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The need for compressed and coded representation and transmission of multimedia data
has not rescinded as computer processing power, storage, and network bandwidth have
increased. They have merely served to increase the demand for greater quality and
increased functionality from all elements in the multimedia delivery and consumption
chain, from content creators through to end users. For example, whereas we once had
VHS-like resolution of digital video, we now have high-definition 1080p, and whereas
a user once had just a few digital media files, they now have hundreds or thousands,
which require some kind of metadata just for the required file to be found on the user’s
storage medium in a reasonable amount of time, let alone for any other functionality such
as creating playlists. Consequently, the number of multimedia applications and services
penetrating home, education, and work has increased exponentially in recent years, and
the emergence of multimedia standards has similarly proliferated.

MPEG, the Moving Picture Coding Experts Group, formally Working Group 11 (WG11)
of Subcommittee 29 (SC29) of the Joint Technical Committee (JTC 1) of ISO/IEC, was
established in January 1988 with the mandate to develop standards for digital audio-
visual media. Since then, MPEG has been seminal in enabling widespread penetration
of multimedia, bringing new terms to our everyday vernacular such as ‘MP3’, and it
continues to be important to the development of existing and new multimedia applications.
For example, even though MPEG-1 has been largely superseded by MPEG-2 for similar
video applications, MPEG-1 Audio Layer 3 (MP3) is still the digital music format of
choice for a large number of users; when we watch a DVD or digital TV, we most
probably use MPEG-2; when we use an iPod, we engage with MPEG-4 (advanced audio
coding (AAC) audio); when watching HDTV or a Blu-ray Disc, we most probably use
MPEG-4 Part 10 and ITU-T H.264/advanced video coding (AVC); when we tag web
content, we probably use MPEG-7; and when we obtain permission to browse content
that is only available to subscribers, we probably achieve this through MPEG-21 Digital
Rights Management (DRM). Applications have also begun to emerge that make integrated
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use of several MPEG standards, and MPEG-A has recently been developed to cater to
application formats through the combination of multiple MPEG standards.

The details of the MPEG standards and how they prescribe encoding, decoding,
representation formats, and so forth, have been published widely, and anyone may
purchase the full standards documents themselves through the ISO website [http:/
www.iso.org/]. Consequently, it is not the objective of this handbook to provide in-depth
coverage of the details of these standards. Instead, the aim of this handbook is to
concentrate on the application of the MPEG standards; that is, how they may be used,
the context of their use, and how supporting and complementary technologies and the
standards interact and add value to each other. Hence, the chapters cover application
domains as diverse as multimedia collaboration, personalized multimedia such as
advertising and news, video summarization, digital home systems, research applications,
broadcasting media, media production, enterprise multimedia, domain knowledge
representation and reasoning, quality assessment, encryption, digital rights management,
optimized video encoding, image retrieval, multimedia metadata, the multimedia life
cycle and resource adaptation, allocation and delivery. The handbook is aimed at
researchers and professionals who are working with MPEG standards and should also
prove suitable for use on specialist postgraduate/research-based university courses.

In the subsequent sections, we provide an overview of the key MPEG standards that
form the focus of the chapters in the handbook, namely: MPEG-2, MPEG-4, H.264/AVC
(MPEG-4 Part 10), MPEG-7, MPEG-21 and MPEG-A. We then introduce each of the 21
chapters by summarizing their contribution.

MPEG-2

MPEG-1 was the first MPEG standard, providing simple audio-visual synchronization
that is robust enough to cope with errors occurring from digital storage devices, such
as CD-ROMs, but is less suited to network transmission. MPEG-2 is very similar to
MPEG-1 in terms of compression and is thus effectively an extension of MPEG-1 that also
provides support for higher resolutions, frame rates and bit rates, and efficient compression
of and support for interlaced video. Consequently, MPEG-2 streams are used for DVD-
Video and are better suited to network transmission making them suitable for digital TV.

MPEG-2 compression of progressive video is achieved through the encoding of three
different types of pictures within a media stream:

e [-pictures (intra-pictures) are intra-coded that is, they are coded without reference to
other pictures. Pixels are represented using 8 bits. I-pictures group 8 x 8 luminance
or chrominance pixels into blocks, which are transformed using the discrete cosine
transform (DCT). Each set of 64 (12-bit) DCT coefficients is then quantized using a
quantization matrix. Scaling of the quantization matrix enables both constant bit rate
(CBR) and variable bit rate (VBR) streams to be encoded. The human visual system
is highly sensitive at low-frequency levels, but less sensitive at high-frequency levels,
hence the quantization matrix reflects the importance attached to low spatial frequencies
such that quantums are lower for low frequencies and higher for high frequencies. The
coefficients are then ordered according to a zigzag sequence so that similar values are
kept adjacent. DC coefficients are encoded using differential pulse code modulation
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(DPCM), while run length encoding (RLE) is applied to the AC coefficients (mainly
zeroes), which are encoded as {run, amplitude} pairs where run is the number of zeros
before this non-zero coefficient, up to a previous non-zero coefficient, and amplitude is
the value of this non-zero coefficient. A Huffman coding variant is then used to replace
those pairs having high probabilities of occurrence with variable-length codes. Any
remaining pairs are then each coded with an escape symbol followed by a fixed-length
code with a 6-bit run and an 8-bit amplitude.

e P-pictures (predicted pictures) are inter-coded, that is, they are coded with reference to
other pictures. P-pictures use block-based motion-compensated prediction, where the
reference frame is a previous I-picture or P-picture (whichever immediately precedes
the P-picture). The blocks used are termed macroblocks. Each macroblock is composed
of four 8 x 8 luminance blocks (i.e. 16 x 16 pixels) and two 8 x 8 chrominance blocks
(4:2:0). However, motion estimation is only carried out for the luminance part of
the macroblock as MPEG assumes that the chrominance motion can be adequately
represented based on this. MPEG does not specify any algorithm for determining best
matching blocks, so any algorithm may be used. The error term records the difference
in content of all six 8 x 8 blocks from the best matching macroblock. Error terms
are compressed by transforming using the DCT and then quantization, as was the
case with I-pictures, although the quantization is coarser here and the quantization
matrix is uniform (although other matrices may be used instead). To achieve greater
compression, blocks that are composed entirely of zeros (i.e. all DCT coefficients are
zero) are encoded using a special 6-bit code. Other blocks are zigzag ordered and
then RLE and Huffman-like encoding is applied. However, unlike I-pictures, all DCT
coefficients, that is, both DC and AC coefficients, are treated in the same way. Thus, the
DC coefficients are not separately DPCM encoded. Motion vectors will often differ only
slightly between adjacent macroblocks. Therefore, the motion vectors are encoded using
DPCM. Again, RLE and Huffman-like encoding is then applied. Motion estimation may
not always find a suitable matching block in the reference frame (note that this threshold
is dependent on the motion estimation algorithm that is used). Therefore, in these cases,
a P-picture macroblock may be intra-coded. In this way, the macroblock is coded in
exactly the same manner as it would be if it were part of an I-picture. Thus, a P-picture
can contain intra- and inter-coded macroblocks. Note that this implies that the codec
must determine when a macroblock is to be intra- or inter-coded.

e B-pictures (bidirectionally predicted pictures) are also inter-coded and have the highest
compression ratio of all pictures. They are never used as reference frames. They are
inter-coded using interpolative motion-compensated prediction, taking into account the
nearest past I- or P-picture and the nearest future I- or P-picture. Consequently, fwo
motion vectors are required: one from the best matching macroblock from the nearest
past frame and one from the best matching macroblock from the nearest future frame.
Both matching macroblocks are then averaged and the error term is thus the differ-
ence between the target macroblock and the interpolated macroblock. The remaining
encoding of B-pictures is as it was for P-pictures. Where interpolation is inappropriate,
a B-picture macroblock may be encoded using bi-directional motion-compensated pre-
diction, that is, a reference macroblock from a future or past I- or P-picture will be used
(not both) and therefore, only one motion vector is required. If this too is inappropriate,
then the B-picture macroblock will be intra-coded as an I-picture macroblock.
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D-pictures (DC-coded pictures), which were used for fast searching in MPEG-1, are
not permitted in MPEG-2. Instead, an appropriate distribution of I-pictures within the
sequence is used.

Within the MPEG-2 video stream, a group of pictures (GOP) consists of I-, B- and
P-pictures, and commences with an I-picture. No more than one I-picture is permit-
ted in any one GOP. Typically, IBBPBBPBB would be a GOP for PAL/SECAM video
and IBBPBBPBBPBB would be a GOP for NTSC video (the GOPs would be repeated
throughout the sequence).

MPEG-2 compression of interlaced video, particularly from a television source, is
achieved as above but with the use of two types of pictures and prediction, both of which
may be used in the same sequence. Field pictures code the odd and even fields of a frame
separately using motion-compensated field prediction or inter-field prediction. The DCT
is applied to a block drawn from 8 x 8 consecutive pixels within the same field. Motion-
compensated field prediction predicts a field from a field of another frame, for example,
an odd field may be predicted from a previous odd field. Inter-field prediction predicts
from the other field of the same frame, for example, an odd field may be predicted
from the even field of the same frame. Generally, the latter is preferred if there is no
motion between fields. Frame pictures code the two fields of a frame together as a single
picture. Each macroblock in a frame picture may be encoded in one of the following
three ways: using intra-coding or motion-compensated prediction (frame prediction) as
described above, or by intra-coding using a field-based DCT, or by coding using field
prediction with the field-based DCT. Note that this can lead to up to four motion vectors
being needed per macroblock in B-frame-pictures: one from a previous even field, one
from a previous odd field, one from a future even field, and one from a future odd field.

MPEG-2 also defines an additional alternative zigzag ordering of DCT coefficients,
which can be more effective for field-based DCTs. Furthermore, additional motion-
compensated prediction based on 16 x 8-pixel blocks and a form of prediction known as
dual prime prediction are also specified.

MPEG-2 specifies several profiles and levels, the combination of which enable different
resolutions, frame rates, and bit rates suitable for different applications. Table 1 outlines
the characteristics of key MPEG-2 profiles, while Table 2 shows the maximum parameters
at each MPEG-2 level. It is common to denote a profile at a particular level by using the
‘Profile@Level’ notation, for example, Main Profile @ Main Level (or simply MP@ML).

Audio in MPEG-2 is compressed in one of two ways. MPEG-2 BC (backward com-
patible) is an extension to MPEG-1 Audio and is fully backward and mostly forward
compatible with it. It supports 16, 22.05, 24 kHz, 32, 44.1 and 48 kHz sampling rates and

Table 1 Characteristics of key MPEG-2 profiles

Profile
Characteristic Simple Main SNR scalable Spatially scalable High 4:2:2
B-frames X X X X X
SNR scalable X X X X
Spatially scalable X X X
4:2:0 X X X X X
4:2:2 X X
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Table 2 Maximum parameters of key MPEG-2 levels

Level
Parameter Low Main High-1440 High
Maximum horizontal resolution 352 720 1440 1920
Maximum vertical resolution 288 576 1152 1152
Maximum fps 30 30 60 60

uses perceptual audio coding (i.e. sub-band coding). The bit stream may be encoded in
mono, dual mono, stereo or joint stereo. The audio stream is encoded as a set of frames,
each of which contains a number of samples and other data (e.g. header and error check
bits). The way in which the encoding takes place depends on which of three layers of
compression are used. Layer III is the most complex layer and also provides the best
quality. It is known popularly as ‘MP3’. When compressing audio, the polyphase filter
bank maps input pulse code modulation (PCM) samples from the time to the frequency
domain and divides the domain into sub-bands. The psychoacoustical model calculates
the masking effects for the audio samples within the sub-bands. The encoding stage com-
presses the samples output from the polyphase filter bank according to the masking effects
output from the psychoacoustical model. In essence, as few bits as possible are allocated,
while keeping the resultant quantization noise masked, although Layer III actually allo-
cates noise rather than bits. Frame packing takes the quantized samples and formats them
into frames, together with any optional ancillary data, which contains either additional
channels (e.g. for 5.1 surround sound), or data that is not directly related to the audio
stream, for example, lyrics.

MPEG-2 AAC is not compatible with MPEG-1 and provides very high-quality audio
with a twofold increase in compression over BC. AAC includes higher sampling rates
up to 96 kHz, the encoding of up to 16 programmes, and uses profiles instead of layers,
which offer greater compression ratios and scalable encoding. AAC improves on the core
encoding principles of Layer III through the use of a filter bank with a higher frequency
resolution, the use of temporal noise shaping (which improves the quality of speech at
low bit rates), more efficient entropy encoding, and improved stereo encoding.

An MPEG-2 stream is a synchronization of elementary streams (ESs). An ES may be an
encoded video, audio or data stream. Each ES is split into packets to form a packetized
elementary stream (PES). Packets are then grouped into packs to form the stream. A
stream may be multiplexed as a program stream (e.g. a single movie) or a transport
stream (e.g. a TV channel broadcast).

MPEG-4

Initially aimed primarily at low bit rate video communications, MPEG-4 is now effi-
cient across a variety of bit rates ranging from a few kilobits per second to tens of
megabits per second. MPEG-4 absorbs many of the features of MPEG-1 and MPEG-2
and other related standards, adding new features such as (extended) Virtual Reality
Modelling Language (VRML) support for 3D rendering, object-oriented composite files
(including audio, video and VRML objects), support for externally specified DRM and
various types of interactivity. MPEG-4 provides improved coding efficiency; the ability to
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encode mixed media data, for example, video, audio and speech; error resilience to enable
robust transmission of data associated with media objects and the ability to interact with
the audio-visual scene generated at the receiver. Conformance testing, that is, checking
whether MPEG-4 devices comply with the standard, is a standard part. Some MPEG-4
parts have been successfully deployed across industry. For example, Part 2 is used by
codecs such as DivX, Xvid, Nero Digital, 3ivx and by QuickTime 6 and Part 10 is used
by the x264 encoder, Nero Digital AVC, QuickTime 7 and in high-definition video media
like the Blu-ray Disc.

MPEG-4 provides a large and rich set of tools for the coding of Audio-Visual Objects
(AVOs). Profiles, or subsets, of the MPEG-4 Systems, Visual, and Audio tool sets
allow effective application implementations of the standard at pre-set levels by limiting
the tool set a decoder has to implement, and thus reducing computing complexity
while maintaining interworking with other MPEG-4 devices that implement the same
combination. The approach is similar to MPEG-2’s Profile@Level combination.

Visual Profiles

Visual objects can be either of natural or of synthetic origin. The tools for representing
natural video in the MPEG-4 visual standard provide standardized core technologies
allowing efficient storage, transmission and manipulation of textures, images and video
data for multimedia environments. These tools allow the decoding and representation
of atomic units of image and video content, called Video Objects (VOs). An example of
a VO could be a talking person (without background), which can then be composed
with other AVOs to create a scene. Functionalities common to several applications are
clustered: compression of images and video; compression of textures for texture mapping
on 2D and 3D meshes; compression of implicit 2D meshes; compression of time-varying
geometry streams that animate meshes; random access to all types of visual objects;
extended manipulation functionality for images and video sequences; content-based coding
of images and video; content-based scalability of textures, images and video; spatial,
temporal and quality scalability; and error robustness and resilience in error prone environ-
ments. The coding of conventional images and video is similar to conventional MPEG-1/2
coding. It involves motion prediction/compensation followed by texture coding. For the
content-based functionalities, where the image sequence input may be of arbitrary shape
and location, this approach is extended by also coding shape and transparency information.
Shape may be represented either by a bit transparency component if one VO is composed
with other objects, or by a binary mask. The extended MPEG-4 content-based approach is
a logical extension of the conventional MPEG-4 Very-Low Bit Rate Video (VLBV) Core
or high bit rate tools towards input of arbitrary shape. There are several scalable coding
schemes in MPEG-4 Visual for natural video: spatial scalability, temporal scalability,
fine granularity scalability and object-based spatial scalability. Spatial scalability supports
changing the spatial resolution. Object-based spatial scalability extends the ‘conventional’
types of scalability towards arbitrarily shaped objects, so that it can be used in conjunc-
tion with other object-based capabilities. Thus, a very flexible content-based scaling of
video information can be achieved. This makes it possible to enhance Signal-to-Noise
Ratio (SNR), spatial resolution and shape accuracy only for objects of interest or for a
particular region, which can be done dynamically at play time. Fine granularity scalability
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was developed in response to the growing need for a video coding standard for streaming
video over the Internet. Fine granularity scalability and its combination with temporal
scalability addresses a variety of challenging problems in delivering video over the Inter-
net. It allows the content creator to code a video sequence once, to be delivered through
channels with a wide range of bit rates. It provides the best user experience under varying
channel conditions.

MPEG-4 supports parametric descriptions of a synthetic face and body animation,
and static and dynamic mesh coding with texture mapping and texture coding for
view-dependent applications. Object-based mesh representation is able to model the
shape and motion of a VO plane in augmented reality, that is, merging virtual with
real moving objects, in synthetic object transfiguration/animation, that is, replacing a
natural VO in a video clip by another VO, in spatio-temporal interpolation, in object
compression and in content-based video indexing.

These profiles accommodate the coding of natural, synthetic, and hybrid visual content.
There are several profiles for natural video content. The Simple Visual Profile provides
efficient, Error Resilient (ER) coding of rectangular VOs. It is suitable for mobile network
applications. The Simple Scalable Visual Profile adds support for coding of temporal and
spatial scalable objects to the Simple Visual Profile. It is useful for applications that
provide services at more than one level of quality due to bit rate or decoder resource
limitations. The Core Visual Profile adds support for coding of arbitrarily shaped and
temporally scalable objects to the Simple Visual Profile. It is useful for applications
such as those providing relatively simple content interactivity. The Main Visual Profile
adds support for coding of interlaced, semi-transparent and sprite objects to the Core
Visual Profile. It is useful for interactive and entertainment quality broadcast and DVD
applications. The N-Bit Visual Profile adds support for coding VOs of varying pixel-depths
to the Core Visual Profile. It is suitable for use in surveillance applications. The Advanced
Real-Time Simple Profile provides advanced ER coding techniques of rectangular VOs
using a back channel and improved temporal resolution stability with low buffering delay.
It is suitable for real-time coding applications, such as videoconferencing. The Core
Scalable Profile adds support for coding of temporal and spatially scalable arbitrarily
shaped objects to the Core Profile. The main functionality of this profile is object-
based SNR and spatial/temporal scalability for regions or objects of interest. It is useful
for applications such as mobile broadcasting. The Advanced Coding Efficiency Profile
improves the coding efficiency for both rectangular and arbitrarily shaped objects. It is
suitable for applications such as mobile broadcasting, and applications where high coding
efficiency is requested and small footprint is not the prime concern.

There are several profiles for synthetic and hybrid visual content. The Simple Facial
Animation Visual Profile provides a simple means to animate a face model. This is
suitable for applications such as audio/video presentation for the hearing impaired. The
Scalable Texture Visual Profile provides spatial scalable coding of still image objects.
It is useful for applications needing multiple scalability levels, such as mapping texture
onto objects in games. The Basic Animated 2D Texture Visual Profile provides spatial
scalability, SNR scalability and mesh-based animation for still image objects and also
simple face object animation. The Hybrid Visual Profile combines the ability to decode
arbitrarily shaped and temporally scalable natural VOs (as in the Core Visual Profile)
with the ability to decode several synthetic and hybrid objects, including simple face and
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animated still image objects. The Advanced Scalable Texture Profile supports decoding of
arbitrarily shaped texture and still images including scalable shape coding, wavelet tiling
and error resilience. It is useful for applications that require fast random access as well
as multiple scalability levels and arbitrarily shaped coding of still objects. The Advanced
Core Profile combines the ability to decode arbitrarily shaped VOs (as in the Core Visual
Profile) with the ability to decode arbitrarily shaped scalable still image objects (as in
the Advanced Scalable Texture Profile). It is suitable for various content-rich multimedia
applications such as interactive multimedia streaming over the Internet. The Simple Face
and Body Animation Profile is a superset of the Simple Face Animation Profile, adding
body animation.

Also, the Advanced Simple Profile looks like Simple in that it has only rectangular
objects, but it has a few extra tools that make it more efficient: B-frames, % pel motion
compensation, extra quantization tables and global motion compensation. The Fine
Granularity Scalability Profile allows truncation of the enhancement layer bitstream at
any bit position so that delivery quality can easily adapt to transmission and decoding
circumstances. It can be used with Simple or Advanced Simple as a base layer. The
Simple Studio Profile is a profile with very high quality for usage in studio editing
applications. It only has I-frames, but it does support arbitrary shape and multiple alpha
channels. The Core Studio Profile adds P-frames to Simple Studio, making it more
efficient but also requiring more complex implementations.

Audio Profiles

MPEG-4 coding of audio objects provides tools for representing both natural sounds
such as speech and music and for synthesizing sounds based on structured descriptions.
The representation for synthesized sound can be derived from text data or so-called
instrument descriptions and by coding parameters to provide effects, such as reverberation
and spatialization. The representations provide compression and other functionalities, such
as scalability and effects processing. The MPEG-4 standard defines the bitstream syntax
and the decoding processes in terms of a set of tools. The presence of the MPEG-2
AAC standard within the MPEG-4 tool set provides for general compression of high
bit rate audio. MPEG-4 defines decoders for generating sound based on several kinds of
‘structured’ inputs. MPEG-4 does not standardize ‘a single method’ of synthesis, but rather
a way to describe methods of synthesis. The MPEG-4 Audio transport stream defines a
mechanism to transport MPEG-4 Audio streams without using MPEG-4 Systems and is
dedicated for audio-only applications.

The Speech Profile provides Harmonic Vector Excitation Coding (HVXC), which
is a very-low bit rate parametric speech coder, a Code-Excited Linear Prediction
(CELP) narrowband/wideband speech coder and a Text-To-Speech Interface (TTSI). The
Synthesis Profile provides score driven synthesis using Structured Audio Orchestra
Language (SAOL) and wavetables and a TTSI to generate sound and speech at very low
bit rates. The Scalable Profile, a superset of the Speech Profile, is suitable for scalable
coding of speech and music for networks, such as the Internet and Narrowband Audio
DIgital Broadcasting (NADIB). The Main Profile is a rich superset of all the other
Profiles, containing tools for natural and synthetic audio. The High Quality Audio Profile
contains the CELP speech coder and the Low Complexity AAC coder including Long
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Term Prediction. Scalable coding can be performed by the AAC Scalable object type.
Optionally, the new ER bitstream syntax may be used. The Low Delay Audio Profile
contains the HVXC and CELP speech coders (optionally using the ER bitstream syntax),
the low-delay AAC coder and the TTSI. The Natural Audio Profile contains all natural
audio coding tools available in MPEG-4, but not the synthetic ones. The Mobile Audio
Internetworking Profile contains the low-delay and scalable AAC object types including
Transform-domain weighted interleaved Vector Quantization (TwinVQ) and Bit Sliced
Arithmetic Coding (BSAC).

Systems (Graphics and Scene Graph) Profiles

MPEG-4 provides facilities to compose a set of such objects into a scene. The
necessary composition information forms the scene description, which is coded and
transmitted together with the media objects. MPEG has developed a binary language
for scene description called BIFS (BInary Format for Scenes). In order to facilitate the
development of authoring, manipulation and interaction tools, scene descriptions are
coded independently from streams related to primitive media objects. Special care is
devoted to the identification of the parameters belonging to the scene description. This
is done by differentiating parameters that are used to improve the coding efficiency of
an object, for example, motion vectors in video coding algorithms, and the ones that
are used as modifiers of an object, for example, the position of the object in the scene.
Since MPEG-4 allows the modification of this latter set of parameters without having to
decode the primitive media objects themselves, these parameters are placed in the scene
description and not in primitive media objects.

An MPEG-4 scene follows a hierarchical structure, which can be represented as a
directed acyclic graph. Each node of the graph is a media object. The tree structure is not
necessarily static; node attributes, such as positioning parameters, can be changed while
nodes can be added, replaced or removed. In the MPEG-4 model, AVOs have both a spatial
and a temporal extent. Each media object has a local coordinate system. A local coordinate
system for an object is one in which the object has a fixed spatio-temporal location and
scale. The local coordinate system serves as a handle for manipulating the media object
in space and time. Media objects are positioned in a scene by specifying a coordinate
transformation from the object’s local coordinate system into a global coordinate system
defined by one more parent scene description nodes in the tree. Individual media objects
and scene description nodes expose a set of parameters to the composition layer through
which part of their behaviour can be controlled. Examples include the pitch of a sound, the
colour for a synthetic object and activation or deactivation of enhancement information for
scalable coding. The scene description structure and node semantics are heavily influenced
by VRML, including its event model. This provides MPEG-4 with a very rich set of
scene construction operators, including graphics primitives that can be used to construct
sophisticated scenes.

MPEG-4 defines a syntactic description language to describe the exact binary syntax for
bitstreams carrying media objects and for bitstreams with scene description information.
This is a departure from MPEG’s past approach of utilizing pseudo C. This language
is an extension of C++-, and is used to describe the syntactic representation of objects
and the overall media object class definitions and scene description information in an
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integrated way. This provides a consistent and uniform way of describing the syntax in a
very precise form, while at the same time simplifying bitstream compliance testing.

The systems profiles for graphics define which graphical and textual elements can
be used in a scene. The Simple 2D Graphics Profile provides for only those graphics
elements of the BIFS tool that are necessary to place one or more visual objects in
a scene. The Complete 2D Graphics Profile provides 2D graphics functionalities and
supports features such as arbitrary 2D graphics and text, possibly in conjunction with
visual objects. The Complete Graphics Profile provides advanced graphical elements such
as elevation grids and extrusions and allows creating content with sophisticated lighting.
The Complete Graphics profile enables applications such as complex virtual worlds that
exhibit a high degree of realism. The 3D Audio Graphics Profile provides tools that
help define the acoustical properties of the scene, that is, geometry, acoustics absorption,
diffusion and transparency of the material. This profile is used for applications that perform
environmental spatialization of audio signals. The Core 2D Profile supports fairly simple
2D graphics and text. Used in set tops and similar devices, it supports picture-in-picture,
video warping for animated advertisements, logos. The Advanced 2D profile contains tools
for advanced 2D graphics such as cartoons, games, advanced graphical user interfaces, and
complex, streamed graphics animations. The X3-D Core profile gives a rich environment
for games, virtual worlds and other 3D applications.

The system profiles for scene graphs are known as Scene Description Profiles and allow
audio-visual scenes with audio-only, 2D, 3D or mixed 2D/3D content. The Audio Scene
Graph Profile provides for a set of BIFS scene graph elements for usage in audio-only
applications. The Audio Scene Graph profile supports applications like broadcast radio.
The Simple 2D Scene Graph Profile provides for only those BIFS scene graph elements
necessary to place one or more AVOs in a scene. The Simple 2D Scene Graph profile
allows presentation of audio-visual content with potential update of the complete scene but
no interaction capabilities. The Simple 2D Scene Graph profile supports applications like
broadcast television. The Complete 2D Scene Graph Profile provides for all the 2D scene
description elements of the BIFS tool. It supports features such as 2D transformations and
alpha blending. The Complete 2D Scene Graph profile enables 2D applications that require
extensive and customized interactivity. The Complete Scene Graph profile provides the
complete set of scene graph elements of the BIFS tool. The Complete Scene Graph profile
enables applications like dynamic virtual 3D world and games. The 3D Audio Scene Graph
Profile provides the tools for three-dimensional sound positioning in relation with either
the acoustic parameters of the scene or its perceptual attributes. The user can interact with
the scene by changing the position of the sound source, by changing the room effect or
moving the listening point. This profile is intended for usage in audio-only applications.

The Basic 2D profile provides basic 2D composition for very simple scenes with only
audio and visual elements. Only basic 2D composition and audio and video node interfaces
are included. These nodes are required to put an audio or a VO in the scene. The Core
2D profile has tools for creating scenes with visual and audio objects using basic 2D
composition. Included are quantization tools, local animation and interaction, 2D texturing,
scene tree updates, and the inclusion of subscenes through weblinks. Also included are
interactive service tools such as ServerCommand, MediaControl, and MediaSensor, to
be used in video-on-demand services. The Advanced 2D profile forms a full superset
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of the basic 2D and core 2D profiles. It adds scripting, the PROTO tool, BIF-Anim
for streamed animation, local interaction and local 2D composition as well as advanced
audio. The Main 2D profile adds the FlexTime model to Core 2D, as well as Layer 2D
and WorldInfo nodes and all input sensors. The X3D core profile was designed to be a
common interworking point with the Web3D specifications and the MPEG-4 standard. It
includes the nodes for an implementation of 3D applications on a low footprint engine,
reckoning the limitations of software renderers.

The Object Descriptor Profile includes the Object Descriptor (OD) tool, the Sync
Layer (SL) tool, the Object Content Information (OCI) tool and the Intellectual Property
Management and Protection (IPMP) tool.

Animation Framework eXtension

This provides an integrated toolbox for building attractive and powerful synthetic MPEG-4
environments. The framework defines a collection of interoperable tool categories that
collaborate to produce a reusable architecture for interactive animated contents. In the
context of Animation Framework eXtension (AFX), a tool represents functionality such
as a BIFS node, a synthetic stream, or an audio-visual stream. AFX utilizes and enhances
existing MPEG-4 tools, while keeping backward-compatibility, by offering higher-level
descriptions of animations such as inverse kinematics; enhanced rendering such as
multi- and procedural texturing; compact representations such as piecewise curve
interpolators and subdivision surfaces; low bit rate animations such as using interpolator
compression and dead-reckoning; scalability based on terminal capabilities such as
parametric surfaces tessellation; interactivity at user level, scene level and client—server
session level; and compression of representations for static and dynamic tools.

The framework defines a hierarchy made of six categories of models that rely on
each other. Geometric models capture the form and appearance of an object. Many
characters in animations and games can be quite efficiently controlled at this low level;
familiar tools for generating motion include key framing and motion capture. Owing
to the predictable nature of motion, building higher-level models for characters that are
controlled at the geometric level is generally much simpler. Modelling models are an
extension of geometric models and add linear and non-linear deformations to them. They
capture the transformation of models without changing its original shape. Animations
can be made on changing the deformation parameters independently of the geometric
models. Physical models capture additional aspects of the world such as an object’s
mass inertia, and how it responds to forces such as gravity. The use of physical models
allows many motions to be created automatically. The cost of simulating the equations of
motion may be important in a real-time engine and in games, where a physically plausible
approach is often preferred. Applications such as collision restitution, deformable bodies,
and rigid articulated bodies use these models intensively. Biomechanical models have their
roots in control theory. Real animals have muscles that they use to exert forces and torques
on their own bodies. If we have built physical models of characters, they can use virtual
muscles to move themselves around. Behavioural models capture a character’s behaviour.
A character may expose a reactive behaviour when its behaviour is solely based on its
perception of the current situation, that is, with no memory of previous situations. Reactive
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behaviours can be implemented using stimulus response rules, which are used in games.
Finite-States Machines (FSMs) are often used to encode deterministic behaviours based
on multiple states. Goal-directed behaviours can be used to define a cognitive character’s
goals. They can also be used to model flocking behaviours. Cognitive models are rooted
in artificial intelligence. If the character is able to learn from stimuli in the world, it may
be able to adapt its behaviour. The models are hierarchical; each level relies on the next
lower one. For example, an autonomous agent (category 5) may respond to stimuli from
the environment he/she is in and may decide to adapt their way of walking (category
4) that can modify physics equation, for example, skin modelled with mass-spring-damp
properties, or have influence on some underlying deformable models (category 2) or may
even modify the geometry (category 1). If the agent is clever enough, it may also learn
from the stimuli (category 6) and adapt or modify his behavioural models.

H.264/AVC/MPEG-4 Part 10

H.264/AVC is a block-oriented motion-compensation-based codec standard developed by
the ITU-T Video Coding Experts Group (VCEG) together with the ISO/IEC Moving
Picture Experts Group (MPEG), and it was the product of a partnership effort known
as the Joint Video Team (JVT). The ITU-T H.264 standard and the ISO/IEC MPEG-4
AVC standard (MPEG-4 Part 10, Advanced Video Coding) are jointly maintained so that
they have identical technical content. The H.264/AVC video format has a very broad
application range that covers all forms of digital compressed video from low bit rate
internet streaming applications to HDTV broadcast and Digital Cinema applications with
nearly lossless coding. With the use of H.264/AVC, bit rate savings of at least 50% are
reported. Digital Satellite TV quality, for example, was reported to be achievable at 1.5
Mbit/s, compared to the current operation point of MPEG 2 video at around 3.5 Mbit/s. In
order to ensure compatibility and problem-free adoption of H.264/AVC, many standards
bodies have amended or added to their video-related standards so that users of these
standards can employ H.264/AVC. H.264/AVC encoding requires significant computing
power, and as a result, software encoders that run on a general-purpose CPUs are typically
slow, especially when dealing with HD contents. To reduce CPU usage or to do real-time
encoding, hardware encoders are usually employed.

The Blu-ray Disc format includes the H.264/AVC High Profile as one of three manda-
tory video compression formats. Sony also chose this format for their Memory Stick Video
format. The Digital Video Broadcast (DVB) project approved the use of H.264/AVC
for broadcast television in late 2004. The Advanced Television Systems Committee
(ATSC) standards body in the United States approved the use of H.264/AVC for broadcast
television in July 2008, although the standard is not yet used for fixed ATSC broadcasts
within the United States. It has since been approved for use with the more recent
ATSC-M/H (Mobile/Handheld) standard, using the AVC and Scalable Video Coding
(SVC) portions of H.264/AVC. Advanced Video Coding High Definition (AVCHD) is
a high-definition recording format designed by Sony and Panasonic that uses H.264/AVC.
AVC-Intra is an intra frame compression only format, developed by Panasonic. The Closed
Circuit TV (CCTV) or video surveillance market has included the technology in many
products. With the application of the H.264/AVC compression technology to the video
surveillance industry, the quality of the video recordings became substantially improved.
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Key Features of H264/AVC

There are numerous features that define H.264/AVC. In this section, we consider the
most significant.

Inter- and Intra-picture Prediction. It uses previously encoded pictures as references,
with up to 16 progressive reference frames or 32 interlaced reference fields. This
is in contrast to prior standards, where the limit was typically one; or, in the case
of conventional ‘B-pictures’, two. This particular feature usually allows modest
improvements in bit rate and quality in most scenes. But in certain types of scenes, such
as those with repetitive motion or back-and-forth scene cuts or uncovered background
areas, it allows a significant reduction in bit rate while maintaining clarity. It enables
variable block-size motion compensation with block sizes as large as 16 x 16 and as
small as 4 x 4, enabling precise segmentation of moving regions. The supported luma
prediction block sizes include 16 x 16, 16 x 8, 8 x 16, 8 x 8, 8§ x4, 4 x 8 and 4 x 4,
many of which can be used together in a single macroblock. Chroma prediction block
sizes are correspondingly smaller according to the chroma sub-sampling in use. It has
the ability to use multiple motion vectors per macroblock, one or two per partition, with
a maximum of 32 in the case of a B-macroblock constructed of 16, 4 x 4 partitions.
The motion vectors for each 8 x 8 or larger partition region can point to different
reference pictures. It has the ability to use any macroblock type in B-frames, including
I-macroblocks, resulting in much more efficient encoding when using B-frames. It
features six-tap filtering for derivation of half-pel luma sample predictions, for sharper
subpixel motion compensation. Quarter-pixel motion is derived by linear interpolation
of the half-pel values, to save processing power. Quarter-pixel precision for motion
compensation enables precise description of the displacements of moving areas. For
chroma, the resolution is typically halved both vertically and horizontally (4:2:0),
therefore the motion compensation of chroma uses one-eighth chroma pixel grid units.
Weighted prediction allows an encoder to specify the use of a scaling and offset, when
performing motion compensation, and providing a significant benefit in performance
in special case, such as fade-to-black, fade-in and cross-fade transitions. This includes
implicit weighted prediction for B-frames, and explicit weighted prediction for
P-frames. In contrast to MPEG-2’s DC-only prediction and MPEG-4’s transform
coefficient prediction, H.264/AVC carries out spatial prediction from the edges of
neighbouring blocks for intra-coding. This includes luma prediction block sizes
of 16 x 16, 8 x 8 and 4 x 4, of which only one type can be used within each macroblock.

Lossless Macroblock Coding. It features a lossless PCM macroblock representation
mode in which video data samples are represented directly, allowing perfect
representation of specific regions and allowing a strict limit to be placed on the
quantity of coded data for each macroblock.

Flexible Interlaced-Scan Video Coding. This includes Macroblock-Adaptive Frame-
Field (MBAFF) coding, using a macroblock pair structure for pictures coded as frames,
allowing 16 x 16 macroblocks in field mode, compared to MPEG-2, where field mode
processing in a picture that is coded as a frame results in the processing of 16 x 8
half-macroblocks. It also includes Picture-Adaptive Frame-Field (PAFF or PicAFF)
coding allowing a freely selected mixture of pictures coded as MBAFF frames with
pictures coded as individual single fields, that is, half frames of interlaced video.



14 The Handbook of MPEG Applications

New Transform Design. This features an exact-match integer 4 x 4 spatial block
transform, allowing precise placement of residual signals with little of the ‘ringing’
often found with prior codec designs. It also features an exact-match integer 8 x 8
spatial block transform, allowing highly correlated regions to be compressed more
efficiently than with the 4 x 4 transform. Both of these are conceptually similar to
the well-known DCT design, but simplified and made to provide exactly specified
decoding. It also features adaptive encoder selection between the 4 x4 and 8 x 8
transform block sizes for the integer transform operation. A secondary Hadamard
transform performed on ‘DC’ coefficients of the primary spatial transform applied to
chroma DC coefficients, and luma in a special case, achieves better compression in
smooth regions.

Quantization Design. This features logarithmic step size control for easier bit rate
management by encoders and simplified inverse-quantization scaling and frequency-
customized quantization scaling matrices selected by the encoder for perception-based
quantization optimization.

Deblocking Filter. The in-loop filter helps prevent the blocking artefacts common to
other DCT-based image compression techniques, resulting in better visual appearance
and compression efficiency.

Entropy Coding Design. It includes the Context-Adaptive Binary Arithmetic Coding
(CABAC) algorithm that losslessly compresses syntax elements in the video stream
knowing the probabilities of syntax elements in a given context. CABAC compresses
data more efficiently than Context-Adaptive Variable-Length Coding (CAVLC),
but requires considerably more processing to decode. It also includes the CAVLC
algorithm, which is a lower-complexity alternative to CABAC for the coding of
quantized transform coefficient values. Although of lower complexity than CABAC,
CAVLC is more elaborate and more efficient than the methods typically used to code
coefficients in other prior designs. It also features Exponential-Golomb coding, or
Exp-Golomb, a common simple and highly structured Variable-Length Coding (VLC)
technique for many of the syntax elements not coded by CABAC or CAVLC.

Loss Resilience. This includes the Network Abstraction Layer (NAL), which allows the
same video syntax to be used in many network environments. One very fundamental
design concept of H.264/AVC is to generate self-contained packets, to remove
the header duplication as in MPEG-4’s Header Extension Code (HEC). This was
achieved by decoupling information relevant to more than one slice from the
media stream. The combination of the higher-level parameters is called a parameter
set. The H.264/AVC specification includes two types of parameter sets: Sequence
Parameter Set and Picture Parameter Set. An active sequence parameter set remains
unchanged throughout a coded video sequence, and an active picture parameter set
remains unchanged within a coded picture. The sequence and picture parameter
set structures contain information such as picture size, optional coding modes
employed, and macroblock to slice group map. It also includes Flexible Macroblock
Ordering (FMO), also known as slice groups, and Arbitrary Slice Ordering (ASO),
which are techniques for restructuring the ordering of the representation of the
fundamental regions in pictures. Typically considered an error/loss robustness feature,
FMO and ASO can also be used for other purposes. It features data partitioning,
which provides the ability to separate more important and less important syntax
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elements into different packets of data, enabling the application of unequal error
protection and other types of improvement of error/loss robustness. It includes
redundant slices, an error/loss robustness feature allowing an encoder to send an extra
representation of a picture region, typically at lower fidelity, which can be used if
the primary representation is corrupted or lost. Frame numbering is a feature that
allows the creation of sub-sequences, which enables temporal scalability by optional
inclusion of extra pictures between other pictures, and the detection and concealment
of losses of entire pictures, which can occur due to network packet losses or
channel errors.

Switching slices. Switching Predicted (SP) and Switching Intra-coded (SI) slices allow
an encoder to direct a decoder to jump into an ongoing video stream for video streaming
bit rate switching and trick mode operation. When a decoder jumps into the middle of a
video stream using the SP/SI feature, it can get an exact match to the decoded pictures
at that location in the video stream despite using different pictures, or no pictures at
all, as references prior to the switch.

Accidental Emulation of Start Codes. A simple automatic process prevents the
accidental emulation of start codes, which are special sequences of bits in the coded
data that allow random access into the bitstream and recovery of byte alignment in
systems that can lose byte synchronization.

Supplemental Enhancement Information and Video Usability Information. This is
additional information that can be inserted into the bitstream to enhance the use of the
video for a wide variety of purposes.

Auxiliary Pictures, Monochrome, Bit Depth Precision. It supports auxiliary pictures,
for example, for alpha compositing, monochrome, 4:2:0, 4:2:2 and 4:4:4 chroma sub-
sampling, sample bit depth precision ranging from 8 to 14 bits per sample.

Encoding Individual Colour Planes. The standard has the ability to encode individual
colour planes as distinct pictures with their own slice structures, macroblock modes, and
motion vectors, allowing encoders to be designed with a simple parallelization structure.

Picture Order Count. This is a feature that serves to keep the ordering of pictures and
values of samples in the decoded pictures isolated from timing information, allowing
timing information to be carried and controlled or changed separately by a system
without affecting decoded picture content.

Fidelity Range Extensions. These extensions enable higher quality video coding
by supporting increased sample bit depth precision and higher-resolution colour
information, including sampling structures known as Y'CbCr 4:2:2 and Y'CbCr 4:4:4.
Several other features are also included in the Fidelity Range Extensions project, such
as adaptive switching between 4 x 4 and 8 x 8§ integer transforms, encoder-specified
perceptual-based quantization weighting matrices, efficient inter-picture lossless
coding, and support of additional colour spaces. Further recent extensions of the
standard have included adding five new profiles intended primarily for professional
applications, adding extended-gamut colour space support, defining additional aspect
ratio indicators, defining two additional types of ‘supplemental enhancement
information’ (post-filter hint and tone mapping).

Scalable Video Coding. This allows the construction of bitstreams that contain
sub-bitstreams that conform to H.264/AVC. For temporal bitstream scalability, that
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is, the presence of a sub-bitstream with a smaller temporal sampling rate than
the bitstream, complete access units are removed from the bitstream when deriving the
sub-bitstream. In this case, high-level syntax and inter-prediction reference pictures in
the bitstream are constructed accordingly. For spatial and quality bitstream scalability,
that is, the presence of a sub-bitstream with lower spatial resolution or quality than the
bitstream, the NAL is removed from the bitstream when deriving the sub-bitstream. In
this case, inter-layer prediction, that is, the prediction of the higher spatial resolution
or quality signal by data of the lower spatial resolution or quality signal, is typically
used for efficient coding.

Profiles

Being used as part of MPEG-4, an H.264/AVC decoder decodes at least one, but
not necessarily all profiles. The decoder specification describes which of the profiles
can be decoded. The approach is similar to MPEG-2’s and MPEG-4’s Profile@Level
combination.

There are several profiles for non-scalable 2D video applications. The Constrained
Baseline Profile is intended primarily for low-cost applications, such as videoconferencing
and mobile applications. It corresponds to the subset of features that are in common
between the Baseline, Main and High Profiles described below. The Baseline Profile is
intended primarily for low-cost applications that require additional data loss robustness,
such as videoconferencing and mobile applications. This profile includes all features that
are supported in the Constrained Baseline Profile, plus three additional features that can
be used for loss robustness, or other purposes such as low-delay multi-point video stream
compositing. The Main Profile is used for standard-definition digital TV broadcasts that
use the MPEG-4 format as defined in the DVB standard. The Extended Profile is intended
as the streaming video profile, because it has relatively high compression capability and
exhibits robustness to data losses and server stream switching. The High Profile is the
primary profile for broadcast and disc storage applications, particularly for high-definition
television applications. For example, this is the profile adopted by the Blu-ray Disc storage
format and the DVB HDTYV broadcast service. The High 10 Profile builds on top of the
High Profile, adding support for up to 10 bits per sample of decoded picture precision. The
High 4:2:2 Profile targets professional applications that use interlaced video, extending
the High 10 Profile and adding support for the 4:2:2 chroma subsampling format, while
using up to 10 bits per sample of decoded picture precision. The High 4:4:4 Predictive
Profile builds on top of the High 4:2:2 Profile, supporting up to 4:4:4 chroma sampling,
up to 14 bits per sample, and additionally supporting efficient lossless region coding and
the coding of each picture as three separate colour planes.

For camcorders, editing and professional applications, the standard contains four
additional all-Intra profiles, which are defined as simple subsets of other corresponding
profiles. These are mostly for professional applications, for example, camera and editing
systems: the High 10 Intra Profile, the High 4:2:2 Intra Profile, the High 4:4:4 Intra
Profile and the CAVLC 4:4:4 Intra Profile, which also includes CAVLC entropy coding.

As a result of the Scalable Video Coding extension, the standard contains three
additional scalable profiles, which are defined as a combination of a H.264/AVC profile
for the base layer, identified by the second word in the scalable profile name, and tools
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that achieve the scalable extension. The Scalable Baseline Profile targets, primarily,
video conferencing, mobile and surveillance applications. The Scalable High Profile
targets, primarily, broadcast and streaming applications. The Scalable High Intra Profile
targets, primarily, production applications.

As a result of the Multiview Video Coding (MVC) extension, the standard contains
two multiview profiles. The Stereo High Profile targets two-view stereoscopic 3D video
and combines the tools of the High profile with the inter-view prediction capabilities of
the MVC extension. The Multiview High Profile supports two or more views using both
temporal inter-picture and MVC inter-view prediction, but does not support field pictures
and MBAFF coding.

MPEG-7

MPEG-7, formally known as the Multimedia Content Description Interface, provides a
standardized scheme for content-based metadata, termed descriptions by the standard. A
broad spectrum of multimedia applications and requirements are addressed, and conse-
quently the standard permits both low- and high-level features for all types of multimedia
content to be described. The three core elements of the standard are:

e Description tools, consisting of Description Schemes (DSs), which describe entities
or relationships pertaining to multimedia content and the structure and semantics of
their components, Descriptors (Ds), which describe features, attributes or groups of
attributes of multimedia content, thus defining the syntax and semantics of each feature,
and the primitive reusable datatypes employed by DSs and Ds.

e Description Definition Language (DDL), which defines, in XML, the syntax of the
description tools and enables the extension and modification of existing DSs and also
the creation of new DSs and Ds.

e System tools, which support both XML and binary representation formats, with the
latter termed BiM (Binary Format for MPEG-7). These tools specify transmission
mechanisms, description multiplexing, description-content synchronization, and IPMP.

Part 5, which is the Multimedia Description Schemes (MDS), is the main part of
the standard since it specifies the bulk of the description tools. The so-called basic
elements serve as the building blocks of the MDS and include fundamental Ds, DSs
and datatypes from which other description tools in the MDS are derived, for example,
linking, identification and localization tools used for referencing within descriptions
and linking of descriptions to multimedia content, such as in terms of time or Uniform
Resource Identifiers (URIs). The schema tools are used to define fop-level types, each
of which contains description tools relevant to a particular media type, for example,
image or video, or additional metadata, for example, describing usage or the descriptions
themselves. All top-level types are extensions of the abstract CompleteDescriptionType,
which allows the instantiation of multiple complete descriptions. A Relationships
element, specified using the Graph DS, is used to describe the relationships among
the instances, while a DescriptionMetadata header element describes the metadata for the
descriptions within the complete description instance, which consists of the confidence in
the correction of the description, the version, last updated time stamp, comments, public
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(unique) and private (application-defined) identifiers, the creator of the description,
creation location, creation time, instruments and associated settings, rights and any
package associated with the description that describes the tools used by the description.
An OrderingKey element describes an ordering of instances within a description using the
OrderingKey DS (irrespective of actual order of appearance within the description).
The key top-level types are as follows. Multimedia content entities are catered for by
the Image Content Entity for two-dimensional spatially varying visual data (includes
an Image element of type StillRegionType), the Video Content Entity for time-varying
two-dimensional spatial data (includes a Video element of type VideoSegmentType), the
Audio Content Entity for time-varying one-dimensional audio data (includes an Audio
element of type AudioSegmentType), the AudioVisual Content Entity for combined
audio and video (includes an AudioVisual element of type AudioVisualSegmentType),
the Multimedia Content Entity for multiple modalities or content types, such as
3D models, which are single or composite (includes a Multimedia element of type
MultimediaSegmentType), and other content entity types such as MultimediaCollection,
Signal, InkContent and AnalyticEditedVideo. The ContentAbstractionType is also
extended from the ContentDescriptionType and is used for describing abstractions of
multimedia content through the extended SemanticDescriptionType, ModelDescription-
Type, SummaryDescriptionType, ViewDescriptionType and VariationDescriptionType.
Finally, the ContentManagementType is an abstract type for describing metadata
related to content management from which the following top-level types are extended:
UserDescriptionType, which describes a multimedia user; MediaDescriptionType, which
describes media properties; CreationDescriptionType, which describes the process of
creating multimedia content; UsageDescriptionType, which describes multimedia content
usage; and ClassificationSchemeDescriptionType, which describes collection of terms
used when describing multimedia content. The basic description tools are used as
the basis for building the higher-level description tools. They include tools to cater
for unstructured (free text) or structured textual annotations; the former through the
FreeTextAnnotation datatype and the latter through the StructuredAnnotation (Who,
WhatObject, WhatAction, Where, When, Why and How), KeywordAnnotation, or
DependencyStructure (structured by the syntactic dependency of the grammatical
elements) datatypes. The ClassificationScheme DS is also defined here, which describes
a language-independent vocabulary for classifying a domain as a set of terms organized
into a hierarchy. It includes both the term and a definition of its meaning. People and
organizations are defined using the following DSs: the Person DS represents a person,
and includes elements such as their affiliation, citizenship address, organization and
group; the PersonGroup DS represents a group of persons (e.g. a rock group, a project
team, a cast) and includes elements such as the name, the kind of group and the group’s
jurisdiction; and the Organization DS represents an organization of people and includes
such elements as the name and contact person. The Place DS describes real and fictional
geographical locations within or related to the multimedia content and includes elements
such as the role of the place and its geographic position. Graphs and relations are catered
for by the Relation DS, used for representing named relations, for example, spatial,
between instances of description tools, and the Graph DS, used to organize relations into
a graph structure. Another key element is the Affective DS, which is used to describe an
audience’s affective response to multimedia content.
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The content description tools build on the above tools to describe content-based features
of multimedia streams. They consist of the following:

e Structure Description Tools. These are based on the concept of a segment, which is
a spatial and/or temporal unit of multimedia content. Specialized segment description
tools are extended from the Segment DS to describe the structure of specific types
of multimedia content and their segments. Examples include still regions, video
segments, audio segments and moving regions. Base segment, segment attribute,
visual segment, audio segment, audio-visual segment, multimedia segment, ink
segment and video editing segment description tools are included. Segment attribute
description tools describe the properties of segments such as creation information,
media information, masks, matching hints and audio-visual features. Segment
decomposition tools describe the structural decomposition of segments of multimedia
content. Specialized decomposition tools extend the base SegmentDecomposition
DS to describe the decomposition of specific types of multimedia content and their
segments. Examples include spatial, temporal, spatio-temporal and media source
decompositions. The two structural relation classification schemes (CSs) should be
used to describe the spatial and temporal relations among segments and semantic
entities: TemporalRelation CS (e.g. precedes, overlaps, contains) and SpatialRelation
CS. (e.g. south, northwest, below).

e Semantic Description Tools. These apply to real-life concepts or narratives and
include objects, agent objects, events, concepts, states, places, times and narrative
worlds, all of which are depicted by or related to the multimedia content. Semantic
entity description tools describe semantic entities such as objects, agent objects, events,
concepts, states, places, times and narrative worlds. Abstractions generalize semantic
description instances (a concrete description) to a semantic description of a set
of instances of multimedia content (a media abstraction), or to a semantic description
of a set of concrete semantic descriptions (a formal abstraction). The SemanticBase
DS 1is an abstract tool that is the base of the tools that describe semantic entities. The
specialized semantic entity description tools extend this tool to describe specific types
of semantic entities in narrative worlds and include SemanticBase DS, an abstract
base tool for describing semantic entities; SemanticBag DS, an abstract base tool
for describing collections of semantic entities and their relations; Semantic DS, for
describing narrative worlds depicted by or related to multimedia content; Object DS,
for describing objects; AgentObject DS (which is a specialization of the Object
DS), for describing objects that are persons, organizations, or groups of persons;
Event DS, for describing events; Concept DS, for describing general concepts
(e.g. ‘justice’); SemanticState DS, for describing states or parametric attributes of
semantic entities and semantic relations at a given time or location; SemanticPlace
DS, for describing locations; and SemanticTime DS for describing time. Semantic
attribute description tools describe attributes of the semantic entities. They include the
AbstractionLevel datatype, for describing the abstraction performed in the description
of a semantic entity; the Extent datatype, for the extent or size semantic attribute; and
the Position datatype, for the position semantic attribute. Finally, the SemanticRelation
CS describes semantic relations such as the relationships between events or objects in
a narrative world or the relationship of an object to multimedia content. The semantic
relations include terms such as part, user, property, substance, influences and opposite.
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The content metadata tools provide description tools for describing metadata related
to the content and/or media streams. They consist of media description tools, to describe
the features of the multimedia stream; creation and production tools, to describe the
creation and production of the multimedia content, including title, creator, classification,
purpose of the creation and so forth; and usage description tools, to describe the usage
of the multimedia content, including access rights, publication and financial information,
which may change over the lifetime of the content. In terms of media description, the
Medialnformation DS provides an identifier for each content entity (a single reality, such
as a baseball game, which can be represented by multiple instances and multiple types
of media, e.g. audio, video and images) and provides a set of descriptors for describing
its media features. It incorporates the Medialdentification DS (which enables the descrip-
tion of the content entity) and multiple MediaProfile DS instances (which enable the
description of the different sets of coding parameters available for different coding pro-
files). The MediaProfile DS is composed of a MediaFormat D, MediaTranscodingHints
D, MediaQuality D and Medialnstance DSs. In terms of creation and production, the
CreationInformation DS is composed of the Creation DS, which contains description
tools for author-generated information about the creation process such as places, dates,
actions, materials, staff and organizations involved; the Classification DS's, which classifies
the multimedia content using classification schemes and subjective reviews to facilitate
searching and filtering; and the RelatedMaterial DSs, which describes additional related
material, for example, the lyrics of a song or an extended news report. In terms of usage
description, the Usagelnformation DS describes usage features of the multimedia content.
It includes a Rights D, which describes information about the rights holders and access
privileges. The Financial datatype describes the cost of the creation of the multimedia
content and the income the multimedia content has generated, which may vary over time.
The Availability DS describes where, when, how and by whom the multimedia content
can be used. Finally, the UsageRecord DS describes the historical where, when, how and
by whom usage of the multimedia content.

Navigation and access tools describe multimedia summaries, views, partitions and
decompositions of image, video and audio signals in space, time and frequency, as well
as relationships between different variations of multimedia content. For example, the
summarization tools use the Summarization DS to specify a set of summaries, where each
summary is described using the HierarchicalSummary DS, which describes summaries
that can be grouped and organized into hierarchies to form multiple summaries, or the
SequentialSummary DS, which describes a single summary that may contain text and
image, video frame or audio clip sequences.

Content organization tools specify the organization and modelling of multimedia
content. For example, collections specify unordered groupings of content, segments,
descriptors and/or concepts, while probability models specify probabilistic and statistical
modelling of multimedia content, descriptors or collections.

Finally, the user interaction tools describe user preferences that a user has with
regards to multimedia content and the usage history of users of multimedia content. This
enables user personalization of content and access. The UserPreferences DS enables
a user, identified by a Userldentifier datatype, to specify their likes and dislikes for
types of content (e.g. genre, review, dissemination source), ways of browsing content
(e.g. summary type, preferred number of key frames) and ways of recording content (e.g.
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recording period, recording location) through three DSs, respectively: the FilteringAnd-
SearchPreferences DS, the BrowsingPreferences DS and the RecordingPreferences DS .
Through an allowAutomaticUpdate attribute, users may indicate whether the automatic
update of their UserPreferences DS is permitted or not, or whether they should be
consulted each time. The UsageHistory DS represents past user activity through a set of
actions. It groups together a set of UserActionHistory DSs, each of which consists of a
set of UserActionList DSs. Each UserActionList DS consists of a set of user actions,
each specified by the UserAction DS. Within the UserAction DS, the time of occurrence
and, if applicable, duration may be specified as media time, which is relative to the
time reference established for the given media and/or general time. Any associated
programme is referred to by its identifier, with only one programme being able to be
associated with a given action. A reference to related content-based descriptions may
optionally be added to each user action, using identifiers, URIs or XPath expressions.

MPEG-21

MPEG-21 aims at defining a normative open framework for multimedia delivery and
consumption for use by all the players in the delivery and consumption chain, that
is, content creators, producers, distributors, service providers and consumers. This open
framework comprises two essential concepts: the unit of distribution and transaction, that
is, the Digital Item, and the Users interacting with the Digital Items. Digital Items can
be a video or music collection, and Users can be anyone interested in the exchange,
access, consumption, trade and otherwise manipulation of Digital Items in an efficient,
transparent but most importantly interoperable way. MPEG-21 defines the mechanisms
and elements needed to support the multimedia delivery chain and the relationships
between and the operations supported by them. These are elaborated within the parts
of MPEG-21 by defining the syntax and semantics of their characteristics. The MPEG-21
standard currently comprises numerous parts that can be grouped together, each dealing
with a different aspect of Digital Items.

Digital Items Declaration (DID)

Digital Items Declaration (DID) specifies a set of abstract terms and concepts to form a
useful model, not a language, for defining Digital Items in three normative sections. First,
the DID Model describes a set of abstract terms and concepts to form a useful model for
defining Digital Items. Secondly, the DID Representation is a normative description of
the syntax and semantics of each of the DID elements, as represented in XML. Thirdly,
the Normative XML schema includes the entire grammar of the DID representation in
XML. Principle elements of the DID model are:

e a container, a structure that allows items and/or containers to be grouped to form
logical packages for transport or exchange, or logical shelves for organization;

e an ifem, a grouping of sub-items and/or components that are bound to relevant
descriptors, also known as declarative representations of Digital Items;

e a component, binding of a resource to all of its relevant descriptors;
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e an anchor, binding descriptors to a fragment, which corresponds to a specific location
or range within a resource;

e a descriptor, that associates information with the enclosing element;

e a condition, which describes the enclosing element as being optional, and links it to

the selection(s) that affect its inclusion;

a choice, a set of related selections that can affect the configuration of an item;

a selection, a specific decision affecting one or more conditions within an item;

an annotation, information about another element without altering or adding to it;

an assertion, a full or partially configured state of a choice;

a resource, an individually identifiable asset such as a video clip, or a physical object;

a fragment unambiguously designates a specific point or range within a resource;

a statement, a literal textual value that contains information, but not an asset and

a predicate, an unambiguously identifiable declaration that can be true, false or

undecided.

Digital Items Identification (DII)

Digital Items Identification (DII) includes unique identification of Digital Items and
parts thereof (including resources), types, any related IPs, DSs and URI links to related
information such as descriptive metadata. The DII does not specify new identification
systems for content elements for which identification and description schemes already exist
and are in use. Identifiers associated with Digital Items are included in the STATEMENT
element in the DID. Likely STATEMENTSs include descriptive, control, revision tracking
and/or identifying information. A DID may have DESCRIPTORSs, each containing
one STATEMENT, which may contain one identifier relating to the parent element
of the STATEMENT. DII provides a mechanism that allows an MPEG-21 Terminal
to distinguish between different Digital Item Types by placing a URI inside a Type
tag as the sole child element of a STATEMENT that appears as a child element of a
DESCRIPTOR, which in turn appears as a child element of an ITEM.

Digital Rights Management (DRM)

MPEG-21 Part 4 specifies how to include IPMP information and protected parts of
Digital Items in a DID document. It does not include protection measures, keys, key
management, trust management, encryption algorithms, certification infrastructures or
other components required for a complete DRM system. Rights and permissions on
digital resources in MPEG-21 can be defined as the action, or activity, or a class of
actions that may be carried out using associated resources under certain conditions within
a well-structured, extensible dictionary. Part 5 defines a Rights Expression Language
(REL), a machine-readable language that can declare rights and permissions using the
terms as defined in the Rights Data Dictionary (RDD). The REL provides flexible,
interoperable mechanisms to support transparent and augmented use of digital resources
in publishing, distribution and consumption of digital movies, digital music, electronic
books, broadcasting, interactive games, computer software and other creations in digital
form, in a way that protects the digital content and honours the rights, conditions and
fees specified for digital contents. It also supports specification of access and use controls
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for digital content in cases where financial exchange is not part of the terms of use,
and to support exchange of sensitive or private digital content. REL also provides a
flexible interoperable mechanism to ensure personal data is processed in accordance
with individual rights and to meet the requirement for Users to be able to express their
rights and interests in a way that addresses issues of privacy and use of personal data.
REL supports guaranteed end-to-end interoperability, consistency and reliability between
different systems and services. To do so, it offers richness and extensibility in declaring
rights, conditions and obligations; ease and persistence in identifying and associating these
with digital contents; and flexibility in supporting multiple usage/business models. REL is
defined in XML. The RDD is a prescriptive dictionary that supports the MPEG-21 REL.
Its structure is specified, alongside a methodology for creating the dictionary.

Digital Items Adaptation (DIA)

Terminals and Networks key element aims to achieve interoperable transparent access to
distributed advanced multimedia content by shielding users from network and terminal
installation, management and implementation issues. This enables the provision of network
and terminal resources on demand to form user communities where multimedia content is
created and shared, always with the agreed/contracted quality, reliability and flexibility,
allowing the multimedia applications to connect diverse sets of Users, such that the
quality of the user experience will be guaranteed. To achieve this goal, the adaptation of
Digital Items is required. It is referred to as Digital Item Adaptation (DIA) for Universal
Multimedia Access (UMA), and Part 7 specifies normative descriptions tools to assist
with the adaptation of Digital Items. The DIA standard specifies means enabling the
construction of a device and coding format-independent adaptation engines. Only tools
used to guide the adaptation engine are specified by DIA. A Digital Item is subject to
a resource adaptation engine, as well as a descriptor adaptation engine, which produce
together the adapted Digital Item. While adaptation engines are non-normative tools,
descriptions and format-independent mechanisms that provide support for DIA in terms
of resource adaptation, descriptor adaptation and/or Quality of Service management are
within the scope of the requirements. Part 7 includes the following description tools:

e User Characteristics specify the characteristics of a User, including preferences to
particular media resources, preferences regarding the presentation of media resources
and the mobility characteristics of a User.

e Terminal Capabilities specify the capability of terminals, including media resource
encoding and decoding capability, hardware, software and system-related specifications,
as well as communication protocols that are supported by the terminal.

e Network Characteristics specify the capabilities and conditions of a network, including
bandwidth utilization, delay and error characteristics.

e Natural Environment Characteristics specify the location and time of a User in a given
environment, as well as audio-visual characteristics of the natural environment, such
as auditory noise levels and illumination properties.

e Resource Adaptability assists with the adaptation of resources, including the adaptation
of binary resources in a generic way, and metadata adaptation, resource-complexity
trade-offs and making associations between descriptions and resource characteristics
for Quality of Service.
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e Session Mobility specifies how to transfer the state of Digital Items from one User to
another, that is, capture, transfer and reconstruction of state information.

Digital Items Processing (DIP)

This includes methods written in ECMAScript and may utilize Digital Item Base
Operations (DIBOs), which are similar to the standard library of a programming
language.

Digital Items Transport Systems (DITS)

This includes a file format that forms the basis of interoperability of Digital Items. MPEG’s
binary format for metadata (BiM) has been adopted as an alternative schema-aware XML
format, which adds streaming capabilities to XML documents. This defines how to map
Digital Items on various transport mechanisms such as MPEG-2 Transport Stream (TS)
or Real-Time Protocol (RTP).

Users

Users are identified specifically by their relationship to another User for a certain
interaction. MPEG-21 makes no distinction between a content provider and a consumer,
for instance, both are Users. A User may use content in many ways, that is, publish,
deliver, consume, and so all parties interacting within MPEG-21 are categorized as Users
equally. However, a User may assume specific or even unique rights and responsibilities
according to their interaction with other Users within MPEG-21. The MPEG-21
framework enables one User to interact with another User and the object of that interaction
is a Digital Item commonly called content. Some interactions are creating content,
some are providing content, archiving content, rating content, enhancing and delivering
content, aggregating content, delivering content, syndicating content, retail selling
of content, consuming content, subscribing to content, regulating content, facilitating
transactions that occur from any of the above, and regulating transactions that occur from
any of the above. Any of these are ‘uses’ of MPEG-21, and the parties involved are Users.

MPEG-A

The MPEG-A standard supports the creation of Multimedia Application Formats (MAFs).
MATF specifications integrate elements from MPEG-1, MPEG-2, MPEG-4, MPEG-7 and
MPEG-21 into a single specification that is useful for specific but very widely used
applications, such as delivering music, pictures or home videos. In this way, it facilitates
development of innovative and standards-based multimedia applications and services
within particular domains. In the past, MPEG has addressed the problem of providing
domain-based solutions by defining profiles, which are subsets of tools from a single
MPEG standard, for example, the Main Profile from MPEG-2, which is geared towards
digital TV services.

Typically, MAF specifications encapsulate the ISO file format family for storage,
MPEG-7 tools for metadata, one or more coding profiles for representing the media,
and tools for encoding metadata in either binary or XML form. MAFs may specify the
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use of the MPEG-21 Digital Item Declaration Language (DIDL) for representing the
structure of the media and the metadata, plus other MPEG-21 tools as required. MAFs
may also specify the use of non-MPEG coding tools (e.g. JPEG) for representation of
‘non-MPEG’ media and specify elements from non-MPEG standards that are required to
achieve full interoperability.

MAFs have already been specified for a broad range of applications, including music
and photo players, musical slide shows, media streaming, open access, digital media
broadcasting, professional archiving, video surveillance and stereoscopic applications.

Chapter Summaries

This book draws together chapters from international MPEG researchers, which span the
above standards. The chapters focus on the application of the MPEG standards, thereby
demonstrating how the standards may be used and the context of their use, as well as
providing an appreciation of supporting and complementary technologies that may be
used to add value to them (and vice versa). We now summarize each chapter in turn.

Chapter 1: HD Video Remote Collaboration Application

Beomjoo Seo, Xiaomin Liu and Roger Zimmermann

This chapter describes the design, architectural approach, and technical details of the
Remote Collaboration System (RCS) prototype. The objectives of the RCS project were
to develop and implement advanced communication technologies for videoconferencing
and tele-presence that directly target aviation operations and maintenance. RCS supports
High-Definition MPEG-2 and MPEG-4/AVC real-time streaming over both wired and
wireless networks. The system was implemented on both Linux and Windows platforms
and the chapter describes some of the challenges and trade-offs. On the application side,
the project focuses on the areas of remote maintenance and training activities for airlines,
while targeting specific benefits that can be realized using conferencing technology, un-
tethered and distributed inspection and maintenance support, including situation analysis,
technical guidance and authorization with the ultimate objective to save cost and time
while maximizing user experience.

Chapter 2: MPEG Standards in Media Production, Broadcasting
and Content Management

Andreas Mauthe and Peter Thomas

This chapter discusses the application of MPEG standards in the media production and
broadcasting industry. MPEG standards used within professional media production, broad-
casting and content management can be divided into two areas, that is, coding standards
dealing with the encoding of the so-called essence (i.e. the digitized and encoded audio-
visual part of the content), and standards dealing with content description and content
management. For the former the most relevant standards are MPEG-2 and MPEG-4. The
latter is covered by MPEG-7 and MPEG-21. This chapter discusses the requirements of
the content industry for these standards; their main features and the relevant parts of these
standards are outlined and placed into the context of the specific requirements of the
broadcast industry.
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Chapter 3: Quality Assessment of MPEG-4 Compressed Videos

Anush K. Moorthy and Alan C. Bovik

This chapter describes an algorithm for real-time quality assessment, developed
specifically for MPEG-4 compressed videos. This algorithm leverages the computational
simplicity of the structural similarity (SSIM) index for image quality assessment (IQA),
and incorporates motion information embedded in the compressed motion vectors from
the H.264 compressed stream to evaluate visual quality. Visual quality refers to the
quality of a video as perceived by a human observer. It is widely agreed that the most
commonly used mean squared error (MSE) correlates poorly with the human perception
of quality. MSE is a full reference (FR) video quality assessment (VQA) algorithm. FR
VQA algorithms are those that require both the original as well as the distorted videos
in order to predict the perceived quality of the video. Recent FR VQA algorithms have
been shown to correlate well with human perception of quality. The performance of
the algorithm this chapter proposes is tested with the popular Video Quality Experts
Group (VQEG) FRTV Phase I dataset and compared to the performance of the FR
VQA algorithms.

Chapter 4: Exploiting MPEG-4 Capabilities for Personalized Advertising
in Digital TV

Martin Lopez-Nores, Yolanda Blanco-Ferndndez, Alberto Gil-Solla, Manuel Ramos-
Cabrer and José J. Pazos-Arias

This chapter considers the application of MPEG-4 in developing personalized advertising
on digital TV. The object-oriented vision of multimedia contents enabled by MPEG-4
brings in an opportunity to revolutionize the state-of-the-art in TV advertising. This
chapter discusses a model of dynamic product placement that consists of blending TV
programs with advertising material selected specifically for each individual viewer, with
interaction possibilities to launch e-commerce applications. It reviews the architecture
of a system that realizes this, its MPEG-4 modules and associated tools developed for
digital TV providers and content producers. It also reports its findings on technical feasi-
bility experiments.

Chapter 5: Using MPEG Tools in Video Summarization

Luis Herranz and José M. Martinez

In this chapter, the combined use of tools from different MPEG standards is described
in the context of a video summarization application. The main objective is the effi-
cient generation of summaries, integrated with their adaptation to the user’s terminal
and network. The recent MPEG-4 Scalable Video Coding specification is used for fast
adaptation and summary bitstream generation. MPEG-21 DIA tools are used to describe
metadata related to the user terminal and network and MPEG-7 tools are used to describe
the summary.
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Chapter 6: Encryption Techniques for H.264 Video

Bai-Ying Lei, Kwok-Tung Lo and Jian Feng

This chapter focuses on the encryption techniques for H.264. A major concern in the
design of H.264 encryption algorithms is how to achieve a sufficiently high level of
security, while maintaining the efficiency of the underlying compression algorithm. This
chapter reviews various H.264 video encryption methods and carries out a feasibility
study of various techniques meeting specific application criteria. As chaos has intrinsic
properties such as sensitivity to initial conditions, deterministic oscillations and noise-
like behaviour, it has acquired much attention for video content protection. A novel joint
compression and encryption scheme, which is based on the H.264 CABAC module and
uses a chaotic stream cipher is presented. The proposed H.264 encryption scheme, which
is based on a discrete piecewise linear chaotic map, is secure in perception, efficient and
format compliant and suitable for practical video protection.

Chapter 7: Optimization Methods for H.264/AVC Video Coding

Dan Grois, Evgeny Kaminsky and Ofer Hadar

This chapter presents four major video coding optimization issues, namely, rate control
optimization, computational complexity control optimization, joint computational
complexity and rate control optimization, and transform coding optimization. These
optimization methods are especially useful for future internet and 4G applications with
limited computational resources, such as videoconferencing between two or more mobile
users, video transrating and video transcoding between MPEG-2 and H.264/AVC video
coding standards. The presented approaches, such as the computational complexity and
bit allocation for optimizing H.264/AVC video compression can be integrated to develop
an efficient optimized video encoder, which enables selection of (i) computational load
and transmitted bit rate, (ii) quantization parameters, (iii) coding modes, (iv) motion
estimation for each type of an input video signal, and (v) appropriate transform coding.
Several H.264/AVC video coding methods are independently effective, but they do not
solve common video coding problems optimally, since they provide the optimal solution
for each video compression part independently and usually do not utilize the two main
constraints of video encoding, that is, transmitted bit rate and computational load that
vary drastically in modern communications.

Chapter 8: Spatio-Temporal H.264/AVC Video Adaptation with MPEG-21

Razib Igbal and Shervin Shirmohammadi

This chapter describes compressed-domain spatio-temporal adaptation for video content
using MPEG-21 generic Bitstream Syntax Description (gBSD) and considers how this
adaptation scheme can be used for on-line video adaptation in a peer-to-peer environment.
Ubiquitous computing has brought about a revolution permitting consumers to access rich
multimedia content anywhere, anytime and on any multimedia-enabled device such as a



28 The Handbook of MPEG Applications

cell phone or a PDA. In order to ensure UMA to the same media content, media adaptation
of the encoded media bitstream might be necessary in order to meet resource constraints
without having to re-encode the video from scratch. For example, cropping video frames
outside an area of interest to suit device screen resolution or network bandwidth.

Chapter 9: Image Clustering and Retrieval using MPEG-7

Rajeev Agrawal, William 1. Grosky and Farshad Fotouhi

This chapter focuses on the application of MPEG-7 in image clustering and retrieval.
In particular, it presents a multimodal image framework, which uses MPEG-7 colour
descriptors as low-level image features and combines text annotations to create multimodal
image representations for image clustering and retrieval applications.

Chapter 10: MPEG-7 Visual Descriptors and Discriminant Analysis

Jun Zhang, Lei Ye and Jianhua Ma

This chapter considers the MPEG-7 visual description tools and focusing on colour
and texture descriptors, it evaluates their discriminant power in three basic applications,
namely, image retrieval, classification and clustering. The chapter presents a number of
application-based methods, which have been developed to effectively utilize the MPEG-7
visual descriptors, all of which are evaluated in extensive experiments. In particular, early
and later fusion combines multiple MPEG-7 visual descriptors to improve the discrimi-
nant power of individual descriptors. The data is useful where discrimination of image
content is required.

Chapter 11: An MPEG-7 Profile for Collaborative Multimedia Annotation

Damon Daylamani Zad and Harry Agius

This chapter contributes an MPEG-7 profile that can be used when annotating multimedia
collaboratively. The rise of Web 2.0 and services based on wikis, which allow the pages of
a web site to be modified by anyone at any time, have proven that global communities of
users are not only able to work together effectively to create detailed, useful content, even
minutiae, for the benefit of others, but do so voluntarily and without solicitation. Early
applications, such as Flickr, YouTube and del.icio.us that are based on simple social
tagging, and folksonomies suggest that this is possible for media annotation too and
may be able to be extended to more advanced, structured media annotation, such as that
based on the comprehensive, extensible MPEG-7 standard. A dearth of empirical research
has been carried out to understand how users work with these types of tools, however.
This chapter reports the results of an experiment that collected data from users using
both folksonomic (Flickr, YouTube and del.icio.us) and MPEG-7 tools (COSMOSIS) to
annotate and retrieve media. A conceptual model is developed for each type of tool that
illustrates the tag usage, which then informs the development of an MPEG-7 profile for
multimedia annotation communities.
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Chapter 12: Domain Knowledge Representation in Semantic MPEG-7
Descriptions

Chrisa Tsinaraki and Stavros Christodoulakis

This chapter exploits the application of MPEG-7 in domain knowledge representation
and reasoning. Semantic-based multimedia retrieval and filtering services have recently
become very popular. This is due to the large amount of digital multimedia content
that is produced everyday and the need for locating, within the available content, the
multimedia content that is semantically closer to the preferences of the users. Fortunately,
the dominant standard for audio-visual content description today, MPEG-7, allows for the
structured description of the multimedia content semantics. In addition, the use of domain
knowledge in semantic audio-visual content descriptions enhances the functionality and
effectiveness of the multimedia applications. However, the MPEG-7 does not describe
a formal mechanism for the systematic integration of domain knowledge and reasoning
capabilities in the MPEG-7 descriptions. The specification of a formal model for domain
knowledge representation and reasoning using the MPEG-7 constructs is of paramount
importance for exploiting domain knowledge in order to perform semantic processing of
the multimedia content. This chapter presents a formal model that allows the systematic
representation of domain knowledge using MPEG-7 constructs and its exploitation in
reasoning. The formal model exploits exclusively MPEG-7 constructs, and the descriptions
that are structured according to the model are completely within the MPEG-7 standard.

Chapter 13: Survey of MPEG-7 Applications in the Multimedia Life Cycle

Florian Stegmaier, Mario Déller and Harald Kosch

This chapter surveys the application of MPEG-7 in the context of end-to-end search
and retrieval. The ever growing increase of digital multimedia content by commercial
as well as by user driven content providers necessitates intelligent content description
formats supporting efficient navigation, search and retrieval in large multimedia con-
tent repositories. The chapter investigates current state-of-the-art applications that support
the production of MPEG-7 annotations. On the basis of the extracted metadata, avail-
able MPEG-7 database products that enable a standardized navigation and search in a
distributed and heterogeneous environment are reviewed. Part 12 of the MPEG-7 stan-
dard, the MPEG Query Format and resulting MPEG-7 middleware are discussed. The
end-to-end investigation concludes with discussion of MPEG-7 user tools and front-end
environments with applications in the mobile domain.

Chapter 14: Using MPEG Standards for Content-Based Indexing
of Broadcast Television, Web and Enterprise Content

David Gibbon, Zhu Liu, Andrea Basso and Behzad Shahraray

This chapter examines the application of MPEG-7 and MPEG-21 in content indexing
of broadcast TV, web and enterprise context and for representing user preferences
using TVAnytime and DLNA specifications. It addresses the key role MPEG standards
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play in the evolution of IPTV systems in the context of the emerging ATIS IPTV
Interoperability Forum specifications. It then demonstrates how MPEG-7 and MPEG-21
are used for describing and ingesting media in real-world systems, from low-level audio
and video features through to higher-level semantics and global metadata, in the context
of a large-scale system for metadata augmentation whose content processing includes
video segmentation, face detection, automatic speech recognition, speaker segmentation
and multimodal processing. Ingested content sources include ATSC MPEG-2, IPTV
H.264/MPEG-4 HD and SD transport streams as well as MPEG-4 encoded video files
from web sources.

Chapter 15: MPEG-7/21: Structured Metadata for Handling
and Personalizing Multimedia Content

Benjamin Kohncke and Wolf-Tilo Balke

This chapter addresses the application of MPEG-7 and MPEG-21 for personalizing
multimedia content in order to serve the consumers’ individual needs. For this
MPEG-7/21 offers a variety of features to describe user preferences, terminal capabilities
and transcoding hints within its DIA part. The chapter investigates the shortcoming
of the provided user preference model and discusses necessary extensions to provide
overarching preference descriptions. It then discusses the three main approaches in the
context of media streaming, namely, semantic Web languages and ontologies, XML
databases and query languages, and more expressive preference models.

Chapter 16: A Game Approach to Integrating MPEG-7 in MPEG-21
for Dynamic Bandwidth Dealing

Anastasis A. Sofokleous and Marios C. Angelides

This chapter demonstrates the application of MPEG-7 and MPEG-21 in shared resource
allocation using games. Optimization of shared resources enables a server to choose
which clients to serve, when and how, which in turn should maximize the end user
experience. Approaches addressing this challenge are driven by the shared resource
environment and the user preferences. This chapter addresses the challenge of optimizing
resource allocation through the combined application of game theory and normative
tools such MPEG-21 and MPEG-7. Users are treated as game players in a bandwidth
dealing game, where the server(s) takes the role of dealer. The chapter formulates the
problem of bandwidth allocation as a repetitive game, during which players are served
with bandwidth. Each repetition is a new game consisting of a number of rounds during
which the current players will have the chance to develop their strategy for securing
bandwidth and, if successful, be allocated enough bandwidth to suit their requirements.

Chapter 17: The Usage of MPEG-21 Digital Items in Research
and Practice
Hermann Hellwagner and Christian Timmerer

This chapter discusses the adoption of MPEG-21 both in research and practical
applications. One of the first adoptions of Digital Items was within the Universal Plug
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and Play (UPnP) forum as DIDL-Lite, which is derived from a subset of MPEG-21
DIDL. Recently, the Digital Item model has been adopted within Microsoft’s Interactive
Media Manager (IMM) and implemented using the Web Ontology Language (OWL).
IMM also adopts Part 3 of MPEG-21, DII, which allows for uniquely identifying Digital
Items and parts thereof. This chapter focuses on the adoption of MPEG-21 in research
applications, discusses the reference applications that evolved as a result and considers
representing, storing, managing, and disseminating such complex information assets in a
digital library.

Chapter 18: Distributing Sensitive Information in the MPEG-21
Multimedia Framework

Nicholas Paul Sheppard

This chapter describes how the IPMP Components and MPEG REL were used
to implement a series of digital rights management applications. While the IPMP
Components and MPEG REL were initially designed to facilitate the protection of
copyright, the applications also show how the technology can be adapted to the protection
of private personal information and sensitive corporate information. MPEG-21 provides
for controlled distribution of multimedia works through its IPMP Components and
MPEG REL. The IPMP Components provide a framework by which the components
of an MPEG-21 Digital Item can be protected from undesired access, while MPEG
REL provides a mechanism for describing the conditions under which a component of
a Digital Item may be used and distributed.

Chapter 19: Designing Intelligent Content Delivery Frameworks
using MPEG-21

Samir Amir, loan Marius Bilasco, Thierry Urruty, Jean Martinet and Chabane Djeraba
This chapter illustrates the application of MPEG-21 in the implementation of domain-
dependant content aggregation and delivery frameworks. The CAM4Home project has
yielded a metadata model, which enhances the aggregation and context-dependent delivery
of content and services. Transforming the metadata model into an MPEG-21 model
unravels new development areas for MPEG-21 description schemas.

Chapter 20: NinSuna: A Platform for Format-Independent Media
Resource Adaptation and Delivery

Davy Van Deursen, Wim Van Lancker, Chris Poppe and Rik Van de Walle

This chapter discusses the design and functioning of a fully integrated platform
for multimedia adaptation and delivery, called NinSuna. The multimedia landscape
is characterized by heterogeneity in terms of coding and delivery formats, usage
environments and user preferences. The NinSuna platform is able to efficiently deal with
the heterogeneity in the multimedia ecosystem, courtesy of format-agnostic adaptation
engines that are independent of the underlying coding format, and format-agnostic
packaging engines that are independent of the underlying delivery format. NinSuna also
provides a seamless integration between metadata standards and the adaptation processes.
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Both the format-independent adaptation and packaging techniques rely on a model for
multimedia streams, describing the structural, semantic and scalability properties of
these multimedia streams. The platform is implemented using both W3C technologies,
namely, RDF, OWL and SPARQL and MPEG technologies, namely, MPEG-B BSDL,
MPEG-21 DIA, MPEG-7 and MPEG-4. News sequences are used as a test case for the
platform, enabling the user to select news fragments matching their specific interests and
usage environment characteristics.

Chapter 21: MPEG-A and its Open Access Application Format

Florian Schreiner and Klaus Diepold

This chapter presents the MPEG-A standards, also called Application Formats. These
are interoperable formats combining selected standards from MPEG and possibly other
standards into one integrated solution for a given application scenario. As a result an
Application Format is a concise set of selected technologies, which are precisely defined
and aligned to each other within the specification. The chapter discusses the concept of
the Application Formats, their components and their relation to other standards. It also
considers the advantages of MPEG-A for industry and their integration in existing projects.
Thereafter, the chapter adopts the ISO/IEC 23000-7 Open Access Application Format as
an example for different Application Formats, in order to demonstrate the concept and
application areas in greater detail. It presents the components of the format and their link
to application-specific use cases and the reference software as a first implementation of
the standard and as a basis for prospective integration and extension.

Reference

ISO (2010) JTC1/SC29. Coding of audio, picture, multimedia and hypermedia information. Online
http://www.iso.org/iso/iso_catalogue/catalogue_tc/catalogue_tc_browse.htm?commid=45316.
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HD Video Remote Collaboration
Application

Beomjoo Seo, Xiaomin Liu, and Roger Zimmermann
School of Computing, National University of Singapore, Singapore

1.1 Introduction

High-quality, interactive collaboration tools increasingly allow remote participants to
engage in problem solving scenarios resulting in quicker and improved decision-making
processes. With high-resolution displays becoming increasingly common and significant
network bandwidth being available, high-quality video streaming has become feasible and
innovative applications are possible. Initial work on systems to support high-definition
(HD) quality streaming focused on off-line content. Such video-on-demand systems for
IPTV (Internet protocol television) applications use elaborate buffering techniques that
provide high robustness with commodity IP networks, but introduce long latencies. Recent
work has focused on interactive, real-time applications that utilize HD video. A number
of technical challenges have to be addressed to make such systems a reality. Ideally, a
system would achieve low end-to-end latency, low transmission bandwidth requirements,
and high visual quality all at the same time. However, since the pixel stream from an
HD camera can reach a raw data rate of 1.4 Gbps, simultaneously achieving low latency
while maintaining a low transmission bandwidth — through extensive compression — are
conflicting and challenging requirements.

This chapter describes the design, architectural approach, and technical details of
the remote collaboration system (RCS) prototype developed under the auspices of the
Pratt & Whitney, UTC Institute for Collaborative Engineering (PWICE), at the University
of Southern California (USC).

The focus of the RCS project was on the acquisition, transmission, and rendering of
high-resolution media such as HD quality video for the purpose of building multisite,
collaborative applications. The goal of the system is to facilitate and speed up collab-
orative maintenance procedures between an airline’s technical help desk, its personnel
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Figure 1.1 RCS collaborative systems architecture.

working on the tarmac on an aircraft engine, and the engine manufacturer. RCS consists
of multiple components to achieve its overall functionality and objectives through the
following means:

1. Use high fidelity digital audio and high-definition video (HDV) technology (based on
MPEG-2 or MPEG-4/AVC compressed video) to deliver a high-presence experience
and allow several people in different physical locations to collaborate in a natural way
to, for example, discuss a customer request.

2. Provide multipoint connectivity that allows participants to interact with each other
from three or more physically distinct locations.

3. Design and investigate acquisition and rendering components in support of the above
application to optimize bandwidth usage and provide high-quality service over the
existing and future networking infrastructures.

Figure 1.1 illustrates the overall architecture of RCS with different possible end-stations:
room installations, desktop and mobile computers.

1.2 Design and Architecture

HD displays have become common in recent years and large network bandwidth is avail-
able in many places. As a result, high-quality interactive video streaming has become
feasible as an innovative application. One of the challenges is the massive amount of data
required for transmitting such streams, and hence simultaneously achieving low latency
and keeping the bandwidth low are often contradictory. The RCS project has focused on
the design of a system that enables HD quality video and multiple channels of audio to
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be streamed across an IP based network with commodity equipment. This has been made
possible due to the technological advancements in capturing and encoding HD streams
with modern, high-quality codecs such as MPEG-4/AVC and MPEG-2. In addition to
wired network environments, RCS extends HD live streaming to the wireless networks,
where bandwidth is limited and the packet loss rate can be very high.

The system components for one-way streaming from a source (capture device) to a sink
(media player) can be divided into four stages: media acquisition, media transmission,
media reception, and media rendering. The media acquisition component specifies how to
acquire media data from a capture device such as a camera. Media acquisition generally
includes a video compression module (though there are systems that use uncompressed
video), which reduces the massive amount of raw data into a more manageable quantity.
After the acquisition, the media data is split into a number of small data packets that will
then be efficiently transmitted to a receiver node over a network (media transmission).
Once a data packet is received, it will be reassembled into the original media data stream
(media reception). The reconstructed data is then decompressed and played back (media
rendering). The client and server streaming architecture divides the above stages naturally
into two parts: a server that performs media acquisition and transmission and a client that
executes media reception and rendering.

A more general live streaming architecture that allows multipoint communications may
be described as an extension of the one-way streaming architecture. Two-way live stream-
ing between two nodes establishes two separate one-way streaming paths between the two
entities. To connect more than two sites together, a number of different network topologies
may be used. For example, the full-mesh topology for multiway live streaming applies
two-way live streaming paths among each pair of nodes. Although full-mesh connectivity
results in low end-to-end latencies, it is often not suitable for larger installations and
systems where the bandwidth between different sites is heterogeneous.

For RCS, we present several design alternatives and we describe the choices made in
the creation of a multiway live streaming application. Below are introductory outlines of
the different components of RCS which will subsequently be described in turn.

Acquisition. In RCS, MPEG-2-compressed HD camera streams are acquired via a
FireWire interface from HDV consumer cameras, which feature a built-in codec
module. MPEG-4/AVC streams are obtained from cameras via an external Hauppauge
HD-PVR (high-definition personal video recorder) encoder that provides its output
through a USB connection. With MPEG-2, any camera that conforms to the HDV
standard' can be used as a video input device. We have tested multiple models from
JVC, Sony, and Canon. As a benefit, cameras can easily be upgraded whenever better
models become available. MPEG-2 camera streams are acquired at a data rate of
20-25 Mbps, whereas MPEG-4/AVC streams require a bandwidth of 6.5—13.5 Mbps.

Multipoint Communication. The system is designed to accommodate the setup of many-
to-many scenarios via a convenient configuration file. A graphical user interface is
available to more easily define and manipulate the configuration file. Because the soft-
ware is modular, it can naturally take advantage of multiple processors and multiple
cores. Furthermore, the software runs on standard Windows PCs and can therefore take
advantage of the latest (and fastest) computers.

! http://www.hdv-info.org/



36 The Handbook of MPEG Applications

Compressed Domain Transcoding. This functionality is achieved for our RCS
implementation on Microsoft Windows via a commercial DirectShow filter module. It
allows for an optional and custom reduction of the bandwidth for each acquired stream.
This is especially useful when streaming across low bandwidth and wireless links.

Rendering. MPEG-2 and MPEG-4/AVC decoding is performed via modules that take
advantage of motion compensation and iDCT (inverse discreet cosine transform) hard-
ware acceleration operation in modern graphics cards. The number of streams that can
be rendered concurrently is only limited by the CPU processing power (and in practice
by the size of the screens attached to the computer). We have demonstrated three-way
HD communication on dual-core machines.

1.2.1 Media Processing Mechanism

We implemented our RCS package in two different operating system environments,
namely, Linux and Windows. Under Linux, every task is implemented as a process and
data delivery between two processes uses a pipe, one of the typical interprocess commu-
nication (IPC) methods, that transmit the data via standard input and output. In the Linux
environment, the pipe mechanism is integrated with the virtual memory management,
and so it provides effective input/output (I/O) performance. Figure 1.2a illustrates how a
prototypical pipe-based media processing chain handles the received media samples. A
packet receiver process receives RTP (real-time transport protocol)-similar packets from
a network, reconstructs the original transport stream (TS) by stripping the packet headers,
and delivers them to an unnamed standard output pipe. A multiplexer, embedded in a video
decoder process, waits on the unnamed pipe, parses incoming transport packets, consumes
video elementary streams (ES) internally, and forwards audio ES to its unnamed pipe.

Packet receiver Demultiplexer Audio decoder

"»‘Video
Video decoder

(Relaying)

Packet receiver Packet sender (Normal playback)

/4| Video decoder

/

‘ ts //
/
/’ -
Infinite tee y Infinite tee (Transcoded relaying)

/ Video

/
‘ // Video vl Multiplexer |75>| Packet sender
/ .

|Demu|tip|exer I/PI Infinite tee :::Audfo
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" Audio decoder | (Normal playback)

(b)

Figure 1.2 Example of delivery paths of received packets, using different media processing mech-
anisms: (a) pipe-based chaining and (b) DirectShow-based filter chaining.
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Lastly, an audio decoder process at the end of the process chain consumes the incoming
streams. Alternatively, the demultiplexer may be separated from the video decoder by
delivering the video streams to a named pipe, on which the decoder is waiting.

On the Windows platform, our investigative experiments showed that a pipe-based
interprocess data delivery mechanism would be very I/O-intensive, causing significant
video glitches. As an alternative design to the pipe mechanism, we chose a DirectShow
filter pipeline. DirectShow — previously known as ActiveMovie and a part of the DirectX
software development kit (SDK) — is a component object model (COM)-based stream-
ing framework for the Microsoft Windows platform. It allows application developers not
only to rapidly prototype the control of audio/video data flows through high-level inter-
faces (APIs, application programming interfaces) but also to customize low-level media
processing components (filters).

The DirectShow filters are COM objects that have a custom behavior implemented
along filter-specific standard interfaces and then communicate with other filters. User-
mode applications are built by connecting such filters. The collection of connected filters
is called a filter graph, which is managed by a high-level object called the filter graph
manager (FGM ). Media data is moved from the source filter to the sink filter (or renderer
filter) one by one along the connections defined in the filter graph under the orchestration
of the FGM. An application invokes control methods (Play, Pause, Stop, Run, etc.) on
an FGM and it may in fact use multiple FGMs. Figure 1.2b depicts one reception filter
graph among various filter graphs implemented in our applications. It illustrates how
media samples that are delivered from the network are processed along multiple branching
paths — that is, a relaying branch, a transcoded relaying branch, and normal playback. The
infinite tee in the figure is an SDK provided standard filter, enabling source samples to
be transmitted to multiple filters simultaneously.

Unlike the pipe mechanism under Windows, a DirectShow filter chain has several
advantages. First, communication between filters is performed in the same address space,
meaning that all the filters (which are a set of methods and processing routines) communi-
cate through simple function calls. The data delivery is via passed pointers to data buffers
(i.e., a zero-copy mechanism). Compared to IPC, this is much more efficient in terms of
I/O overhead. Second, many codecs are available as DirectShow filters, which enables
faster prototyping and deployments. During the implementation, however, we observed
several problems with the DirectShow filter chaining mechanism. First, the developer
has no control over the existing filters other than the methods provided by the vendors,
thus leaving little room for any further software optimizations to reduce the acquisition
and playback latency. Second, as a rather minor issue, some filter components can cause
synchronization problems. We elaborate on this in Section 1.6.1.

1.3 HD Video Acquisition

For HD video acquisition, we relied on solutions that included hardware-implemented
MPEG compressors. Such solutions generally generate high-quality output video streams.
While hardware-based MPEG encoders that are able to handle HD resolutions used to
cost tens of thousands of dollars in the past, they are now affordable due to the pro-
liferation of mass-market consumer products. If video data is desired in the MPEG-2
format, there exist many consumer cameras that can capture and stream HD video in real
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time. Specifically, the HDV standard commonly implemented in consumer camcorders
includes real-time MPEG-2 encoded output via a FireWire (IEEE 1394) interface. Our
system can acquire digital video from several types of camera models, which transmit
MPEG-2 TS via FireWire interface in HDV format. The HDV compressed data rate is
approximately 20—25 Mbps and a large number of manufacturers are supporting this con-
sumer format. Our earliest experiments used a JVC JY-HD10U camera that produces 720p
video (1280 x 720 pixels); however, at only 30 frames per second, not the usual 60. More
recently, we have used Sony and Canon cameras that implement the 10801 HD standard.

In contrast, the more recent AVCHD (advanced video coding high definition) stan-
dard (which utilizes the MPEG-4/AVC codec) that is now common with HD consumer
camcorders does not support a FireWire interface. Therefore, these new cameras can-
not stream compressed HD video in real time. To overcome this obstacle, we used the
stand-alone Hauppauge HD-PVR model 1212 hardware compressor, which can acquire
HD uncompressed component signals (YCrCb) and encode them into an MPEG-4/AVC
stream. The HD-PVR is officially supported on the Windows platform; however, a Linux
driver also exists. Compressed data is streamed from the HD-PVR via a USB connection.
Data rates are software selectable between 1 and 13.5 Mbps. A reasonable quality output
is produced at 4 Mbps and above, while good quality output requires 6.5—13.5 Mbps.
Figure 1.3 illustrates our prototype setup with the HD-PVR.

Figure 1.3 Prototype setup that includes a Canon VIXIA HV30 high-definition camcorder and a
Hauppauge HD-PVR MPEG-4/AVC encoder.
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1.3.1 MPEG-4/AVC HD System Chain

For HD conferencing an end-to-end chain has to be established, including both the
acquisition and rendering facilities. At each end, a combination of suitable hardware
and software components must be deployed. Since the objective is to achieve good
interactivity, the delay across the complete chain is of crucial importance. Furthermore,
video and audio quality must also be taken into consideration. Figure 1.3 illustrates
our system setup when utilizing MPEG-4/AVC as the video encoding standard. We will
describe each component in more detail.
The end-to-end system chain consists of the following components:

e HD Video Camcorder. The acquisition device used to capture the real-time video and
audio streams. We utilize the uncompressed component signals that are produced with
negligible latency.

e HD MPEG-4/AVC Encoder. The Hauppauge HD-PVR is a USB device that encodes
the component video and audio outputs of the HD video camcorder. It utilizes the
colorspace of YUV 420p at a resolution of 1920 x 1080 pixels and encodes the compo-
nents inputs in real time using the H.264/MPEG-4 (part 10) video and AAC (advanced
audio coding) audio codecs. The audio and video streams are then multiplexed into a
slightly modified MPEG-2 TS container format. The bitrate is user selectable from 1
to 13.5 Mbps.

e Receiver Demultiplexing. A small library called MPSYS, which includes functions
for processing MPEG-2 TS, is used. A tool called ts allows the extraction of ES from
the modified MPEG-2 multiplexed stream.

e Decoding and Rendering. Tools based on the ffplay library are utilized to decode the
streams, render the audio and video data, and play back the output to the users.

1.3.1.1 End-to-End Delay

Video conferencing is very time sensitive and a designer must make many optimization
choices. For example, a different target bitrate of the encoder can affect the processing and
transmission latencies. End-to-end delays with our implementation at different encoding
rates are presented in Figure 1.4.

The results show that with our specific setup at a bitrate of 6.5 Mbps, the latency is
lowest. At the same time, the video quality is very good. When the bitrate is below
4 Mbps, the latency is somewhat higher and the video quality is not as good. There are
many blocking artifacts. When the bitrate is above 6.5 Mbps, the latency increases while
the video quality does not improve very much. Figure 1.5 illustrates the visual quality of
a frame when the video is streamed at different bitrates.

Encoding streams with the MPEG-4/AVC codec has several advantages. It offers the
potential for a higher compression ratio and much flexibility for compressing, transmitting,
and storing video. On the other hand, it demands greater computational resources since
MPEG-4/AVC is more sophisticated than earlier compression methods (Figure 1.6).
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Figure 1.4 End-to-end delay distribution for different encoding bitrates with the hardware and
software setup outlined in this chapter. Ten measurements were taken for each bitrate value.

1.4 Network and Topology Considerations

The streams that have been captured from the HD cameras need to be sent via traditional
IP networks to one or more receivers. Audio can be transmitted either by connecting
microphones to the cameras and multiplexing the data with the same stream as the video
or transmitting it as a separate stream. The RCS transmission subsystem uses the RTP
on top of the universal datagram protocol (UDP). Since IP networks were not originally
designed for isochronous data traffic, packets may sometimes be lost between the sender
and the receiver. RCS uses a single-retransmission algorithm (Papadopoulos and Parulkar
1996; Zimmermann et al. 2003) to recover lost packets. Buffering in the system is kept
to a minimum to maintain a low latency.

To meet flexible requirements, we designed RCS’ software architecture to be aware of
the underlying network topology. We further reached the design decision that real-time
transcoding should be integrated with the architecture to support lower bandwidth links.
This requirement becomes especially critical when a system is scaled up to more than
a few end user sites. Quite often some of the links may not be able to sustain the high
bandwidth required for HD transmissions.

In addition to network bandwidth challenges, we also realized that the rendering quality
of the video displayed on today’s high-quality LCD and plasma screens suffers when the
source camera produces interlaced video. The artifacts were especially noticeable with
any fast moving motions. We describe how we addressed this issue in a later section.
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Figure 1.5 Comparison of picture quality at various encoding bitrates: (a) original image;
(b) details from the original image; (c) encoded @ 2 Mbps; (d) encoded @ 4 Mbps; (e) encoded @
6.5 Mbps; (f) encoded @ 10 Mbps.
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Figure 1.6 Single end-to-end delay measurement of an MPEG-4/AVC video stream from an HD-
PVR encoder at a rate of 6.5Mbps. The delay is (887 — 525 = 362) ms. The delay is measured
by taking snapshot images of both the original display (left) and the transmitted video (right) of a
running clock.
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Figure 1.7 Captured media samples (MPEG-2 TS format) are packetized in the RTP format and
reconstructed as a sequence of transport stream packets.

1.4.1 Packetization and Depacketization

Figure 1.7 illustrates how RTP packets are generated and delivered in the network. First,
camcorders and encoders used for our application generate MPEG-TS packets, whose
format is specified in the specification MPEG-2 Part 1, Systems (or ISO/IEC standard
13818-1) (ISO/IEC 1994). The acquisition process encapsulates a number of TS packets
with an RTP header and transmits them over the network. At the receiver side, an RTP
reception process recognizes the RTP packets and converts their payload data to a number
of TS packets. Next, it separates individual streams by packet identifier (PID) values, and
passes them to their corresponding decoders.

A TS packet, whose length is fixed at 188 bytes, has at least a 4-byte header. Each TS
header starts with a sync byte (0 x 47) and contains a 13-bit PID, which enables the TS
demultiplexer to efficiently extract individual packetized elementary streams (PES) sepa-
rately. Every video or audio bitstream or ES cannot be converted to TS packets directly,
since the TS format expects PES as input streams. Thus, every ES needs to be converted
to a number of PES packets, whose maximum length is limited to 64 KB. Usually, every
camcorder vendor assigns a unique PID numbers for each PES. For example, the PID of
JVC video ES is 4096, Sony uses 2064, and that of the Hauppauge HD-PVR is 4113.
Since identifying the PIDs of individual streams takes a longer time without a priori
information, we hard-coded such information that is used during the TS demultiplexing
in our application.

Once TS packets are acquired via a FireWire or a USB, they need to be aligned at
the TS boundary to be transformed into RTP packets. To find the exact offset from the
given raw samples, we first attempt to scan the first 188 bytes to locate the position of
the sync byte, since the raw data should contain at least one sync byte within the first
188 bytes. Once multiple candidate offsets have been found, the detection continues to
check whether their next 188th byte equals to a sync byte. These steps are repeated until
only one offset remains. After the aligned offset is detected, the data acquisition software
passes 188-byte aligned media samples to the rest of the delivery chain.

A single RTP packet can encapsulate multiple TS packets. To maximally utilize the net-
work bandwidth, we used a maximum transmission unit (MTU) of 1500 bytes; therefore,
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the RTP packet could encapsulate up to seven TS packets (*21500/188). To minimize
multiple PES losses from a single RTP packet loss, we separately assign a new RTP
packet for each newly arriving PES packet. This condition is detected by examining the
payload unit start indicator field in the TS header.

To demultiplex incoming TS packets, we use the MPSYS library? by embedding it
with the video decoder or running it as a separate process in Linux. The small-footprint
library efficiently parses MPEG-TS streams and stores them as either individual PES or
ES. In the Windows environment we used an MPEG-2 demultiplexer DirectShow filter
when running on the DirectShow platform, or we used the MPSYS library when running
the application via the Windows pipe mechanism.

Our packetization scheme, however, has several drawbacks when handling MPEG-
4/AVC videos. As specified in RFC 3984 (Wenger et al. 2005), the RTP payload scheme
for MPEG-4/AVC recommends the use of a network abstraction layer (NAL) unit.
The NAL unit that encapsulates a number of slices containing multiple macroblocks is
designed for the efficient transmission of the MPEG-4/AVC video over packet networks
without any further packetization; therefore, the single loss of an RTP packet does not
propagate to adjacent video frames, resulting in better error-resilience. Since the NAL
unit works with TS packets, the direct use of the NAL units minimizes the packet
overhead. For example, our TS-encapsulated RTP scheme consumes at least the following
overhead for headers: 20 (IP) + 8 (UDP) + 12 (RTP) + 7 x 4 (7 TS packet headers) +
8 (PES header, if necessary) = 76 bytes, while the NAL-aware RTP scheme requires
the following headers: 20 IP 4 8 UDP + 12 RTP = 40 bytes (MacAulay et al. 2005).
Although we have not implemented this scheme due to its higher parsing complexity to
reconstruct the raw MPEG-4/AVC bitstreams, it possesses many undeniable advantages
over our TS-aware RTP scheme.

1.4.2 Retransmission-Based Packet Recovery

Our packet recovery algorithm has the following features:

e Reuse of the existing retransmission-based packet recovery solution.
e Reduction of the response time of a retransmission request.

There are many alternative solutions to recover lost packets. One popular solution is to
use redundant data such as a forward error correction (FEC)-enabled coding scheme. This
approach removes the delay associated with a retransmission request, while somewhat
overutilizing the network bandwidth more than the minimally required rate and may
require significant on-line processing power.

We validated our single-pass retransmission scheme in a loss-free networking environ-
ment by simulating a loss-prone network. For the simulation purposes, we included a
probabilistic packet loss model and a deterministic delay model at the receiver side. The
packet loss model drops incoming packets probabilistically before delivering them to a
receiver application session. The receiver application detects missing packets by examin-
ing the sequence numbers in the RTP headers. If the algorithm finds any missing packets,

2 http://www.nenie.org/misc/mpsys/
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it immediately issues a retransmission request to the sender. The delay model postpones
the delivery of the retransmission requests by a given amount of time. We used a two-
state Markov model, widely known as the Gilbert model, to emulate a bursty packet loss
behavior in the network.

We used a fixed 10 ms delay, since it represents the maximum round trip delay in our
target network infrastructure. We varied the packet loss rates as follows: 1, 5, and 10%.
For lost packets, our recovery mechanism sends at most a single-retransmission request.

Figure 1.8 reveals that our software recovered a lot of lost packets and maintained a
tolerable picture quality with noticeable, but not overwhelming, glitches even in extremely
loss-prone network environments such as with a packet loss rate of 10%. This applies as
long as the network can utilize more than the required available bandwidth. As seen in the
figure, our retransmission scheme recovered lost packets very successfully in a 1% packet
loss environment. The retransmission scheme with a 5% packet loss environment also
showed a similar trend as for the 1% packet loss environment. Our real-world experiments
also confirmed the effectiveness of the retransmission-based recovery mechanism, even
with a video conference between cross-continental multisites.

(e) (f)

Figure 1.8 Artifacts of retransmission-based packet recovery algorithm: (a, c, and e) show the
picture quality without retransmission policy with 10, 5, and 1% loss, respectively. (b, d, and f)
show the picture quality with retransmission policy with 10, 5, and 1% loss, respectively.
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1.4.3 Network Topology Models

The next step-up in complexity from traditional two-way conferencing is to scale the
system to three sites. Unlike in audio conferencing applications where multisite sound
data can be mixed together, a three-way video conferencing system requires at least
two incoming video channels and one outgoing channel per participating node. This
may become a limiting factor in terms of bandwidth and decoding processing resources.
Our design also took into consideration real-world factors such as the characteristics
of corporate networks which may be asymmetric and heterogeneous and which require
optimizations with respect to the underlying available network bandwidth.

Our airline maintenance application involved three sites designated A, B, and C, where
A and B are connected via a 1 Gbps dedicated link, while C is connected to other sites
via a 25 Mbps public link, thus being limited to one HD stream at a time. In fact, all
the video traffic to and from C had to pass through B. Moreover, participants at A are
expected to experience all HD quality. This unique situation affected the design of our
communication model, and we explored a number of alternative scenarios. To compare
these alternatives, we present four possible scenarios, shown in Figure 1.9.

e The full-mesh model, illustrated in Figure 1.9a, is a simple three-way communication
model, where every site has an individual path with every other site. In its deployment,
however, we encountered a fundamental obstacle, as there did not exist enough network
bandwidth on the path from C to B. The constraint was largely due to the design
of the underlying physical topology. In fact, the path from C to A in the physical
network bypasses B, doubling the network utilization of the path from C to A. Without
any topology awareness, the logical path would result in intolerable image corruption,
resulting from heavy network congestion at the low-bandwidth link.

e The partial-relay model in Figure 1.9b tackles the link stress problem of the previous
model by relaying the traffic at B. The visual experience at an end user site is the same
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Figure 1.9 Different application-level network topologies for three-way HD conferencing:
(a) full-mesh model, (b) partial-relay model, (c) full-relay model, (d) off-loading model. Bold
arrows represent an HD path, while normal arrows represent a transcoded SD path.
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as that of the conceptual model with a little time shifting due to the newly introduced
relay delay. In the meanwhile, the traffic generated from A is still transmitted to B and
C, separately. Thus, the outgoing traffic of A will be one HD plus one SD (standard-
definition) quality stream.

e The full-relay model, shown in Figure 1.9c, additionally minimizes the link stress
redundantly imposed on the path from A to C for the logical connection from A to
C via relaying at B. This model eventually equals to a centralized model, since B
moderates all the traffics. If the required bandwidth for SD video were, however, much
smaller than that of HD video and the link capacity of A and B were so high enough
to ignore small SD traffics, this optimization would not be benefited any more.

The two relay models are still exposed to another problem. As shown in Figure 1.9c¢,
B simultaneously captures and delivers one HD video as follows: receives two HD
videos from the network, simultaneously renders them in parallel, relays one HD video,
and transcodes one captured HD video to SD and delivers the reduced video. These
operations are simultaneously executed on a single machine, resulting in significant
CPU load. As an improvisational remedy for such a heavy load, we proposed the
off-loading solution illustrated in Figure 1.9d.

e The off-loading model off-loads the traffic coming from A by redirecting it to B2,
which is geographically located near the B! site; thus, a B participant can view two
HD videos transmitted from A and C on separate monitors. However, we found that
the B! machine was still overloaded. Another suggestion to reduce the B! load is to
move the HD streaming path to B.

1.4.4 Relaying

A relay node can play an important role in alleviating bandwidth bottlenecks and in reduc-
ing redundant network traffic. However, it may require full knowledge of the underlying
physical network topology. In the RCS model, one node may serve as both a regular
video participant and as a relay agent.

The relay program is located in the middle of the network, thus being exposed to any
occurring network anomalies. To recover from any possible packet losses effectively, the
relay host should maintain some small FIFO (first in first out) network buffers that can
be used to resequence out-of-order packets and to request lost packets. Packets are then
delivered to the destinations after the data cycles through the buffers. It is important to note
that a larger buffer size introduces longer delays. Careful selection of the trade-off between
the buffer size and the delay is a primary concern of the recovery mechanism. Furthermore,
the relay software should be light-weight and not interfere with other programs, because
multiple programs may be running on the same machine. In summary, the relay module
should satisfy the following requirements:

e recover lost packets (through buffering);
e have an acceptably low relay delay;
e require minimal CPU load.

To implement the relay functionality, we modified the existing network transmission
modules. At a traditional receiver, incoming packets sent from another site are temporarily
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buffered and then pipelined to the video rendering engine as soon as the small local buffer
is full. Our relaying mechanism augmented the existing code by writing the full
buffer into the user-specified pipe area (or named pipe). The relay sender simply reads
data from the pipe and sends the data continuously to the network. Our augmented relay
transmission module supports both delivery policies. The relay receiver also included the
retransmission-based error recovery algorithm.

However, our experiments showed that the local pipe mechanism, even though it is
simple and light-weight, suffered from irregular load fluctuations, resulting in significant
quality degradations. Under Linux, it seemed that the pipe mechanism was closely related
with the unbalanced CPU load, which made it less useful in some environments. Such
oscillations could potentially be a side effect of uneven load scheduling of two separate
programs, the receiver and the sender. Thus, the relay operation would probably benefit
from running as a single program.

1.4.5 Extension to Wireless Networks

There are numerous challenges when designing and implementing HD streaming over a
wireless network. Some existing technologies, for example, 802.11a/g, provide for a max-
imum sustained bandwidth of approximately 23 Mbps. This is significantly lower than the
theoretical and advertised maximum of 54 Mbps. Furthermore, the channel characteristics
in wireless networks are very dynamic and variable. As such, packet losses, bandwidth
fluctuations, and other adverse effects are a frequent occurrence and require a careful
design of the transmission protocol and rendering algorithms. An early prototype of our
RCS implementation for wireless networks is shown operational in a laboratory environ-
ment in Figure 1.10. In our real-world application, we were able to demonstrate wireless
HD streaming in a large aircraft hangar with high visual quality and minimal interfer-
ence. Figure 1.11 shows the multisite system during a test scenario with the wireless
video transmission shown in the upper right corner.

Figure 1.10 HD transmission over a wireless, ad hoc link (802.11a) between two laptops in the
laboratory.
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Figure 1.11 HD multiparty conference with two wired (top left and bottom) and one wireless HD
transmission (from an aircraft hangar).

1.5 Real-Time Transcoding

Transcoding refers to a process of converting digital content from one encoding format to
another. Owing to its broad definition, it can be interpreted in a number of different ways:
conversion from a given video format to another (format conversion); lowering of the
bitrate without changing the format (bitrate reduction); reduction of the image resolution
to fit to a target display (image scaling); or naively performing complete decoding and
re-encoding (cascaded pixel-domain transcoding). Since transcoding allows the adaptation
of the video bandwidth to the different requirements of various end users, it is a vital
component in the toolkit of a multiway video conference solution, and we narrow the focus
of our discussion to three types of bitrate reduction architectures: cascaded pixel-domain
transcoding, closed-loop transcoding, and open-loop transcoding.

The cascaded pixel-domain architecture fully decodes compressed bitstreams to recon-
struct original signals and then re-encodes them to yield the desired bitstream. While
achieving the best performance in terms of video quality, it presents significant compu-
tational complexity mainly due to the two iDCT and one DCT processes required. The
closed-loop method is the approximation of the cascaded architecture. At the expense of
accuracy, and only by using a pair of iDCT and DCT stages, it improves the transcoding
complexity significantly.

The open-loop architecture modifies only DCT coefficients in the encoded bitstream by
increasing the quantization step size (requantization) or by dropping high-frequency coef-
ficients (data partitioning). In particular, the requantization method converts the encoded
bitstream into the DCT domain through variable length decoding (VLD) and then applies
coarse-grained quantization to the intermittent signals, which eventually results in more
DCT coefficients becoming zero and variable length codes becoming shorter. Since the
open-loop approach does not use any DCT/iDCT stages, it achieves minimal processing
complexity, but it is exposed to a drift problem. A drift error is caused by the loss of
high-frequency information, which damages the reconstruction of reference frames and
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their successive frames. On the other hand, the cascaded and closed-loop architectures
are free from this problem.
In our application, the transcoding component should satisfy the following criteria:

e acceptable video quality;
e acceptable transcoding latency;
e minimal use of local resources.

All three requirements are crucial for a software-driven transcoding component, and
it added significant flexibility to our RCS three-way video communication. We started
our experiments by customizing an existing transcoding utility, called mencoder, which
implements the cascaded pixel-domain or the closed-loop system. It is available as
one of the utilities for the open-source MPlayer video player software package. In the
Linux environment, MPlayer is very popular for rendering a multitude of video formats,
including the latest video standard such as MPEG-4/AVC. The mencoder was configured
to decode incoming MPEG-2 TS packets and then to encode them into a designated
video format. We tested two types of transcoded video formats: MPEG-2 program
streams (PS) and MPEG-2 TS.

Our earlier experiments in transcoding were a partial success. We were able to
successfully transcode MPEG-2 TS into MPEG-2PS or newly encode an MPEG-2 TS
stream. However, two problems were found. First, the transcoding delay was so high
that the final end-to-end delay measured about 2 s. Secondly, the machines at one of
our sites could not transcode the original HD videos into SD-quality video, due to
its underpowered processor. When reproducing the SD-quality video, the transcoder
continuously dropped frames, causing frequent video hiccups even without any network
retransmissions. Through a series of parameter reconfigurations, we found the optimal
video resolution of 300 x 200 pixels that did not cause any frame drops or video hiccups.
Even then, the CPU load was very high, more than 50% on a single core Pentium
machine. Thus, we were not able to run two transcoding instances simultaneously on
a single machine. The mencoder tended to grab more CPU cycles if any idle time was
detected. Such overloads resulted in highly uneven CPU utilization, sometimes causing
random program terminations. Transcoding was such an expensive operation that we
needed to separate it from other running programs.

Another alternative for software-based transcoding was to use a rather simple, but
fast, requantization method, one of the open-loop architectures. Compared to mencoder,
this approach does not fully decode and encode the streams, but quantizes pixels at the
compressed level. Such a technique would perform much faster and overall be more
light-weight.

We experimented with a commercialized DirectShow filter from Solveig Multimedia,
called requantizer, for our RCS Windows implementation. It was inserted in the middle of
several filter chains to convert a 20 Mbps MPEG-2 TS into 10 Mbps MPEG-2 TS in real
time. Experimental results showed that the requantizer was able to reduce the bitrate by
half while maintaining the same video resolution without any noticeable artifacts caused
by drift error. Its CPU utilization was consistently measured to be negligible at less than
1%. It also had no negative effects on any increase in the end-to-end delay from a filter
source to a sink. Since the requantization-based transcoding met our criteria, we finally
chose the open-loop architecture as our transcoding scheme for the implementation.
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One drawback of the requantization scheme was that its bitrate reduction was very
limited. Although it met our application needs to some degree, it failed to achieve a
bitrate reduction of more than a factor of 2. When reducing the bitrate by more than 50%,
we found that the result was a serious deterioration of the picture quality.

1.6 HD Video Rendering

Once a media stream is transmitted over a network, the rendering component requires
an MPEG-2 or MPEG-4 HD decoder. While we use specialized hardware assistance for
encoding, we considered various hardware and software options for decoding of streams
with the goal of achieving the best quality video with minimal latency. With RCS, we
tested the following three solutions:

1. Hardware-Based (MPEG-2). When improved quality and picture stability are of
paramount importance, we experimented with the CineCast HD decoding board from
Vela Research. An interesting technical aspect of this card is that it communicates
with the host computer through the SCSI (small computer systems interface) protocol.
We have written our own Linux device driver as an extension of the generic Linux
SCSI support to communicate with this unit. An advantage of this solution is that
it provides a digital HD-SDI (high-definition serial digital interface; uncompressed)
output for very high picture quality and a genlock input for external synchronization.
Other hardware-based decoder cards also exist.

2. Software-Based (MPEG-2). Utilizing standard PC hardware, we have used the
libmpeg?2 library — a highly optimized rendering code that provides hardware-assisted
MPEG-2 decoding on current-generation graphics adapters. Through the XvMC
extensions of Linux X11 graphical user interface, libmpeg2 utilizes the motion
compensation and iDCT hardware capabilities on modern graphics GPUs (graphics
processing units; e.g., nVidia). This is a very cost-effective solution. In our earliest
experiments, we used a graphics card based on an nVidia FX 5200 GPU, which
provides low computational capabilities compared to current-generation GPUs. Even
with the FX 5200 GPU, our software setup achieved approximately 70 fps @
1280 x 720 with a 3 GHz Pentium 4.

3. Software-Based (MPEG-4/AVC). The ffplay player is used as the main playback soft-
ware to decode and render the streams. It is a portable media player based on the
Jffmpeg and the SDL libraries. The player supports many options for users to choose
such as to select which kind of video and audio format will be played. For our exper-
iments, the ES extracted by the ts tool are input into ffplay while we also specify the
input video format using the options.

For MPEG-4/AVC rendering, our prototype system configuration had the following
specifications:

e Quad core CPU: Intel(R) Core(TM)2 Extreme CPU X9650 @ 3.00 GHz.
e Video card: nVidia Corporation Quadro FX 1700.
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e Sound card: Intel Corporation 828011 (ICH9 Family) HD Audio Controller.
e Operating system: Ubuntu 9.10 with Linux kernel version 2.6.31-17 SMP.
e Main memory: 3.25 GB.

To quantify the image quality of different encoding rates of a Hauppauge HD-PVR
box, we use a simple but still widely used performance metric, peak signal-to-noise ratio
(PSNR). Especially, the PSNR of the luminance component (Y) for a given image is
known to be more suitable for the evaluation of a color image than the normal PSNR. In
our experiment, we prerecord a reference video through a Sony HDV camcorder, replay
it for the HD-PVR box to re-encode analogous video output with five different encoding
rates (1, 2, 4, 8, and 10 Mbps), and obtain the PSNR values of every encoded image from
the reference picture. The encoded video resolution was equally configured to that of the
reference video — that is, 1920 x 10801.

Figure 1.12 depicts the evaluation results of 300 video frames (corresponding to 10 s) for
all encoded videos. As shown in the figure, the encoding rate of 4 Mbps could reproduce
a very comparable image quality to those of high bitrate videos. Although not shown
in this figure, the encoding rate more than 5Mbps tends to show better treatments on
dynamically changing scene. Additionally, we also observe that higher bitrate more than
8 Mbps does no longer improve the picture quality significantly.
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Figure 1.12 The luma PSNR values of different encoding rates by a HD-PVR box are plotted
over 300 video frames.
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1.6.1 Rendering Multiple Simultaneous HD Video Streams
on a Single Machine

In RCS, we performed extensive experiments with a three-way connection topology. Every
site was able to watch at least two other participants. Hence, every machine was equipped
with the necessary resources to render two HD streams. In our early measurements, one
HD decoding process occupied approximately 20% of the CPU load based on our hardware
platform. Thus, we naturally expected that every machine could render two simultaneous
HD videos locally. Rendering two SD streams was also expected to present a lighter load
compared with two HD streams because of the comparatively lower rendering complexity.

We had no problem to display two HD video streams on a single machine. Originally,
we were uncertain whether the machines at two sites could support two HD rendering
processes simultaneously because of their rather low-end single core CPU architectures.
In a slower single core CPU model in our lab, the two HD displays occasionally showed
unbalanced CPU loads during tests. We were able to run two HD video renderers and
two audio renderers simultaneously on some machines. However, the weaker computers
could not run two audio players concurrently while running two video player instances.

In summary, we confirmed that two HD renderings including network transmission
modules worked fine at sufficiently powerful sites. However, CPU utilization was a little
bit higher than we expected; thus, it was unclear whether the video transcoding utility
would be runnable in parallel on a single machine.

1.6.1.1 Display Mode

In order to provide flexibility at each of the end user sites, we implemented a number of
display mode presets that a user could easily access in our software. The display mode in
RCS specifies how to overlay multiple videos on a single window. The single mode
shows only one video at a time (Figure 1.13). The grid mode divides the video screen
into multiple equisized rectangular cells and shows one video per grid cell (Figure 1.14).
Since we did not plan to support more than eight incoming streams, the maximum number
of grid cells was fixed at eight. The last mode, picture-in-picture (PIP) mode, shows two

Figure 1.13 Single display mode.
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Figure 1.14 Grid display mode (side-by-side).

Figure 1.15 Picture-in-picture display mode.

video streams simultaneously: one main video stream in the background and the other
small subvideo screen at the right bottom corner in the foreground (Figure 1.15).

We also provided a navigational method that quickly switches from one video stream
to another by pressing the arrow keys. Let us assume an example where there is a need
to display three video streams (1, 2, and 3). In single mode, the display order upon any
right arrow key stroke is 1 — 2 — 3 — 1. The left key reverses the display order to
1 - 3 - 2 — 1. In grid mode, the ordering for the right arrow key is 1,2,3 — 3,1,2
— 23,1 — 1,2,3 and for the left key 1,23 — 23,1 — 3,1,2 — 1,2,3. In PIP mode,
the order for a right arrow key press is 1,2 — 3,1 — 2,3 — 1,2 and for the left key 1,2
— 2,3 — 3,1 — 1,2. The up and down arrow keys are assigned to change the display
modes. The cycling order of the up key is single — grid — PIP — single. The down
key reverses the order: single — PIP — grid — single.

One crucial issue in this display mode is related to the limitation of the DirectShow
filter chaining mechanism: synchronized rendering. When all the videos are connected
to a single video mixing render (VMR) filter for a unified display on a single video
plane, the starting times of individual video renderings are synchronized with the longest
start-up latency among all the individual video renderers. This is primarily due to a
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VMR implementation policy, where the video mixing operation starts only after all media
samples of its input filters are available. On the other hand, as exemplified in Figure 1.12,
when video rendering chains are separated and running as different processes, such time
synchronization problems do not exist.

1.6.2 Deinterlacing

We tested a number of Sony HD camcorders whose video format is interlaced video
output (1080i). As long as the interlaced videos are displayed on an interlaced television
and progressive videos are shown on a monitor-like screen, different video modes will
not be a problem. However, many new big-screen displays are now progressive in nature
and thus they might produce interlacing artifacts during display. Although our test plasma
television technically supported interlaced rendering, it turned out to be difficult to enable
the computer graphics cards to output interlaced signals, and the autodetection mechanism
usually defaulted to a progressive mode. This practical problem may be solvable with
further investigations into the compatibility between video drivers and display capabilities.
However, even if the interlaced mode can be set successfully, we would be somewhat
hesitant to use it because, from our experience, the interlaced display of text output is
very unsatisfactory.

In response, we decided to add a deinterlacing routine to the video rendering software. It
eliminated the interlacing artifacts produced by alternating odd and even fields of frames.
Again, such a module should be light-weight as it will postprocess signals during the last
stage of the video rendering process. If its processing load is too heavy, it may result in
a failure to display two simultaneous HD renderings.

We implemented the linear blending deinterlacing algorithm at the very end of video
rendering pipeline, right before the pixels were displayed on the screen. The approach is
to interpolate consecutive even and odd lines. Specifically, the algorithm computes the
average values of the pixels of the previous three lines (prioritizing the odd lines or the
even lines) and then using them as the final pixel values as follows:

ith pixel value of jth line = [ith pixel of (j — 3)th line
+2 x (ith pixel of (j — 2)th line) + ith pixel of (j — 1)th line]/4

Our blending implementation does not use previously rendered video frames. As a
result, the artifacts such as “mouse teeth” and “tearing” are noticeably eliminated after
applying the averaging mechanism. However, it does have the side effect of blurring the
images. Fast motions tend to show less clear images, resulting in poorer video quality.
Moreover, interlacing artifacts are still present for fast motions. Our deinterlacing solution
did not cause any noticeable performance degradation and its CPU load still remained
consistent and stable, similar to the case without it.

In the Windows environment, we tested a hardware supported deinterlacing method,
the PureVideo technology available from nVidia Corporation. It performs the motion
estimations and compensations through the hardware accelerator on an nVidia graphics
card. Surprisingly, its video rendering occupies just about 10% of the CPU load with
excellent deinterlaced video output results. We realized that a number of off-the-shelf
deinterlacing software libraries available for the Windows environment produced a very
decent deinterlaced quality with acceptable CPU load.
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As a result, we reached the conclusion to use such off-the-shelf deinterlacing libraries
available freely when we moved our development platform to Windows. The only remain-
ing question was whether the video rendering software would still be able to maintain the
same degree of low latency that we achieved on the Linux platform.

1.7 Other Challenges
1.7.1 Audio Handling

Multichannel echo cancellation is a largely open research problem. Researchers are pur-
suing both near-term- and long-term solutions to address the needs of high-quality audio
acquisition challenges in conference type environments. Echo cancellation for a single
audio channel has been identified as a needed component. Optimal microphone and
speaker placements are other design issues. Finally, the output audio quality require-
ments need to be contrasted and optimized for meeting type environments (as compared
to, for example, theater type production environments).

1.7.2  Video Streaming

Optimization of high-quality video in terms of QoS (quality of service)/usability require-
ments in conjunction with objective performance metrics such as latency is an ongoing
research problem. Video streaming issues must be studied in various configurations and
settings with new algorithms as well as through usability testing. It should be noted
that RCS focuses on HDV quality. As a consequence, a minimum amount of bandwidth
must exist in the network, otherwise it is physically impossible to achieve high-quality
transmissions. Furthermore, there are constraints on the hardware, which must provide
the capabilities and performance required. For example, the RCS rendering system is
carefully designed around MPEG-2 and MPEG-4 software decompression modules. To
achieve high performance, it is desirable to utilize the hardware capabilities of modern
graphics cards. In our current design, a specific combination of graphics hardware, drivers,
and software components is necessary to achieve the best possible performance. Further
research is required to investigate these trade-offs and to improve performance. It is also
important to understand the operating environment in which a remote conferencing sys-
tem will operate. Public and corporate networks have different characteristics in different
parts of the globe.

1.7.3  Stream Format Selection

The RCS software is designed to capture, transmit, and decode MPEG-2 and MPEG-4
bitstreams in the TS format. Although the video rendering software is capable of playing
both MPEG-2 formatted TS and PS videos, the software chain was significantly rewritten
to optimize the transmission and rendering of TS video streams effectively. The transcoded
video output can be either TS or PS formatted.

RCS has also shown the usefulness of a single-pass retransmission mechanism in a lossy
network. Some of the retransmitted packets may arrive late or are dropped in the network.
The RCS receiver software, aware of the underlying data format, selectively issues a



56 The Handbook of MPEG Applications

retransmission request for each lost packet. Changes in the software design, for example,
as a result of new transcoding modules, may produce data formats other than TS. These are
design choices that need to be carefully analyzed in the context of the overall architecture.

1.8 Other HD Streaming Systems

There are several commercial systems available that focus on high-quality video
conferencing (i.e., with a visual quality beyond SD). Among them, two popular
high-end systems are highlighted here. The TelePresence system from Cisco Systems
provides a specially engineered room environment per site, integrating cameras, displays,
meeting table, and sound systems (Szigeti er al. 2009). The video images taken from
custom-designed high-resolution 1080p video cameras are encoded as 720p or 1080p
H.264 bitstreams. The encoded bitrates range either from 1 to 2.25Mbps for 720p or
from 3 to 4Mbps for 1080p. Unlike the usual MPEG-based compression algorithms,
reference frames are constructed aperiodically to encode more efficiently. Individual
sound samples, acquired from microphones that are positioned at special locations, are
encoded with AAC-LD (advanced audio coding low delay). The encoded bitrate and
coding delay are 64kbps and 20 ms, respectively. The encoded media data are then
packetized and multiplexed, using the RTP. The system does not employ any packet
loss recovery mechanism, but a receiver, after detecting the packet losses, requests a
sender to send a reference frame to rebuild the video image, while disposing unusable
frames quickly. The end-to-end latency between two systems, excluding the transmission
delay, is estimated less than 200 ms. The Halo system from HP? features similar room
installations with fully assembled hardware communicating over a private, dedicated
network. While the cameras used in Halo are SD, the video streams are upconverted
to HD at the display side. Each stream requires about 6 Mbps and each room generally
supports four streams. The Halo system is turnkey and fully proprietary. While the above
two high-end systems are extremely expensive because of their professional setup, several
companies offer an affordable solution. For example, LifeSize* features 720p cameras
and displays. Its proprietary compressor provides very low bandwidth (e.g., 1.1 Mbps for
720p video). While the camera and compressor are proprietary, the display is generic.

A number of research prototypes similar to our solution were implemented in differ-
ent research communities; they can be classified into two groups. The first group uses
uncompressed HD video streams, which are especially useful for very time-sensitive appli-
cations such as distributed musical collaborations. Among them is the UltraGrid system,
which transmits uncompressed HD at a bandwidth requirement close to or above 1 Gbps
(Gharai et al. 2006). The Ultra-Videoconferencing project at McGill University’> was
designed especially for low-latency video conferencing applications. It delivers uncom-
pressed 720p HD sources using HD-SDI at 1.5 Gbps and 12 channels of 24-bit raw PCM
(pulse code modulation) data with 96 kHz sampling rate.

The second group uses compressed HD videos and audios, captured from commodity
MPEG-2 HD camcorders. Kondo et al. at Hiroshima University in Japan experimented

3 http://www.hp.com/halo/index.html
4 http://www.lifesize.com/
5 http://www.cim.mcgill.ca/sre/projects/rtnm/
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with an HD delivery system for multiparty video conferencing applications in Linux
environment (Kondo et al. 2004). Their prototype system captures MPEG-2 transport bit-
streams from hardware encoders such as JVC HD camcorder or Broadcom kfir MPEG-2
encoder card, embeds FEC codes (using the Reed—Solomon method) on the fly, inter-
weaves them, and finally shuffles the transmission order of the packets to minimize the
effect of burst packet losses. While requiring 10%—50% more transmission bandwidth,
its error resilience showed two orders of magnitude packet loss rate reduction. The one-
way delay was reported around 600 ms for hardware decoder and 740 ms for software
decoder (VLC Client). Audio streams were separately transmitted through a customized
RAT (robust audio tool). Similar software packages that were developed for the Windows
environment reported much longer latencies (around 1-2s one-way delay). Compared
with these, our system features much lower end-to-end delay with the same capturing
setup (due to our software optimization efforts), software-based real-time video transcod-
ing capability, and bandwidth-saving packet relaying mechanism.

1.9 Conclusions and Future Directions

We have discussed design challenges for multiway HD video communications and have
reported on recent experimental results of specific approaches built into a prototype system
called RCS. We implemented real-time transcoding, a relay mechanism, and deinterlaced
video rendering, and deployed these mechanisms successfully, including two simultaneous
HD renderers per computer. In case of the transcoding output format, we could obtain
MPEG-2 TS or PS formatted 300 x 200 video output from the original MPEG-2 HD
TS videos. Both formats could be supported easily, but we found the TS format to be
more resilient.
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2.1 Introduction

Content production, broadcasting and content management rely to a large extent on open
standards that allow the seamless handling of content throughout the production and
distribution life cycle. Moreover, the way content is encoded is also crucial with respect to
its conservation and preservation. The first MPEG standard (MPEG-1) [1] was conceived
to optimally compress and transmit audio and video in a computerized environment. The
basic principles were later adopted by MPEG-2 [2] and in large parts MPEG-4 [3], which
represent the next generations in digital encoding standards dealing partially with issues
relevant to the broadcast and media production industry, but essentially focusing on the
requirements of the computer and content networking domain.

The driving forces behind the Moving Picture Experts Group in the late 1980s were the
possibilities that computers, digital storage systems, computer networks and emerging dig-
ital multimedia systems offered. It was quickly realized that within the media production
and broadcasting domain, digital encoding formats would have to be adopted as well in
order to streamline content production and media handling. However, media production
and content management in a professional content environment have specific require-
ments. For instance, encoding formats have to allow production without quality loss, and
archiving requires durable formats that preserve the original quality. These requirements
have not been at the forefront of the original standardization efforts. Some of the core
principles adopted there (e.g. inter-frame compression) are actually suboptimal for specific
production and preservation purposes. Nevertheless, MPEG standards have been having
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a considerable impact on the media and content industry, and the pro-MPEG Forum [4]
has been specifically set up to represent these interests within the MPEG world.

Over time, the MPEG standardization efforts also moved towards providing support
for content description and a fully digital content life cycle. The relevant MPEG stand-
ards in this context are MPEG-7 [5] and MPEG-21 [6]. Despite the fact that these standards
have been defined with the input of organizations such as the European Broadcasting
Union (EBU) [7], the Society of Motion Pictures Television Engineers (SMPTE) [8] and
individual broadcasters, there appears to be a clear difference in the importance between
the coding standards and the content description and management-related standards. In
content production, broadcasting and content management, MPEG coding standards (i.e.
MPEG-1, MPEG-2 and MPEG-4) have driven many new product developments and are
underpinning emerging digital television services. In contrast, MPEG-7 and MPEG-21
have not been widely adopted by the industry and play only a minor role in some delivery
and content exchange scenarios.

In this chapter, we discuss the requirements of content within media production,
broadcasting and content management in order to provide the background for the
subsequent discussion on the use of the different MPEG encoding standards in these
environments. Following this, MPEG-7 and MPEG-21 and their role within the content
industry is analysed. The objective of this chapter is to discuss the relevance of MPEG
standards in the context of media production, content management and broadcasting.

2.2 Content in the Context of Production and Management

Content is the central object of operation for broadcasters and media production companies
[9]. Over the years, the term content has adopted various meanings referring to ideas and
concepts as well as recorded material or archived end-products. At different stages of its
life cycle, content is represented in different ways through a multitude of proxies. The
entire workflow in a content production, broadcasting and media delivery organization
revolves around content in its various forms and representations (as depicted in Figure 2.1)
[9]. The content creation process begins with the production process (including com-
missioning and elaboration), followed by post-production and delivery, and ends in the
reception phase. During these stages metadata, as well as encoded program material, is
produced, handled and stored. Metadata reflects the various aspects of content from the
semantic description of the content, over cataloguing information, broadcasting details,
rights-related metadata, to location data and material-related metadata. The encoded
program material is available in various copies, versions and different encoding formats.

Since content is an ubiquitous term of which most people have an intuitive
understanding, it was deemed necessary by SMPTE and EBU to define it in more
detail in order to ensure that there is a common understanding of its constituents and
usage. According to the SMPTE and EBU task force definition content consists of two
elements, namely, essence and metadata [10]. Essence is the raw program material itself
and represents pictures, sound, text, video, and so on, whereas metadata describes all the
different aspects and viewpoints of content.

As can be seen in Figure 2.1, both elements are crucial in media production and
broadcasting in order to produce high-quality content fast and cost effectively. In such a
content-centric operation, the content elements (i.e. metadata and essence, or both) have to
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Figure 2.1 Content-centric production and distribution model.

be accessed by everybody included in the content creation process depending on their role
in the workflow. For instance, high-quality essence access is required in production, post-
production and archives, whereas low-quality browse access can be sufficient for editors,
journalists and producers. Metadata accompanies the program material at all stages in the
content life cycle. Metadata-only access is sufficient during the early stage (i.e. production
stage), and for administrative staff. However, all metadata have to be kept up-to-date in
real-time and reflect the status of the content. Thus, in a content-centric organization,
essence and metadata have to support the flexible production and handling of content
throughout its life cycle.

Another important aspect in the handling of content is its exchange not only within but
also across organizations. Consequently, in such a content transfer process, a copy of the
essence and a subset of the metadata leave the system. It might be reintroduced later, at
which stage any changes have to be recorded and documented.

Thus, not only the requirements on different encoding formats but also metadata
schemas and standards originate from the organizational needs, workflow and usage of
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the content throughout its lifetime. This section looks at the requirements placed onto
codec, metadata and framework formats, and discusses the rational behind them and their
importance within the content life cycle.

2.2.1 Requirements on Video and Audio Encoding Standards

The choice of codec in media production and content management is governed by specific
requirements, some of which may differ considerably between production-oriented and
distribution-oriented applications, while others are common across all application domains.
An encoding standard used in this environment has to addresses these requirements since
they provide the basis for the production, operation and handling of content.

2.2.1.1 General Requirements on Encoding Standards

As expected, a common need in all application domains in media production and distri-
bution is the desire to have the highest possible compression rate achievable while still
meeting the specific requirements towards quality, and video and audio fidelity of the
respective application domain. On the one hand, a high compression ratio is desirable to
save network and storage costs; on the other hand, there should not be any major noticeable
artifacts and the quality should stay constant even after a succession of production steps.

Even more important, however, is the requirement for interoperability between systems,
different equipment and organizations. The media industry relies on the ability to exchange
content. For instance, external producers working for broadcasters, or regional studios
contributing to the main program, require that material exchanged between various sites
and companies can be readily used in production or distribution at all locations. Format
interoperability is the key to avoid unnecessary latencies as well as the additional cost
involved in format conversions and normalizations to specific (in-house) formats or format
variants. These costs include possible quality deterioration due to transcoding processes.

As a consequence, professional media production and content management require a
much more rigid interpretation of standards than other media-related industry domains.
For example, MPEG-2 allows selecting from various profiles and levels. Further, it does
not specify how content is to be encoded (since only decoding is specified in the standard).
The MPEG-2 profiles support different sampling rates (4:2:0, 4:2:2, 4:4:4) and specify a
set of coding features that represent a subset of the full MPEG-2 syntax. The MPEG-2
levels specify a subset of spatial and temporal resolutions through which a large set of
image formats can be supported. Hence, an MPEG-2 encoded video can in fact have
many different formats and even the fact that the decoding is specified rather than the
encoding can lead to the incompatibility of certain products. Thus, this level of flexibility
and operational freedom has introduced interoperability problems when content is created,
edited and distributed by multiple partners using different tools and products that use slight
variations, which are, however, still standard conform.

In order to avoid such interoperability problems, the media industry typically agrees
upon an unambiguously specified subset of more generic standards. SMPTE has therefore
seen it necessary to develop and maintain a set of related standards documents that
are more rigid but provide the required level of granularity and detail and thus help to
achieve the desired level of interoperability.
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2.2.1.2 Specific Requirements in Media Production

In media production the requirements revolve around ease of use of encoded material in
production tools such as non-linear editors (NLE), and the ability of the codec to retain
excellent picture quality even after multiple edits and content generations. When editing
in the compressed domain (which is common for state-of-the-art broadcast editing suites),
hard cut editing does not require decoding and re-encoding, as long as the codec used
is I-frame only, and is consistent throughout all content used in the edit. However, edit
effects that change the image content or combine images from multiple sources (e.g.
cross-fades) require re-encoding, and hence introduce a generation loss for the frames
affected. When it is required to change the codec of a source clip to match the chosen
target codec for the target sequence, all frames of this specific source clip are subjected
to a generation loss. Using lossy compression (as specified for MPEG) can, hence, lead
to quality deterioration that even after a few editing steps can be quite noticeable. Editing
content using inter-frame encoding typically requires recoding of entire groups of pictures
(GOPs). Thus the quality of all images that are part of these GOPs is affected.

Content generations are also created due to format changes as part of content preser-
vation processes, especially in long-term archives (i.e. when new formats are introduced
and existing content is migrated from the old format to a newer format).

In short, the foremost requirements in media production are as follows:

1. No perceivable loss in picture quality due to compression when compared to the
uncompressed signal.

2. Minimum loss in picture quality even after multiple decoding/encoding cycles
(minimum generation losses).

3. Ability to perform cuts-only editing without a need to even partially re-encode the
pictures.

4. Easy to edit in non-linear editing workstations, including fast navigation in both
directions (jog/shuttle forward/backwards) as well as the ability to edit any picture.

The first two requirements typically govern the choice of compression scheme, codec
type and, in MPEG-based standards, the layer and profile/level. Usually main or high
profile formats are used in combination with main level or high level. The third and
fourth requirement typically results in the selection of a scheme where there are no inter-
frame dependencies; that is, in MPEG-based standards an I-frame-only codec is the only
suitable solution.

2.2.1.3 Specific Requirements in Media Distribution

In conventional television broadcast, content stored as video files is broadcast from the
so-called broadcast video servers. The basic functionality of a video server can be
compared to a video tape recorder (VTR) where the tape is replaced by a hard disk.
Independent of the way the content is stored on the disk of the video server, it is played
back to air as an uncompressed stream.

For the first video servers introduced in the mid-1990s, the primary cost driver was
the disk storage subsystem. Hence, there was a desire to minimize this cost by using
codecs that retained good picture quality at minimum bandwidth. This typically meant
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using very efficient compression schemes. For MPEG-based compression formats, long
GOP codecs have proven to be a suitable option. A long GOP uses a longer sequence of I,
P and B frames. Conventionally, a GOP with 9 frames has proven to be suitable. In long
GOPs, the group of pictures is extended to 12 or 15 frames, or even beyond. Any quality
implication of using a long GOP scheme in this context are minimal, since as long as
the material has been only recorded onto the video server by encoding baseband streams
(just like a VTR does) this choice has no major impact on the overall picture quality.
In this case, the generation losses caused by encoding from baseband to the distribution
formats are unavoidable since the studio lines (i.e. SDI, serial digital interface) require
the transmission of video in ITU 601 4:2:2 uncompressed format at around 270 Mbit/s.

Nowadays, however, content is primarily “loaded” onto video servers via file transfers.
This means that continuing to use long GOP distribution formats would require transcod-
ing from the production format to the distribution format, resulting in an additional
generation loss, additional cost for transcoders and additional latencies. The latter is a
particularly critical factor in news and sports production. The fact that storage costs have
decreased considerably in recent years has resulted in the use of one common format (i.e.
suitable for production and transmission of high-quality television content). Still, contri-
bution of news material from agencies to broadcasters uses long GOP formats in order
to reduce the data rate, and hence provide faster file transfer. Further, the acquisition of
content in the electronic news gathering (ENG) field often applies long GOP compression
in order to transmit signals over low-bandwidth connections [11].

In contrast to traditional television, the distribution of content over digital delivery chan-
nels has completely different requirements. Here, the single most important requirement
is to optimize the picture quality as seen by the viewer versus the bandwidth required
to deliver these pictures. For MPEG-based formats, this almost naturally resulted in the
use of long GOP formats, both in the distribution of standard-definition (SD) television
and high-definition television (HDTV). At present, these formats are typically created
through on-the-fly transcoding of the on-air signal, i.e., at the last stage before the signal
is transmitted.

For distribution over conventional television distribution channels such as cable, satel-
lite or terrestrial broadcast, the formats to be used are precisely standardized. Other areas
of digital distribution, such as Internet streaming or download formats, tend to be less
strictly limited. However, at present, an efficient compression scheme is the most stringent
requirement. The compression schemes have to adapt to the specific characteristics of the
Internet, that is, low and fluctuating bandwidth. Many proprietary schemes have been
developed and are currently used in different Internet-based content delivery networks.
However, with the emergence of Internet protocol television (IPTV), this might change
in future since quality aspects play a much more crucial role for these services. The pre-
dominant standards in this context are H.264/MPEG-4 AVC (MPEG-4 Part 10 Advanced
Video Coding) [3]. This is deemed a good compromise between the bandwidth and data
rates that the network can support and the quality requirements for a TV-like service.

2.2.14 Specific Requirements in Content Management

Since the quality requirements are very high in a professional content environment, the
media industry tends to use high bit rate formats for most of the application domains
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representing the different stages of production, post-production, delivery and content
management. However, due to bandwidth limitations in the networks of production
companies and broadcasters, access to production quality content tends to be restricted
to a subset of users with access to actual production systems and production networks,
often still based on SDI [12] and SDTTI (serial data transfer interface) [13]. Only the
latter provides the ability to transmit compressed content. However, the majority of users
are only connected to standard local area networks (LANs) such as Ethernet. Owing to
these restrictions, a large number of users directly involved in the content life cycle (e.g.
more than 75% of all users in a television broadcaster need access to the actual essence
in some form) have no easy way to actually see the content they are working with. Thus,
modern content management systems (CMS) provide a proxy or browse copy, offering
access to frame-accurate, but highly compressed, copies of the available content over
the Intranet or even Internet.

The format requirements for such proxies may differ considerably depending on what
the users actually want to accomplish. For instance, in news and sports production, it is
vital that the proxy is being created in real-time and is fully accessible while incoming
content (news feeds or live events) are being recorded. In applications where the proxy
is used for offline editing or pre-editing, it is important that the format provides very
good user interactivity allowing navigation through the content using trick modes such as
jog/shuttle. In quality control, acceptance or the assessment of compliance with standards
and practices, the image quality and resolution is more relevant. Thus, depending on
the purpose, different proxy formats might be required. However, what they all have in
common is the need to transmit them via standard LANs in real-time or faster.

CMS are not only responsible for archiving and managing production content, but
more and more have become the hub for all content-related activities. This includes the
plethora of new media channels such as Internet portals, VoD (video-on-demand) plat-
forms or mobile content delivery. Therefore, specific formats may have to be generated for
the delivery across the different channels. In order to optimize transfer and delivery times
for on-demand distribution to such channels, it can be efficient to maintain the content in
an additional “mezzanine” format that on the one hand is efficiently compressed so that
storage cost and file transfer times to transcoders are of little impact, and on the other
hand has good enough picture quality to serve at least as a good source for transcod-
ing to the various lower bit rate target formats. These requirements have been taken
into consideration during the MPEG standardization (specifically during the MPEG-4
standardization process).

2.2.2 Requirements on Metadata Standards in CMS and Production

Metadata accompanies all workflow steps and documents all details related to a content
item. The data models of many broadcasters and content production companies are very
detailed and sophisticated reflecting not only the content creation and production process,
the semantic content information, the organizational and management information, but
also commercial usage data and rights information. These models are overwhelmingly
proprietary and reflect the historical background and specific organizational require-
ments of a particular organization. However, the use of a standard set of metadata, a
metadata description scheme, a metadata dictionary or at least standards for metadata
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transmission and exchange is required whenever content is exchanged or goes outside the
organization. Further, the use of certain products, equipment and tools during the pro-
duction and transmission process also enforces the use of certain metadata information
or prescribes a specific format [14]. Thus, the requirements on metadata can be separated
into those that come (i) through the content processes and some general characteristics of
content, and (ii) through content exchange.

2.2.2.1 Requirements of Content Representation and Description

The metadata used in content production and content management has to reflect the
workflow and gather data and information during the different stages in the production.
The data comprises, for instance, identifiers, recording data, technical data, production
information, location information, and so on. Further, a semantic description of the content
is also necessary, as well as the annotation of rights information (e.g. territorial restrictions,
transmission and delivery method and time, and usage period) and business data associated
with the content [9]. Thus, the relevant information is mainly concerned with usage and
workflow issues, semantic content description and management issues. This information
is usually kept in multiple databases that are either based on customized standard products
or are entirely proprietary systems. All kinds of databases are encountered and for a large
organization the underlying data models as well as the records kept in the database are
substantial. Since many databases have been established over decades, their organization,
structure and the encoding of the data do not conform to any standard with respect to
the representation of content and its underlying concepts. However, what they all have in
common is the high complexity and integration of the data models, and a requirement of
showing relationships and hierarchies at different levels.

Another important requirement is to describe individual segments of a content object.
These segments can be delimited either by time codes or region coordinates. The
segments do not adhere to any kind of pre-defined structure and depend entirely on
the specific documentation view, that is, shot boundaries or strict time-code delimiters
are too prescriptive.

2.2.2.2 Requirements Through Metadata Access and Exchange

Different ways of searching for information in the metadata have to be possible. The
common query forms are full text query, query for labels and keywords, query for
segments and native database queries [9]. All these different access methods have to
be supported by a data repository, and hence have to be considered in any metadata
description scheme.

Further, metadata is required when content is exchanged between institutions. Usually a
subset of metadata is sufficient. However, there are several steps involved in the exchange
as shown in Figure 2.2.

First, the part of the metadata to be exchanged between different institutions has to
be transferred into a standard common data model. Before it is transmitted, a common
interpretation of the elements and values has to be agreed upon by referencing a
common metadata dictionary containing all relevant elements. Thus, there need to be
standards to support these processes.
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Figure 2.2 Metadata exchange.

Apart from just supporting the metadata and material exchange, the actual process of
exchange has to be supported as well. This includes all the commercial transaction details
and intellectual property management together with the actual transfer process.

2.3 MPEG Encoding Standards in CMS and Media Production

Since the development of the first MPEG encoding standards in the late 1980, they have
been having a large influence on media production, content management and transmission.
Despite the fact that MPEG-1’s main objective was not related to these domains, the basic
ideas and structure have been influencing content formats and products ever since. In this
section, the different standards, products and the impact they have within CMS and the
media production domain is reviewed. This includes a discussion on the commercial
products that are based on MPEG encoding standards.

2.3.1 MPEG-1

MPEG-1, originally developed as a codec for video CD, is still in use in media production
as a proxy format, especially in applications related to television news. MPEG-1 has two
key advantages:

e First, today’s desktop workstations can decode MPEG-1 very fast. Thus the format
provides excellent interactivity in proxy editing applications, positioning, jog and
shuttle, which allows users to work with the format very intuitively.

e Second, the format can be freely navigated and played back while it is being recorded
and written to disk with very little latency. This allows, for instance, encoding incoming
news feeds to MPEG-1 and thus providing journalists and producers with browse access
to such feeds while they are being received. This is a considerable advantage for these
users since it allows production in real-time.
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MPEG-1’s main features include variable bit rate coding, stereo audio support and
an inter-frame coding scheme. Since it was intended for stored media, the MPEG-1
compression scheme is asymmetric; that is, the compression is more processing intensive
than the decompression. The inter-frame compression scheme also implies that an entire
GOP has to be available in order to decode all frames fully and correctly. The use
of discrete cosine transformation (DCT) in conjunction with an 8 x 8 sampling scheme
also has impact on the image and thus the video quality. Mainly the coding artefacts
and blockiness of the images can sometimes reduce their value as a browsing format.
For instance, MPEG-1 used in a sports scenario does not allow reading the numbers
on the back of football players in a wide angle shot. However, this is even possible
using analogous VHS (video home system) technology to which MPEG-1 has often been
compared in terms of quality. Another issue has been frame and time-code accuracy
compared to the original material. However, there are ways how this can be solved and
frame and time-code-accurate MPEG-1 encoders exist. Even so, the use of MPEG-1 is
declining, especially since most products allow only embedding or using one stereo pair
of audio, which is not sufficient for many content production purposes.

2.3.2 MPEG-2-Based Formats and Products

The intention of the MPEG-2 standardization was to satisfy the demands for a high-quality
video format that could also be used in a media production and broadcasting context. The
standardization work was a joint effort between ISO/IEC, ITU-TS-RS, and representatives
of content and broadcasting organizations such as EBU and SMPTE. MPEG-2 shares
the basic encoding principles with MPEG-1; that is, it uses inter-frame encoding with
four different picture types (I, P, B and D frames), a macroblock size of 8 x 8, DCT,
motion estimation and compensation, run-length coding, and so on. As mentioned above,
it also specifies only the video bitstream syntax and decoding semantics and not the
actual encoding.

In contrast to MPEG-1, MPEG-2 allows multitrack audio. MPEG-2 Part 3 enhances
the MPEG-1 audio part and allows up to 5.1 multichannel audio. MPEG-2 Part 7 even
supports 48 audio channels with up to 96 kHz sampling rates. This includes multilingual
and multiprogram capabilities.

Owing to the definition of different profiles and levels, MPEG-2 is able to support
different qualities for various applications. The supported chrominance sampling modes
are 4:2:0, 4:2:2 and 4:4:4. The combination of different profiles and levels defined by the
standard are intended for different classes of applications. For instance, MPEG-2 Main
Profile was defined for video transmission ranging from 2 to 80 Mbit/s. Very common
is the use of Main Profile (with a 4:2:0 sampling using I, P, and B frames in a not
scalable mode) at Main Level with a resolution of 720 (pixels/line) x 572 (line/frame) x 30
(frames/s). In the television production domain, the MPEG-2 4:2:2 profile is very often
used. In news and sports, a GOP of IB and data rate of 18 Mbit/s is common, whereas for
feature production I-frame-only schemes with a data rate of 50 Mbit/s and more are used.

In addition to the actual coding features, MPEG-2 also specifies how different compo-
nents can be combined to form a data stream. The MPEG-2 transport stream has been
defined for the transmission of multiple programs, whereas the MPEG-2 program stream
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has been intended to support system processing in software. The MPEG-2 transport stream
has been specified to support a range of different applications such as video telephony
and digital television.

There are a large number of MPEG-2-based products since from an early stage ven-
dors and manufacturers have been involved in the standardization process. In 1999 Sony
introduced the Interoperability Material Exchange (IMX) format, which is composed of
MPEG-2 Video 4:2:2 I-frame-only and eight-channel AES3 audio streams. The AES3
audio streams usually contain 24-bit PCM (pulse code modulation) audio samples. The
format is specified to support three video bit rates, namely, 30, 40 and 50 Mbit/s.

SMPTE has standardized IMX as “D-10", described in SMPTE 365M [15]. D-10 at
50 Mbit/s is the de facto standard for the production of SD television program in a large
number of broadcasters and post-production houses. The most commonly used alterna-
tive is DVCPROS0 [12], originally developed by Panasonic. In contrast to MPEG-based
formats, DV-based formats (such as DVCPROS50) do not use inter-frame encoding and
also have a constant bit rate per frame. This has the perceived advantage that in a (video)
tape-based environment, instant access and positioning at a specific frame are possible
and that no padding is required.

MPEG-2 is also used in HDTV production. Sony is marketing XDCAM HD and
XDCAM HD 422, both using MPEG-2 MP@HL (Main Profile at High Level) as codec.
Especially XDCAM HD 422 is popular in the industry as an HD production format, since
when using a sampling rate of 4:2:2 (in order to be compliant with the requirements for
higher-quality television productions) the format requires only 50 Mbit/s of video band-
width. Thus, it can readily replace D-10 in a production environment providing superior
quality without a need to upgrade storage systems or networks. However, the format
employs a long GOP structure and requires editing equipment that supports long GOP
editing. Hence, certain generation losses apply when edited GOPs are re-encoded. This is
not acceptable for all operations and especially high-value material should use an encod-
ing scheme that prevents generation loss as much as possible. Therefore, XDCAM HD
and XDCAM HD 422 are mainly used in a news, sports and current affairs environment.

Apart from production, MPEG-2 has also had considerable impact on the distribution
of content in the digital domain. The main digital distribution channels are satellite, cable
and digital terrestrial distribution. MPEG-2 MP@ML (i.e. Main Profile at Main Level)
has become the de facto standard for SD digital television distribution over satellite using
mainly DVB (digital video broadcasting)-S [16, 17] and DVB-S2 [18]. It is also prevalent
over cable employing DVB-C [19] or terrestrial using DVB-T [20]. It is interesting to
note that DVB-S and DVB-S2 are used both in distribution to the consumer and in
contribution. In the latter case, for instance, it is used for feeds from news agencies to
broadcasters who then use them for news, sports and other programs. The picture quality
of this material is not considered ideal for production purposes, but since the speed, cost
effectiveness and ease of transmission are more important for actuality and current affairs
programs the quality issue is acceptable.

In order to improve the level of interoperability, the DVB project [16] has imposed
restrictions on the implementation of MPEG-2 codecs in DVB-compliant systems [21].
These restrictions are related to the allowable resolutions for SD and HD. This was deemed
necessary since despite using standard compliant implementations many products from
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different vendors could not interoperate and effectively a transcoding process resulting in
generation loss was necessary.

In general, MPEG-2 MP@ML has developed into one of the major formats in
lower-quality content production and general broadcasting. MPEG-2 MP@ML at
approximately 15 Mbit/s, for instance, is also a popular mezzanine format and is
frequently used as source for transcoding to various xCast distribution formats. It can
be, for instance, transcoded into Web formats as well as suitable mobile formats since it
provides a sufficiently high quality while still keeping storage costs at a reasonable level.
However, this is not deemed sufficient quality as archiving format since it will quickly
suffer from generation loss and will also not be sufficient for high-quality media.

Finally, over the years, MPEG-2 MP@ML at approximately 2 Mbit/s (video bandwidth
only) has developed into a useful proxy format for SD content replacing MPEG-1 in this
role. Compared to MPEG-1 it has several advantages. For instance, at SD resolution,
it provides still adequate interactivity, supports multiple audio tracks, and allows to be
navigated and played back while recording is still ongoing. The picture quality and reso-
lution are also better than MPEG-1’s, and hence it can also be used as browse format for
application areas that MPEG-1 was deemed insufficient. However, at 2 Mbit/s, it is not
appropriate for wide area applications since commonly this bit rate is too high for sustain-
able streaming over the Internet to all areas at all times. In this case it is either necessary
to use another lower-quality and lower-bandwidth format or to download the content.

2.3.3 MPEG-4

MPEG-4 (officially called “Coding of Audio-Visual Objects (AVOs)”) [3] is the last and
latest of the MPEG encoding standards and has a far broader scope than its predecessors.
Originally, the intention was to define a standard that can achieve a significantly better
compression ratio than current standard encoding and compression schemes. However,
during the standardization process it has been realized that not only the emerging
multimedia applications such as mobile phones and mobile content devices but also the
interactive applications such as computer games require specific support. Hence, the focus
of MPEG-4 was changed to encompass not only the needs of a wide variety of multimedia
applications but also the needs of media production and broadcasting applications. Effec-
tively, the standard tries to support the convergence of different media and technology
sectors (i.e. computing, communication, television and entertainment). Consequently,
three functional activity areas that should be covered by the standard have been identified:

1. Content-based interactivity, including content-based manipulation, bitstream editing,
and hybrid-, natural- and synthetic data coding.

2. Optimized compression through improved coding efficiency and coding of multiple
data streams.

3. Universal access allowing access from various devices over a wide range of networks.

This has resulted in the definition of a toolset reflected in the now 27 parts of the
MPEG-4 standard (originally there were 10). Of these 27 parts, Parts 2 and 3 deal with
video- and audio coding—related aspects, whereas Part 10 is concerned with AVC issues.
Parts 12, 14 and 15 are concerned with media file and wrapper formats for ISO base file
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formats (Part 12, e.g. JPEG 2000), MP4 file formats (Part 14, replacing the respective
definition in Part 1), and AVC file formats (Part 15).

The wide variety of issues covered by the standard can be, for instance, seen in its
support for a wide range of video codecs from 5 Kbit/s low-quality, low-bandwidth
video for mobile devices to 1 Gbit/s HDTV formats. In MPEG-4, video formats can be
progressive or interlaced and the resolution may vary from Quarter Common Intermediate
Format (QCIF) to 4K x 4K studio resolution.

Novel aspects in the standard are the content-based coding functionalities, face and
body animation and 2D and 3D mesh coding. One way to achieve this was to adopt
the object-oriented coding in addition to the traditional rectangular video coding. The
idea of object-oriented coding is to compose a video out of AVOs of arbitrary shape and
spatial and temporal extent. An AVO is represented by coded data carried separately in an
elementary stream. Objects are described by object descriptors (OD), which are carried
in a separate OD stream. A scene is composed of multiple AVOs; information about the
different AVO is carried separately in an accompanying OD stream. Information on how
to compose a scene is carried in the scene descriptor information. This defines the spatial
and temporal position of AVOs and the relationships between them. It also describes the
kind of interactivity possible within a specific scene.

However, MPEG-4 is downward compatible and also, for instance, specifies “conven-
tional” rectangular video coding and advanced audio coding based on the MPEG-2 audio
coding techniques, which are extended to provide better compression performance and
error resilience.

Like MPEG-2, MPEG-4 also specifies different profiles and levels in order to reduce
the complexity and restrict the set of tools that need to be supported within a decoder.
For each profile, a set of tools that have to be supported is defined, whereas levels
set complexity bounds (e.g. bit rate and number of supported objects). Thus, a specific
profile/level combination defines a well-defined conformance point.

Mainly the following four elements of MPEG-4 have been accepted into mainstream
use in the media industry:

1. The MPEG-4 wrapper format (derived from the Quicktime wrapper originally
developed by Apple Computer, Inc.).

2. The MPEG-4 Advanced Audio Codec (AAC).

3. The MPEG-4 Part 2 video codec, used in certain proxy formats.

4. The MPEG-2 Part 10 video codec (H.264).

The MPEG-4 wrapper is supported by many video servers and other broadcast and
production equipment. Especially products based on technology provided or promoted by
Apple, Inc., or equipment and tools that are specifically designed to interoperate with such
products have adopted the MPEG-4 wrapper format. However, the preferred approach by
other vendors in the content and media domain is to use an MXF (Media eXchange For-
mat) wrapper. The MXF is a family of wrapper formats designed by the pro-MPEG Forum
[4] and the Advanced Media Workflow Association (AMWA). These wrapper formats are
specified in various standards by SMPTE (the most relevant ones are given in [22—27]).
MXF is also applied as a metadata enabler in production and archive workflows [28, 29].

With respect to the coding-specific parts of the MPEG-4 standard, MPEG-4 Part 2 is
currently used as video codec for proxy video created by the Sony eVTR and XDCAM
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families of products. These proxies are directly created by the respective recording devices,
and hence are instantaneously available for browsing while recording. Sony uses a custom
MXF wrapper that allows for low latency navigation in the proxy. However, the audio
tracks are encoded using the A-Law audio codec, and hence are considered by profes-
sionals to be of inadequate quality for certain applications. Hence, within this product
there is actually a combination of approaches and standards, which is indicative of the
selectiveness with which the industry deploys the different parts of the MPEG-4 standard.

For television related applications, MPEG-4 Part 10, or H.264, is the most important
part of the MPEG-4 standard as it is widely used to encode HDTV.

Panasonic is promoting a format for HD production called “AVC-Intra”. AVC-Intra
uses the H.264 codec, but in an I-frame-only configuration. Thus, the format meets the
requirements for editing, while, at nominally 100 Mbit/s of video bandwidth with 4:2:2
chroma subsampling, it is still reasonably manageable with respect to storage space and
required network bandwidth. AVC-Intra has been widely accepted by large broadcasting
organizations and it is expected to have further strong impact in this space.

The H.264 is also the format of choice of the DVB project for digital delivery of HD
content via DVB-S, DVB-C and DVB-T, and to deliver content to mobile devices via,
for example, DVB-H [30].

Further versions of H.264 are also used as a proxy formats either in applications
where minimum bandwidth is crucial or where users require full HD resolution for proxy
viewing. This is, for instance, necessary for quality assessment, compliance viewing and
high-end offline editing. It is therefore used in a very specific part of the workflow within
the content production life cycle. However, owing to the complexity of the codec, today’s
workstations require a substantial part of their resources to decode H.264. Hence, the
format has some deficiencies with respect to interactivity and smoothness in navigation
such as jog/shuttle. With increasing performance of workstations, these deficiencies will
gradually disappear and an even better acceptance can be expected.

2.3.4 Summary

In CMS and professional media production, the MPEG encoding standards have been hav-
ing considerable impact over the past 10 years; MPEG-1, MPEG-2 and MPEG-4 are used
for low resolution browsing, media production and media contribution and distribution.
MPEG-4 Part 10 is primarily used in HDTV, and MPEG-2 is used in SD television.

Production applications prefer I-frame-only codecs for easy frame-accurate editing
and rendering with minimum generation losses. In browsing- and distribution-related
applications, long GOP structures are preferred, providing minimum bit rates for a desired
image quality.

The formats are also used within archives and content libraries. However, owing to
the compression scheme there is still an ongoing debate about their suitability in content
archiving and preservation. The generation loss that MPEG base formats suffer in produc-
tion and transcoding is frequently considered as too severe. Thus MPEG-based formats
are deemed not appropriate for archiving. On the other hand, due to storage restrictions,
the use of a compressed format is inevitable and no format has emerged that would satisfy
all the requirements of this domain.
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The fact that MPEG-2 and MPEG-4 specify different profiles and levels in conjunction
with the fact that only bitstream syntax and decoding semantic are specified provides a
level of flexibility that resulted in sometimes incompatible products (despite the fact that
they were correctly implementing the MPEG standards). Therefore, in order to achieve the
best possible level of interoperability between various products used in the production and
delivery chain, encoding and wrapper parameters are precisely specified, thus narrowing
the degrees of freedom that the MPEG standards otherwise offer for the implementation
of such codecs and wrappers. This work has been carried out under the auspice of SMPTE
and EBU as central bodies dealing with broadcast technologies.

It can be noted that only parts of the extensive standard suite is actually used within the
content production and broadcasting domain at the moment. The focus here is clearly the
coding elements. The MPEG-2 transport stream definition has also been having significant
impact. Of the very extensive MPEG-4 standard suite, mainly the encoding parts and,
in part, the wrapper format have been subsumed into relevant systems and products.
However, in the main areas where wrappers are used (i.e. editing, archiving and file
exchange), the industry prefers MXF instead of MPEG wrappers. This is the case since
MXEF provides better interoperability while also allowing embedding other (especially DV-
based) codecs. SMPTE acts as the primary authority for providing the required adapted
standards in this context.

2.4 MPEG-7 and Beyond

The relevance of specific parts of the MPEG-based encoding standards in media and
content production as well as in content management (and to a lesser extent in archiving)
is significant. The role of the non-coding standards (i.e. MPEG-7 and MPEG-21) is more
complex, and it is harder to assess what impact they have been having in these domains.
In this section, the potential of these standards is reviewed — the role they could play in
this domain and the impact they have been having so far. The requirements they have
to fulfil in the content management and media production domain are mainly related to
metadata, management and content exchange aspects.

2.4.1 MPEG-7 in the Context of Content Management,
Broadcasting and Media Production

The focus of the multimedia content description interface specified by MPEG-7 is on
providing a comprehensive set of description schemes and tools accompanied by the speci-
fication of the necessary description language, reference software, conformance guidelines
and extensions [31]. It was one of the main objectives of MPEG-7 to provide a com-
prehensive and widely applicable set of specification and tools. It has not been limited
to any specific domain or content type. At present, MPEG-7 consists of 12 parts (orig-
inally 8) that cover systems aspects, language for description and description schemes,
the actual visual, audio and multimedia description schemes, and various other aspects
related to reference software, conformance testing, query formats, and so on [5]. One
of MPEG-7’s goals was to provide a standard that allows describing the “main issues”
related to content. As such, not only low-level characteristics and information related
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to content structure but also content models and collections have been identified as
central aspects. The low-level characteristics are specified in Parts 3 (Visual) and 4 (Audio)
and make up a substantial part of the standard. They also reflect the initial focus of the
standardization efforts. The more high-level concepts such as content description, content
models and collections are part of Part 5 (Multimedia Description Scheme). One specific
focus here also is to provide information about combinations and assembling of parts,
for example, scenes in a video or a piece of music. These could be low-level objects
of higher-level concepts. The former also relates to the object-oriented coding scheme
of MPEG-4.

Another goal was to provide tools for fast and efficient searching, filtering and content
identification. These should include direct content searches through advanced methods
such as image and audio similarity retrieval. Therefore, the audio-visual information that
MPEG-7 deals with includes audio, voice, video, images, graphs and 3D models (besides
textual data).

An important aspect of MPEG-7 is the independence between the description and
information itself. This is also manifested in the standard through the separation of sys-
tems concerns (Part 1) and the language for description scheme and description scheme
definition (Part 2), or the schema (Part 10).

Industry bodies such EBU and SMPTE, broadcasters and their related research institutes
have been engaged early in the MPEG-7 standardization process. Therefore, there should
have been sufficient input about the requirements of the content production and broadcast
industry. There have been a number of activities that explored to use of MPEG-7 in
different parts of the content life cycle. For instance, the European-funded SAMBITS
project looked into the use of MPEG-7 at consumer terminals [32]. Low-level capabilities
as well as combination of components were part of the investigation. The objective of
the DICEMAN project was to develop an end-to-end chain of technologies for indexing,
storage, search and trading of digital audio-visual content [33]. Despite the fact that there
have been a number of projects and initiatives similar to this, it is interesting to observe
that they did not have any wider impact on the operation within content and broadcasting
organizations. Further, these projects and initiatives do not appear to have had major
impact on tools or the equipment used within the media industry.

In parallel to MPEG-7, many other metadata-related standardization activities such as
SMPTE Metadata Dictionary [34], Dublin Core [35] or the EBU-P/Meta initiative [36]
have been taking place. It was recognized by all of these initiatives that it is neces-
sary to coordinate the activities in order to achieve the highest possible impact [37].
However, standardization attempts in the metadata and content description domain all
suffered the same fate of being of little practical relevance. The main reason for this is
the difficulty in capturing the complexity of content workflows, the vast variety of data
and information, and the distinctness of organizational requirements. MPEG-7’s initial
focus on low-level descriptors also branded it as a description scheme that has been
mainly designed for the purpose of automatic content processing. Further, there have
been concerns about issues related to fusing the language syntax and schemata seman-
tics, the representation of the semantics of media expressions and the semantic mapping
of schemata [38]. This has been partly addressed in the newer parts of the standard
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(e.g. Part 10 and Part 11). However, the questions regarding the general applicability of
MPEG-7 within specific domains such as content production and broadcast still remain.

So far there are not very many products in the broadcasting and content production
domain that integrate MPEG-7 or significant parts of it. Usually MPEG-7 integration is an
add-on to a specific product; for example, in the UniSay suite that interoperate with Avid
post-production products. It is difficult to assess, however, what influence the MPEG-7
integration has on the success of a product.

The largest impact of MPEG-7 has been on TV-Anytime [39]. The metadata working
group of TV-Anytime is concerned with the specification of descriptors used in electronic
program guides (EPG) and on Web pages. It is mainly concerned with metadata relevant
to a transmission context. Although the major part is (segmented) content description, the
representation of user preferences, consumption habits, etc., are also important elements
in the context of TV-Anytime. TV-Anytime and MPEG-7 share the basic principles and
many ideas. However, TV-Anytime uses a much more restricted subset of the MPEG-7
concepts in order to reduce the complexity and focus on the needs of the TV-Anytime
application area. The first phase of the TV-Anytime development has focused on unidirec-
tional broadcast and metadata services over bidirectional networks [40]. The main parts
of the MPEG-7 suite used in TV applications are the wrapper structure, DDL (descrip-
tion definition language) and the extended description tools. Further, the MPEG-7 content
management description tools and the MPEG-7 collection description tools have been
considered in the TV-Anytime development.

The impact of MPEG-7 on the content production and broadcasting industry as well as
on the equipment manufacturers has been limited. From the rich set of concepts, tools,
description languages and descriptors, only a very small subset has actually found its way
into products so far. Although it was never anticipated that all standard parts would be
equally used and of similar importance, it was an expectation that certain parts would
be more widely adopted. At present, MPEG-7’s biggest impact has been on the relationship
with content exchange and delivery. In general, this is the area where standardization is
most required since multiple parties with different equipment from various vendors are
involved. However, MPEG-7 suffers from a similar problem than MPEG-2 and MPEG-4
of allowing too large a degree of freedom and flexibility, which has a negative impact
on the compatibility of MPEG-7-based products. In general, MPEG-7 is deemed to be
too complex and not specific enough. Hence, even though only a small subset of the
entire standard is actually required in the context of media production, broadcasting and
content management, it is considered as insufficient. Moreover, there are still crucial
concepts missing and extensions are necessary. Thus, MPEG-7 suitability in this space is
considered as being very limited.

2.4.2 MPEG-21 and its Impact on Content Management
and Media Production

One of the main ideas behind MPEG-21 has been to specify a set of standards facilitating
interaction, provisioning, and transaction of content in order to provide support for a
fully electronic workflow comprising all stages of the content production, management
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and distribution process. MPEG-21 has been envisaged as providing an open normative
framework with the overall objective of facilitating an open market providing equal
opportunities to all stake holders. This includes content consumers since an MPEG-21-
based system would enable them to access a large variety of content in an interoperable
manner. The core concept of MPEG-21 is the digital item. A digital item represents
the actual content object, which is the focal point of all interaction. It can be created,
enhanced, rated, delivered, archived, and so on. The digital item is specified in Part 2 of the
MPEG-21 specification. In this part, a set of abstract terms specify the make-up, structure,
organization, etc., of a digital item. This includes concepts such as container, component,
anchor, descriptor, etc. Essentially, all the elements required for a digital item are defined.
Other parts dealing with digital items are the Digital Item Identification (Part 3) and Digital
Item Adaptation (Part 7). One major issue addressed by MPEG-21 is rights-related issues
(i.e. in Part 4 Intellectual Property Management and Protection, Part 5 Rights Expression
Language and in Part 6 Rights Data Dictionary). The preservation and enforcement of IPR
and copyrights are deemed to be one of the major aspects in the digital content workflow
and life cycle. Technology issues within MPEG-21 are addressed in Part 1 Vision,
Technologies and Strategy, Part 8 Reference Software Reference Software and (partially)
in Part 9 File Formats. MPEG-21 places a strong emphasis on (external) transactions such
as trading, distribution and handling of content in an open environment. This has been
inspired by the success of the World Wide Web as a trading platform and the penetration
of the Internet. The strong focus on rights-related issues should facilitate content-related
e-commerce interaction in such an open environment. Hence, the MPEG-21 standard
is more outward facing, concentrating on the interaction between external organizations
and entities.

However, the focus of MPEG-21 reflects part of the transition the media and broadcast
industry is currently undertaking. Especially, with the move to digital television and IPTV,
it is envisaged that new workflows will emerge where MPEG-21 could provide a frame-
work for a standardized and comprehensive solution, but, nevertheless, open solution [41].
Particularly, the digital broadcast item model (DBIM) has been designed to incorporate
relevant metadata standards and provide the basis for a unified life cycle and workflow
model. Though, the strong focus of MPEG-21 on digital rights management (DRM) rather
than operational or architectural issues gives it less practical relevance. Admittedly, DRM
is an integral part of many operations within the content life cycle. However, its main
relevance and impact is at the content delivery and reception stage. Thus, DRM is still
considered an issue that can be separated from more operational concerns.

A number of European-funded projects such as Visnet [42], ENTHRONE [43] and
MediaNet have been addressing different aspects related to the MPEG-21 framework.
Broadcasters, media production companies and content providers have engaged them-
selves in these projects. However, for most of them, this has remained a research activity
with limited or no impact on current operations. Even on the strategic level (i.e. the
planning of new systems), MPEG-21 does not appear to be a relevant topic at present.

MPEG-21-based products have also not been emerging on the market at the rate origi-
nally anticipated. Products with MPEG-21 interoperability are mainly found in the DRM
space (e.g. AXIMEDIS DRM). Thus, MPEG-21’s impact on content management, broad-
casting and media production domain has been minor, and it can be concluded that
MPEG-21 is of little relevance on the operational or strategic levels in the content industry.
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2.4.3 Summary

MPEG-7 and MPEG-21 appeared to be a further step forward towards more standardized
media production. They address important issues in the creation, production and
distribution of content. Metadata issues have been hampering a more streamlined pro-
duction. Also, inter-organizational content exchange has suffered from a lack of common
standards. Emerging digital platforms even more require a common and open framework,
as envisaged in the MPEG-21 standardization. However, the impact of MPEG-7 as well
as MPEG-21 on the content management, broadcasting and media production domain
has been very limited. In inter-organizational processes compliance to either standard is
not deemed important. MPEG-7 so far has its largest impact in the area of delivery and
exchange through the adoption of some of its principles within TV-Anytime. One reason
why MPEG-7 has not had a large impact is its perceived emphasis on low-level descrip-
tors and description tools that are still considered largely irrelevant for media production
and content management processes. Further, its complexity and the fact that still not all
processes can be captured using the MPEG-7 description schemes are further reasons for
its failure to be more widely adopted. Also, similar to MPEG-2 and MPEG-4 further spec-
ification would be necessary to ensure the interoperability of MPEG-7-compliant systems.

MPEG-21 has even less impact on the content industry than MPEG-7. It has not
influenced the processes and workflows in media production and content management
in the anticipated manner. With the emphasis on DRM, issues and important problem
domain are addressed. However, they are considered to be orthogonal to the production
and content management process at present and therefore are addressed as a separate
issue. In inter-organizational interaction, it has also not been used so far. However, this
would be the area it could be most relevant for.

In general, it can be concluded that MPEG-7 but probably even more so MPEG-21 are
trying to tackle too wide a problem space. They are not focused enough and the solutions
they provide are considered to be too complex, open and not addressing the central issues
of media production, broadcasting and content management.

Further, both standards operate in a space that up to now has seen very little standard-
ization. Workflows in content production and content management are quite individual
and differ from organization to organization. Most metadata description schemes and the
databases they are documented in are based on proprietary systems or heavily customized
products. Thus, standardizing these processes and procedures is very difficult. Further,
standardization of data models, content description schemes or even exchange formats has
proven difficult. None of the schemes (e.g. SMPTE Metadata Dictionary [34], P-Meta [36]
or Dublin Core [35]) that have attempted to do this have succeeded in this space.

2.5 Conclusions

The impact of MPEG standards on the media production, broadcasting and content man-
agement domain has been varied. MPEG coding standards are the basis for a number of
formats and products used in these domains. The degree of freedom the MPEG standards
offer needed to be restricted, and hence further specification was necessary in order to
enable better interoperability between different products and vendor formats based on the
MPEG coding standards. However, in general, there are at present, only two relevant
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formats being used in this industry (i.e. DV and MPEG). Hence, they will continue to be
important in the foreseeable future. They address an important area where standardization
is essential and MPEG-2- and MPEG-4-based formats have proven suitable for many
steps within the content life cycle.

In contrast, as of today, MPEG-7 and MPEG-21 are of hardly any importance in this
industry space. Their impact has been much less than originally anticipated, and they play
only a minor role at the delivery and reception stage of the content life cycle. MPEG-7 has
this in common with other metadata description schemes and standardization efforts that
have also failed in standardizing the content description or content documentation process.
Possible reasons for this are the complexity and the heterogeneity of the requirements and
underlying tasks. Also, historically there have always been organization-specific processes
and proprietary systems dealing with these aspects. Therefore, there is no tradition and no
urgent need to use standards in this area. In the case of essence, standards have always
been necessary. Before the emergence of digital video and audio, a number of analogous
tape and film formats were used in the production of content. These were always based on
standardization efforts of industry bodies or international standardization organizations.
Thus, MPEG-based encoding formats presented themselves as one alternative for digital
video and audio coding, but there was never a question about the need for standards in
general. It is therefore most likely that the MPEG encoding standards will maintain their
role in media production, broadcasting and content management. MPEG-7 might become
more important if its current use within content delivery would be extended and if it
might also be used in content exchange. The future relevance of MPEG-21 ultimately
will depend on how the media and broadcast industry engages with digital platforms and
if the MPEG-21 frameworks will prove suitable in this context.
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Quality Assessment of MPEG-4
Compressed Videos
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3.1 Introduction

As you sit in front of your machine streaming videos from Netflix, you notice that
their software judges the level of quality allowed for by your bandwidth (Figure 3.1)
and then streams out the video. Unfortunately, if it is a bad day and there is not too
much bandwidth allocated to you, you can see those annoying blocks that keep coming
up during scenes with high motion. That is not all, some of the colors seem to be off
too — color bleeding, as this is called is another impairment that a compressed video
suffers from. Blocking, color bleeding, and a host of such distortions [1] affect the
perceived quality of the video and, hence, the viewing experience. Ensuring quality of
service (QoS) for such content streamed either through the Internet or wireless network
is one of the most important considerations when designing video systems. Since almost
every video sent over a network is compressed (increasingly with MPEG-4), assessing
the quality of (MPEG-4) compressed videos is of utmost importance. One can imagine
the different techniques one could use to assess the quality of compressed videos over
a network. We could have a set of people coming in to view a large collection of
these videos and then rate them on a scale of say 1-10 where 1 is bad and 10 is
excellent. Averaging these scores produces a mean opinion score (MOS) or differential
mean opinion score (DMOS) which is representative of the perceived quality of the video.
Such subjective assessment of quality is time consuming, cumbersome, and impractical,
and hence the need for development of objective quality assessment algorithms. The goal
behind objective video quality assessment (VQA) is to create algorithms that can predict
the quality of a video with high correlation with human perception. Objective VQA forms
the core of this chapter.
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Figure 3.1 Netflix software judges the level of quality allowed for by your bandwidth and then
streams out the video.

Objective VQA algorithms are classified as full reference (FR), reduced reference (RR),
and no reference (NR) algorithms. FR algorithms are those that evaluate the quality of a
test sequence relative to a known original. In this case, both the original/pristine video and
the video under test are given and the algorithm is required to predict the subjective quality
of the test video. RR algorithms are those in which the original video is not available
to the algorithm. However, some additional information — the type of compression used,
side-channel information, and so on — is available. The goal of the algorithm is the same
as for the FR case. NR algorithms are those that do not receive any additional information
about the video under test. Simply put, the algorithm is presented with a video and is
expected to produce a score that matches its subjective quality. We note that even though
there is a general agreement on the terminology for the FR case, RR and NR algorithms
may be defined differently elsewhere. In this chapter, our focus will be on the FR case,
and hence any algorithms mentioned henceforth refer to FR algorithms.

The ultimate viewer of a video is a human observer. In humans, information from
visual sequences passes through the retinal ganglion cells and is processed by the lateral
geniculate nucleus (LGN) — a relay station — before being sent to Area V1 of the primary
visual cortex. These cortical cells are known to be orientation-, scale-, and, to some extent,
direction selective. They also encode binocular and color information [2]. V1 cells also
extract motion information from the visual stimulus. However, further motion processing
is hypothesized to occur in visual area MT (middle temporal), whose neurons are driven
by the so-called M (magnocellular) pathways, which carry motion information [3]. Little
is understood about how MT performs motion computation, but some theories exist [4,
5]. What is known is that area MT, as well as the neighboring area MST (medial superior
temporal), is responsible for motion processing and that a significant amount of neural
activity is dedicated to motion processing. It is not surprising that motion processing is
essential, since it allows us to perform many important tasks, including depth perception,
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tracking of moving objects, and so on. Humans are extremely good at judging velocities of
approaching objects and in discriminating opponent velocities [2]. Given that the human
visual system (HVS) is sensitive to motion, it is imperative that objective measures of
quality take motion into consideration. In this chapter, we discuss an algorithm that utilizes
such motion information to assess the perceived quality.

The H.264 AVC/MPEG-4 Part 10 is the latest standard for video compression [6]
and has already begun to be widely used. For example, the World Airline Entertainment
Association (WAEA) has standardized the H.264 encoder for delivery of wireless video
entertainment [7], for on-board video presentations. Our focus will be the quality assess-
ment of videos compressed using the H.264 standard. Also note that in this chapter, we
alternately refer to the coding standard as MPEG-4 or H.264.

Before we go further, we would like to discuss how an algorithm that predicts visual
quality is evaluated for its performance. It is obvious that for an objective comparison
between various proposed algorithms we need to have a common test bed. For FR VQA
algorithms, this test bed must consist of several undistorted pristine reference videos,
and their distorted versions. Further, these distorted videos must span a large range of
quality — from very bad to excellent — so that the range of quality that a viewer is bound
to experience in a real-time situation is encompassed in the database. Given that these
videos are obtained, their perceptual quality needs to be ascertained. This is generally
done by asking a set of human observers to watch each of the distorted videos and rate
them.! Since we need a general perception of quality, a large number of such subjects are
needed to provide a statistically significant opinion on the quality. Such subjective quality
assessment is generally carried out under controlled conditions so that external influences
that may affect the perceived quality such as lighting conditions and viewing distance
are minimized. On the basis of the scores provided, an MOS or a DMOS? is formed.
MOS/DMOS is representative of the perceived quality of that video. Such a large-scale
study was conducted by the video quality experts group (VQEG) in [9] and the database
called VOQEG FR TV Phase-1 is publicly available along with the DMOS scores. The
VQEG conducted further studies as well; however, the data was not made public [10].

Given that we now have a database of distorted videos along with their perceived quality
scores, the question is how do we evaluate algorithm performance. Most of the proposed
algorithms are evaluated using the techniques suggested by the VQEG [9]. The algorithm
is run on each of the videos in the dataset and the algorithmic scores are stacked up into a
vector. This objective vector is then compared with the subjective vector of MOS/DMOS
using statistical criterion. The statistical measures include the Spearman’s rank ordered
correlation coefficient (SROCC), root mean squared error (RMSE), and linear (Pearson’s)
correlation coefficient (LCC). While SROCC may be calculated directly between the two
vectors, LCC and RMSE are computed after passing the objective vector through a logistic
function [9]. This is necessary because the subjective and objective scores need not be
linearly related. However, LCC and RMSE are measures that compute the amount of

!'Note that there exist many modalities for such testing. This could include modalities where the subject watches
the reference video first and the distorted one next — call double stimulus study. The one we describe here is
a single stimulus study. The reader is referred to [8] for a discussion of different modalities for conducting
such studies.

2DMOS is generally computed when the user has been asked to rate the original reference video with/without
his knowledge of its presence. The scores are differences between the scores for the pristine video and the
distorted ones.
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linear correlation/difference between two vectors. A high value for SROCC and LCC
(close to 1) and a low value of RMSE (close to 0) indicate that the algorithm correlates
well with human perception of quality. Outlier ratio (OR) is yet another measure proposed
by the VQEG that is not used very often. Finally, even though we have discussed the
methods used by most researchers to evaluate algorithm performance, recently researchers
have proposed different methods for the same [11, 12, 13].

Having discussed the essence of VQA and techniques to evaluate algorithm
performance, we now proceed toward describing some previous approaches to VQA
and then follow it up with a description of our algorithm designed to assess the quality
of videos which utilizes motion estimates computed from MPEG-4 compressed videos.
We demonstrate how the described algorithm performs on the VQEG dataset. We then
enumerate the drawbacks associated with the VQEG dataset and propose a new dataset
to overcome these limitations. This new dataset — the LIVE wireless VQA database
[14] — was created at the Laboratory for Image and Video Engineering and along with the
LIVE video quality database [15], and is available free-of-cost to researchers in the field
of VQA for noncommercial purposes. The LIVE wireless VQA database was specifically
created for H.264 AVC compressed videos transmitted over a wireless channel. For
wireless applications, H.264 is widely included in relevant technologies as the DVB-H
[16, 17] and Mediaflo [17] broadcast standards. After having described our algorithm
and the dataset, we conclude this chapter with possible future research directions.

3.2 Previous Work

Mean-squared error (MSE), owing to its simplicity and history of usage in the signal pro-
cessing community, has been ubiquitous as a measure of difference between two signals,
and this is true for image quality assessment (IQA) and VQA as well. Unfortunately, how-
ever, the “nice” qualities of MSE as a measure of difference are of little use in IQA/VQA,
because, as vision researchers have argued, MSE along with its counterpart — peak signal-
to-noise ratio (PSNR) — are poorly correlated with human perception of quality [18, 19].
Hence, researchers have produced a variety of algorithms that seek to assess the quality of
videos with high correlation with human perception. Since we are interested in developing
an FR VQA algorithm, our focus in this section is on the recently proposed FR VQA
algorithms. For MPEG-2, there have been many NR algorithms proposed in the literature
[20, 21]. Almost all of these algorithms proceed in the same way. The main distortion
that they seek to model is blocking. This is either done in the spatial domain using edge
detection (e.g., a Canny filter) or in the frequency domain using the Fourier transform.
Most of the proposed algorithms rely on the fact that MPEG-2 uses 8 x 8 blocks for com-
pression, hence blocking can be detected at these block boundaries (spatially) or using
periodicity (Fourier domain). Some of the algorithms also model blur. The rest are simple
extensions of this technique, which take into account some motion estimates for example
[20]. NR VQA for H.264 compressed videos is obviously a much harder task.

The most obvious way to design a VQA algorithm is by attempting to model HVS
mechanisms and many researchers have done exactly that. VQA algorithms, which are
based on HVS modeling, include moving pictures quality metric (MPQM) [22], a scalable
wavelet-based video distortion index [23], perceptual distortion metric (PDM) [24],
digital video quality (DVQ) [25], and the Sarnoff JND (just-noticeable-difference) vision
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model [26]. Each of these methods used either a combination of a low-pass and
band-pass filter along the temporal dimension or simply a single low-pass filter. Although
a HVS-based system seems like an ideal route to take, much work is left to be done
in understanding human visual processing. Indeed, it has been suggested that at present
80-90% of the V1 functioning remains unclear [27]. Until research in vision science
allows for a complete and precise modeling of the HVS, measures of quality based on
the HVS are likely to fall short of accurately predicting the quality of videos.

Another approach to VQA is a feature-driven one. The algorithm extracts a set of
features from the reference and distorted video and a comparison between these features
is undertaken to form a measure of distortion. One such algorithm is the video quality
metric (VQM), proposed by [28]. VQM extracts a host of features from the reference
and test video sequences that are pooled using various strategies. Although the features
extracted and the constants proposed lack justification in terms of correlation with HVS
processing, VQM seemingly performs well. Indeed, VQM was the top performer in the
VQEG Phase-II studies [10].

The authors in [29] took a slightly different route toward solving the FR IQA prob-
lem by proposing the popular single-scale structural similarity index (SS-SSIM). In [30],
an information-theoretic measure based on natural scene statistics (NSS) called visual
information fidelity (VIF') was proposed for FR IQA. The excellent performance of SSIM
and VIF for image quality was studied in [31].> In [34], a relationship between the
structure term in SSIM (which is seemingly the most important term, see [35]) and the
information-theoretic quality measure VIF was demonstrated. Since VIF is based on an
NSS model, and NSS has been hypothesized to be a dual problem to modeling the HVS
[31], a relationship between SSIM and the HVS seems to exist. Further research in this
area will be of great interest.

After having demonstrated that SSIM performs well for IQA, it was first extended for
VQA in [36]. The essential idea was to apply SS-SSIM on a frame-by-frame basis, where
the frame was sampled sparsely. The authors also proposed the use of a weighting scheme
that took into account some motion estimated using a block motion estimation algorithm.
In [37], the authors used an alternate weighting scheme based on human perception of
motion information. In both these cases, spatial quality computed using SS-SSIM was
weighted based on motion information. However, temporal-based weighting of spatial
quality scores does not necessarily account for temporal distortions [38]. As mentioned
before, temporal distortions can differ significantly from spatial distortions. Further, vision
research has hypothesized that the HVS has (approximately) separate channels for spatial
and temporal processing [39—-41]. The weighted pooling of spatial scores does not capture
this separability.

The space of temporal distortions and its effect on perceived video quality has been
recently explored. In [42], temporal distortions such as mosquito noise were modeled
as a temporal evolution of a spatial distortion in a scene, and a VQA index based on
visual attention mechanisms was proposed. The algorithm was not evaluated on a publicly
available dataset, however. In work closest in concept to ours, the authors of [43] used a
motion estimation algorithm to track image errors over time. These authors also chose to
use a dataset that is not publicly available.

3 Note that the SSIM scores in [31] are actually for multiscale structural similarity index (MS-SSIM) [32]. SS-SSIM
does well on the LIVE image database as well, see [33].
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Most of the above-mentioned algorithms [42, 43] use a variety of prefixed thresholds
and constants that are not intuitive. Even though some of the algorithms work well, the
relationship of these algorithms to human vision processing is not well understood. In a
radically different approach, the authors in [44] sought to model the motion processing in
the HVS areas by the use of a linear decomposition of the video. By utilizing the properties
of the neurons in the visual cortex including spatial frequency and orientation selectivity,
the proposed index, named motion-based video integrity evaluation (MOVIE), was shown
to perform well. However, the computational complexity of the algorithm makes practical
implementation difficult as it relies on three-dimensional optical flow computation.

We have omitted from this discussion several VQA algorithms. The interested reader
is referred to [45, 46] for a review.

3.3 Quality Assessment of MPEG-4 Compressed Video

In this section, we describe our algorithm — motion-compensated structural similarity
index (MC-SSIM). The proposed algorithm can be used without MPEG-4 compression, by
using motion vectors extracted from a block motion estimation process. However, since
MPEG-4 compressed videos already possess motion vectors in the transmitted bitstream,
it is computationally efficient to extract these vectors instead of recomputing them during
the quality assessment stage. The algorithm is first described, followed by an explanation
of how MPEG-4 motion vectors are used for the purpose of temporal quality assessment.

Consider two videos that have been spatiotemporally aligned. We denote the reference
video as R(x, y,t) and the test video as D(x, y, t) where the tuple (x, y, t) defines the
location in space (x, y) and time t. Since the algorithm is defined for digital videos,
the space coordinates are pixel locations and the temporal coordinate is indicative of the
frame number. The test video is the sequence whose quality we wish to assess. Our
algorithm is designed such that if D = R, that is, if the reference and test videos are the
same, then the score produced by the algorithm is 1. Any reduction from this perfect score
is indicative of distortion in D. Also, the algorithm is symmetric, that is, MC-SSIM(R, D)
= MC-SSIM(D, R). We assume that each video has a total of N frames and a duration
of T seconds. We also assume that each frame has dimensions P x Q.

3.3.1 Spatial Quality Assessment

The SS-SSIM [36], which correlates well with human perception [33], is used for assessing
spatial quality as well as moving “block quality” (Section 3.3.2).

Spatial quality is evaluated in the following way. For each frame ¢ from R and D and
each pixel (x, y), the following spatial statistics are computed:
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For spatial quality computation, w;; is an N x N circular-symmetric Gaussian weight-
ing function with standard deviation of 1.5 samples, normalized to sum to unity with
N = 11 [29]. Finally,

S(x,y,t) =SSIM(R(x, y, 1), D(x, y,1)) 3.1
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where C; = (KL)%, C, = (K,L)? are small constants; L is the dynamic range of the
pixel values, and K| < 1 and K, < 1 are scalar constants with K1 = 0.01 and K, = 0.03.
The constants Cy, C,, and C3 prevent instabilities from arising when the denominator is
close to zero.

This computation yields a map of SSIM scores for each frame of the video sequence.
The scores so obtained are denoted as S(x,y,f), (x={1...P}, y={1...0},
t={l...N—1}).

3.3.2 Temporal Quality Assessment

Our algorithm proceeds as follows. Motion vectors for frame i are obtained from its
preceding frame i — 1 from the encoded reference video bitstream. This strategy was
previously explored in [37, 38]. We have a map of motion vectors of size (P /b, Q/b, N —
1) where b is the block size, since vectors cannot be calculated for the first frame. For
simplicity, assume that P and Q are multiples of the block size.

For a frame i and for block (mg,ng) (mg ={1,2,... P/b}, ng ={1,2,...Q/b}), in
video R, we compute the motion-compensated block (m'y, ny) in frame i — 1 by dis-
placing the (mg, ng)th block by an amount indicated by the motion vector. A similar
computation was performed for the corresponding (mp, np)th block in D, thus obtain-
ing the motion-compensated block (m',, n’,)). We then performed a quality computation
between the blocks Bg = (m'y,n%) and Bp = (m’y, n’,) using the Single SS-SSIM.
Although SS-SSIM does not have as good a performance as MS-SSIM, a much sim-
pler implementation was obtained with very good performance, as is shown later. Hence,
for each block we obtained a quality index corresponding to the perceived quality of that
block, and for each frame we obtained a quality map of dimension (P /b, Q/b). We denote
the temporal quality map thus obtained as T (x, y,t), (x ={l...P/b}, y={1...Q/b},
t ={l...N — 1}). A schematic diagram explaining the algorithm is shown in Figure 3.2.
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Figure 3.2 Motion-compensated SSIM. Spatial quality computation is done on a frame-by-frame
basis. Temporal quality computation: for the current block (dark gray) in frame i, the motion-
compensated block from frame i — 1 (light gray) is recovered for both the reference and test video
sequences using motion vectors computed from the reference sequence. Each set of blocks so
obtained is evaluated for their quality. Spatial and temporal quality scores are combined to produce
a final score for the test video sequence. See text for details.

3.3.3 Pooling Strategy

The original SS-SSIM proposed for IQA used the mean of the local quality scores to
form a single score for the image. When applied on a frame-by-frame basis on a video,
the score for the video was defined as the mean value of the scores obtained from each
of the frames. Researchers have argued that the simple mean does not effectively capture
the overall quality of the image [47, 48]. Our algorithm employs the strategy based on
percentile pooling proposed in [33]. Specifically, for each frame 7, we compute
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and

1
SO =1 > S,y 0

x,yeé
where & denotes the set consisting of the lowest 6% of the quality scores of each frame
and | - | denotes the cardinality of the set [48]. S(#) and T (¢) are then averaged across
frames to produce the spatial and temporal quality scores for the sequence — S and 7.
We note that this method is similar to the approach proposed in [28].
Quality is assessed not only on the “Y” component, but also on the color channels
“Cb” and “Cr”. The final temporal quality score for the video is computed as

T — 08 x TY +0.1 x T® +0.1 x T

where TY, T and T are the temporal quality scores on each of the three color channels.
A similar quality computation is undertaken for each of the three channels to assess
the spatial quality as well. The final spatial quality is computed as

sinal — 08 x SY +0.1 x S +0.1 x §

where SY, S, and S are the spatial quality scores on each of the three color channels.
The weights assigned to each of the channels are exactly as in [36] and are reused here,
though incorporating color in VQA remains an interesting avenue of research.

3.3.4 MPEG-4 Specific Quality Assessment

Assume that we have the pristine reference video for quality assessment. In a practical
scenario, we envisage a system where the available reference video is itself a compressed
version. The “black-box” (which may be MPEG-4 compression to smaller bit rates or
an actual transmission channel) induces distortion in this video when the video passes
through it. The goal then is to assess the quality of the video at the output of the channel
with respect to the original video. Most FR quality assessment algorithms (except those
that operate in the compressed domain) will decompress the source and distorted video
and then assess the quality. If the algorithms are designed such that they require motion
estimates, then optical flow/block motion estimation computation ensues. It is at this point
that using MC-SSIM provides a tremendous benefit in terms of computational complexity
as well as performance.

MPEG-4 utilizes a motion-compensated frame differencing approach to compression
in order to compress a video, which in many cases has high spatial and temporal redun-
dancy, where motion vectors are computed using a block-based approach between adjacent
frames. These motion vectors are then used to perform frame/block differencing, so that
only the change in information between blocks separated by the motion vectors in adjacent
frames needs to be encoded (along with the motion vectors). At the decoder, the process
is reversed, where the encoded motion vectors are used to reconstruct the encoded frame.
Note that this description is overly simplified. MPEG-4 allows for multiple reference
frames to be used for motion estimation, each frame need not be encoded using a motion-
compensated approach; it also allows for using both past and future frames for motion
estimation [49].
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Since MC-SSIM performs a computation mimicking the decompression process, the
easiest solution to VQA using MC-SSIM is to reuse the motion vectors computed by
the compression algorithm. Specifically, the motion vectors that we use for motion-
compensated quality assessment will be the same as those used by the algorithm for
motion-compensated decompression. By reutilizing motion vectors from the compression
process,* we have effectively eliminated a major bottleneck for VQA algorithms — that
of computing motion. This coupled with the fact that we use the simple SSIM for quality
assessment will reduce overhead, and will allow for practical deployment of the algorithm.

In the implementation of MC-SSIM that we test here, we allow for motion compensation
using only one previously decoded frame. The block size for motion estimates is fixed at
16 x 16 and subpixel motion estimates are disabled. This overly simplistic compression
process will allow us to set an approximate lower bound. It should be clear that improved
motion estimates will provide improved performance. The group-of-pictures (GOP) setting
is such that only the first frame is encoded as an intra-frame and all other frames are
P-frames (IPPPPP. . .). The quantization parameter is set at 16 (so as to allow for visually
lossless compression) and the JM reference encoder is used to perform compression and
decompression of the reference video [50].

At this stage, we are in the situation described at the beginning of this section. We
have with us a set of compressed reference videos (which we created artificially for the
purpose of evaluation here) and we have a “black-box”. We also have the (decompressed)
videos at the output of this black-box (distorted videos from the VQEG dataset). So,
all that remains to be done is decompress the compressed originals and perform quality
assessment on the corresponding input—output video pairs. The only addition here, as we
described before, is the extraction of motion vectors from the original video. Specifically,
as we decompress the original video prior to quality computation, we also extract and
save corresponding motion vectors from the decompression algorithm.

After having extracted motion vectors from the MPEG-4 compressed videos, MC-
SSIM is applied as described before on the decompressed reference and test videos. For
the chroma channels, we follow the recommendations of the MPEG-4 standard, where the
chroma motion vectors are extracted by multiplying the luma motion vectors by a factor
of 2 [51]. We use the VQEG database described before [9] as a test bed for evaluating
performance. In this case, the reference videos are compressed as described here and then
decompressed to produce the motion vectors, in order to emulate the scenario described
before. The distorted videos are used as they are, since our main goal was motion vector
extraction.

The results of using MC-SSIM using MPEG-4 motion vectors on the VQEG database
are shown in Table 3.1, where we also list the performance of MOVIE [38] for a
comparison. The algorithm performance is evaluated in terms of the above-mentioned
measures — SROCC and LCC. Even though MC-SSIM does not seek to explicitly model
the HVS, it is based on SSIM, and it was shown in [34] that SSIM relates to the NSS
model for quality proposed in [52]. The statistics of natural scenes differ significantly
from those for artificial scenes. The VQEG dataset consists of four artificial sequences

4 We utilize motion vectors from the compressed reference videos for MC-SSIM. However such a technique could
be extended for NR VQA using motion estimates at the decoder for the distorted video.
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Table 3.1 Evaluation of MC-SSIM when applied to
videos from the VQEG dataset (natural videos only)

Algorithm SROCC LCC
MOVIE (Y only) [38] 0.860 0.858
MC-SSIM 0.872 0.879

(srcd, src6, srcl6, srcl7), including scrolling text. In these cases, judging quality through
an algorithm that has been developed for VQA may not be completely fair. Hence, we
test the performance on only natural sequences.

3.3.5 Relationship to Human Visual System

After having demonstrated that our algorithm functions well on the VQEG dataset, the
most pertinent question to ask is how the proposed technique is related to the HVS. Even
though we have not actively modeled the HVS, the fact that the algorithm performs well
in terms of its correlation with human perception demands that we try and understand
how the proposed technique may be related to the HVS.

The efficient coding hypothesis states that the purpose of the early sensory processing
is to recode the incoming signals, so as to reduce the redundancy in representation [53].
Time-varying natural scenes — videos — possess high spatial and temporal correlation.
The reader will immediately notice that video compression algorithms utilize this high
correlation to efficiently compress the signal. Motion-compensated frame differencing
allows one to transmit only the change in the video being processed, thereby reducing
the amount of information sent. Given the redundancy in videos and the efficient coding
hypothesis, the principle that the visual pathway tries to improve the efficiency of
representation is compelling. It has been hypothesized that the LGN performs such a
temporal decorrelation [54].

In our description of the HVS and its visual processing, we dismissed the LGN — which
lies in an area called the thalamus — as a relay center. However, the amount of feedback
that the thalamus receives from the visual cortex leads one to the conclusion that the LGN
may perform significant tasks as well [55]. The hypothesis is that the thalamus does not
send raw stimuli to the higher areas for processing, but instead performs some processing
before such a relay in order that irrelevant information from the stimulus is reduced.
In [55], the authors propose an active blackboard analogy, which in the case of motion
computation allows for feedback about the motion estimates to the thalamus (to compute
figure-ground cues, for example). Such a feedback system has many advantages for visual
processing. For example, a feedback system would allow for rapid computation of motion
estimates, since only the difference between the previously relayed signal and the new
stimuli needs to be computed. Some of the so-called “extraclassical” receptive field effects
have been modeled by the authors in [56] using predictive coding. We hypothesize that
by assessing quality after temporal decorrelation using motion compensation, we are
emulating some of these functions of the early visual system.
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Further, the quality index that we use for spatiotemporal quality estimates is SS-SSIM.
The relationship between the structure term in SSIM and the information-theoretic VIF
was studied in [34]. It was demonstrated that the structure term in SSIM when applied
between subband coefficients in a filtered image is equivalent to VIF. This is interesting,
since VIF is based on an NSS model. NSS have been used to understand the human
visual processing [57, 58], and it has been hypothesized that NSS and HVS