast to Time slicing, which
is set up to be mandatory in DVB-H, the use of MPE-FEC is optional. Neverthe-
less, because of the fully backward compatibility, MPE-FEC ignorant receivers
in DVB are able to receive MPE streams. Moreover, for each elementary stream
in DVB-H, it is also possible to decide whether MPE-FEC is used or not. This is
easily achievable because the IP data and parity data are separated as described

in the next section.
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MPE-FEC frame

MPE-FEC frame is organized as a matrix with constant number of 255 columns
and a variable number of rows. The information about the number of rows is
carried in the service information (SI) and gains the common values of 256, 512,
768, or maximum 1024 [Far Hen 06]. Since one cell of the frame corresponds to
one byte, a MPE-FEC frame (and thus a time sliced burst) of maximum size

(with 1024 rows) would be almost 2 Mbits large.

MPF-FEC frame is composed of two parts; Application data table (ADT) with
191 columns and RS (Reed Solomon) data table with remaining 64 columns (see
Figure 3.11). The data itself, carried in form of IP datagrams, fill the ADT.
These are the information bits, which are intended to be protected. In the
RS data table is the parity information calculated from the ADT using a Reed

Solomon code.
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Figure 3.11: MPE-FEC frame [Lopez 06]
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