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Delivery of Broadcast Services in 3G Networks
Frank Hartung, Uwe Horn, Jörg Huschke, Markus Kampmann, Thorsten Lohmar, and Magnus Lundevall

Abstract—TV is regarded as a key service for mobile devices.
In the past, Mobile TV was often associated with broadcast trans-
mission. However, unicast technology is sufficient in many cases,
especially since mobile users prefer to access content on-demand,
rather than following a fixed schedule. In this paper we will focus
on 3G mobile networks, which have been primarily optimized
for unicast services. Based on a traffic model we will discuss the
capacity limits of 3G networks for unicast distribution of Mobile
TV. From the results it can be concluded that the capacity is suf-
ficient for many scenarios. In order to address scenarios in which
broadcast is a more appropriate technology, 3GPP has defined a
broadcast extension, called Multimedia Broadcast Multicast Ser-
vice (MBMS). MBMS introduces shared radio broadcast bearers
and has thus the capabilities of a real broadcasting technology.
We will give a short overview about MBMS including a discussion
on MBMS capacity. Since MBMS is primarily a new transport
technology, additional application and service layer technologies
are required, like electronic service guide and service protection.
These mechanisms are standardized by the Open Mobile Alliance
(OMA) and are favorably combined with MBMS or 3G unicast
distribution in order to create complete end-to-end solutions. In
order to optimize a system for delivery of broadcast services over
3G networks, the advantages of broadcast and unicast should be
combined. We argue that hybrid unicast-broadcast delivery offers
the best system resource usage and also the best user experience,
and is thus favorable not only for broadcast delivery in 3G net-
works, but actually also for non-cellular broadcast systems like
DVB-H or DMB.

Index Terms—Broadcast, MBMS, mobile broadcast, mobile TV,
multicast, UMTS, unicast, 3G, 3GPP.

I. INTRODUCTION

MOBILE networks have emerged from voice telephony
networks to multimedia delivery networks. It is expected

that mobile data traffic will exceed voice traffic by the year
2010. Today, mobile network operators are already offering
attractive multimedia download and streaming services. Mobile
TV is one of the services that are deployed today. In analogy
to legacy terrestrial TV, Mobile TV is often associated with
one-to-many, or broadcasting, technology. This connection
is however in fact not imperative. Since 2004, many cellular
network operators have launched Mobile TV services over
existing 2.5G and 3G networks, long before the introduction
of 3G broadcast technologies, which are expected to be com-
mercially available from 2007. Recognizing the high end-user
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demand for Mobile TV services, service providers and network
operators realized they could not wait for 3G broadcast. There-
fore they started deploying Mobile TV services over unicast 3G
networks using packet-switched streaming (PSS [3]) as the un-
derlying service technology. PSS is nowadays supported by all
terminal vendors and offers decent quality streaming services
for live or on-demand services. Further quality improvements
have been achieved by the introduction of the advanced H.264
video codec and by the introduction of streaming bearers with
specific Quality-of-Service (QoS) support.

In the future, quality and capacity in 3G networks will im-
prove further with high-speed access technologies like High-
Speed Downlink Packet Access (HSDPA). It is already foresee-
able that in the near future Mobile TV services can be delivered
using PSS and unicast bearers at the same quality as over dedi-
cated non-cellular broadcast technologies like DVB-H.

3G unicast offers the possibility to seamlessly combine linear
TV with on-demand channels. Unicast also has the advantage
that network resources are only consumed when a user is ac-
tively using the Mobile TV service. Further, with unicast, the
network can optimize the transmission for each user individu-
ally. The main drawback of unicast is its unfavorable scaling
behavior if there are many users watching TV at the same time.

In order to cope with high numbers of simultaneously
watching Mobile TV users, broadcast is clearly a more appro-
priate transport technology. The work on adding broadcast/mul-
ticast support to 3G networks started back in 2002 when both
3GPP and 3GPP2 created work items for broadcast/multicast
services in GSM/WCDMA and CDMA2000, respectively.
In 3GPP the work item is called Multimedia Broadcast and
Multicast Service (MBMS). In 3GPP2 it is called BroadCast
and MultiCast Service (BCMCS). The specifications of 3G
broadcast services were functionally frozen in 2004/2005 [12],
[16]. Both MBMS and BCMCS are introducing only small
changes to the existing radio and core network protocols. This
reduces the implementation costs both in terminals and in the
network and makes cellular broadcast a relatively cheap tech-
nology if compared to non-cellular broadcast technologies like
DVB-H, which require new receiver hardware in the terminal
and significant investments into the network infrastructure. An-
other advantage of cellular broadcast is that mobile operators
can retain their established business models and end consumer
relationship.

MBMS and BCMCS focus on the transport aspects of broad-
cast and multicast services. Related application and service
layer functionality is defined in the Open Mobile Alliance
(OMA), in the Mobile Broadcast Services 1.0 (BCAST 1.0)
specification, to be finalized beginning of 2007 [17], [18].
BCAST 1.0 addresses for instance features like content pro-
tection, service and program guides, transmission scheduling,
notifications, and service and terminal provisioning. It enables,
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besides TV like services, also push services like podcasts
and clip casts. OMA BCAST 1.0 is agnostic with respect to
the underlying broadcast/multicast distribution scheme, and
covers MBMS and BCMCS as well as non-cellular digital
broadcasting systems like DVB-H.

In this paper we will first look at mobile broadcast services
from an end-user perspective. We will then look in greater de-
tail how broadcast services are delivered today in 3G networks,
using unicast streaming. Based on a usage model and perfor-
mance simulations for unicast radio bearers, we give an estimate
on how many users could be supported.

Then we will give an overview over MBMS as a 3G cellular
broadcast technology, and over service layer functionality
defined by OMA. Thus, we describe how broadcast tech-
nology is used in mobile networks as a complement to unicast
distribution.

We will further discuss the integration of unicast and broad-
cast as a new concept to address the need of evolved broadcast
services in 3G networks. We argue that the integration of unicast
and broadcast is essential not only for 3G broadcasting services,
but for all mobile broadcasting systems discussed today.

Finally, we give an outlook over the development of broad-
casting technology in 3G networks.

II. DELIVERING BROADCAST SERVICES TO MOBILE USERS

In this section we first discuss the particular needs of mobile
users and why Mobile TV services should be offered in a dif-
ferent way than traditional TV services. The observations made
here are the foundations of the capacity calculation done later
in this section.

We then give an overview about the packet-switched
streaming standard PSS, developed by 3GPP, which is today
the primarily used standard to deliver broadcast services in
cellular networks.

After that we present radio performance results for existing
and upcoming 3G radio bearers like WCDMA and HSDPA in
relation to streaming services.

Based on those performance figures we will apply traffic
theory to derive an estimate on the number of mobile sub-
scribers that could be served by a Mobile TV service delivered
over 3G today.

A. Traditional Versus Mobile TV

Traditionally, TV services are defined by their program
schedule. Viewers have been educated to adapt to the schedule
and to tune into their favorite programs at specific times. In this
way, the service offering creates demand for the same content
by many users at the same time. Thus broadcast transmission is
the right choice for delivering the services.

From Mobile TV trials it became evident that mobile users
show different usage patterns. Mobile users are not willing to
adapt to a given program schedule. They rather follow their own
schedule, and TV has to fit into that schedule. The only excep-
tions are live events of high interest. These could be scheduled
events like sports competitions or championships, concerts etc.,
but also disaster alarms or breaking news. In all other cases, mo-
bile users prefer quick on-demand access to the type of TV con-
tent they are currently interested in. Only by chance this might

be a program currently “on air”. Interestingly, traditional TV
users have similar needs, and are decreasingly prepared to ac-
cept a given program schedule. Today personal hard-disk video
recorders and associated services are addressing this need. In
the future traditional broadcast offerings will be complemented
by IPTV services offered over unicast.

Another important observation is that mobile users have sig-
nificantly less time to spend on watching TV. This is indicated
by today’s average Mobile TV service consumption times. On
average, Mobile TV services are used around 5 minutes per day,
as we know from trials. Although service usage will increase
over time, 30 minutes per day is regarded as a realistic limit.
With this in mind, quick access to wanted TV content without
wasting time by browsing through the available channels gets
even more important.

From these observations it can be concluded that “on-de-
mand” access to personalized TV content better addresses the
particular needs of mobile users than a fixed schedule, like in tra-
ditional broadcast TV. Nevertheless, traditional TV usage pat-
terns like browsing through the available channels have to be
supported as well. Secondly, since mobile users follow their own
schedule, viewing peaks, e.g. situation where many users de-
mand the same channel at the same time, are less likely, except
for the special cases mentioned earlier.

Due to the shorter overall usage time per day, and a tendency
that mobile users want short programs of a few minutes rather
than half-hour shows, content production also needs to change.
Formats produced for legacy linear TV are not well suited for
Mobile TV, where short clips and more support for interactivity
are demanded.

B. The 3GPP Packet-Switched Streaming Service (PSS)

The packet-switched streaming standard PSS, developed
by 3GPP, is today the primarily used standard for unicast
streaming in cellular networks. PSS provides an entire
end-to-end streaming and download framework for mobile
networks spanning from server files for storage of streaming
sessions, streaming servers for delivery, to streaming clients
for reception. The main specification [4] defines protocols for
servers and clients and all media codecs, whereas the 3GP file
format [5] defines a storage format for servers and clients.

The main scope of PSS is to define an application providing
synchronized streaming of timed media, such as speech/audio,
video and text. However, PSS also defines a Synchronized
Multimedia Integration Language (SMIL)-based application
for multimedia presentations, combining the above-mentioned
audiovisual streams with downloaded images, graphics and
text, as well as an application for progressive download of 3GP
files containing audiovisual presentations.

PSS also standardizes an optional mechanism providing
confidentiality and integrity protection for content by means
of stream and file encryption and OMA Digital Rights Man-
agement (DRM) 2.0 based key management including rights
expressions in Rights Objects. Other features of PSS include
media selection, where a client may choose from alternative
bitrates and languages, and quality of experience reporting,
which gives service providers means to evaluate the end user
experience.
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Fig. 1. Protocol stack for 3GPP streaming.

3GPP PSS is mainly based on protocols developed by IETF,
as seen in the protocol stack in Fig. 1. The main protocols in-
clude the Real Time Streaming Protocol (RTSP) [6] for session
control, the Session Description Protocol (SDP) [7] for presen-
tation descriptions, and the Real-time Transport Protocol (RTP)
[8] for media transport. In addition HTTP is used for download
of scene and presentation descriptions.

In addition to defining transport mechanisms, the scope of
PSS is to define a set of media codecs. Adaptive Multirate
(AMR) and H.263 are the required codecs for clients sup-
porting speech and video, respectively. For higher qualities
PSS recommends more advanced codecs, such as Extended
AMR-WB (AMR-WB+) and Enhanced aacPlus for audio and
Advanced Video Codec (AVC), also known as H.264, for video.
Other codecs include AMR-WB for wideband speech, MPEG-4
Visual for video, JPEG, GIF, and PNG for images and graphics,
timed text for visual annotations of timed media, Scalable
Vector Graphics (SVG) for vector graphics, and SP-MIDI for
synthetic audio.

PSS includes several features, which aim at further quality
improvements for streaming over mobile networks. One of
those features is called Adaptive Streaming [9]–[11]. Adaptive
Streaming enables a streaming service to adapt to varying
network conditions. This is necessary because for continuous
playout of a multimedia stream the transport network has to
provide a throughput which is at least as high as the rate of
the encoded content. Although best-effort networks can often
provide the required bit rate, they cannot guarantee avail-
ability of the required bit rate during the whole lifetime of a
session. Especially mobile links are often characterized by a
varying throughput due to the nature of the wireless channel.
In addition, different wireless access technology (e.g. General
Packet Radio Service (GPRS) versus WCDMA versus HSDPA)
poses different maximum limits on the average available bit
rate such that inter-system handovers (e.g. from WCDMA to
GPRS and vice versa) will result in significantly different link
characteristics.

One issue of the existing PSS standard is that it does not
support fast channel switching (“zapping”) as required for the
delivery of linear TV. In solutions based upon PSS it typically
takes 8 to 10 seconds to switch from one channel to the next.
A channel switch in PSS requires tearing down the ongoing

TABLE 1
RADIO NETWORK SIMULATION PARAMETERS

streaming session, setting up a new one, and filling the client
buffer with enough data before playback starts. This can be
avoided by sharing one streaming session for all channels
used during a Mobile TV session. If a user selects a partic-
ular channel, the selected channel number is signaled to the
streaming server which then immediately starts to forward
the media data of the new channel to the client. In this way
channel switching delays can be reduced to less than 5 seconds.
Standardization of the required extensions is ongoing and it
is expected that support for fast channel switching will be
available in the upcoming release of 3GPP PSS.

C. UMTS Streaming Performance

In the first generation UMTS networks, called Release 99,
PSS is implemented using a dedicated radio channel for each
user, i.e. the radio resource is permanently allocated to the user
during the streaming session. In the following we assume a
single WCDMA carrier of 5 MHz bandwidth. For a channel data
rate of 128 kbps, a capacity of 5-6 Erlang can be supported per
cell. Note that operators today have typically licensed two car-
riers in the 2 GHz band. Additional spectrum of 70 MHz for up-
link and downlink, respectively, will be available for licensing
during 2007 in the 2.6 GHz band.

Recently, network operators have started to upgrade their ex-
isting networks with HSDPA, which has been standardized by
3GPP in Release 5. HSDPA allows for significantly increased
user data rates and cell capacity. Radio network simulations
have been performed to determine the HSDPA streaming ca-
pacity using parameters given in Table 1. The parameters are
typical for an urban environment with users moving outdoors at
a speed of 3 km/h.

Further assumptions not captured in the table are the use of
code multiplexing with 10 multi-codes per cell and mobile ter-
minals capable of receiving 5 codes (Category 6); the use of
maximum rate scheduling, and the user of an advanced GRAKE
receiver.

Fig. 2 shows the fraction of satisfied users versus the Er-
lang capacity per cell sector. A user is satisfied if the streaming
playout buffer is empty—and thus a playout interruption oc-
curs—at most 1% of the time. The figure shows results with and
without receiver antenna diversity in the terminal (“RxDiv”).



HARTUNG et al.: DELIVERY OF BROADCAST SERVICES IN 3G NETWORKS 191

Fig. 2. User satisfaction for streaming over HSDPA.

TABLE 2
HSPDA CAPACITY (FOR 95% SATISFIED USERS)

Terminal receive antenna diversity is not a requirement for
3GPP Release 6, but is likely to be introduced during 2007/
2008 in order to increase the availability of high data rates under
locally varying coverage. For 95% user satisfaction the Erlang
capacities shown in Fig. 2 are summarized in Table 1. It can
be seen that the capacity almost doubles by employing receiver
antenna diversity. Apparently the capacity scales almost linearly
with the data rate in the case of receive antenna diversity.

By using the results summarized in Table 1 we calculate in
the following the capacity limit of HSDPA if used for delivering
Mobile TV services. We assume that each channel of the Mobile
TV service is delivered at 128 kbps. We furthermore assume that
100% of the addressable market corresponds to a user density
of 600 users per cell. This is a typical user density for dense
urban areas. By assuming terminals without receiver diversity
we obtain for a 95% coverage target from Table 2 a capacity of
10 Erlang. From 10 Erlang we can now calculate the capacity
limit of a Mobile TV service in relation to the service usage
time. The result is shown in Fig. 3. For instance, assuming a TV
usage time of 30 minutes per 12 hour (e.g. between 7 a.m. and
7 p.m.), the capacity limit of HSDPA is reached if 40% of the
customers are subscribed to the MobileTV service.

40% is a relatively large number considering the fact that in
reality not all users have high-end multimedia terminals. Fur-
thermore, market studies have shown that the current end-user
interest in Mobile TV is between 10% and 15%. This clearly in-
dicates that unicast streaming over UMTS is a viable option to
deliver Mobile TV services today and for some time into the
future. More detailed results can be found in [26]. Note that
the result of Fig. 3 contains the implicit assumption that ser-
vice usage is equally spread over time. Although this is a good

Fig. 3. Addressable market versus TV usage for mobile TV delivery at 128
kbps over HSDPA.

approximation for typical mobile scenarios there might be situ-
ations in which many users want to access a Mobile TV channel
at the same time. In this case, unicast delivery will not work any
longer and broadcast would be a more appropriate delivery tech-
nique. However, whether it is more efficient to deliver a channel
over unicast or over broadcast heavily depends on the current
demand and therefore cannot be easily decided a priori. An op-
timal Mobile TV delivery system combines unicast and broad-
cast delivery in an efficient way. After giving an overview about
MBMS and OMA BCAST we will come back to that important
aspect towards the end of the paper.

III. MULTIMEDIA BROADCAST AND MULTICAST SERVICES

(MBMS)

A. MBMS Overview and Architecture

The 3rd Generation Partnership Project (3GPP) has defined a
Multimedia Broadcast and Multicast Services (MBMS) feature
for UMTS systems [12], [13]. The key motivation for integrating
multicast and broadcast extensions into mobile communication
systems is to enable efficient group related one-to-many data
distribution services, especially on the radio interface. The basic
idea is to use multicasting in the service layer and core network
in order to save on server and transmission network capacity. On
the radio interface the multicast service can be provided with a
broadcast transmission as mentioned above. Within the UMTS
radio access network MBMS integrates so-called point-to-mul-
tipoint bearers for broadcast in cells with a high number of group
members with point-to-point bearers for unicast. Thus a ser-
vice delivered over MBMS typically uses broadcast transmis-
sion within geographical areas of high density of group mem-
bers and point-to-point transmission in cells with low number
of group members.

Fig. 4 indicates which nodes of the 3GPP architecture are af-
fected by MBMS. It also highlights the new Broadcast/Multi-
cast-Service Center (BM-SC) function, which is responsible for
providing and delivering cellular broadcast services. It serves as
an entry point for content delivery services that use MBMS. Part
of the functionality provided by the BM-SC is comparable to
that of an IP encapsulator in DVB-T/DVB-H services. However,
due to the dynamic bearer management in MBMS, the BM-SC
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Fig. 4. MBMS architecture.

functionality goes beyond that of an IP encapsulator. Towards
the mobile core network it sets up and controls MBMS transport
bearers and it can be used to schedule and deliver MBMS trans-
missions. The BM-SC also provides service announcements to
end-devices. These announcements contain all necessary infor-
mation, such as multicast service identifier, IP multicast ad-
dresses, time of transmission, media descriptions, that a terminal
needs in order to join an MBMS service. The BM-SC can also
be used to generate charging records for data transmitted from
the content provider. It also manages the security functions.

MBMS is split into the MBMS bearer service [14] and the
MBMS user service [15]. The MBMS bearer service addresses
MBMS transmission procedures below the IP layer, whereas the
MBMS user services addresses service layer protocols and pro-
cedures. The MBMS bearer service provides a new point-to-
multipoint transmission bearer, which may use common radio
resources (i.e. broadcast) in cells of high receiver density. The
MBMS bearer service is supported by both UMTS Terrestrial
Radio Access Network (UTRAN) and GSM/EDGE Radio Ac-
cess Network (GERAN).

MBMS in GERAN may use up to 5 timeslots in downlink for
a single MBMS channel. Depending on the modulation scheme
and the network dimensioning, a channel capacity between
32 kbps and 128 kbps can be achieved. The total cell capacity
depends on the number of supported frequencies of that cell.

The MBMS Bearer Service offers a Broadcast, an Enhanced
Broadcast and a Multicast Mode for data delivery. The main
difference between the Modes is the level of group management
in the radio- and core-network.

The MBMS Broadcast Mode offers a semi-static Point-to-
Multipoint distribution system. The BM-SC determines the
broadcast area when activating the distribution bearers. The
network has no information about active receivers in the
Broadcast Area and cannot optimize any resource usage. The
MBMS Broadcast Mode is very similar to existing non-cellular
Broadcast systems like DVB-T/DVB-H.

The Enhanced Broadcast Mode allows a more resource effi-
cient delivery than the Broadcast Mode. Terminals indicate ser-
vice “joining” up to the Radio Network. The Radio Network
may perform the so-called “counting” or “re-counting” proce-
dures to determine the number of terminals in each cell (see

Fig. 5. MBMS modes and delivery methods.

Fig. 5). This number is used to decide which type of bearer
is used. It is more efficient to use the user-dedicated channels
or shared channels of HSDPA if only a low number of termi-
nals shall be served in a cell, because the transmission on these
channels can be tailored to the radio reception conditions of the
respective terminals.

A point-to-multipoint MBMS Traffic Channel (MTCH) is
only efficient if a higher number of terminals are located in
a cell. The switching threshold between point-to-point and
point-to-multipoint bearers depends on the terminal capabili-
ties. The switching point is between 1 and 2 terminals per cell
in case of soft-combining, that means the combination, in the
terminal, of radio signals received from several transmitters in
adjacent cells, and between 5 and 10 otherwise. Soft-combining
is possible provided the transmissions are coarsely synchro-
nized between cells.

The terminals indicate the service “joining” up to the core
network when the multicast mode is used. The network keeps
this “joining” state with the mobility management context in the
Gateway GPRS Support Node (GGSN), Serving GPRS Support
Node (SGSN) and Radio Network Controllers (RNCs). When
the terminal moves from one area to another, the “joining” state
for all joined services is also transferred to the new serving
nodes. The RNCs may use the “counting” or “re-counting” pro-
cedures to determine the actual number of terminals in each
cell. Thus, the network keeps track of each individual service
member and can establish the distribution tree for the MBMS
user plane very efficiently.

For point-to-point radio bearers each user provides feedback
about the radio reception quality and any errors in received
packets. In contrast, point-to-multipoint transmission does not
employ feedback and therefore need to be statically configured
to provide desired coverage in the cell. The transmitted signal
is lowest at the cell border and therefore the PTM bearer can
greatly benefit from exploiting also the signals from adjacent
cells transmitting the same service, i.e., from soft-combining.

The MBMS user service is a toolbox, which includes a
streaming and a download delivery method. These delivery
methods do not differ between or depend on the MBMS Multi-
cast or Broadcast mode (see Fig. 5).
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Fig. 6. FEC stream bundling concept.

The streaming delivery method is intended for continuous
receptions and play-out like in Mobile TV applications. The
streaming delivery method is harmonized with PSS. Like PSS it
uses the RTP protocol for the multimedia data transfer. Also the
MBMS codecs are harmonized with the PSS codecs described
in Section II-B above.

The Raptor forward error correcting (FEC) code [15] may be
used to increase bearer reliability for MBMS transmissions. The
Raptor code belongs to the class of rateless codes and can thus
generate an arbitrary number of FEC redundant symbols out of
one source block. The FEC stream bundling concept allows the
protection of the actual audio/video data together with synchro-
nization information (RTCP) and possibly decryption informa-
tion. Packets of one or more UDP flows may be used to construct
the source blocks for the FEC protection. The FEC redundancy
information is transmitted in one separate traffic flow. Since the
Raptor code is a systematic FEC code, the receiver can simply
ignore the FEC flow, if no transmission errors occur.

The advantage of the FEC stream bundling concept, as shown
in Fig. 6, is that the FEC efficiency is increased when protecting
several data flows together, because the FEC code works on a
larger portion of data.

MBMS streaming delivery may also use reception reporting,
i.e., reports about received parts of the service that are sent back
to the server.

The download delivery method is intended for file distribution
services, which store the received data locally in a terminal. It
can be used to deliver arbitrary files from one source to many
receivers efficiently. Existing content-to-person MMS services,
which deliver short video clips related to live events like a soccer
match via MMS, will greatly benefit from this feature. Today,
those services rely on point-to-point connections for MMS de-
livery. In the future the existing MMS sub-system can be easily
interfaced with a BM-SC which then distributes the clip via
MBMS download.

Three packet error recovery schemes are foreseen for the
download delivery method. The most important one is the use
of FEC coding, which allows recovery of lost packets without
any server interaction. Beside the FEC protection, MBMS
offers two types of file repair procedures: One is using the
Point-To-Point (PTP) interactive bearers and another one uses
MBMS, thus a Point-To-Multipoint (PTM) bearer.

An overview about the MBMS download procedure is shown
in Fig. 7. The BM-SC establishes the MBMS bearer using the

Fig. 7. MBMS download procedure principle with point-to-point file repair.

MBMS session start procedure. This procedure triggers a new
"group" paging message to wake-up all MBMS group members.
After the MBMS bearer is successfully established the BM-SC
(MBMS Sender) starts sending the actual MBMS download
data. The FLUTE [19] protocol is used to send the files via UDP.
The FLUTE protocols allows the FEC protection of the files and
it uses the IETF FEC framework [20].

The BM-SC releases the MBMS bearer after all files of the
MBMS transmission including the FEC overhead are trans-
mitted. After that, the file repair procedures may be executed.
Fig. 7 depicts only the PTP based file repair procedure.

As for MBMS stream delivery, the Raptor code was also
chosen for MBMS file error correction. A broadcast of newly
created FEC packets is of benefit for all receivers, which have
not successfully reconstructed the original source block. Gen-
erally, Raptor codes can handle even large files as one source
block. But since mobile phones have a limited amount of fast
memory for decoding, a single source block for 3GPP release
6 receivers may only contain up to 4100 kbyte of data [15]. Thus,
larger files are subdivided into a number of source blocks and the
FEC repair symbols are generated for each source block. If an
interactive bearer is used for the file repair procedure, the repair
data is independently sent to different receivers and can even be
tailored to the actual losses of that receiver. On the contrary, if
the MBMS bearer is used, the same repair data is sent only once
to multiple User Equipments (UEs) and the repair data should
be useful for all receivers with losses. Therefore, the rateless
property of the Raptor code, e.g. the possibility to generate an
arbitrary number of FEC redundant symbols out of one source
block, is very beneficial for the PTM repair mechanism.

The MBMS User Service framework is harmonized with
OMA BCAST and DVB CBMS specifications. In particular
the same set of audio/video codecs is supported. Therefore,
for a given rate MBMS is able to deliver the same audiovisual
quality as DVB-H.

B. MBMS Capacity

Capacity results have been compiled by 3GPP [24] for radio
bearers of 64 kbps for the case without soft combining and with
soft combining assuming the terminal has capabilities to com-
bine 2 or 3 radio links, one per nearby base station. The network
deployment assumptions are similar to those given in Table 2.
The results are reproduced in Fig. 8, which shows the percentage
of the total transmit power (20 W) of a base station that is re-
quired to achieve a certain coverage percentage.
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Fig. 8. Estimated coverage versus fraction of total transmit power with Soft
Combining (64 kbps, 80 ms TTI, 1% BLER).

TABLE 3
REQUIRED NODE-B POWER AND NUMBER OF SUPPORTABLE RADIO BEARERS

FOR 95% COVERAGE OF A 128 kbps MBMS CHANNEL

Not shown in the figure is that a 128 kbps bearer requires
roughly twice as much transmit power as a 64 kbps radio bearer.

The capacity can be further increased by receiver antenna
diversity in the terminals. Simulation for a different channel
model (so called 3GPP case 3) have shown that terminals with
antenna diversity require 3–5 dB lower signal to interference
plus noise ratio.

Table 3 shows the fractional transmit power required per
128 kbps radio bearer with diversity. From the fractional power
requirements, the capacity in terms of the total number of
simultaneous bearers can be calculated directly for a desired
coverage percentage, taking into account that about 20% of the
power needs to be reserved for control channels.

As shown in Table 3, the use of soft combining with 3 radio
links significantly reduces the transmit power requirement for
one 128 kbps MBMS channel to 6% of the Node-B power in
order to achieve 95% coverage at 1% BLER.

Thus, assuming 80% of the cell power being available for
MBMS, a total of 13 MBMS channels of 128 kbps each could
be allocated, allowing for a total MBMS cell capacity of around
1.7 Mbps.

Earlier, it was pointed out that unicast is often a suitable dis-
tribution mechanism for mobile services like Mobile TV. Also
with respect to performance, there are situations where unicast
is more appropriate than broadcast. On average a mobile broad-
cast bearer requires more radio resources than a unicast bearer,
because a broadcast radio bearer always has to be configured for
the “worst case”. This means, it has to be made robust enough
such that even users with bad radio conditions can receive the
service. Making a transmission more robust requires more radio

resources. With a unicast radio bearer the transmission can be
made just as robust as needed. Terminals report the link quality
back to the base station which then adapts the data transmis-
sion based on the reported link quality. For users in bad radio
conditions, the transmission will be made more robust at the ex-
pense of an increase in radio resources. Vice versa, users in good
radio conditions require a less robust and therefore less radio
resource demanding transmission. Simulations comparing the
performance of HSDPA and MBMS in terms of power usage of
a 5 MHz WCDMA carrier (for a 128 kbps streaming bearer in a
typical urban network deployment) have been performed. They
revealed that a broadcast bearer is already efficient if there are, in
average, two users per cell for a given service. With increasing
number of users, the broadcast bearer becomes even more ef-
ficient, assuming uniformly random distributed user. However,
in cellular networks, due to their small cell sizes, there is a con-
siderable probability that there are on average less than two in-
terested users in a cell. In this case HSDPA is more efficient
than broadcasting using MBMS bearers. For example assuming
600 subscribers per cell as in Section II-C and that each Mo-
bile TV user watches during 30 minutes spread randomly over
12 hours, assuming further that 60% of the Mobile TV traffic
demand is concentrated on a few program channels that can be
provided via MBMS in broadcast mode, then there will be less
then two users per cell on average if the remaining 40% of Mo-
bile TV traffic is spread uniformly over at least as few as 5 pro-
gram channels.

C. 3G Evolution

3GPP is currently progressing on the standardization of
evolved HSPA and evolved MBMS for UTRA. Additionally
3GPP is working on the long term evolution of UTRA, called
3G LTE (or sometimes E-UTRA). A major requirement is
3-4 times higher spectral efficiency than for Release 6 for
unicasting, and 1 bit/s/Hz for broadcasting.

1) 3G MBMS Evolution: With respect to the evolution of
MBMS for UTRA, using WCDMA technology, so called cell
common scrambling has been proposed in 3GPP [28], in order
to achieve a significant reduction of intercell interference be-
tween cells transmitting the same content and thereby increasing
the MBMS capacity. A technology potential of up to 3 times
capacity increase has been indicated and together with receiver
antenna diversity a broadcast capacity of 3 Mbps can be reached
and even significantly exceeded.

Evolution of MBMS is an important aspect also in the long
term evolution, LTE. Channel bandwidths from 1.25 MHz to
20 MHz are supported facilitating flexible LTE introduction
into existing and new spectrum bands. Like other broadcast and
wireless communication system, LTE is based on orthogonal
frequency division multiplexing (OFDM) in the downlink.
This allows efficient aggregation of signals in the terminal
from many transmitters up to a distance determined by the
OFDM guard interval, achieving significant capacity gains. The
mandatory antenna diversity in the terminal can be exploited to
further increase capacity.

Based on the assumptions made by 3GPP, initial radio net-
work simulations have been carried out. Results are presented
in [2]. The key parameters are shown in Table 4.
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TABLE 4
RADIO NETWORK SIMULATION PARAMETERS

Fig. 9. Broadcast capacity versus inter-site distance.

Fig. 9 shows the achieved broadcast capacity versus inter-site
distance for the case of multi-cell and single cell broadcasting.
In the multi-cell broadcasting case, a large cluster of cells
transmits the same broadcast content synchronously thereby
achieving signal aggregation gains and avoiding strong inter-
cell interference. It can be seen that the spectrum efficiency
requirement of 1 bps/Hz, i.e. 5 Mbps in the assumed 5 MHz
bandwidth, is achieved for inter-site distances of up to ap-
proximately 2200 m. Naturally, the capacity decreases with
increasing separation between transmitters as the power per
transmitter is assumed to be fixed and the proportion of cells
that are so far away that they cause interference rather than
contribute useful signal increases.

In the single cell broadcasting case, different cells may
transmit different signals on the same time-frequency resource.
Therefore, signal aggregation is not possible and the spec-
tral efficiency levels off at about 0.4 bps/Hz. However, the
throughput in the single cell case can be further increased by
introducing a kind of frequency reuse scheme where the same
time-frequency resource is used not at all or only with limited
power in adjacent cells.

As a conclusion from Fig. 9, whenever there are several users
receiving a particular MBMS service in almost all cells within
a cluster of cells, the transmission efficiency can be greatly in-
creased by transmitting this service in all cells synchronously
on the same time-frequency radio resources.

TABLE 5
STREAMING CAPACITY PER CELL AND 5 MHz

Fig. 10. Estimate of addressable market for future UMTS evolution tracks.

Multiple Input Multiple Output (MIMO), e.g. transmit and
receiver antenna diversity, is an integral part of LTE. MIMO
can also be exploited for the broadcasting mode, although UE
feedback is not available and therefore dynamic beamforming
is not applicable and only open loop MIMO is possible. Never-
theless, also with open loop MIMO gains can be achieved be-
cause in the multi-cell broadcasting modes good decorrelation is
achieved between the aggregate channels of the UE to the mul-
tiple transmitter antennas per cells. The evaluation of different
MIMO schemes is ongoing in 3GPP.

2) 3G Unicast Evolution: For the evolution of HSPA
(E-HSPA), 3GPP is standardizing MIMO, and an increase in
the modulation order from 16 QAM to 64 QAM has been
proposed, in order to drastically increase the per user data rates
and system capacity.

The long term evolution LTE will provide further increased
capacity for unicast streaming. In [27] throughput results have
been published where the radio resource is shared equally
among all users. Here we are more interested in the capacity for
streaming where all users need approximately equal throughput.
The raw data that was used for [27] has been processed here to
get an estimate of the streaming capacity per cell and 5 MHz
as shown in Table 5, where the radio resource split between the
users follows from the per user channel quality. The table is
based on 95% satisfied users. This estimate is intended to show
the technology potential, given, e.g., perfect channel estimation,
error-free feedback and disregarding transmitter impairments.

From these rates we calculate the number of channels for a
given per channel rate. From this and 5% blocking we calculate
the corresponding load, and from this and the load per subscriber
follows the capacity in numbers of subscribers. For the assump-
tion of 600 potential subscribers per cell (active and inactive)
the results are plotted in Fig. 10.
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It can be seen that with LTE, even for 256 kbps and even if
all potential subscribers actually subscribe to the service, each
user can use the service on average for 25 min per 12 hours.

IV. SERVICE LAYER COMPONENTS

While the previous sections mainly describe the radio bearer
and network procedures for the delivery of broadcast services
in 3G networks, more is needed for interactive and user-friendly
broadcast services. For example, a broadcast service, say, a Mo-
bile TV service, consists of different programs scheduled and
broadcasted at different times; information about the schedule
has to be conveyed to the end user and her device. Further, in-
teractivity must be closely integrated into the service and its ar-
chitecture, to allow easy and user-friendly access. Other upper-
layer functions are needed as well.

Most of those functions have not been defined by 3GPP, since
3GPP concentrates on the lower-layer functions. However, the
Open Mobile Alliance (OMA) has been defining a “Mobile
Broadcast” (BCAST) enabler that provides the mentioned and
other upper-layer functionality that can be used in 3G networks
and on top of 3G procedures, and likewise in DVB-H or 3GPP2
networks, or other networks that provide IP transport.

The OMA Mobile Broadcast Enabler in its release 1.0 in-
cludes the following functions: Service Guide, File and Stream
Distribution, Notifications, Service & Content Protection, Ser-
vice Interactivity, Service Provisioning, Terminal Provisioning,
Roaming and Mobility Support, Specification on back-end in-
terfaces for each function, Broadcast Distribution System Adap-
tations (currently for 3GPP MBMS, 3GPP2 BCMCS, and IP
Datacast over DVB-H).

The service guide (SG) is a central component of the BCAST
enabler. It consists of information describing the service and
programs, and has some parts targeted to the end-user, and other
parts targeted to the device. The SG is encoded in an XML-
based format, and is structured into information units, so-called
fragments. There are separate fragments that describe the ser-
vice and program schedule, the technical details required to
“tune in” and receive the service, interactivity, additional in-
formation for the user, and purchase and delivery related infor-
mation. Fig. 11 shows the logical structure of the BCAST SG.
However, many of the fragments are not mandatory to be used
for a specific service. A minimalistic SG that describes a con-
tinuously ongoing TV channel would for example only need a
“service” fragment and an “access” fragment. In general how-
ever, more detailed information describing the sequence of pro-
grams is desired, making the used SG more complex. SG frag-
ments are bundled and packaged into a specific container, called
a service guide delivery unit (SGDU). Further, the totality of
all current fragments and their grouping into SGDUs for a ser-
vice is described in a so-called Service guide delivery descriptor
(SGDD). SGDUs can be delivered over broadcast, where they
are typically frequently repeated, or on demand over unicast.
Delivery over broadcast takes away resources from the service
delivery and is thus only preferred in systems that cannot rely
on a unicast channel for interaction. In 3G systems however, it
is advantageous to deliver the SG on demand, when a device or
its user decides that it needs additional information, e.g. in case

Fig. 11. Logical structure of OMA BCAST service guide [18].

the information present on the device contains only information
for a short time of the future. The service guide is dynamic in
nature; on-the-fly changes and updates of the SG and its frag-
ments are possible.

Service and content protection is another main functionality
of the BCAST enabler, encompassing both control of access
to the service, and end-to-end protection of the service assets
even after reception. The protection (both for service and for
content protection) is based on a key hierarchy: a shared secret
between server and device is established, which is used to en-
crypt and thus protect long-term keys, which are used to pro-
tect short-term keys, which are used to protect the media assets.
There are two service and content protection profiles defined in
OMA, and they mainly differ in the way the shared secret is
established and controlled. In the DRM profile, the system is
based on OMA DRM 2.0, and the shared secret (in this case
rather a public-private key pair) is established as a result of the
OMA DRM registration, where the DRM PKI certificates are
exchanged and thus allow for encryption of the long-term keys
in a DRM rights object. The source of trust, and thus the access
to controlling the protection, are the DRM implementation and
the DRM PKI certificates. In the Smartcard profile, the system
is based on the use of a SIM card, more exactly a USIM. The
USIM and its pre-established credentials are used to derive the
same keys on the device and on the server side. Those keys are
then used to encrypt specially defined long term key messages,
based on the IETF MIKEY message format. Those keys are in
turn used to encrypt the short-term keys, and those to encrypt
the service and its components. The service itself is transported
using an encrypted transport protocol; where SRTP, IPSec, and
ISMACryp are supported.

Interactivity integration is also an important feature of OMA
BCAST. As part of the service, interactivity events, encoded
as “interactivity data” elements can be sent alongside with the
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audiovisual data. They describe the type of interaction (for ex-
ample a voting, where the user gets presented several options or
choices, and can decide for one by pressing a button), and the
means how the interaction is sent back to the server: for example
by SMS, or by an HTTP request, or by email. The existence of
interactivity events in a service or program is also declared in the
service guide, and it is for example possible to schedule inter-
activity events even before or after the program that they belong
to; this would for example allow continuing a voting for some
time after a program has ended.

Besides the mentioned mechanisms, general functions for
subscribing and unsubscribing to services (service provi-
sioning) and for file and stream delivery are also defined. File
delivery is based on the FLUTE protocol, with the addition
of file repair that allows for adding reliability although an
unreliable transport protocol is used. Stream delivery is based
on RTP (as said earlier, for protection the RTP stream can be
protected by either using the SRTP or ISMACryp add-ons,
or by encapsulating the RTP streams into an IPSec tunnel).
Files and streams can be distributed using broadcast/multicast
bearers and mechanisms, or using unicast.

While the goal is to define a common service layer that can be
used over 3GPP, DVB-H or 3GPP2, this is not in all detail pos-
sible. Therefore OMA has defined “adaptation specifications”
that profile the general BCAS enabler for use over a specific
system, and add some smaller specific adaptations.

V. HYBRID UNICAST/BROADCAST TRANSPORT

In this section we like to come back to hybrid unicast/broad-
cast transport solution. As already mentioned in the beginning
of this paper, both unicast and broadcast have their drawbacks
and advantages depending of the type of service that should be
delivered. Therefore, in the future only a tight integration be-
tween unicast and broadcast access technologies can fulfill the
upcoming needs of Mobile TV services.

Unicast/broadcast integration can be achieved in different
ways. The Enhanced Broadcast Mode as specified in MBMS is
a way to integrate point-to-point (= unicast) with point-to-mul-
tipoint (= broadcast) transmission in the radio access network.
In this way the usage of either unicast or broadcast transmission
resources becomes almost invisible both from a service layer
and from a client application perspective.

Certain use cases do not permit unicast/broadcast integration
in the radio access network as provided by MBMS Enhanced
Broadcast Mode. Instead the integration needs to be done higher
in the protocol stack. If for instance an operator is deploying
MBMS only in densely populated areas and not across the whole
country, PSS over unicast could be used in those areas not cov-
ered by MBMS. A special case of this scenario is roaming. If
a user traveling abroad likes to access a TV channel available
over MBMS in his home country but not in the visited country.
Same applies in case DVB-H is used instead of MBMS. Tight
integration between unicast and broadcast might also be moti-
vated by the limited amount of channels which can be delivered
over broadcast. For instance a DVB-H service which broadcasts
15 of the most popular channels could be complemented by an
arbitrarily large number of additional channels (“the long tail”)
delivered over unicast.

Fig. 12. Media transport in a hybrid unicast/broadcast content delivery archi-
tecture.

A high-level architecture supporting unicast/broadcast inte-
gration across different access networks is shown in Fig. 12.
Controlled by the service layer, media data is offered on-demand
over unicast and/or delivered over broadcast. In the network var-
ious bearer technologies can be utilized for either unicast or
broadcast delivery. In the terminal the various access technolo-
gies needs to be integrated via a transport selection mechanism
which is controlled via an Application Programmer Interface
(API) from the in-built TV client applications.

Standardization bodies like OMA have already recognized
the need for unicast / broadcast integration and address the
issue. Other projects like the German DXB project [21] also aim
for a tight integration of various unicast and broadcast bearer
technologies.

A particular challenge of the architecture shown in Fig. 12
is to make the bearer choice invisible to both the end user and
the service provider. Neither of both should care whether a ser-
vice is delivered over unicast or broadcast. First of all, it must
be possible to specify that a service—for a instance a certain TV
channel—can be accessed via more than one network. Luckily,
the Electronic Service Guide as specified by OMA BCAST ad-
dresses this requirement by allowing the specification of more
than one access type for the same service. The biggest remaining
challenge is to provide a good end-user experience in those situ-
ations where the access type needs to be changed while the ser-
vice is used. For instance a user switching between a channel
delivered over one access to a channel delivered over another
access network. Switching between different access networks
is also needed if the currently access network becomes unavail-
able such that a switch to another access network is required.
A similar situation arises if a user receives a channel over one
access network and a more preferred access network for the
same channel becomes available. Mechanisms to deliver a good
end-user experience in those cases are matter of ongoing re-
search work.

VI. DISCUSSION, CONCLUSIONS AND OUTLOOK

In this paper, we have presented the viable technology options
for delivering broadcast services over cellular 3G networks. Due
to the different needs of mobile users Mobile TV services need
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to be designed differently from traditional TV services. In par-
ticular, there is a need for new content formats more appropriate
for shorter viewing times and continued support for on-demand
delivery. The case where many users want to receive the same
content at the same time is less likely in mobile environments.

We have shown that under certain assumptions as many as
40% of all subscribers can be supplied with Mobile TV services
over a unicast-only UMTS network. Thus, unicast distribution
of Mobile TV, as used today in 3G networks, is a viable op-
tion and offers similar service opportunities like IPTV in fixed
broadband networks.

However, for situations where many users want to see the
same content at the same time, broadcasting technology is still
necessary. In 3GPP, cell broadcast bearers have been standard-
ized as part of MBMS. Commercial availability of MBMS is
expected in 2007. We have show that with soft combining from
3 radio links and under realistic assumptions, 8 channels at
128 kbps each can be accommodated in one 5 MHz WCDMA
carrier. However, a clear advantage of MBMS is its flexibility
in terms of spectrum usage. It means that an operator can easily
set aside radio resources for 2 broadcast bearers in a 5 MHz
WCDMA carrier, while the remaining capacity is used for
voice and unicast services.

MBMS will be further evolved as part of the general 3G evo-
lution. Higher channel rates and system capacities are to be ex-
pected in the future. In LTE the performance target for MBMS
has been set to 1 bps/Hz.

Besides the network transmission centric 3GPP standards, ad-
ditional components are necessary to provide working, interop-
erable and user-friendly Mobile TV services. Such service layer
components, like electronic service guide, and service protec-
tion, are provided by the OMA, and are likely to be used on top
of MBMS and 3G unicast.

Future services require a tight integration between unicast
and broadcast transport bearer. This is relatively easy to achieve
with MBMS since it has been designed as an integral part of 3G.
But also for non-cellular broadcast technologies like DVB-H it
is important to pay more attention to its tight integration with
cellular unicast. A seamless integration is of utmost importance.
Whether broadcast or unicast is used for delivering a particular
service should be a network operator decision and remain in-
visible to content providers and end-user. In this way, broad-
cast-unicast integration combines the best of both worlds with
benefits for both service providers and end-users.
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