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Broadcasters, both international and domestic, are busy turning their pilot DRM
transmissions into real services.  Meanwhile, the receiver manufacturers are trying
hard to get their DRM radios into the shops as quickly as possible.

This article gives an insight into the DRM distribution chain used by BBC World
Service, which is made up of a mixture of professional equipment and in-house
developments.  Playing an important role in the BBC’s overall DRM strategy is the
use of open-source software, wherever possible.

The DRM system
The DRM system has been designed as an end-to-end system spanning from content encoding to
reception by the listener.  As originally conceived and currently defined, it is optimized for use in the
HF, MF and LF bands and is the digital replacement for AM in these bands. 

The system uses state-of-the-art mechanisms to enable broadcasters to deliver an FM-like listening
experience to fixed and mobile receivers over the challenging propagation conditions experienced in
these frequency bands.  DRM further exploits digital technology to provide previously impossible
ease of use. 

These mechanisms operate at many levels.

At the basic RF-channel level, DRM shares many characteristics with other modern systems such
as DVB-T and DAB.  It utilises Coded Orthogonal Frequency Division Multiplexing (COFDM) [1][2] to
combat noise, narrowband fading and multipath.  Broadcasts can be synchronized to support
Single-Frequency Networks (SFNs) and Multi-Frequency Networks (MFNs).  One DRM service
normally occupies one AM channel.  Alternative modes are available that use half a channel or two
adjacent channels to support in-channel simulcast or enhanced audio services.

The RF channel carries three separately decodable signals:
a very robust Fast Access Channel (FAC) which carries station identification and allows rapid
band-scanning by receivers to determine the available services;
a high capacity Main Data Channel (MDC) which carries the audio and/or data services;
A Service Data Channel (SDC), intermediate in robustness and capacity, which carries meta-
data for the main data channel.

Many of the usability features of DRM rely on data within the SDC.  This data can include detailed
language and genre information, alternative frequencies, date and time, traffic announcements and
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DIGITAL RADIO MONDIALE
many other items of metadata.
This allows receivers to present
the user with a very simple
browsing interface to select the
desired radio station.  The
receivers can also allow users
to search for specific genres or
can present only services in the
users’ preferred language.  The
SDC also enables seamless
handover between frequencies
in an MFN.

The main data channel can
carry up to four simultaneous
streams.  This is not intended to provide a service multiplex such as DVB or DAB provides – the
channel is not large enough for that.  The ability to carry more than one stream is very useful, espe-
cially where one of the channels is a data service.  This allows many applications, such as down-
loading of an Electronic Programme Guide (EPG) into the radio, providing visual enhancements to
the audio, and pushing audio files into the receivers memory to enable “audio on demand” type serv-
ices.  It has also been used in conjunction with low-bitrate codecs to provide the same audio service
in multiple languages within one channel.

The audio is encoded using the latest MPEG-4 implementations of CELP, HVXC and, most impor-
tantly, AAC.  AAC supports music and speech down to around 16 kbit/s, which covers the main uses
of DRM.  Below this bitrate, CELP operates between 16 kbit/s and 6 kbit/s and then, HVXC takes
over between 6 kbit/s and 2 kbit/s.

These lower bitrates are useful for the most robust DRM modes and the half-channel DRM modes,
or if more than one audio stream is required in the channel.

Spectral Band Replication (SBR) can be used together with any of the codecs to enhance the high
frequencies. 

BBC World Service broadcasts
DRM is important to BBC World Service (BBC WS) because it may provide a distribution platform for
broadcasting to listeners in digital “FM-like” quality over very large geographical regions.  It also
allows the BBC to continue to broadcast to areas where it would not be welcome to install its own
transmitters.  DRM broadcasting on HF shares many of the same characteristics as satellite radio,
but with economics that do not require a subscription model. 

The core audience for BBC World Service on DRM is eventually likely to be in Africa and Asia.
However, mass-market consumer radios are needed to make this possible.  The interest in making
DRM radios is initially in Europe and currently our main aim is to
provide compelling content to stimulate the production and sales
of consumer radios.  The experience of DAB in Europe has shown
broadcasters that we have to invest in transmissions – even when
there is no real audience – in order to provide receiver manufac-
turers with the confidence to proceed with design, manufacture
and marketing activities.  In partnership with the other members of
the DRM consortium, we are trying to create a virtuous circle of
confidence in DRM.

The transmitter sites and approximate footprints are shown in
Fig. 2.  Reception is often available over a wider area, including
parts of Italy.  We have even had reception reports from Athens,
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DIGITAL RADIO MONDIALE
although the received quality there is not reliable.

BBC World Service currently transmits DRM for 18 hours per day on the medium-wave (MW or MF)
band from Orfordness and 12 hours per day each from Rampisham and Kvitsøy.  All the transmis-
sions have the same core content:

English for Europe, using AAC+SBR in mono at approximately 20 kbit/s;
Dynamic Text Messages;
7-day Electronic Programme Guide.

We occasionally supplement this with special data services, such as tests of weather information,
etc.

BBC World Service DRM broadcast chain
Overview
BBC World Service generates a
distribution feed at the main
BBC World Service offices at
Bush House in London which
consists of the pre-coded and
multiplexed signal for transmis-
sion.  This signal is then modu-
lated at each transmitter site.
The overall distribution there-
fore looks like the diagram
shown in Fig. 3.

The Bush House infrastructure
is similar to that shown in
Fig. 4.  The audio and data
sources are aggregated and
conditioned before the DRM-specific multiplexing and coding equipment produces the multiplex
distribution signal.  This is encapsulated for broadcast via satellite.

The individual processes and sources are described in detail below.
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Content conditioning and aggregation

The content of our current core DRM transmission is all re-purposed from our UK DAB content
offering.  The re-purposed DAB content consists of the following:

the European English stream of World Service audio;

the dynamic text messages carried as the “dynamic label service” on DAB;

The electronic programme guide.

All of these need some conditioning actions prior to aggregation by the content server.

We supplement the DAB content with DRM-specific metadata and with ad-hoc content for specific
demonstrations.  For example, we have been transmitting the UK Navtex service, re-purposed from
the BBC Weather website.

Audio

BBC WS broadcasts, including the European English stream, comprise a fairly broad mix of content
based on a core of world news and information.  This includes well-controlled studio broadcasts,
pre-recorded music, phone-ins, location reports and jingles.  Our audience is generally thoughtful,
adult and discriminating and so we avoid trying to create an obviously synthetic and fatiguing
“commercial” sound, which could be a distraction from the content.  Each broadcast stream is
assembled with the intent of creating the best quality, linear, digital audio.  The European English
stream is broadcast on MF and HF AM, on DAB, DVB-C and DVB-T (Freeview) in the UK, on DVB-
S to the UK and Europe, and on the internet.  It is clear that when coding the linear stream for the
different transmission media, the coding process affects different programme material in different
ways.  

With the exception of DRM, the transmission and/or distribution feeds for all of these services uses
MPEG-1 layer II codecs at bitrates of between 64 kbit/s and 192 kbit/s.  In order to get the best
sound to the listener via each medium, we apply separate audio pre-conditioning prior to encoding.
The main aim of the audio pre-conditioning is to reduce the occurrences of coding artefacts in the
broadcast audio.  Relatively heavy pre-conditioning, including a low-pass filter at 11.5 kHz, is
applied to the DAB stream since it uses an inefficient codec (in comparison with AAC), has a low
bitrate of 64 kbit/s, and will often be listened to in high-noise environments.  We don't use any pre-
conditioning for DVB-S since the end-to-end bitrate is high enough to produce good quality results. 

For DRM, in common with most broadcasters, BBC WS encodes general audio broadcasts using
the AAC codec with Spectral Band Replication (SBR) to improve the high-frequency listening experi-
ence.  With only about 21 kbit/s for the audio channel, the pre-conditioning is important in order to
achieve acceptable results.  In our experience, the AAC coding produces the best results when fed
with a band-limited signal.  On the other hand, the SBR coding needs a full-bandwidth signal in order
to analyse the spectral content.  The situation is currently further complicated by the fact that many
listeners at present are highly technical and are using software receivers which can display the
audio spectrum.  Their listening experience may be coloured by their visual perception of the pres-
ence or absence of high-frequency content.

In front of the coder sits a professional multi-band audio processor.  The processor is configured
with fairly slow release characteristics.  It controls levels over around 10 dB to mask any large differ-
ences between sources without creating too dense a sound, especially at the top end of the
frequency range.  We have also minimized the amount of hard limiting and clipping so that audio
transients survive the processing well.  The AAC+SBR coder seems to sound best when it has some
sharp peaks to “get its teeth into”.
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Text messages

The text messages transmitted on DAB are originated with a UK audience in mind.  They are gener-
ated in real-time by an in-house content production and scheduling system operated by the Radio &
Music division of the BBC and delivered to the content server using a push mechanism over the
BBC corporate intranet.  The content server performs the following conditioning actions on the text
messages:

translating from ISO Latin 1 to UTF-8;

translating UK local telephone numbers to international format numbers;

translating local times to UTC (GMT).

Electronic Programme Guide

The DAB/DRM electronic programme guide is in the final stages of ETSI standardization.  No further
technical changes are anticipated in the final standard.  BBC World Service transmitted an interim-
format guide as a modified Broadcast Web Site from September 2005 until February 2006.  Since
then we have transmitted a standards-compliant stream.  This stream can be decoded by listeners
using the Dream open-source software radio [3] using a decoder contributed by BBC World Service
which we hope will be supported by the first combined DAB/DRM radios.  The DAB and DRM
streams were upgraded in March 2006 to incorporate the latest TV-Anytime Genre information.  This
highlighted a small problem with the Dream receiver, which was fixed and released within 48 hours.
The advantages and challenges of open source are discussed later in this article. 

DRM metadata including Alternative-Frequency Signalling

In addition to the live audio and data streams entering the coding and multiplexing equipment, DRM
carries a significant amount of metadata.  We currently enter this data manually into the configura-
tion files of the Coding and Multiplexing equipment.  This is feasible since the data is quasi-static.
The most common changes are to the alternative-frequency lists and when a new application is
added. 

The alternative-frequency information is carried in the DRM Service Data Channel (SDC).  Broad-
casts of BBC WS list the frequencies, start times and durations of all DRM and AM transmissions
targeted at mainland Europe.  The receiver manufacturers are currently working on automatic
retuning using this information.  This is extremely important to provide a seamless listening experi-
ence on short-wave where transmitters must change frequency throughout the day to take advan-
tage of the changing propagation conditions.

Coding and Multiplexing

In DRM, the device responsible for Coding and Multiplexing is generally referred to as a “content
server”.  A typical content server has one or more audio inputs, a LAN input to receive text
messages, multimedia data and metadata, and a LAN output to transmit the multiplexed stream. 

The design of the multiplex is a trade-off between the audio quality of the main audio service and the
time taken to deliver any additional services.  Table 1 shows the information currently transmitted by
BBC World Service in the multiplex.       

Our DRM broadcasts carry traditional radio programmes and it is important to our listeners that we
maintain the audio quality.  Fig. 5 illustrates that 97 % of the main service channel is used for audio.

The coding and multiplexing process inevitably introduces a delay.  For DRM when coding at the
studio, this delay is a minimum of one DRM audio superframe or 400 ms.  This is a consequence of
transmitting the multiplexed stream in packets describing one such frame.  The actual coding delay
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is mostly absorbed in this packet assembly delay, since the audio
is coded in audio frames, of which there are typically 5 or 10 in an
audio superframe.  The true coding delay is therefore less than
100 ms.  This means that the packet may be sent when the
newest audio is around 100 ms old, but it will contain audio which
is 400 to 500 ms old.  A DRM audio superframe is also known as
a DRM frame.  In principle, a coding and multiplexing implementa-
tion, integrated with the modulation functions in a transmitter,
could have a minimum lower delay.

Distributing the multiplex to the transmitters
Overview

DRM is designed to meet the needs of both small and large broadcasters.  For small broadcasters,
such as those providing metropolitan-area broadcasts in the 26 MHz band, the coding and multi-
plexing, modulation and amplification may be all in a single box.  Larger broadcasters can obtain
distribution bandwidth efficiencies by performing coding and multiplexing at source.  For Single
Frequency Networks and Synchronous Multi-Frequency Networks, this is essential to ensure all
transmitters produce identical bit-streams. 

BBC World Service codes and multiplexes at its primary site in London and delivers the multiplex
streams via an IP multicast network to the transmitting stations.  Two streams are generated, one for
the HF transmissions and one for the MF transmissions.  The total distribution bandwidth for this is
64 kbit/s.  The HF stream is delivered to two transmitting stations, one at Rampisham in the UK and
one at Kvitsøy near Stavanger in Norway.  These form a synchronous multi-frequency network.

The DRM Multiplex Distribution Interface

The DRM Consortium has produced a very successful standard for the distribution of DRM multiplex
signals to transmitters.  This is called the DRM Multiplex Distribution Interface or MDI.  The MDI
carries the separate components to be broadcast in their own parts of the message, but integrated
into a single message every DRM frame (400 ms) for error protection and synchronization purposes.

Table 1
Content rates and update intervals

Content Quantity Channel Rate Source 
update 
interval

Carousel 
period

Audio - Main Service Channel 
Stream 0

As high as 
possible

Live -

Text
Messages

4 bytes per audio 
superframe

Main Service Channel 
Stream 0

80 bit/s Live -

Electronic 
Programme 
Guide

 ≈ 90 kbytes Main Service Channel 
Stream 1 packet id 0

490 bit/s Twice daily 25 minutes

Navtex  ≈ 1 kbyte Main Service Channel 
Stream 1 packet id 1

50 bit/s Twice daily 3 minutes

Alternative 
Frequency 
Data

≈ 100 bytes Service Data Channel  ≈ 200 bit/s Twice yearly 4 seconds

2.6%

0.4%

97.0%

Data

Text

Audio

Figure 5
Sharing the channel capacity
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The MDI protocol is layered to allow selective use of different components and to allow the general-
purpose parts to be re-used for other purposes.  For the MDI there are three layers of note.  The Top
layer is the MDI itself.  This consists of a number of named data fields carrying, for example, the Fast
Access Channel (FAC) data for the frame, the Service Data Channel (SDC) data for a superframe
and the Main Service Channel (MSC) data for the frame.  In order to be able to carry this data over
any arbitrary channel, an Application Framing (AF) layer is added below the application data.  This
provides a means to delimit packets, synchronize to the start of a packet and detect missing or out-
of-order packets.  The AF layer assumes an underlying highly reliable pipe which delivers bits in
order, such as is provided by a local serial data link, or a TCP link.  It can also be used over packet
channels such as UDP, provided the maximum packet size is large enough to carry the AF packets. 

If the underlying channel is not suitable for carrying AF packets, then an optional additional layer can
be used.  There are several circumstances when this additional Packet Fragmentation and Trans-
port layer is appropriate:

high residual error rate;

delivery of packets out of order;

packet link and maximum packet size too small;

need to carry more than one channel and no multiplexing capability.

The PFT has specific optional mechanisms for each of these concerns.  If multiplexing is needed, for
example over a local serial data link, then the addressing mechanism can be used.  This provides a
16-bit source address and a 16-bit destination address which can be used to distinguish different
streams.  If the maximum packet size of the underlying network is too small for a full AF frame, then
the PFT provides a fragmentation and reassembly facility.  This uses sequence numbers in each
fragment which can be used to re-assemble fragments even if they are delivered in the wrong order.
Finally, a Reed-Solomon forward error correction (FEC) facility is provided which incorporates
optional interleaving.  This is beneficial when the probability of burst errors or packet loss is high.

BBC WS current implementation

The signals to be broadcast must be distributed error-free and in time.  A suitable residual error rate
is less than one lost packet per day.  “In time” means that the packets must arrive at the transmitter
sufficiently in advance of the required transmit time to be handled by the DRM modulator.  Any vari-
ation in the distribution delay must be added to the overall delay budget for the system. 

BBC World Service uses a distribution system based on terrestrial leased lines and DVB-S for its
primary distribution feed.  The end-to-end delay has been measured at 400 ms, or equivalent to one
DRM frame.  The packet loss rate is much less than one per day. 

It is clear that dedicated satellite provision is not viable for all broadcasters.  World Service is lucky
to have small amounts of capacity available on its main distribution system to permit this solution.
The satellite delivery mechanism has two extremely important benefits:

it provides an extremely low error rate;

it is inherently point-to-multipoint, allowing additional transmitters and stations to receive and
broadcast the signal at minimal cost per receiver.

Early on, we took the decision to transport the MDI over the satellite in a standards-conformant
manner.  We carry the MDI as an IP multicast stream using DVB-MPE (multi-protocol encapsula-
tion).  This allows the use of low-cost, off-the-shelf equipment at both the coding and multiplexing
stage and at the receivers.  Indeed, the MDI can be received by a standard PC with a domestic PCI
or USB satellite receiver and standard software.  This has proved extremely useful in deploying and
monitoring the system.  We also encourage other members of the Consortium to receive the satellite
stream for use in equipment testing. 
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Where possible, we use the simplest version of the MDI, without using the PFT part.  However in
Mode A with a 10 kHz bandwidth, the main service channel is large enough that the MDI packet
does not always fit in one UDP datagram.  In this case, the PFT is used without forward error correc-
tion or addressing to provide a fragmentation and reassembly function.  This shows just how flexible
the DRM distribution protocols are. 

Incorporating IP into the distribution system also facilitates monitoring and resiliency.  For example,
we can use standard packet monitoring and analysis tools to monitor and trouble-shoot the system
and, in principle, the internet can be used as an alternative distribution system.

Alternative models

Various alternatives to the present system used in BBC World Service are possible.  For example,
the low bitrate of the multiplex allows the broadcasts to be carried over ISDN or even dial-up lines. 

Transporting the audio and data separately to the transmit site is also possible and, indeed, we use
it as a back-up mechanism.  We are able to do this because we already broadcast the audio via
satellite in good quality for distribution to cable head-ends.  Distributing high-quality linear audio to
the transmitting sites, specifically for DRM, would be expensive. 

When using local encoding as a back-up, we lose the synchronization between the stations.  This is
acceptable for short periods and has the advantage that there are fewer common-mode failures than
if we just provided alterative routes for the MDI.

Transmission
Suitable transmitters

One of the big questions surrounding DRM is whether broadcasters' legacy transmitters are suitable
for DRM.  Our experience is that only transmitters with a very linear response make good DRM
transmitters.  In practice this means that old transmitters can be used, but only at low powers and
extremely poor efficiencies.

The most modern transmitters, designed with DRM in mind, provide both high output powers and
high efficiencies.  However, the prospective purchaser is encouraged to examine the transmitter
performance, especially the compliance to the spectrum mask, at low output power, as well as at
maximum output power.  Digital modulators can lose resolution and introduce quantization noise at
low output powers.

Single-Frequency Networks

DRM supports single-frequency networking in a similar manner to DAB.  BBC World Service does
not currently use any single-frequency networks, preferring to provide frequency diversity in a multi-
frequency network.

Multi-Frequency Networks and staggered re-tuning

We have experimented with a multi-band synchronous multi-frequency network using the medium-
wave and both short-wave transmissions.  This involves running the medium- and short-wave trans-
missions in identical modes.  Running the medium-wave transmission at 10 kHz bandwidth has
presented few problems.  After some experimentation we have chosen to keep the medium-wave
transmission in Mode A and the short-wave transmissions in Mode B.  Mode B gave disappointing
results on medium wave and the channel bandwidth is higher in Mode A, permitting more bandwidth
for audio and data. 
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The medium-wave transmission is on a fixed frequency of 1296 kHz but the short-wave transmitters
must change frequency throughout the day to take advantage of the changing propagation condi-
tions.  We stagger the changes so that there is always one transmitter on a stable frequency.  This is
extremely important to provide a seamless listening experience. 

For example, in the winter 2005 season, BBC World Service broadcast the following schedule on
short wave (the light-yellow rows):        

A listener receiving the broadcast on 9470 kHz at 14:30 would have to re-tune to continue listening.
Short-wave transmitters cannot re-tune seamlessly.  The BBC specification for transmitter re-tuning
for AM broadcasts has always been 15 seconds.  For DRM with the current equipment it takes
approximately one minute to re-tune the transmitter and then resynchronize the DRM stream. 

If a receiver could pre-emptively and seamlessly change frequency to 7320 kHz at 14:28 and then
change again at 14:58 to 7465 kHz the listener would not perceive any change to the broadcasts. 

To make this possible, we broadcast metadata carried in the Service Data Channel to let the
receivers know of all available frequencies and their schedules and we run the transmissions as a
synchronous multi-frequency network.  This means that the data received on the new frequency will
be identical to that which would have been received on the old frequency. 

More sophisticated receivers could also simultaneously receive multiple transmissions and use
diversity and/or combining techniques to maintain good listening under difficult reception conditions.
BBC R&D has produced a prototype receiver which does this. 

If DRM reception fails completely, the receiver also knows of AM broadcasts carrying the same
audio stream which might, under some conditions, still be intelligible if DRM falls off the “digital cliff”.
BBC World Service broadcasts an equivalent metadata stream on its AM broadcasts to Europe.
This is intended to guide multi-standard receivers to DRM, either if the AM broadcast was selected
in ignorance of DRM, or once the propagation channel recovers sufficiently to support DRM. 

This AM metadata is broadcast using a new ETSI standard AM Signalling System (AMSS) devel-
oped specifically to make multi-standard receivers attractive and to ease the transition to DRM.   The
technique has already been described in a previous Technical Review article [4].

Use of open-source, in-house and professional equipment
BBC World Service uses a mixture of sources for its equipment.  Whilst it would be wrong to claim
that there was a grand plan behind the selection of each part of the system, some aspects of the
software and hardware are potentially interesting.

We do try to follow some distinct policies:

use a common computer platform wherever possible;

Table 2
BBC World Service DRM – 2005 winter schedule

Start Stop Frequency Station

05:00 23:00 1296 kHz Orfordness

07:00 09:00 5875 kHz Kvitsøy

07:00 15:00 7320 kHz Rampisham

09:00 14:30 9470 kHz Kvitsøy

14:30 19:00 7465 kHz Kvitsøy

15:00 19:00 5875 kHz Rampisham
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isolate broadcast equipment from the general IT network infrastructure;
use open standards for the interfaces between equipments;
don't use operating systems which are likely to become unsupported;
use systems with web-based management interfaces.

With a system such as DRM, the BBC is not just an early adopter but is helping to develop the
system whilst being an early user of it.  The BBC has world-class Research & Development
resources in this area and we use these to make the system meet our needs and to help make it a
success. 

One possible approach to the development of a new system would be to participate in the standards
process but to allow the equipment manufacturers to produce all the elements.  Another approach,
which is the one we take, is to produce implementations of key elements ourselves.

Why develop in-house?
Why does the BBC develop implementations?  There are a number of reasons and a number of
secondary benefits.  The primary reason is to ensure that the standards we help to develop can be
implemented and will be fit for the purpose.  In the area of coding and modulation, for example,
without a reference implementation, it is hard to estimate the processing power needed, and there-
fore the cost.  Whilst these could be partial implementations (and sometimes are), completing the
implementation to allow it to be used in a live broadcast gives more confidence and allows others to
check the implementation.

Again, in the area of protocol design, it is all too easy to design protocols with faults that only
become apparent in-use.  Being able to test multiple reference implementations together for interop-
erability is invaluable. 

Once we are able to use in-house products, then new features can be added without needing to wait
for product release schedules. 

Abbreviations
AAC (MPEG) Advanced Audio Coding
AF Application Framing
AM Amplitude Modulation
AMSS AM Signalling System
ASI Asynchronous Serial Interface
CELP Code-Excited Linear Prediction
COFDM Coded Orthogonal Frequency Division

Multiplex
DAB Digital Audio Broadcasting (Eureka-147)
DRM Digital Radio Mondiale

http://www.drm.org/
DVB Digital Video Broadcasting

http://www.dvb.org/
DVB-C DVB - Cable
DVB-S DVB - Satellite
DVB-T DVB - Terrestrial
EPG Electronic Programme Guide
ETSI European Telecommunication Standards

Institute
http://pda.etsi.org/pda/queryform.asp

FAC Fast Access Channel
FEC Forward Error Correction
GMT Greenwich Mean Time
HF High-Frequency

HVXC (MPEG) Harmonic Vector Excitation Coding
IP Internet Protocol
ISDN Integrated Services Digital Network
ISO International Organization for Standardization

http://www.iso.org
MDC Main Data Channel
MDI (DRM) Multiplex Distribution Interface
MF Medium-Frequency
MFN Multi-Frequency Network
MOT Multimedia Object Transfer
MPE (DVB) MultiProtocol Encapsulation
MPEG Moving Picture Experts Group

http://www.chiariglione.org/mpeg/
MW Medium-Wave
MSC Main Service Channel
PFT Packet Fragmentation and Transport
SBR Spectral Band Replication
SDC Service Data Channel
SFN Single-Frequency Network
TCP Transmission Control Protocol
UDP User Datagram Protocol
UTC Universal Co-ordinated Time
UTF-8 8-bit Unicode Transformation Format
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Another very important function provided by a BBC R&D implementation is to accelerate the route to
market for equipment manufacturers.  The BBC does not turn its implementations into products for
sale, but is keen to license its technology on a non-exclusive basis to suitable equipment manufac-
turers.  For DRM this has been extremely successful, with one transmitter and five receiver manu-
facturers taking out licences for BBC R&D-generated implementations.  Whilst this provides a useful
revenue opportunity for the BBC, our goal is to help these companies bring products to market. 

For some developments, charging licence fees is either impossible or inadvisable.  Two examples of
this are described in the section on Open Source below. 

There are also cost benefits when using in-house developments.  One example of this is that we can
afford to deploy several instances of an in-house application without additional cost, for example for
back-up or disaster recovery facilities.  However, the long-term cost of maintaining in-house devel-
oped systems is often higher than that of commercial products.  There comes a time in most
systems where the equipment has become sufficiently commoditised that we can buy better and
more cheaply than we can maintain the in-house systems.  This is a sure sign of a successful tech-
nology.

The role of open-source software

As well as in-house developments and fully commercialised products, open-source software is
playing an increasing role in our broadcast chain.

The most significant piece of open-source software is definitely Linux.  As an embedded operating
system kernel, Linux has many advantages over its competitors, of which the most significant are:

Reliability – computers running Linux can run for years without needing to be re-booted;

Stable and future-proof – an appropriate distribution can provide an execution platform which
can stay fixed, with no mandatory upgrades or changes.  Old versions continue to be available;

Embedded – Linux appliances need no graphical user interface and can be managed and
monitored remotely;

Compliant – full implementations of networking stacks and protocols are inherently available,
which is not always true of traditional embedded systems;

Portable – applications designed to run on Linux are generally portable to the preferred plat-
form.

The main disadvantage of Linux is that new hardware generally comes without drivers for Linux.
This is especially true of audio hardware such as sound cards, and much care must be taken when
building Linux machines for audio processing.  As an example, the DRM broadcast chain uses Linux
Content Servers, IP Encapsulators and Modulators.  Of these, the Content Server is an in-house
application whilst the Modulator and IP Encapsulator are fully commercial products using Linux as a
component.  These are all very stable.  In contrast, the AMSS Generator runs another operating
system and must be re-booted on a weekly basis.  The next version of the AMSS Generator will run
on Linux. 

Interestingly, in deployment, it is best to treat Linux as a “closed source”.  In-house developments
which change Linux itself are likely to compromise the very benefits that Linux brings in terms of
stability and reliability. 

When it comes to application programs, there are few rules regarding the suitability of open-source
or commercial solutions.

Occasionally a piece of open-source software has so many advantages that its use becomes
obvious.  In our DRM work, there are two open-source programs which we both use and contribute
to: Dream and Ethereal.
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Ethereal (www.ethereal.com)

Ethereal is a LAN Packet
Analyser.  It is an excellent tool
“out of the box” but one of its
great strengths is that decoders
for new protocols can be written
according to a reasonably well-
documented programming
interface and installed as plug-
ins.  The BBC has produced
such plug-ins for the DRM
Multiplex Distribution Protocol.
Since Ethereal is licensed
under the GNU Public License
(GPL), it is not appropriate to
charge for licences to use the
plug-ins.  The DRM-enhanced
Ethereal can be used to
monitor and debug DRM soft-
ware such as Content Servers,
Modulators and Receivers.
Ethereal has a text-only version
called tethereal which we run
in an embedded mode to
monitor for packet loss on the distribution network. 

The intent is to submit the new protocols for inclusion in the standard distribution of Ethereal.  In the
meantime, they can be obtained by contacting the author.  A sample of the levels of decode avail-
able is shown in Fig. 6. 

Dream (drm.sourceforge.net)

Even more significant than Ethereal is the Dream open-source DRM receiver.  This outstanding
piece of software was originally developed by Alexander Kurpiers and Volker Fischer at the Darm-
stadt University of Technology in Germany but has had contributions from many authors.  Contribu-
tions made by BBC staff to Dream include:

implementation of the Receiver Control and Status Interface;
implementation of a decoder for AMSS;
implementation of a decoder for the Electronic Programme Guide;
enhancements to the MDI for multicast;
enhancements to the MOT protocol decoder.

The DRM Consortium represents an official collaboration between broadcasters and equipment
suppliers to produce the DRM Standard and make DRM broadcasting a reality.  In a similar, but
totally unofficial way, the Dream developers' and users' community provides a very significant
resource working towards the same goal.  Whilst the Dream developers make their contributions
mainly in an amateur way, many of them are professional engineers and developers.  Without
Dream, it is certain that the BBC World Service broadcasts of the Electronic Programme Guide
would currently be received only by the receiver manufacturers!

The contributions made by the BBC have been matched and improved upon by other Dream devel-
opers.  Feedback from the enthusiastic community of Dream users helps us to improve our broad-
casts. 

Figure 6
Caption ...
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In summary, good open-source software is as good or better than commercial software.  The right
open-source software opens up the opportunity to collaborate with the developers and users of the
software.  This collaboration is as useful to the BBC as the revenue we obtain from more conven-
tional licensing arrangements.

Sometimes professional equipment is the answer
Much of the preceding discussion has highlighted the benefits of in-house or open source.  While
cost is a factor, there are other more-compelling reasons to take these routes.  However, there are
some areas where the only sensible approach is to use fully commercialised professional equip-
ment. 

One example is the transmitters themselves.  High power transmitters represent a safety-critical
environment and using only professionally certified equipment is absolutely essential to provide a
safe working environment.  The broadcasts are internationally regulated and for DRM, for example,
compliance to the Spectrum Mask is an absolute requirement.  Even if the DRM Modulator is an in-
house design, it is important that the equipment used for compliance monitoring is certified and cali-
brated.

Another quite different example is where sophisticated user interfaces are required to exercise the
features of complex software applications.  The DRM Content Server, for example, has hundreds of
options.  When used exclusively for one broadcast, as in the BBC, a simple in-house equipment has
many advantages.  However, in the case of a Broadcast Services Provider, the same content server
is used to provide broadcasts on behalf of many broadcasters.  In this environment, a rich well-
designed and documented user interface is essential.

Conclusions
In conclusion, our experience of DRM so far is that, as a set of Digital Radio standards, it works
superbly.  We have a small and loyal audience for the broadcasts which helps to keep going our
enthusiasm as broadcasters, while we wait for the consumer radios. 

In describing our distribution chain, the author has tried to show that DRM needs both traditional
audio processing and IT / internet skills to produce a rich and reliable service.  IP networks in partic-
ular play a vital role in both content aggregation and distribution.  IP multicast is the right distribution
mechanism, but over reliable IP networks. 

Open-Source software can play an important role in broadcast systems, both “under the hood” and
as a real collaborative effort between professional and enthusiast communities. 

Indeed, The communities working to make DRM a success – both professional and enthusiast –
work together in a most synergistic and enjoyable way. 
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looks after DRM infrastructure developments.
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