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EXECUTIVE SUMMARY

This report describes project activities related to Task 7.4 of Work Package 7 — Adaptation of
digital contents to multiple devices. Task 7.4 is related to the design and implementation of a
solution to perform the adaptation of the different multimedia contents from its original format to
the one supported by the different devices of the project.

The development of the software prototype and the analysis of its integration within the SAPIR
architecture is the main aim of this Deliverable 7.4 (M24).
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1. INTRODUCTION

1.1 WP7 FOCUS AND OBJECTIVES

This WP will focus on the enhancement of user experience with search engines addressing on
one hand the research of the most innovative context-based technologies and social network
characteristics and its appliance to a multimedia search engine in a P2P environment and on
the other hand, the access from multiple devices to the P2P network which will be considered to
publish and retrieve digital contents, adapting these contents to the particular features of
devices. Special emphasis will be put on devices according to the scenario defined in WPL1.

1.2 DELIVERABLE D7.4 OBJECTIVES AND OVERVIEW

The deliverable D7.4 is focused on the adaptation of digital contents to multiple devices. In this
context a transcoding and transrating engine has been designed and implemented to make
complex transformations, adapting multimedia contents from its original format to one of the
formats the device supports. Not only the usual UAProfile-based method has been developed,
but also semantic and ontologies approaches have been studied. Tests have been made and
the results been used to improve the functionality and performance of the transcoding engine.

2. STATE OF THE ART

2.1 TRANSCODING STATE OF THE ART

There is a huge amount of audiovisual contents available in digital format, but encoded in
multiple formats and qualities. The current user terminals do not support all the formats and
qualities available. Each terminal only supports a limited number of them. Moreover, the
abundance of transmission network, each with varying degrees of performance in bandwidth,
latency and other parameters, difficult the end to end transmission of multimedia streams. From
the service provider point of view, the challenge is to access all contents whatever user device
or transmission network is used, adapting the coding and content transport to the particular
conditions of each case.

This content adaptation mention, referring to the coding format and transport method, is the
main objective of the transcoding. The current solutions have a wide variety, from the ones
using a direct content recoding, which tends to be little parametrizable (e.g., a video camera
encoding raw video to a specific MPEG-2 profile) to processes based on the original content
format and more flexible options. All of them are based on the coding audio and video
standards, which are in a continuous evolution as new coding algorithms are being defined.

The main motivation to develop transcoding systems is the necessity of adapting the multimedia
content format to the different services environments, characterized by specific requirements of
audiovisual quality, available bandwidth and user terminals. Because the high difference
between these environments, the content format is specially adapted to each of them and so
there is no “universal” format.

Some typical requirements that drive the necessity of transcoding in the media distribution
business are:

Spread the access coverage. E.g., reducing the necessary bandwidth consumption for
IPTV, a bigger bandwidth could be left usable for internet browsing over the ADSL
technologies. In this IPTV video distribution world new coding standards are needed
providing the same video quality but requiring less bandwidth (H.264 vs. MPEG-2). This



implies a migration of the formats required by the system, converting the available
contents from MPEG-2 to H.264.

The convergence between fixed and mobile networks, come up with the necessity of the
integration of the services in both environments (fixed and mobile). Again using the IPTV
example, the contents are available in MPEG-2 format and a transcoding process is
required converting them to H.263 or MPEG-4 with requirements (resolution, frequency,
etc.) adapted to the mobile devices limitations.

Access integration of the Internet multimedia services, like the services of personal video
publication, in which different multimedia contents could be uploaded to the system (for
example: the Youtube service transcodes all the contents to a unique format, chose like
the less restrictive in terms of bandwidth and device, but scarifying the audiovisual

quality).

2.2 TRANSCODING AND TRANSRATING

A commonly used definition of transcoding is the direct digital-to-digital conversion from one
codec to another. It usually involves decoding/decompressing the original data to a raw
intermediate format, and then re-encoding this into the target format.

It has to be noted that this definition of the term ‘transcoding’ is often misrepresenting the
complete problem and just used as an umbrella term that includes many possible
transformations:

Codec transformations, as suggested above.
Size/resolution transformations (sometimes noted as ‘transizing’)

Bit rate transformation on the coded media (‘transrating’)

2.3 MEDIA FORMATS

Basic media formats are: audio, video and image contents. These multimedia contents are the
basis for the next Multimedia generation of Search Engines.

Each one of these media contents can have different formats. The transcoding and transrating
engine included in this project support the formats detailed in the following sections by the kind
of content:

2.3.1 Video contents

In case of video contents the transcoding engine will need to support a specific list of video
containers and video codecs which will be detailed in following sections.

In this domain, a codec refers to the actual mathematical and algorithmic processing necessary
to encode and decode media into a bit stream with some required constraints. A video
container, on the other hand, is a higher level construction to pack into a single file separate
streams (each encoded with a given codec), such as for example the video (that could be coded
in MPEG-2) and audio (that could be stored using AAC).

Apart from the codecs and containers the video contents have other important parameters in the
codification process that must be taking into account. A brief explanation of these components
is needed in order to understand the complexity of the transcoding process and all its
characteristics.



Resolution: Number of distinct pixels in each direction that can be displayed.

Aspect: The aspect ratio of an image is its width divided by its height. The most common
aspect ratios are 4:3 (1.33:1), universal for standard-definition video formats, and 16:9 (1.78:1),
universal to high-definition television and European digital television.

Frame rate: Measurement of the frequency at which an imaging device produces unique
consecutive images called frames. Frame rate is most often expressed in frames per second.

2.3.1.1 Video containers

Next table will show the considered video containers, specifying if it's supported in the
input/output of the engine.

Table 1: Video containers supported by the Transcoding engine

Name I nput Output
MPEG-2TS X X
MPEG-1 PS X X

AVI X X
3GP X X
ASF X X
MP4 X X
FLV X X
WM X X

The containers described in the table above are the most common ones. The description of
each of them is the following:

MPEG-2 TS [4]: MPEG-2 Transport stream; transport stream is a communication protocol
design to allow multiplexing of digital video and audio and to synchronize the output.

MPEG-1 PS [4]: MPEG-1 Program stream; program stream is a multiplexer of elementary
streams into a single one. Development of the MPEG-1 standard began in May 1988.

AVI [10]: Audio Video Interleave; is a multimedia container format introduced by Microsoft
in 1992. AVI files can contain both audio and video data in a file container that allows
synchronous audio-with-video playback.

3GP [11]: 3GP is a simplified version of the MPEG-4 Part 14 (MP4) container format,
designed to decrease storage and bandwidth requirements in order to accommodate
mobile phones.

MP4 [4]: MPEG-4 Part 14, formally ISO/IEC 14496-14:2003; is a multimedia container
format standard specified as a part of MPEG-4.

FLV [12]: Flash Video is the name of a file format used to deliver video over the Internet
using Adobe Flash Player. Currently based upon H.264 video.



WM [13]: Windows Media; container format for the Advanced Systems Format (ASF). The
file extension .WMV typically describes ASF files that use Windows Media Video codecs.

As specified in the table, all of them are available like inputs or outputs of the transcoding
engine.

2.3.1.2 Video codecs

In case of the video codecs, for a specific content one video codec may be supported in the
input/output, but also other important characteristics is the delivery method of the transcoded
content. In the following table two methods are considered: file or streaming.

Table 2: Video codecs supported by the Transcoding engine

Name Input Output File Sreaming

MPEG-1 X X X X

MPEG-2

MPEG-4

H.264

H.263

X | X | X | X | X
X | X | X | X | X

WMV 12

WMV 3

X | X | X | X | X | X | X
X | X | X | X | X | X | X

VP6
(FLASH)

VP7 X
(FLASH)

A brief description of the video codecs enumerated in the table above is needed to better
understand each characteristic:

MPEG-1 [4]: MPEG-1 was an early standard for lossy compression of video and audio. It
was designed to compress VHS-quality raw digital video and CD audio down to 1.5
Mbit/s (26:1 and 6:1 compression ratios respectively) without excessive quality loss,
making Video CDs, digital cable/satellite TV and digital audio broadcasting (DAB)
possible.

MPEG-2 [4]: MPEG-2 is a standard for "the generic coding of moving pictures and
associated audio information”. It describes a combination of lossy video compression
and lossy audio compression (audio data compression) methods which permit storage
and transmission of movies using currently available storage media and transmission
bandwidth. MPEG-2 is widely used as the format of digital television signals that are
broadcast by terrestrial (over-the-air), cable, and direct broadcast satellite TV systems.

MPEG-4 [4]: MPEG-4 is a collection of methods defining compression of audio and visual
(AV) digital data. It was introduced in late 1998 and designated a standard for a group of
audio and video coding formats and related technology agreed upon by the ISO/IEC
Moving Picture Experts Group (MPEG) under the formal standard ISO/IEC 14496. Uses



of MPEG-4 include compression of AV data for web (streaming media) and CD
distribution, voice (telephone, videophone) and broadcast television applications.

H.264 [8]: it's a standard for video compression. It is also known as MPEG-4 Part 10, or
MPEG-4 AVC (for Advanced Video Coding). It contains a number of new features that
allow it to compress video much more effectively than older standards and to provide
more flexibility for application to a wide variety of network environments.

H.263 [14]: H.263 is a video codec standard originally designed as a low-bitrate
compressed format for videoconferencing. It's found in many internet applications.

WMV1/2 [13]: compressed video file format for several proprietary codecs developed by
Microsoft. The original codec, known as WMV, was originally designed for Internet
streaming applications, as a competitor to RealVideo, was built upon Microsoft®
implementation of MPEG-4 Part 2.[

WMV3 [13]: WMV 9 introduced several important features including native support for
interlaced video, non-square pixels, and frame interpolation. WMV 9 also introduced a
new profile titled Windows Media Video 9 Professional, which is activated automatically
whenever the video resolution and bit rate exceed 300,000 pixels (e.g. 512 x 586) and
1000 kbit/s (e.g., 1001 kbit/s). It is targeted towards high-definition video content, at
resolutions such as 720p and 1080p.

VP6 [15]: video codec developed by On2 Technologies as a successor to earlier efforts
such as VP3 and VP5. The VP6 codec has been used in products for broadcasting in the
field, such as with BBC reporters and QuickLink software. This codec is used by Adobe
Flash and Flash Video files.

VP7 [16]: video codec developed by On2 Technologies as a successor to earlier efforts
such as VP3, VP5 and TrueMotion VP6. It is a codec with both VFW and DirectShow
support that On2 Technologies claims has better compression than leading competitive
codecs such as MPEG-4 AVC (H.264) and VC-1.

2.3.2 Audio contents

In case of audio contents the same two sections as previous chapter are considered, one for the
containers and other for the codecs.

2.3.2.1 Audio containers

Audio containers included are as follow:

Table 3: Audio containers supported by the Transcoding engine

Name Input Output
MPEG-2TS X X
MPEG-1 PS X X

WAV X X

MP4 X X

In the list of containers some of them are also list in the Video section, this is because the
containers may encapsulate video or audio streams, together or just as single stream. In this
section only the new ones will be analyzed:



WAV: WAV (or WAVE), short for Waveform audio format, is a Microsoft and IBM audio file
format standard for storing an audio bitstream on PCs.

MP4 [4]: It is most commonly used to store digital audio and digital video streams,
especially those defined by MPEG, but can also be used to store other data such as
subtitles and still images.

2.3.2.2 Audio codecs

Audio codecs are listed below with the output method specified.

Table 4: Audio codecs supported by the Transcoding engine

Name Input Output File Sreaming
MP1A X X X X
MP2A X X X X
MP3 X X X X
WMA X X X
AAC X X X X
AC3 X X X X
AMR X X X X

The definition of each of the codecs named in the table is listed below:

MP1A [4]: MPEG-1 Audio Layer I, commonly abbreviated to MP1, is one of three audio
codecs included in the MPEG-1 standard. While supported by most media players, the
codec is considered largely outdated and replaced by MP2 or MP3.

MP2A [4]:MP2 is an audio codec defined by ISO/IEC 11172-3. While MP3 is much more
popular for PC and internet applications, MP2 remains a dominant standard for audio
broadcasting.

MP3 [4]: MPEG-1 Audio Layer 3, more commonly referred to as MP3, is a digital audio
encoding format using a form of lossy data compression.

WMA [17]: Windows Media Audio (WMA) is an audio data compression technology
developed by Microsoft. The name can be used to refer to its audio file format or its
audio codecs. WMA consists of four distinct codecs. The original WMA codec, known
simply as WMA, WMA Pro, a newer and more advanced codec, supports multi channel
and high resolution audio. A lossless codec, WMA Lossless, compresses audio data
without loss of audio fidelity. And WMA Voice, targeted at voice content, applies
compression using a range of low bit rates.[

AAC [4]: Advanced Audio Coding (AAC) is a standardized, lossy compression and
encoding scheme for digital audio. Designed to be the successor of the MP3 format,
AAC generally achieves better sound quality than MP3 at many bit rates.

AC3 [18]: Dolby Digital, or AC-3, is the common version containing up to six discrete
channels of sound. AC-3 supports audio sample-rates up to 48 kHz.



AMR [5]: Adaptive Multi-Rate (AMR) is an audio data compression scheme optimized for
speech coding. AMR was adopted as the standard speech codec by 3GPP in October
1998 and is now widely used in GSM and UMTS.

2.3.3 Image contents

In case of image contents, they only have a codec specification, because in this case there is no
encapsulation method, both the codec and the format or container always are the same. Also
the output method is not considered in this media format.

2.3.3.1 Image codecs

Table 5: Image codecs supported by transcoding engine

Name Input Output
JPG X X
BMP X X
GIF X X
PNG X X
TIF X

The specified image codecs are the following:

JPG [6]: The name "JPEG" stands for Joint Photographic Experts Group, the name of the
committee that created the standard. The JPEG standard specifies both the codec,
which defines how an image is compressed into a stream of bytes and decompressed
back into an image, and the file format used to contain that stream.

BMP [19]: Windows bitmap (.BMP) is the Microsoft Paint format. Could store images of 24
bits (16,7 million of colors), 8 bits (256 colors) and even less.

GIF [20]: The Graphics Interchange Format (GIF) is a bitmap image format that was
introduced by CompuServe in 1987. The format supports up to 8 bits per pixel, allowing
a single image to reference a palette of up to 256 distinct colors chosen from the 24-bit
RGB color space. It also supports animations and allows a separate palette of 256 colors
for each frame. The color limitation makes the GIF format unsuitable for reproducing
color photographs and other images with continuous color, but it is well-suited for simpler
images such as graphics or logos with solid areas of color.

PNG [21]: Portable Network Graphics (PNG) is a W3C-sanctioned bitmapped image
format that employs lossless data compression. PNG was created to improve upon and
replace GIF (Graphics Interchange Format) as an image-file format not requiring a
patent license.

TIF [22]: Tagged Image File Format (abbreviated TIFF) is a file format for storing images,
including photographs and line art. It is now under the control of Adobe Systems. The
TIFF format is widely supported by image-manipulation applications, by publishing and
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page layout applications, by scanning, faxing, word processing, optical character
recognition and other applications.

Apart from the codec the only parameter taking into account in the case of image contents is the
size or resolution of the image.

3. TRANSCODING ENGINE ARCHITECTURE

In the previous section we have seen a general description of the transcoding process and
some of the elements involved. In this chapter we will study the transcoding engine, dividing the
module in its components, carrying out a more detailed description of its functionality and
characteristics.

Figure 1. - Components Architecture Scheme of Transcoding Engine

i B

In the Figure 1 above there is a description of the different elements and the workflow process
in the transcoding engine.

First of all a multimedia content is ingested in the engine, this multimedia content could be either
an image, video or audio file. Once the content is in the system two different processes take
place:

Content Analysis Module: this module automatically analyzes the multimedia
characteristics of the multimedia content inserted. Some of these characteristics are for
example the content type (video, audio, image), container format, video codec, bit rate,
resolution, etc.

Output parameter selection: This module may be interacted with using a graphical user
interface (mainly for debugging and development) or an XML-driven interface that
automatically loads the needed profiles for each device (hence more suitable for SAPIR
needs). It consists in a selection, among a list of parameters, of the characteristics we
want for our output content. Not all the parameters must have a value; the only basic
parameter is the container, which is the one that specified the output content extension,
which means the format of the output content.

These two processes are connected with the transcoding database (just DB in the diagram).
With the inputs of the two modules described above, the database extracts the proper
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transcoding parameters, and with this information, the transcoding parameters adaptation takes
place.

Once the transcoding parameters have been adapted, the transcoding software process starts,
finalizing with the output multimedia contents requested.

In the next sections a deep study of the different modules is described.

3.1 CONTENT ANALYSIS MODULE

The input to this module is the original multimedia content. This content is analyzed by the
module and several multimedia parameters are obtained, some of these parameters are listed
below:

Content type or Format
File size
Duration

Bit rate

Aspect ratio
Video codec
Audio codec
Image codec
Resolution
Frame rate
Audio channels
Sampling rate

The information reported above is the output of this module, and also an input for the next step
in the workflow which is the Transcoding Database.

3.2 OUTPUT PARAMETERS SELECTION

This module is an interface to select the output parameters desired. There are many parameters
that can be selected or configured, but not all of them are needed. The only mandatory output
parameter is the container, because it's needed to know the output content extension and
format.

Many of these parameters are the same as the ones obtained from the original file in the
“Content analysis module”, but apart from the selection of the different parameters, there is also
the possibility of use profiles.

12



Figure 2. - Transcoding profiles
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The profiles are a group of output parameters predefined and adapted to the output device
characteristics. These profiles may be adapted to different terminal devices characteristics, so
the user doesn’t need to know the specific characteristics of each of the used devices, and also
with these profiles the right configuration, transcoding and best fit to the requirements is always
guaranteed.

3.3 TRANSCODING DATABASE

The transcoding database is based on MySQL. All the information is registered in the database,
and also there is a complex structure defined where all the multimedia parameters are
considered. Each new codec must be registered in the database, and also all the parameters
needed for the correct configuration.

An overview of the database structure may be observed in the following figure:
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Figure 3. - Schema Transcoding Database
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3.4 TRANSCODING PARAMETERS ADAPTATION

Once the input parameters have matched with the output desired parameters through the
database, the adaptation of the transcoding parameters is needed. This adaptation is also
based in the Transcoding database, where all the possible configurations are registered.

Not all the possible transcoding input-output combinations are possible, as not all the
transformations are feasible. For example some containers have specific restrictions such as
the video codecs or the resolution of the video streams inside. And the same occurs with the
audio codecs with the sampling rates or channels. For example in the case of the audio codec
“amr_nb” the only eligible parameters are 8 KHz as sampling frequency and mono channel,
because other configurations would fail. All these restrictions must be taken into consideration
so the transcoding process is always able to finish successfully.

Thus, the desired output parameters may be subjected to a little variation in order to accomplish
these requirements. This problem could be solved with the use of profiles. Because the profiles
already considered these restrictions, and consequently only the compatible profiles for a
specific input contents could be selected.

Another important issue to be considered is the relationship between the different coding
parameters and data containers, so for example once the output container has been selected
and specified, the list of possible video codecs will be updated, taking into consideration the
parameters already defined at that moment (the input parameters and the output container).
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3.5 TRANSCODING SOFTWARE PROCESS

The transcoding software process is in charge of adapting the input content to the required
format or specifications. The decision of the characteristics that the module output flow must
fulfill is an input to this component, and it comes from the adaptation decision taking machine.

Apart from this input information, the adaptation machine will have as input the flow that we
want to adapt. For further information about the adaptation process (transcoding process
module), please check previous sections, where the explanation is related to the adaptation and
selection of the different transcoding parameters that will be consider in this section. This digital
item can be formed by the content and a description of itself. Depending on the adaptation to
implement, different modules will be called, in order to carry on the adaptations.

The module output will be the input flow, but adapted to the destination conditions; therefore the
content adaptation will have to be carried on successfully.

A more deep analysis of this module could be found in the next chapter.

4. TRANSCODING SOFTWARE PROCESS

This is the main module of the transcoding engine, and the one where the transcoding process
take place based on the parameters obtained from the other modules.

4.1 GENERAL ARCHITECTURE

The transcoding software process module is based on a system composed by several servers
which are able to transcode audiovisual content from or to many multimedia (video, audio and
image) formats. The next figure shows the different components of this module, and the
interaction between them:
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Figure 4.- Transcoding software process Architecture
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Figure 4 the Client Service accessing to the system is depicted, but usually several services will
require the resources offered by the transcoding system.

The access point is the system’s interface to the external requests, from this point the input
contents will be send to the Input Buffer, and the output contents (those contents already
transcoding and adaped to the requirements) will be transfer to the access point from the Output
Buffer.

Following with the engine workflow, after the adaptation of the input parameters the transcoding
software process starts. This process begins when the transcoding request arrives to the
Process controller. This module manages the process distribution among the nodes, based on
the specific coding module needed in each case.

As seen in Figure 4, the Transcoding engine is based in a multinode architecture, with a buffer
input/output structure. This architecture facilitates the requests concurrency, so the shortest
waiting time is guaranteed, thus the efficiency is improved.

In each of these nodes there will be a set of transcoding applications, the characteristics and
capacitites of these applications will be described in the Transcoding database. The Controller
distributes the transcoding tasks through the proper and free nodes, by a remote launching of
the transcoding applications.

The communication between the Process controller and the Transcoding nodes is based on
XML messages. Once the Process controller decides which node will process the specific
transcoding, a XML message is sent to that node, specifying the transcoding parameters
required. The specific node received the XML message, and after process it, obtained the
correspondent content from the input buffer, and transcodes it. When the Transcoding node
finalizes this task, the output content obtained is sent to the Output buffer, and a XML message
is sent to the Process controller to inform of the task successfully finish.

4.2 HARDWARE COMPONENTS

The transcoding server software the system could be installed either in a Linux or Windows
2003 server operating system. The Windows 2003 server is only required if the system needs to
transcode to/from Microsoft propietary formats, such as WMA.

16



4.3 INTERFACE

The service interface is based on XML messages send through HTTP. The messsages should
be compatible with XML version 1.0 an “ISO-8895-1" coding standard.

The media input to the system can be done using either bitstreams or files. When files are
involved, the protocols of choice for uploading content are either FTP or SFTP the transport. It's
also possible to have the contents availables through an external file system that can be
mounted from the Transcoding nodes. If the contents are streams the protocol that best suits is
UDP unicast.

Figure 5 .- Protocols used in the engine interface
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The system also allows asynchronous transcoding jobs if needed: the requester transcoding
end has means to notify the reply address used for the cases where the petitions should be
queued because there are no available resources for that request, and also to receive the
transcoding finalization and cancellation replies. If this reply address is not provided (url HTTP)
and there are no available resources to initiate the transcoding, the request will be denied and it
will not be queued.

4.4 TRANSACTIONS

The types of the XML messages that could be exchange through the service interface are the
following ones:

Transcoding request.

Transcoding reply.

Transcoding session state request.

Transcoding session state reply.

Cancellation transcoding session.

System notification of cancellation transcoding session.

Possible transcoding profiles request.

© N o gk~ w DN PE

Possible transcoding profiles reply.
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The messages 1, 3, 5 and 7 are sent by the client module that is using the transcoding service,
they are sent like POST data in the http request. The messages 2, 4, 6 and 8 are sent by the
transcoding engine like data in the http client reply, or like POST data in the HTTP requests sent
by the transcoding system in the asynchronous messages (transcoding start after the request
gueued, transcoding end and transcoding cancellation)

The message 4 is sent in a synchronous mode in the http reply to message 3. The message 2
could be synchronous or asynchronous in the transcoding request or asynchronous, and is used
to inform the start of a previously queued transcoding request. The message 8 is sent
synchronous to the client in the HTTP reply to message 7.

5. TESTING TRANSCODING ENGINE

The transcoding engine test phase includes the analysis of different characteristics and
transcoding scenarios. The main objective of this phase is to ensure the right adaptation of the
contents to the different devices.

There are different characteristics to be analyzed: quality of service, response time, video
guality, content adaptation, device adaptation, usability, characterization, access, concurrence,
etc.

5.1 TESTING ENVIRONMENT

In order to test the transcoding engine two different mobile devices have been used, the tests
have been done with mobile devices because they are considered the transcoding-critical ones
for this project, a N95 and N93 Nokia terminal.

5.1.1 Devices characteristics
The characteristics of these terminals are the following ones:
N95:
o Display:
TFT, 16M colors
Size: 240 x 320 pixels, 2.6 inches, 40 x 53 mm
0 Video resolution up to VGA up to 30 fps
0 Video formats supported: .mp4 and.3gp

0 Image resolution: up to 5 Mega pixels: 2592 x 1944

o Image format supported: JPEG/EXIF
0 Compatible with 3GPP Rel 5

N93:

o Display:
TFT, 256K colors
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Size: 240 x 320 pixels, 2.4 inches, 36 x 48mm
Second 65K colors display (128 x 36 pixels)mm
Twist and rotating screen

Video resolutions: up to VGA (640x480) at 30 fps

Video file format .mp4 (default), .3gp (for MMS)

Image resolution: up to 3.2 megapixel (2048 x 1536 pixels)

Still image file format: JPEG/EXIF

O O o o

5.1.2 Multimedia contents

The contents used for this test phase includes all the different formats considered, and also the
different media types.

Some of these contents, as an example, are:

0 Test01: Video trailer in AVI format with resolution 240x576, 24 fps, XVid video codec and
mp3 audio codec.

0 Test02: Image file in jpg format with resolution 1280x863.

The test phase includes not only content adaptation from PC contents to the mobile but also,
from contents record with the mobile terminal to the PC device.

For example the videos record with the mobile devices described have the following formats:
0 Mp4 container
o 30fps
0 Resolution of 640x480

5.2 TESTS

Once described the test environment, the next step is the description of the tests themselves.

Different test phases have taken place; the first test phase is the “Unitary test”.

5.2.1 Unitary Test

In this phase the video quality and the correct trandscoding of the multimedia contents is the
objective.

Up to 50 multimedia contents have been transcoded. These contents including all the different
formats, resolutions and codecs integrated in the system.

In this unitary test many different transcoding possibilities have been tried, including modification
of the containers, video codecs, audio codecs, bit rates, resolution, frame rates, audio
frequency.

The test consist on check the characteristics of the output multimedia contents of the
transcoding engine in order to ensure the correct modification of the characteristics.
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5.2.2 System Test

The system test consists on the validation of the transcoding engine system as a whole. In this
test, the multimedia contents tested in the previous phase and the different transcoding
combination are adapted to the mobile devices to be used in SAPIR.

Here not only the right adaptation to the terminal capabilities is considered but also the quality of
the multimedia contents in the devices selected (this is a subjective test), the response time
considering also a scenario with concurrence of multiple requesting and in conclusion the
optimal transcoding and adaptation of different multimedia contents (with different
characteristics) to different terminals considering their capabilities and maintaining a high quality
video, audio and image level.

To better understand the transcoding process, a transcoding engine mobile demo has been
developed. To illustrate this document, a run-through the different transcoding options is being
presented. It has to be noted that for clarity the GUI version of the transcoding engine is being
used. The mobile demo uses The input content used for this explanation is a trailer of the movie
“The incredible Hulk”, the characteristics of the input content are the following ones:

Figure 6.- SAPIR demo: Analysis phase with “The incredible Hulk” content

20



The main characteristics of the multimedia content are specified above, such as the container
(MPEG-1 PS), video codec (MPEG-1 video), resolution (480x272) and audio codec (MPEG-1
Audio layer 2).

Once the characteristics of the input content have been detected, the next step is the selection
of the output content parameters. There are two ways for this selection, as previously described
in other sections, one based on profiles and other one named advanced, where the user can
select each one of the parameters for optimum customization.

Figure 7.- SAPIR demo: Encoding phase with “The incredible Hulk” content.

If the advanced option is selected, the different output parameters could be selected. In this
parameters selection the only mandatory one is the container which in turn gives the output file
its appropriate extension so it's correctly understood by the media players. In each of the
parameters there is a list continuously responding to the possibilities given the selections
already done.

For example, in this case (as seen in Figure 8), once the container “FLV” has been selected
only the video codec “flash video” is available to select.
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Figure 8.- SAPIR demo: Encoding advanced phase.

But in the case of SAPIR, given the project’s scope of supported devices, the best is to use the
profiles coding option, where the output parameters are already defined, so you just need to
select the mobile device where you want to watch the content.
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Figure 9.- SAPIR demo: Encoding profiles phase.

In this demo version two profiles have been defined related to the mobile devices considered
before, the mobile phones Nokia N93 and N95. Here the profile ‘N95’ is selected to start the
transcoding process.

Figure 10.- SAPIR demo: Transcoding process.
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When the transcoding process finished the content file is ready to be sent to the mobile, with the
“Send to phone” link. A streaming solution is also available and will be integrated for future
demonstrations.

Figure 11.- SAPIR demo: Transcoding process finished.

Once the content is in the mobile, it can be played in the phone with optimum quality.

Figure 12.- SAPIR demo: “The incredible Hulk” content adapted to N95.
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6. INTEGRATION OF THE TRANSCODING IN THE SAPIR ARCHITECTURE

To fully utilize the transcoding in SAPIR, it is crucial to place it in the overall system architecture
so it is usable by the rest of software components we have developed up to now.

Some details have to be noted, nonetheless. As SAPIR is focused on distribution of the search
effort using P2P techniques, it could be argued that the complexity of transcoding should be
solved using the same mechanisms. Some alternatives are being actively explored by the
research community [11]. Typically, these more complex mechanisms include the slicing of the
media to be transcoded into chunks that can be transcoded independently in distributed peers
among the network. The object file or stream is then reconstructed so the process is essentially
identical to traditional transcoding when seen from end-to-end.

However, given the nature of this project and its very focused research objectives we have
opted to develop a transcoding system that can be thought of as a network-wide service rather
than an integral P2P component of it. As this, its network co-ordinates could be known to any
peer connected to the Universal Overlay and then it could just be invoked as needed from
anywhere in the network.

With this idea in mind, be begun a preliminary implementation of the transcoding architecture
with a motivation that is mostly pragmatic. Given the scenarios that the project has set as its
goals, the main transcoding need of SAPIR is to provide mobile devices with appropriate
versions of images and maybe videos. Our architecture to resolve this problem is the following:

Figure 13. - SAPIR demo: “The incredible Hulk” content adapted to N95.

The figure above represents the current strategy for the integration of transcoding in the mobile
demo. As it can be seen, the system that enables mobile access has three principal agents, with
the mobile device in itself, the Access Point Gateway module (a description of which was
outlined in an Appendix for deliverable D7.2) and the Transcoding Module, which is here
separated in two layers of ‘Transcoding interface’ and ‘Transcoding core engine’.

The transcoding here is thus effectively integrated in the overall architecture as a service: it is
the Access Point Gateway who decides to route the response to queries originated in the mobile
part through the transcoding. There, the most appropriate format for the media response is
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selected and appropriate transcoding is applied as explained above in this document. This
central part of the transcoding functionality is the ‘core engine’ layer in the picture.

The transcoding ‘interface’ is an extension of the access mechanisms explained in section 4.3
that in addition to the functionality there explained offers a layer to ease connectivity with
devices such as mobile phones that have their own and limited connectivity schemes, such as
limitations of number of open connections, protocols or transmission channel instability.

The extension of this ‘transcoding service’ strategy to a more network-wide approach, in which
other entities in SAPIR than the Access Point Gateway are able to request transcoding services
might be implemented in the future if needed.

7. CONCLUSIONS AND FUTURE WORK

In this document we presented the implementation of the transcoding engine to be included in
the SAPIR architecture.

We have focused on the transcoding engine architecture, defining the different components,
processes, interfaces, transactions and parameters implied. The goal of this module is the
adaptation of different multimedia contents to the characteristics of specific devices, in this case
the ones selected by the SAPIR project.

For the implementation of this module different standards have been used, but the main ones
are: the different MPEG format for codification, the XML [1] as transaction language, SQL as
database transactions language, WSDL [9] as web service description and SOAP [3] like web
service implementation protocol.

After describing the architecture and functionalities of this module the test phase is defined,
including the different steps and characteristics of the test environment.

With this document the adaptation of the contents to the terminals became a reality, and also
the good results of the different tests implemented confirms it.

We have outlined a method of integrating this module in the SAPIR architecture, and analyzed
its functionality. Further iterations of integration will be required to create a network-wide
transcoding service; nevertheless the basic infrastructure for the mobile scenario is set and
runnning. If these results are the expected ones, it will be available a full system of content
transcoding and adaptation integrated within SAPIR project.
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