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1 INTRODUCTION 

1.1 Purpose of the Document 

This deliverable provides a description of the developed spatial audio and multi-view video 
codecs in the ROMEO project. In particular, this deliverable aims at outlining the high level 
technical details of the developed codecs, the specifications of which had previously been 
outlined in D4.1 – “Specifications of the encoder/decoder software for the MD-MVD and the 
ABS spatial audio codec”. Objective and subjective performance results of the presented 
schemes are also provided where appropriate.  

1.2 Achievements 

In the framework of WP4 of ROMEO project, this deliverable serves as a technical 
documentation of the developed media codecs. Most notably: 

 The performance of a simplified Analysis-by-Synthesis (AbS) algorithm is evaluated 
for various bitrates, in terms of the Signal-to-Noise Ratio (SNR). It is revealed that the 
simplified AbS base spatial audio coding scheme yields better Subjective Difference 
Grades (SDG) than its competitors over a wide operating range.  

 The ROMEO approach for Scene Description Format (SDF) that is used in object 
base audio rendering is outlined in detail with its advantages over its rivals in terms of 
matching the project requirements. 

 The standards compliant scalable multiple description multi-view video coding 
method’s details are revealed with more insight on the system configuration details 
and design criteria. The decoder platform’s architecture details are outlined for both 
the mobile terminal and the fixed/portable terminals. Real-time performance results 
are provided. 

 The performance of the Side Information (SI) assisted multi-view encoding scheme is 
evaluated both objectively and subjectively.  

1.3 Structure of the Document 

This deliverable is structured as follows: 

 Section 2 describes the developed spatial audio codec’s technical documentation and 
the adopted Scene Description Format used in object based audio rendering, 

 Section 3 outlines the technical details of the developed error-resilient multi-view video 
coding approaches, as well as the incorporation of QoE aspects in the sense of the 
utilisation of visual attention models developed in WP3 

 Section 4 briefly summarises the document. 
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2 AUDIO CODEC 

2.1 Overview 

In this section, the audio coding techniques developed in the ROMEO project are described in 
detail. The object-based approach is introduced as well as the channel-based approach. The 
Analysis by Synthesis (AbS) coding technique is firstly introduced, which achieves notable 
Signal-to-Noise Ratio (SNR) improvement at lower bitrate ranges over MPEG Surround. Then 
the object-based approach is described, which incorporates the utilization of scene description 
language. 

2.2 Analysis by Synthesis based Spatial Audio Codec 

This section describes the simplified AbS coding technique, the fundamental of which was 
introduced previously in D4.1. This attempts to minimize the error between the original and the 
encoded signals through iterative comparison in a closed loop, in a manner that the complexity 
in calculating and finding the optimal solution is controlled to prevent inefficiency. 

2.2.1 Encoder architecture and operation 

2.2.1.1 Closed-loop operation 

As previously described in Deliverable 4.1 (Specifications of the encoder/decoder software for 
the MD-MVD and the ABS spatial audio codec) [11], the suggested AbS Spatial Audio Coding 
(AbS-SAC) utilises the One-To-Two (OTT) and Reverse-OTT (R-OTT) modules, as used in 
MPEG Surround (MPS). Figure 1 shows the operation of the encoder block. The R-OTT 
module, as the spatial analysis block, receives two audio channels as the input and produces 
a downmix signal, a residual signal, and the spatial parameters Channel Level Difference 
(CLD) and Inter-Channel Coherence (ICC) that are later used at the decoding side for the 
signal reconstruction.  

 

 

Figure 1: Block diagram of the AbS-SAC encoder 
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The concept of AbS is applied by means of the OTT module as the spatial synthesis block at 
the encoding side. This feeds back the decoded version(s) of the intermediate signals to the 
error minimisation module, which derives new optimized downmix and residual signals based 
on the decoded spatial parameters instead of the extracted ones. The intermediate decoded 
signals are compared to the original and the ones with the minimum Mean Square Error (MSE) 
become the final downmix and residual signals.  

The closed-loop R-OTT module operates in the frequency domain. In the AbS-SAC, the time 
domain channel signals are converted into frequency domain by means of Modified Discrete 
Cosine Transform (MDCT), which helps to resolve the difference in the delays caused by the 
analysis and synthesis filter banks in the closed-loop architecture if the Quadrature Mirror 
Filtebank (QMF) had been used as in MPS. The MDCT coefficients are grouped into 49 Scale 
Factor Bands (SFBs) for quantisation. They are again grouped into a given number of 
parameter bands, for each of which the spatial parameters CLD and ICC are extracted.  

2.2.1.2 Optimisation and simplified AbS operation 

In order to find the optimal downmix and residual signals, as well as the optimal parameters, a 
full search AbS optimisation should be applied. An AbS optimisation procedure can be carried 
out in such a way that the inputs of the optimisation procedure are the quantisation values of 
the downmix and residual signals, as well as the spatial parameters. All of these inputs can be 
varied to reconstruct various forms of audio signals. The purpose of the AbS optimisation 
procedure is to examine all possible outcomes obtained by combining all inputs in every 
possible way i.e. all possible combinations of every variable. For each combination, the OTT 
module reconstructs audio signals and the error minimisation block then computes signal 
distortion. Any combination that obtains the minimum error is chosen as the optimal one. In 
the case of a 2-channel audio signal, the quantisation values of the spectral coefficient 
quantiser of the downmix and residual signals that become the inputs of the AbS optimisation 
procedure range from -8191 to +8191, meaning that there are 16383 quantisation values for 
each spectral coefficient of the downmix signals. On the other hand, 31 and 8 quantisation 
values of the CLD and ICC, respectively, are also available, provided that the MPS's 
quantisers are used. As a result of combining all those quantisation values, for each index of 
the spectral coefficient the number of available combinations can be computed as 16383 × 
16383 × 31 × 8 = 6.6564 × 10

10
 (For simplifying the calculation, the spatial parameters are 

assumed to be calculated for every spectral coefficient and the scale factor band is ignored). 
The number of combinations increases significantly when encoding 5-channel audio signals, 
using a total of 4 OTT modules, computed as 16383

4
 × 31

4
 × 8

4
 = 2.7251 × 10

26
.  

A simplified trial and error procedure is therefore applied in order to find sub-optimal signals 
and parameters as a solution for the impractical implementation requirements of the full 
search AbS procedure. Firstly, rather than finding an optimal spectral coefficient from all 
quantisation values, a sub-optimal coefficient is simply chosen from a limited number of 
quantisation values which are assigned based on decoded spectral coefficients. Considering 
the trade-off between the complexity and the degree of sub-optimality, the number of 
coefficients and parameters involved in the searching procedure can be made variable. 
Secondly, the selection of the sub-optimal downmix and residual signals and spatial 
parameters are performed in sequence, rather than through all possible iterative combinations 
towards the most optimal ones. Lastly, the iteration to find the optimal signals and parameters 
is set to terminate when the error reduction becomes smaller than a given threshold (indicating 
that the amount of quality improvement would be too small).  

2.2.2 Performance analysis 

The performance of the suggested AbS-SAC is evaluated both objectively and subjectively. 

2.2.2.1 Objective evaluation 

The performance of the simplified AbS algorithm was evaluated for various bitrates, in terms of 
the Signal-to-Noise Ratio (SNR) values averaged over the channels. More specifically, the 
SNR is defined as 
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where   [ ] and  ̂  [n] are the original and reconstructed audio signals, respectively for the k-

th channel and for a frame length L where n = 0, …, L-1, and k ∈ {1, 2} and k ∈ {1, 2, 3, 4, 5} 

for the 2-channel and the 5-channel encoders, respectively. The SNR values are then 
averaged for all frames of the channel k, which gives the segmental SNR, segSNRk. The 
audio signals used as the input consisted of the Left (L), Right (R), Center (C), Left surround 
(Ls), and Right surround (Rs) channels of 5.1 recordings containing panned mixtures of 
female and male speech, cello, trumpet and percussion music, sampled at 44.1 kHz. In 
calculating CLDs and ICCs 20 parameter bands were used. AAC was used at the bitrates of 
64, 80, 96, 112, 128, 144 and 160 kb/s. Each residual signal was encoded with the bitrates 
starting from 16 to 160 kb/s. To grade the performance of the audio coders employing the 
closed-loop R-OTT module, an audio coder applying the open-loop R-OTT module has also 
been implemented. The segSNR in dB is plotted in Figure 2, against the bitrate per audio 
channel in kb/s. 

 

Figure 2: Performance of the simplified AbS-SAC with the lowest computation complexity, 
compared to other coding techniques using filterbank-based and MDCT-based open loop R 
OTT modules and closed loop R-OTT modules. 

 

Figure 2 shows that the segmental SNRs achieved by the encoder performing the closed-loop 
R-OTT module are considerably higher than those reached by the coders applying the 
conventional R-OTT method for both subband and frequency domains. On the other hand, the 
coders performing the spatial analysis in the frequency domain clearly obtain better 
performance than those extracting the spatial parameters in the subband domain, except 
when a very low bitrate implementation is used (i.e. bitrates around 40 kb/s per audio channel 
and below). Within this low bitrate range, the coders employing the subband domain 
parameter extraction tend to be better than the coders applying the frequency domain 
parameterisation. It is also seen that the AbS-SAC scheme outperforms the frequency domain 
tree of R-OTT modules at all bitrate implementations. The AbS-SAC operating at 40 kb/s per 
audio channel reaches approximately 3 dB of segmental SNR improvement. On the other 
hand, about 5 dB of segmental SNR improvement is achieved by the coder operating at 160 
kb/s per audio channel. It confirms that performing the AbS procedure in the encoder to 
choose the sub-optimal spectral coefficients and spatial parameters can improve the average 
segSNR.  
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2.2.2.2 Subjective evaluation 

The AbS-SAC approach for encoding 5-channel audio signals was evaluated with a subjective 
assessment of small impairments in the audio system as recommended in the ITU-R BS.1116-
1 [15]. The 'double-blind triple stimulus with a hidden reference' method is used where a 
subject listens to three audio sequences (stimuli). The first sequence is a known reference. 
The second and the third are the hidden reference and a decoded audio sequence (object), 
which is randomly presented. The subject was asked to give score to the second and the third 
audio sequences compared to the first audio sequence (known reference).  

The Subjective Difference Grade (SDG) has five grades: 0 (imperceptible), -1 (perceptible but 
not annoying), -2 (slightly annoying), -3 (annoying), and -4 (very annoying). A total of 20 
listeners participated in the listening test. The expertise of the listeners was evaluated by 
averaging their SDG scores over all audio excerpts. Based on this average SDG score, a 
post-screening method was applied. Three listeners with an average SDG score greater than 
zero are assumed to be unable to correctly distinguish between the hidden reference and the 
tested audio object. Thus, the data from those 3 listeners was discarded. Only the SDG scores 
from the other 17 listeners were used for the results. Three codecs were taken under test: 
AbS-SAC, AAC, and High Efficiency AAC (HE-AAC). Both the AbS-SAC and AAC codecs 
operate at similar bitrates of 51.2 kb/s per audio channel, equal to the overall 5-channel 
bitrates of 256 kb/s. On the other hand, the HE-AAC codec operates at its typical bitrate of 32 
kb/s per audio channel, which is equal to 160 kb/s for all 5 audio channels. Operating the HE-
AAC above this bitrate was not tested, since this codec was not originally designed for the 
high bitrate range. 

Figure 3 presents the average SDG score of each tested audio codec averaged over all audio 
excerpts. The error bars show the 95% confidence intervals of the mean scores. It is seen that 
the average SDG scores for the AbS-SAC are higher than those of AAC multichannel. 

 

Figure 3: Means and the 95% confidence intervals of the Subjective Difference Grading scores 
from the listening test. 

2.2.3 Decoder Specifications 

As reported in Deliverable 4.1 [11], the AbS technique is applied only at the encoding stage 
and does not affect the decoding. As in MPEG Surround, a tree-structure of OTT boxes is 
used to upmix the downmixed signal back into multichannel audio signals by utilizing the 
spatial parameters. Conventional AAC and MPEG Surround decoders can be used for the 
decoding. Figure 4 shows the simplified decoding operation. 
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Figure 4: In the audio decoder architecture, AAC decoder can be used and the spatial channel 
synthesis block utilises the OTT boxes in a tree structure. 

2.3 Object-based Audio Coding 

This section describes the developed object-based audio approach. The developments 
include a Scene Description Format (SDF), a 3D audio scene editor, a streaming solution of 
the object-based audio scenes, as well as audio object encoder and decoder. 

2.3.1 Scene Description Formats (SDF) 

For the representation of a 3D audio scene in spatial audio rendering, a common approach in 
the research field is the use of individual audio objects instead of channel-based audio 
formats. These audio objects carry additional metadata, such as position, gain or directivity. 
Furthermore, such an audio scene may be extended with a room model to enhance the spatial 
audio impression and capture the creative intent. The main difference between object-based 
audio and channel-based audio is that the mixing or rendering can be done at the receiver 
side, after the transmission and as part of the users’ playback system. Channel-based audio is 
mixed at the producer side, before the transmission and for a specific loudspeaker 
configuration, e.g., Stereo or 5.1 surround. That means the produced content is usable with 
the corresponding playback system only.  

This approach may be acceptable as long as only stereophonic playback systems are used 
and their speaker arrangements are similar.  For example, it is common practice to apply 
simple matrix-based downmix algorithms to 5.1 Surround content to create a stereo signal. 
The situation is different and more complex when it comes to 3D audio playback and the 
different underlying principles currently used in research. The three dominating 3D audio 
technologies, namely Wave-Field Synthesis (WFS), Ambisonics and Binaural or Transaural 
playback have different requirements, strengths and limitations; and a simple downmix or 
upmix of the content would not be sufficient. Since all of these systems are still in the stage of 
development and since it is not yet clear which of them will be widely accepted by the users, a 
more flexible approach has to be considered that meets all requirements of these systems. 
Moreover, backward compatibility with today’s common playback systems should also be 
supported. An object-based description of the audio scene and their properties, which is 
independent of the playback system finally used, offers the opportunity to fulfill these 
requirements. 

Several scene description formats (SDF) have been defined and presented within the last 
years, with a great diversity regarding their states of development, their acceptance and usage 
in available implementations, their feature sets and drawbacks. In the following, an overview of 
the desired requirements is outlined with special attention on the usage in broadcasting 
scenarios, and a short description of known SDF approaches is presented. Possible solutions, 
enhancements and ideas are given, which are accompanied by a sample scene with 
explanations of the used new descriptors. 
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2.3.1.1 Requirements 

In principle, three different types of SDF exist. Description formats of the first type target a 
specific playback system. The available descriptors and features are tied to this specific 
playback system and are not useful for other systems. The second type includes SDFs that 
serve any kind of playback system. For maximum compatibility, they offer only the lowest 
common denominator of descriptors and features. The last approach of SDF offers all features 
for any playback system. Hence, the third approach may become too complex for 
implementing. Furthermore, experience shows that even those overly complex approaches 
still tend to lack some important features as described in detail below.   

This section describes the requirements, derived by taking into account the requirements of 
the ROMEO project. Another aim is to develop a useful and practical description format for 
future TV or audio productions.  

First of all, the SDF should be flexible enough so that the final renderer is always capable of 
rendering the scene, even a very complex one. This basic requirement of the description 
format and the scene itself should give the renderer the capability of prompt rendering. To 
achieve a nearly real-time rendering even with low-end renderer engines, another goal is that 
the desired SDF should not necessarily represent a perfect physical reconstruction of the 
audio scene but rather an easy-to-use descriptor-set for room computation. The room 
descriptors should be easy to understand and intuitively applicable. Otherwise, the 
computational demand would be too high and the description format itself would become too 
complex and thus unusable for most target applications. Since the ROMEO project intends to 
use a synchronised streaming-based transmission of the audio content via DVB and P2P in 
line with existing distribution standards, the scene description format has to be capable of 
streaming. Hence, a nearly real-time rendering of the streamed content is necessary. 

The object-based audio approach offers, in principle, the ability to represent 3D audio scenes 
independently of a specific loudspeaker arrangement or playback system. Unfortunately, this 
feature is not respected by some SDFs. Only the features that are supported by a particular 
playback system, e.g. plane waves by Wave Field Synthesis (WFS), are provided. It is 
desirable that a SDF should not just be fitted for one specific playback system but should work 
as independently of any playback system as possible. Moreover, a SDF tied to WFS will 
probably not be very useful for channel-based or other spatial audio reproduction systems.  

The handling of conventional channel-based signals is hence a very important requirement for 
future object-based broadcast scenarios. Channel-based recordings and productions are and 
will remain the state of the art in sound production and transmission in the near future. This 
requirement along with the desired compatibility with existing playback systems means that 
the channel-based signal cannot be routed directly to a virtual representation of a loudspeaker 
arrangement by using sinks or virtual loudspeakers within the audio scene. A smarter and 
more general solution has to be provided by the desired SDF. 

The SDF has also to be capable of describing moving objects. Describing movements should 
be intuitive to use for the producer. Complex descriptions of trajectories are not necessarily 
required, as these would increase the complexity of the rendering systems. 

All of these requirements and desired descriptors should provide a human readable storage 
and transmission representation and not a binary representation. Furthermore, the SDF 
should be editable with a simple text editor, even if future implementations of scene editors 
might provide more intuitive interfaces. 

2.3.1.2 Existing Approaches 

Several scene description formats are available at much diversified states of development. 
This section gives an overview about several promising approaches with a special attention on 
their specialties and with respect to the requirements described above.  

MPEG-4 Audio BIFS 

The MPEG consortium standardised a Scene Description Format within the scope of MPEG-4 
Part 11 [1]. This SDF is called MPEG-4 Audio BIFS (Binary Format for Scenes) and is based 
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on VRML (Virtual Reality Modeling Language). VRML is a file format for representing 3-
dimensional interactive vector graphics and uses a hierarchical tree structure for the object 
arrangement.  

BIFS has an object-oriented design and is suitable for streaming. All elements in a BIFS audio 
scene are described within a hierarchical Scene Graph. This description format allows the 
scene creator to describe amongst other rooms and surfaces (AcousticMaterial) within the 
room in very detailed manner for a perceptual and a physical approach.  

MPEG-4 Audio BIFS offers various possibilities, but due to its complexity, it is hard to 
implement software components using BIFS. Especially the description of moving objects is 
rather complicated since the scene graph model links content and time descriptions. This 
leads to complicated and confusing tree-structures of the scene [1]. The binary representation 
of BIFS is not understandable by humans and cannot be edited by means of a text-editor. Up 
to this date, BIFS is hardly implemented in available audio decoders or authoring tools. Even 
the latest version did not lead to a wider acceptance in the audio community [3]. 

XML3DAUDIO 

Another Scene Description Format is XML3DAUDIO. It was proposed by Guillaume Potard [2]. 
The audio scenes are described in XML files that are readable by humans and can thus be 
easily edited with text editors. XML3DAUDIO includes all specifications of MPEG-4 Audio 
BIFS and some additional extensions such as the description of the size of the sound source. 

The Description Format is partitioned into three parts: scene content, scene timing and scene 
hierarchy. The scene content contains all elements of the scene, e.g. listener, sound sources, 
surfaces and rooms. In the scene timing, the time markers are defined in line with their 
corresponding (changing) parameters of the audio objects. The scene hierarchy organises the 
audio objects and groups them to greater ones if desired. XML3DAUDIO follows the scene 
orchestra and score approach, which was inspired by CSound [4]. CSound is also the basis 
for SAOL (Structured Audio Orchestra Language), the sound synthesis and processing 
language of MPEG-4 Audio BIFS. 

The main advantage of XML3DAUDIO compared to BIFS is that the scene content and its 
temporal and hierarchical description are separated. This especially makes it easier to 
describe movements. Although XML3DAUDIO enhances BIFS, it is still too complex and offers 
too many features that cannot be used intuitively.  

ASDF 

The Audio Scene Description Format (ASDF) also uses XML for the storage of the audio 
scene. It has been developed by the T-Labs along with the SoundScape Renderer and is still 
in an early stage of development [5]. At this point, it supports only static scenes with free field 
conditions. Features, which might be implemented in the future, include an event system for 
the interactive manipulation of the scene and the synchronisation with external events. 
Reverberation and a simple room model are also planned for the future. The support for a 
streaming capability is not intended [6]. 

Although ASDF and its philosophy is an interesting approach, important features are still 
missing. There is the lack of the possibility to describe moving objects, there is no capability of 
streaming it and no room model exists up to date.  

Dolby Atmos 

Dolby® Atmos™ [7] is a proprietary format and only little information is available. The 
engineers at Dolby implemented an interesting approach on how to deal with atmosphere 
signals in connection with traditional channel-based recordings. The so-called beds are a 
feature additional to audio objects. Beds are channel-based submixes in different loudspeaker 
configurations (5.1, 7.1, 9.1, etc.). The intention of Atmos is that specific audio objects are 
used only for special or important sound sources and beds for the atmosphere, as this is a 
common use case for movie productions. The final renderer plays these beds on 
loudspeakers, which are best located according to the bed’s channel configuration. The single 
objects are then rendered and positioned within this audio atmosphere.  
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Atmos™ has not been considered further by the authors since it is a proprietary format. 
Furthermore, this SDF targets cinema productions that have different requirements compared 
to TV productions. Nevertheless, it was presented here due to its close release date and its 
potential acceptance, at least for cinema productions. 

SpatDIF 

The Spatial Sound Description Interchange Format (SpatDIF) is another approach for a 
standardized SDF and a collaborative effort that aims to create a best-practice format for 
storage and transmission of audio scenes [8]. SpatDIF consists of a lightweight core including 
the most essential descriptors and additional features, which can be utilized by extensions. 
Such extensions expand the SpatDIF core namespace and several special descriptors such 
as distance-cue functions can be applied. The format is human-readable and can be used for 
real-time applications as well as for file-based rendering or transmission. The aim in SpatDIF 
is to make a specification of descriptors, which can be represented in several storage formats, 
e.g. OSC (Open Sound Control) messages for streaming or XML for local storage. Other goals 
are to define an easily understandable and platform-independent Scene Description Format 
that is free of license restrictions [9]. 

The support for room models has not yet been defined in the SpatDIF core or in an extension. 
SpatDIF is still in an early stage of development but has, as opposed to most of the other 
presented SDFs, an active community. Own definitions or ideas can be submitted to the 
consortium and discussed.  

Since SpatDIF, its philosophy and the provided features match ROMEO requirements most 
closely, it was chosen to develop the ROMEO approach.  

2.3.1.3 ROMEO approach 

This section provides a sample scene, which includes the ROMEO extensions and 
implementations to meet the formulated requirements. Our scene format extends the SpatDIF 
core descriptors as per (unapproved draft) specification 0.3 [9] with own descriptors and 
solutions. The syntax of OSC (Open Sound Control) was taken into account. All of these 
enhancements are described in detail to offer a description of the additional scene format 
features. 

The new descriptors and features are based on three major ideas. The first idea is to provide a 
layered enhancement model of the objects and the scene, so that the final renderer can 
choose a suitable layer according to its capabilities. Thus, the renderer is always capable of 
computing the scene, no matter how complex it is. Moreover, a base layer is always declared 
in the audio scene and any renderer has to be capable of rendering this base layer. This 
allows targeting both highly sophisticated playback systems as well as potential future 
consumer applications. The enhancement layers include different descriptors and features of 
the SDF, for example several descriptors to describe a room. The level of detail ranges from 
the parameter “small” to the specification of dimensions along with reverberation time. 
Furthermore, if the renderer cannot compute reflections or objects within the described rooms, 
computing-saving alternatives, such as pre-rendered room impulse responses can be offered.  

The second idea is the possibility to annotate an audio object with a semantic parameter. 
Such a parameter describes the meaning of an object. Four different general categories have 
been identified: atmo, speech, music and effect. According to their meanings, every type of 
object has its own special function within an audio scene for broadcast scenarios. Atmo 
objects for example are always characterised “surrounding” and have no specific directivity nor 
have their origin at a special position. The renderer can use this semantic attribute to either 
enhance the object for a specific playback system or to use it as fall-back information, in case 
an object cannot be rendered or presented towards the parameters of the descriptors. Further 
discussions are needed in order to derive a more detailed and hierarchical model of possible 
semantic values. 

The third idea is the possibility to create groups containing multiple objects. These groups can 
have attributed a special type, which helps the renderer to deal with them. A possible group 
type can be for example “5.1 Surround”. Renderers for a 5.1 configuration would then play the 
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signals directly on the existing loudspeakers. A binaural renderer could create virtual 
loudspeakers within the scene and a WFS renderer could render plane waves with the desired 
angle of incidents. Moreover, groups make the handling of traditional channel-based signals 
easier since groups can represent a common loudspeaker configuration. 

In order to account for the updates in the scene without the need for regenerating all filters, 
which could lead to audible artifacts, the abovementioned changes are transmitted as a 
difference to the last known scene. As each line in the SpatDIF is unique, a simple prepend 
letter indicating Insertion (I), Updates (U) or Deletion (D) have been chosen. 

Meta Section 

The meta-section of the scene description allows the scene creator to define global 
parameters such as information about the used extensions within the scene or room 
properties. The SpatDIF core defined just a few descriptors for the meta-section, so meta-
section has been extended in ROMEO with helpful descriptors for the global scene definition. 

The first new descriptor (/spatdif/meta/info/objects) is the possibility to note the 
number of objects in the whole scene. This information might be helpful for an audio renderer 
with limited computational resources. The descriptor might be used for recorded or non-
interactive content, where the number of objects is known. If the descriptor is used, the 
renderer will take only the defined number of objects into account. All additional objects will be 
ignored.  For live or interactive content, the number should not be set in order to cope with 
spontaneous additional objects. 

Another new descriptor identifies the playback system used during the creation of the scene. 
Such knowledge may provide helpful information for the renderer or other scene editors 
(/spatdif/meta/info/mixing-system). 

For a model-based rendering, the room descriptors in the meta-section provide information 
about the room, where the objects are placed. The descriptors offer different detail layers of 
the room so that the renderer can choose the suitable layer for real-time rendering. The first 
layer with only few details is /spatdif/meta/room/kind and provides just a choice between 
“small”, “medium” and “large”. The second one (/spatdif/meta/room/dimensions) 
defines the dimension of the room. A higher level of detail can be offered with the definition of 
the reverberation time through /spatdif/meta/room/reverberation-time. Further, the 
rooms’ origin can be specified by /spatdif/meta/room/origin.  

For renderer that are for any reason not capable of auralizing rooms, a new feature has been 
defined, which gives the renderer alternative possibilities to render room reflections. For this 
purpose, a pre-rendered atmo object can be determined (/spatdif/meta/room/alt 
"atmo") that is placed within the scene. The other alternative offers the renderer a pre-
rendered room impulse response, which can be additionally convoluted with the “dry” audio 
object signals during the final rendering process. Both the room impulse response and the 
atmo object can be created during the creation of the scene. 

The last extension for the meta-section is the possibility to specify a kind of stylesheet for 
special loudspeaker arrangements. As with CSS (Cascading Style Sheets), several universal 
parameters of an object can be defined especially for a specific playback system.  

Below, the meta-section of a sample scene is outlined on basis of SpatDIF core: 

 

# NOTE: comments in this example after # 
 
##### Scene Header #### 
/spatdif/version 0.X  
/spatdif/meta/info/annotation "extended spatdif scene with 3 objects" 
/spatdif/meta/info/annotation/date "2012-10-24" 
/spatdif/meta/info/annotation/author "Michael Weitnauer" 
 
## Not part of spatdif specifications: 
/spatdif/meta/info/objects 3 # number of described objects in the whole 
scene 
/spatdif/meta/info/mixing-system "5.1" # info, which playback system was 
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used for the scene creation 
 
# Reference origin for the scene including orientation  
# Might be e.g. the sweetspot position 
/spatdif/meta/reference/position 0.0 0.0 0.0  
/spatdif/meta/reference/orientation 2.0 0.0 1.8 # this information might 
be useful for a binaural playback 
 
/spatdif/meta/room/kind "medium" # default: “none” 
/spatdif/meta/room/dimensions 10 6.5 2.8 # room dimensions have to be 
defined 
/spatdif/meta/room/reverberation-time 0.8 # reverberation of room 
/spatdif/meta/room/origin x y z # room origin (== center point of the 
room) relative to the scene's origin 
 
# 1st alternative for renderer  
# If no auralisation is supported (can be created during scene editing 
process) 
/spatdif/meta/room/alt "atmo" 
/spatdif/meta/room/alt/media/type file  
/spatdif/meta/room/alt/media/location "../audio/atmo.wav" 
 
# 2nd alternative for renderer  
# If no full auralisation is supported or computation of reverberation 
# is too complex (can be created during scene editing process) 
/spatdif/meta/room/alt "impulse-response" 
/spatdif/meta/room/alt/media/type file  
/spatdif/meta/room/alt/media/location “../audio/reverb_impResponse.wav" 
 
# Can be seen as kind of stylesheet, which enhances the scene for a 
# specific playback system through overwriting of settings 
/spatdif/meta/alt/type "WFS" 
/spatdif/meta/alt/location "../scene/wfs.spatdif"  
#### End of Scene Header #### 

 

Scene Section and Temporal Progress 

In the scene section, the individual audio objects are described. The proposed extensions 
refer to the SpatDIF specification version 0.3. Below is an example: 

 

#### Begin of Scene #### 
/spatdif/source/person1/media/type file 
/spatdif/source/person1/media/location "../audio/person1.wav" 
/spatdif/source/person1/position 2.2 1.3 1.8 
/spatdif/source/person1/interpolation/type 1 # linear interpolation  
/spatdif/source/person1/gain 1 # default 
/spatdif/source/person1/type "cardioid" # "cardioid" not part of spatdif 
specs 
/spatdif/source/person1/orientation 0.0 0.0 0.0 # default 
/spatdif/source/person1/semantics "speech" # can be used by the renderer 
/spatdif/source/person1/ambience-factor 0. # default, no auralisation for 
this object 
 
#>> This is a special comment, which can be read / written by the editor 
for  
#>> editor-specific commands 
#>> This feature can be used for e.g. describing complex movements: 
#>>/special-editor/source/person1/special-descriptor "somevalue" 
 
/spatdif/source/person2/media/type file 
/spatdif/source/person2/media/location "../audio/person2.wav" 
/spatdif/source/person2/position 0.2 1.5 1.1  
/spatdif/source/person2/gain 1 #default 
/spatdif/source/person2/type "cardioid" 
/spatdif/source/person2/orientation 0.0 0.0 0.0  
/spatdif/source/person2/semantics "speech" 
/spatdif/source/person2/ambience-factor 0.0  
 
/spatdif/source/person3/media/type file 
/spatdif/source/person3/media/location "../audio/person3.wav" 
/spatdif/source/person3/position -1.5 1.7 1.1  
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/spatdif/source/person3/gain 1 #default 
/spatdif/source/person3/type "cardioid" 
/spatdif/source/person3/orientation 0.0 0.0 0.0  
/spatdif/source/person3/semantics "speech" 
/spatdif/source/person3/ambience-factor 0.0  
 
# Create a group of objects 
/spatdif/group/persons/type "TYPE" # this might be used for e.g. a 5.1 
group 
/spatdif/group/persons/members "person1" # a second value defines the 
property 
/spatdif/group/persons/members "person2" 
/spatdif/group/persons/members "person3" 
 
 
#### Begin of the time progress #### 
/spatdif/time 0.0 
/spatdif/source/person1/position 2.2 1.3 1.8 
 
/spatdif/time 2.1 
/spatdif/source/person1/position 1.8 1.0 1.8 
 
/spatdif/time 10.5 
/spatdif/group/persons/position -2.4 0.9 1.8 # groups can use core 
descriptors 
 

 

Several new features and descriptors are used along with already specified ones. The first is 
/spatdif/source/person1/semantics, which defines a semantic description of the 
audio object. Possible values could be e.g. “speech”, “atmo”, “music” or “effect”. This attribute 
provides additional information for the renderer in case it would not be capable of rendering 
this specific object (e.g. objects above the horizontal plane with a 5.1 system). The renderer 
can now decide how to proceed with this object. If the value is “speech” and it is a 5.1 
surround configuration, the renderer might play the signal just on the centre speaker. Another 
example for 5.1 is the value “atmo”. The signal of the object could then be played on both 
surround speakers. 

The descriptor /spatdif/source/person3/ambience-factor defines a factor, how 
much room influence or reflections should be computed. The possible value ranges from 0 to 
1. This feature can only be used for a model-based application of the SDF. 

Furthermore, the Scene Description Format can store or transmit special comments (#>>), 
which can be used for special editor or renderer commands, e.g. complex movements. This 
approach has been adopted from the vector graphics software Inkscape

1
 and its default file 

format. Inkscape files allow the usage of special Inkscape commands and can still be read by 
every other application as normal SVG (Scalable Vector Graphics) file. Other applications just 
ignore the Inkscape commands. 

The last new feature (which is also planned by the SpatDIF consortium) allows the creator to 
group individual objects. Such a group can be attributed a specific type 
(/spatdif/group/persons/type), which helps the renderer or editor to handle the 
grouped objects. Possible values can be for example “5.1” or “binaural”. The members of the 
group are defined by /spatdif/group/persons/members. A second value for this 
descriptor sets the property of the group member, e.g. “left surround” for a 5.1 group. The 
group feature also allows for a flexible handling of traditional channel-based signals. These 
can be placed within the scene according to their loudspeaker configuration and even 
extended or enhanced with additional objects. The latter is a potential use case for an 
augmented reality scenario with broadcast content. Moreover, groups can use the SpatDIF 
core descriptors to make the handling of movements of object groups easier. 

                                                 
1
 http://inkscape.org/ 
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2.3.2 3D Audio Scene Editor 

The developed 3D audio scene editor is a scene description format generator. It follows the 
specifications described in chapter 2.3.1.3 and is compliant with SpatDIF v.03. It allows a user 
in a live or production environment to create 3D audio scenes using a graphical user interface 
and an internal or external clock for synchronization with other modules or programs. In a live 
environment, the output can be streamed out over IP/UDP to a renderer. In a production 
environment the output can be saved to a file, containing all SpatDIF metadata as well as 3D 
audio objects in a human readable form.  

The user can modify the objects’ parameters, such as the position in Cartesian coordinates, or 
the gain level, at a given time. The user may also set parameters at two different time stamps 
and let the scene editor interpolate the parameter changes in between, for example to 
generate smooth movement of objects.  

When creating a new scene, the user is asked to fill in the necessary meta-information of the 
scene, including the room specifications, the mixing system used during production and some 
general information like a description and the name. The total number of scene objects is 
incremented with each generated new object and stored afterwards if it is in the production 
mode. In a live environment, this meta-description cannot be set.   

 

Figure 5: Screenshot from the scene editor 

The visual overview is a 2D map (as shown in Figure 5) that contains the generated objects 
displayed as blue circles. The higher the z-value means the bigger are the objects (to get 3D 
visualisation inside the 2D map). Circle lines indicate the distance to the scene’s origin. For 
better orientation, the compositor may also enable highlighting of the speaker directions of a 
5.1 setup within the 2D room. A time line together with buttons for play, pause, backward and 
forward offer the necessary tools for time handling using the internal clock or an external one. 
While there is currently only one external clock available – the Jack Audio Connection Kit 
(JACK) clock – the module allows a future integration of different external clocks too. This 
enables the possibility to synchronise the scene editor with other programs. 
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2.3.3 SDF Encoding & Decoding 

The 3D audio scene needs to be available in a file-based format, in SpatDIF notation. This can 
be generated by the described 3D audio scene editor, but other methods like live tracking of 
speakers/objects are possible as well. The entire processing chain is depicted in Figure 6. 

 

Figure 6: ADL encoding and decoding chain 

After creating the scene, a series of steps are performed to create MPEG-TS that can be sent 
over the ROMEO network: 

1. Scene Analysis & Chunking: The scene gets analysed and chunks with time stamps 
are created (each chunk representing a constant duration, i.e., a duration where no 
changes are applied to the scene). 

2. ES Generation: For each chunk and all refresh-times, an elementary stream of the 
audio scene is generated according to the format defined in ROMEO deliverable D4.2 
[10], Section 3.3.3.2. 

3. The ES is encapsulated into a Packetised Elementary Stream (PES) with the required 
timing information. 

4. The PES is encapsulated and chunked into TS packets with the appropriate PID for 
the given stream. 

After the TS is transmitted over the P2P network, the reverse order of processing is applied:      

5. The TS is filtered for the 3D audio scene’s PID, and the PES is extracted. Any missing 
packets (detected by the TS continuity counter) lead to a dropped PES packet. 

6. The ES data and timing information is extracted from the PES packet. 

7. The audio scene is extracted from the ES and inserted to the Scene State Machine 
observing the scene number and the type (i.e., REFRESH vs. UPDATE), which is 
depicted in Figure 7. 

8. If a scene change is observed by the state machine, the changes are forwarded to the 
Audio Engine in order to update the 3D audio filters. 

Any changes to a scene are transmitted as ‘UPDATE scene’ command, only containing the 
changes with respect to the previous state. To receive these, the receiver needs to have the 
currently active scene (STATE: CLEAN). To be able to tune in or recover from errors, 
periodically a REFRESH scene is sent, which contains the entire scene and can roughly be 
interpreted as an I-Frame in video coding. Therefore, the REFRESH interval should be similar 
(ideally synchronised) to the video’s Group of Pictures (GOP) duration. 
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For every UPDATE, the Scene Sequence Number is increased, so that the receiver can easily 
detect lost updates and go to the DIRTY state to resync upon the next REFRESH scene. Any 
losses in a REFRESH scene can thus be ignored. 

 

Figure 7: Scene recovery state machine 

2.3.4 Audio Objects Encoding/Decoding 

In the object-based approach, the audio objects are produced as uncompressed mono audio 
files. Considering the number of objects in the captured contents for the project, conventional 
multi-channel audio coder can be used without a specific need for dowmixing or attempts 
towards bandwidth reduction. In this case, the audio objects are considered as audio channels 
and interleaved before encoding. Otherwise, each of the objects can be encoded separately 
as a compressed audio object. For the suggested object-based audio coding in ROMEO 
project, the second method is used: each object is encoded separately first using AAC. The 
encoded objects are then interleaved with a dedicated software application. This software 
accepts audio objects encoded as .aac files along with the initial PTS tick value to set at the 
beginning of the audio stream. The audio frames of each object are then extracted and 
interleaved as a single stream. Figure 8 shows the conceptual structure of the multi-object 
stream. The PES header can be generated for the TS generation and attached at each 
interleaved frame leading to a PES output. It is assumed that all the input objects have the 
same sampling rate (for correct PTS insertion) and exactly the same length in terms of frame 
count. 

 

Figure 8: Conceptual audio stream format as interleaved encoded objects (additional header 
information is omitted for simplicity). 

As the encoding is performed using a conventional AAC coder with the addition of object 
interleaving, the decoding operation involves the use of a conventional AAC decoder applied 
to each of the objects, deinterleaved from the received stream. The ADL is used at the 
rendering module to place the objects as desired within the rendered auditory scene. 
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3 VIDEO CODEC 

3.1 Overview 

In this section, the multi-view video coding approaches considered within the ROMEO project 
are described in detail. Both the scalable multiple-description multi-view coding approach and 
the Side-Information (SI) assissted multi-view coding approach are presented. The scalable 
multiple-description multi-view coding approach is completely standards based and is well 
suited for the real-time P2P multi-cast distribution system developed in WP4 and WP5. The 
corresponding decoder architecture for both the fixed-portable terminal and the mobile 
terminal is outlined. The SI based multi-view coding approach, which facilitates the recovery of 
missing temporal segments of some of the views from the delivered and decoded views, is 
tested offline and reported.  

3.2 Multiple-Description Scalable Multi-View Coding for P2P Multicast Distribution 

3.2.1 Encoder Specifications 

The main features of the multi-view encoder system had previously been outlined in 
Deliverable D4.1 [11]. The model is based on utilising multiple MPEG-4/H.264 Scalable Video 
Coding (SVC) encoders that run in parallel and independent from each other and creation of 
multiple descriptions prior to encoding each of them with SVC. Hence, standard video 
encoding and decoding is facilitated for the real-time multi-view transmission scheme of 
ROMEO.   

3.2.1.1 Overview of the encoder architecture 

 

Figure 9: Overview of the multi-description multi-view coding system 

An overview of the deployed multiple-description multi-view coding and encapsulation & 
packetisation scheme is presented in Figure 9. Following the content creation stage, four HD 
camera views (colour) and their associated depth/disparity maps at full resolution are ready to 
be processed in order to create the descriptions. The descriptions are formed such that the 
number of all descriptions is equal to the total number of HD video streams (including colour 
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and disparity). Each description is treated as a video input to individual SVC encoders that 
generate one base layer and an enhancement layer. Finally, each individual layer of encoded 
descriptions are encapsulated in MPEG-2 Transport Stream (TS) packets and played-out for 
DVB and P2P-IP transmission. 

3.2.1.2 Functional building blocks 

The results of pre-processing based MDC schemes’ performance comparison previously 
outlined in Deliverable D4.2 [10] had suggested that combining a pair of videos in a side-by-
side fashion or top-bottom fashion yields better performance than a quincunx combination 
scheme in terms of rate-distortion performance and resilience against channel errors.  

MDC generation 

This fairly simple processing block is in charge of combining the stripes of source 
uncompressed video streams (i.e., frame columns) to generate a couple of descriptions, such 
that each description comprises either even or odd colums from both source videos, put 
together side by side. Two source uncompressed videos result in two descriptions. Thus, 
description generation does not introduce redundancy in terms of number of source video 
streams to encode and distribute. Note that, as previously depicted in Deliverable 4.1 [11], the 
four camera views with associated disparity maps are grouped to form eight descriptions in 
total, such that 

 Sidemost cameras (1 & 4): For each camera, colour and the associated disparity 
map are taken as the source videos to form the descriptions 

 Cameras in the centre (2 & 3): The colour videos of each camera are combined to 
generate a couple of descriptions, whereas the disparity videos are combined to 
generate another couple of descriptions 

The basic principle is to distribute each description belonging to a certain group of descriptions 
through a different multi-cast tree computed by the topology builder, to increase the 
anticipated error resiliency and 3D video reconstruction performance at clients’ terminals. The 
details of the topology builder and tree computation process had been described in 
Deliverable 5.1 – Interim report on 3D media networking and synchronisation of networks [12]. 
Performance results regarding the integrated multiple-description scalable multi-view coding 
and P2P distribution systems will be outlined in D4.4 - Final report on results of integrated MD-
SMVD and P2P system.  

Scalable video coder 

Each generated description goes under scalable video coding, following the SVC extension of 
MPEG-4/H.264 Advanced Video Coding (AVC) standard. Each description is encoded 
independent from the other descriptions, to produce one base layer representation and a 
quality enhancing layer. The decoding of the base layer representation is essential in order to 
allow decoding the quality enhancing layer. Medium-Grain Scalability (MGS) [13] feature is 
utilised, which in principle is similar to Coarse-Grain Scalability (CGS) within SVC standard in 
enabling arbitrary quality scalability, but with a more efficient signaling. With MGS scalability, it 
is possible to switch between different MGS layers in any access unit, without a need to inform 
the decoder through signaling. With MGS method, any enhancement layer slice can be 
discarded from the enhancement layer stream, which is suitable for ROMEO’s multicasting 
scenario. 

In order to cater for region-of-interest based quantiser adaptation in every video layer 
(optional, to boost QoE enhancement), the reference encoder has been modified to process a 
gray-scale saliency map per encoded frame. The applied modification affects the assignment 
of the actual QP value used for coding a macroblock. The gray-scale saliency map that is 
pixel-accurate is downscaled to assign a saliency level to a 16x16 size macroblock. The 
saliency map is accompanied by a group of supplementary configuration parameters, such as 

 Number of saliency levels to be applied: This parameter specifies the sparsity of 
coding quality levels within a layer.  
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 Threshold saliency values for specified saliency levels: This parameter defines the 
boundary saliency values (within the gray-scale saliency map) that separate the 
saliency levels. 

 QP difference parameter (∆QP) applied to each saliency level: This parameter defines 
the difference of the QP of each macroblock within a particular saliency level, with 
respect to the base QP value specified for the corresponding quality layer. 

The impact of the selection of different configuration parameters based on the QoE for 
stereoscopic 3D video is discussed in Section 3.2.3. By default, if the saliency information 
retrieved through the work conducted in WP3 is not used, the macroblocks within a quality 
layer are encoded with a uniform quantisation level.  

The performance of the presented scalable multiple description encoding scheme will be 
assessed along with the content-aware multi-tree P2P multicast streaming framework in 
Deliverable D4.4 – Final report on results of integrated MD-SMVD and P2P system. 

3.2.1.3 Configuration and file format 

The standard basic configuration parameters (QP, GOP size, Intra-period, slice mode) of SVC 
encoder have been adjusted such that 

 Each description of a description set are encoded in a balanced way, to exhibit 
equivalent bitrate and quality in both layers 

 Bitrate of the base quality layer and the quality enhancement layer are approximately 
equivalent (each layer corresponding to ~50% of the overall bitrate of one coded 
description) to make bitrate adaptation in a multicast tree more efficient 

 Base layer representation exhibits at least broadcast-quality (acceptable level), where 
the aim with incorporating QoE aspects that is based on visual saliency is to maximise 
the perceived quality in the base quality layer with reduced bitrate requirement 

 Slice mode is applied with fixed number of bytes in every slice, which is set to 1200 
bytes, with an aim to fit a complete slice in an MPEG-2 TS encapsulated and chunked 
P2P packet whose size is smaller than the Maximum Transmission Unit (MTU) size of 
the Internet (1500 bytes) to avoid fragmentation in the network 

 Intra-period has been set as 8 frames (i.e., ~3 times in every second) with the 
repetition of parameter sets (SPS, PPS) in front. 

 GOP size varies from 1 (I-P-P…) to 8 (I-B-B-..-B). The use of GOP size = 1 is more 
practical, despite its relatively lower rate-distortion performance, in terms of coding 
speed, decoding delay and timing management (progressively incrementing PTS 
resulting in easier slice loss detection and correct PTS recovery in the media player) 

The file format is following the standard Annex B of MPEG-4 Part 10/ ITU-T H.264 (i.e., NAL 
unit format) [14]. 

3.2.2 Decoder Specifications 

3.2.2.1 Overview of the decoder architecture 

The overview architecture for the video decoders deployed in fixed and portable terminals, and 
the mobile terminals are outlined in this sub-section separately. 

Mobile terminals 
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Figure 10: Overview diagram of Ducati subsystem used to perform video decoding 

Ducati is a hardware accelerator subsystem, which performs most of the video and image 
coding and processing operations on the Open Multimedia Application Platform (OMAP) 
processor. An overview diagram is depicted in Figure 10. Ducati subysystem comprises two 
ARM

®
 Cortex-M3 processors (CPUs), Image Video Accelerator – High Definition (IVA-HD) 

subsystem and Imaging SubSystem (ISS). The two Cortex-M3 processors are known as “Sys 
M3” and “App M3” and they constitute the MPU of Ducati Subsystem. Sys M3 runs the notify 
driver, which accepts commands from the High-Level Operating System (HLOS) software and 
then provides these to the other Cortex-M3 processor (App M3). The entire Ducati multimedia 
software is executed on App M3. OpenMax

TM
 (OMX) components on the App M3 processor 

invoke the necessary APIs for video or image processing on the IVA-HD or the ISS 
subsystems.  

IVA-HD is composed of hardware accelerators, which enable video encoding and decoding up 
to 1080 lines (progressive/interlaced) at 30 frames per second (fps). ISS deals with the 
processing of pixel data coming from an external image sensor, or from the memory. ISS as a 
component forms part of still image capturing, camera viewfinder and video record use-cases. 

The video decoder on the mobile terminal device supports up to 1080p at 30fps video 
decoding.  It supports hardware acceleration for the following formats: 

 H.264/AVC: Constrained Baseline Profile, Main Profile, High Profile (For 1080p30 
decoding, bitrates up to 20 Mbps are supported, which is enough concerning ROMEO 
requirements, where the base layer of delivered SVC streams will be decoded) 

 MPEG-4 Visual: Simple Profile (SP) and Advanced Simple Profile (ASP)  

 H.263: Profiles 0 and 3 

 MPEG-2: Up to Simple Profile Main Level, Main Profile High Level  

 VC-1: Simple Profile Low Level, Simple Profile Medium Level, Main Profile Low Level, 
Main Profile Medium Level, Main Profile High Level, Advanced Profile Level 0, Level 
1, Level 2 and Level 3 

Fixed and portable terminals 

The video decoder platforms used in the fixed and the portable client terminals are indeed 
identical. The decoder unit is composed of two sub-units: core decoders (multiple SVC 
decoders running in parallel for each delivered description) and multiple-descriptions merging 
sub-units (each sub-unit in charge of combining the two descriptions of the same description 
set). These two sub-units operate in parallel, the core decoders feeding the input of the 
multiple-descriptions merging sub-units with decoded description frames appended with the 
associated Presentation Time Stamp (PTS). Figure 11 outlines the overview of the video 
decoder platform for the fixed and the portable terminals. 
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Figure 11: Overview of the video decoder platform for the fixed and the portable terminals 

3.2.2.2 Functional building blocks 

More detailed functional building blocks for the video decoders deployed in fixed and portable 
terminals, and the mobile terminals are outlined in this sub-section. 

Mobile terminals 

 

Figure 12: Video decoding process in the mobile terminal 

The video decoding process is shown in Figure 12. GStreamer is open source multimedia 
framework for creating media applications. The GStreamer’s core function is to provide a 
framework for plugins, data flow and media type handling. Gstreamer is based on plugins, 
known as Gst-plugins that provides various functionalities. Gst-Ducati is GStreamer plugin, 
which enables using of Ducati video decoder hardware acceleration. It uses two important 
libraries: 

 libdce (Distributed Codec Engine) - it provides remote access to hardware 
acceleration for decoding 

 libdrm (Direct Rendering Manager) - it provides routines for the X Window System to 
directly interface with video hardware 

 
IVA-HD (Image Video Accelerator - High Definition) are hardware accelerators in OMAP 
processors, which enables HD video decoding and stereoscopic 3D. 
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Fixed and portable terminals 

The SVC decoders displayed in Figure 11 are based on a slightly modified version of 
OpenSVC decoder [16], which as its name implies is an open source project. It is built upon 
the FFmpeg decoder, where several modifications have been implemented on it to support 
decoding bit-streams conforming to Annex G of H.264/MPEG-4 AVC (Scalable Video Coding). 
The project has been integrated with networking functionality, such that the packets received 
from the Demultiplexing and Decapsulation module get registered in the input stream queue of 
the main decoder thread, and the decoded descriptions (in YUV 4:2:0) are pushed to the 
outgoing frame queue, from which the frames are then despatched and sent to the multiple 
description merging block.  

Similarly, the Multiple Description Merging block is also implemented in C++, consisting of five 
concurrently running threads: 1 – Thread in charge of receiving Description #1 frames along 
with the PTS information and pushing them into a double ended queue, 2 – Thread in charge 
of receiving Description #2 frames along with the PTS information and pushing them into 
another double ended queue, 3 – The main thread in charge of fetching descriptions from the 
input queues, matching the PTS values and carry out description merging, pushing the 
reconstructed views/disparity maps into corresponding outgoing double ended queues, 4 & 5 – 
Threads in charge of pushing reconstructed views/disparity maps to the video renderer with 
the PTS information. 

Considering 1080p HD content at 25 fps, on a 2-core (core2duo) PC, the current decoding 
speed and multiple-description mergning speed combined, along with the frame transmission 
delay through TCP to the video renderer is 17 fps (base layer decoding only) and 13 fps (base 
+ enhancement layer decoding) that is below the required speed. The number of concurrently 
running decoder instances is not as effective on the overall decoding speed as the existence 
of enhancement layer. Concurrently running 4 decoder instances results in marginal reduction 
in decoding speed (<5%) compared to single decoder instance. This is due to the operating 
system’s automatic resource allocation across the processing units. On the other hand, 
considering 720p HD content at 25 fps, the same speed values are 27 and 20 fps. Two factors 
that can increase the speed and make it exceed 25 fps (required speed) are: 1 – use of quad-
core processor with possibly over-clocking, 2 – converting the raw video frame transmission 
protocol between the decoders and the MDC merging block, and between the MDC merging 
block and the video renderer, from TCP to UDP. Since these transmissions are done in a LAN, 
or even within the same PC, the chances that packets are lost are minimal.  

3.2.3 Incorporation of QoE aspects and relation with the ROMEO delivery system 

It had previously been mentioned in Deliverable 4.1 [11] that it is aimed to allocate the bitrate 
budget per video stream in a content aware fashion, by means of referring to the attention 
model delivered from WP3. In this respect, it is envisaged to exploit the visual attention model 
in ROI coding in the framework of asymmetric quality adaptation of videos.  

As described in Section 3.2.1.2, the ROI based coding is facilitated in the used SVC encoder 
by incorporating supplementary configuration parameters, which are related to the definition of 
the number of visual attention levels, the boundaries of attention levels, and the quantisation 
step size to be applied on each of these visual attention levels in different quality layers. It is 
possible to retain the quality of visually salient areas in a lower quality layer (e.g., base layer 
according to the ROMEO approach), while degrading the quality of visually non-salient areas 
and hence decreasing the bitrate necessary to deliver that layer. The goal should be to reduce 
the bitrate as much as possible by introducing quality difference between the visually salient 
and non-salient regions, but without introducing significant perceptual overall distortion. 
Finding the correct limit requires conducting subjective experiments. Note that in ROMEO the 
descriptions are formed by stitching together a pair of videos in half resolution, either colour-
colour or colour-disparity, resulting in a side-by-side or top-bottom HD video. Similarly, it is 
possible to also append the visual attention maps referring to two views (e.g. views 2 and 3 
forming the central view) to create a single visual attention map for side-by-side or top-bottom 
description. 
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The scenario considered for perceptual evaluation in this section is that one half of the 
description (e.g., right view in the side-by-side colour description) is encoded with uniform QP 
(i.e., no region of interest) in both the base layer and the enhancement layer. In the other half 
of the description (e.g., the left view) the visually salient regions’ QP is smaller than the QP of 
the non-salient regions in the base layer. In the enhancement layer, the quality levels of both 
salient and non-salient regions are equivalent, and both wings of the description (right view 
and the left view) have equivalent quality. This scenario is depicted visually in Figure 13 using 
colour codes for different quality levels.  

 

Figure 13: QP assignment process for the perceptual evaluation scenario under concern 

In the evaluation process, the RD performance in the base layer of the visual-attention aided 
ROI coding is compared to another scheme, which utilizes uniform QP assignment throughout 
the quality layer. This scheme is equivalent to conventional asymmetric quality scaling in 
stereoscopic video, where the resultant quality of both sides inside the description (i.e., the left 
and the right hand views) is different, but they are encoded with uniform quality inside 
themselves.  

We have utlised a very extensive compressed data set for perceptual RD performance 
evaluation in the base layer. It is assumed that when the quality enhancement layer is 
available in both schemes, the resultant perceived quality is maximized and equivalent. The 
compressed data set comprises 475 samples in total. 459 samples out of the 475 samples 
include the test samples created with different combinations of possible QP values across 
different visual attention levels in the base layer. Note that we have configured the encoder 
such that 3 distinct visual attention levels are available. First level corresponds to the visually 
most salient regions (occupying ~15% of the total image area in all test sequences used). We 
have used eight different stereoscopic test sequences, where the side-by-side descriptions are 
formed complying with the ROMEO approach. The remaining 16 samples correspond to the 
conventional asymmetric quality stereoscopic coding scheme, with no discrimination between 
visually salient and non-salient regions. In the experiment, we have considered the 
enhancement layer QP of both wings of the stereoscopic side-by-side description equal to 32 
(i.e., QP1 = 32 in Figure 13). In the reference scheme, the QP of the right view is uniformly 
decreased in the base layer (i.e., QP2 = 33, 34, 35 … uniform throughout the right view), while 
the quality of the left view is not changed. In the scheme under evaluation, where the visual 
attention aided ROI coding is investigated, different ∆QP values are applied to three distinct 
visual attention levels in the base layer. Different ∆QP combinations across different visual 
attention levels are depicted as (∆QP1, ∆QP2, ∆QP3), where ∆QP1 refers to the most salient 
region. We have allowed the maximum ΔQP to go up to 16, meaning that the maximum QP 
inside the right view base layer can be as much as 48. All possible ΔQP combinations are 
formed, such as for any combination the following holds: 
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Since the number of test samples is huge, conducting a subjective test is impractical. 
Therefore, the rate-distortion performance analysis is carried out by using the previously 
established perceptual quality metric [17], designed for stereoscopic video sequences. This 
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metric is also outlined in Deliverable D3.5 - Final Report on QoE and visual attention models 
[18]. This perceptual metric considers two main types of artefacts, i.e., structural distortions 
and blurring artefacts, which are common in modern block-based video codecs, and 
aggregates the features that quantify these artefacts along with the content complexity feature. 
The presented stereoscopic video quality metric was trained on a High Definition stereoscopic 
video data set consisting of symmetrically and asymmetrically encoded samples of eight test 
sequences and its performance was validated on another set of six stereoscopic video 
sequences. However, the training data set did not include the samples generated with non-
uniform asymmetric coding. For this reason, the stereoscopic quality metric was re-trained 
with the addition of 128 visual attention based encoded samples. 90 out of these samples 
were used in the training set, and the remaining 38 samples were used in the validation data 
set. Overall, the retrained perceptual stereoscopic quality metric retained 77% correlation with 
the subjective test scores over the training data set and 75% correlation over the validation 
data set.  

Figure 14 shows the base layer RD performance of both the reference scheme (denoted with 
red points and the red curve), and the evaluated visual attention assisted scheme (denoted 
with blue points and the blue curve). The bitrate corresponds to the right view only, since the 
bitrate for the left view remains unchanged between both schemes. The blue curve combines 
the best performing blue points corresponding to each quality level (i.e., minimum bitrate). 
Note that the red points are labelled with a single QP value, whereas the blue points are 
labelled with the corresponding ΔQP combination. The graph corresponds to the average of all 
tested eight sequences.  

 

Figure 14: RD performance comparison of the reference scheme and the visual attention 
assisted scheme (enchancement layer QP = 32 in both schemes) 

It can be seen from Figure 14 that increasing the ΔQP within the right-hand view beyond a 
certain extent clearly introduces perceivable artefacts overcoming the visual attention and 
makes the scheme perform consistently worse than the conventional quality asymmetric 
coding, which does not introduce intra-view quality imbalances. It can also be seen that 
among the 459 visual-attention based encoded test samples, it is those samples with (ΔQP3 – 
ΔQP2) < 3 that perform best at any particular operating bitrate. These points are combined 
with the blue curve in both test conditions. Note that in Figure 14, the ΔQP labels for the 
remaining points are not displayed for the sake of clarity in presentation. This observation 
hints us that there are effectively two visual attention levels worth considering while 
configuring the encoder. Further differentiation between the qualities of the secondary and the 
third attention levels does not necessarily improve the performance.  
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It is seen that up to 7% bitrate gain in average on the right-hand view can be achieved using 
the visual attention aided encoder, with respect to the conventional quality asymmetric coding 
scheme. However, there is a cross-over point between both schemes, which depicts that the 
extent of the effectiveness of the visual attention aided compression is limited. 

3.3 Side Information assisted Multi-View Coding 

A schematic overview of the Side Information assisted multi-view coding schemes has been 
presented in Figure 15. In the encoder side, the extra Side Information (SI) is estimated using 
the encoded and locally reconstructed viewpoints and depth maps, uncompressed viewpoints 
and depth maps and a built-in renderer. The SI comprises a set of weighting coefficients 
corresponding to blocks within every frame of viewpoints. These coefficients are used by the 
depth based 3D video interpolation engine to optimally blend the transformed cameras in 
order to synthesize target viewpoints. These target viewpoints, which are real camera views, 
are streamed through the server under normal circumstances if the bandwidth is sufficient for 
the client. However, at times of network congestion, it will be necessary to adapt the streamed 
multi-view video. The SI information, which has substantially lower overhead compared to 
compressed viewpoints, is transmitted to the client instead of the compressed streams of 
discarded viewpoints. The discarded viewpoints are recovered using the SI and the received 
and decoded viewpoint streams at high quality. A perceptual quality model is integrated into 
the SI generation process to maximise the perceptual quality. Furthermore, adaptive block 
sizes are used for coefficient estimation and clustering algorithms, in order to reduce the 
overhead of the generated SI. The SI transportation strategy consists of deciding on the 
viewpoints’ discarding order in the network during unfavourable conditions. The proposed 
framework is independent from the underlying coding standard. However, the use of an 
independent (simulcast) coding option would offer more combinations of views that could be 
discarded freely.  

In the upcoming sections, the adaptive block-size coefficient estimation process, which is a 
part of SI generation, codebook design for the interpolation coefficients, and the viewpoint 
priority classification scheme are described.  

 

Figure 15: Overview of the SI assisted multi-view coding framework 

3.3.1 Adaptive Block-Size Image Interpolation and Coefficient Estimation 

The coefficient estimation and coefficient encoder system depicted in Figure 15 applies a 
block-based processing framework on the reconstructed viewpoint frames. Quadtree structure 
is one of those adaptive block-size decision techniques. The encoder can evaluate different 
block sizes adaptively in a progressive manner. 8x8 and 32x32 blocks are chosen as the 
smallest and largest block sizes, respectively. A block is divided into 4 equal squares starting 
from the largest possible block size in a top-down approach. An exemplary quadtree structure 
and the related codeword values (1 bit or 5 bits) are shown in Figure 16. 
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Figure 16: Structure of variable block size and quadtree codeword 

The block size decision should be made using a meaningful distortion-cost function with the 
consideration of the resultant bit-budget for the generated SI. For the best quadtree structure, 
the overall block distortion is minimised on the target synthesised view, subject to a limited 
overall SI bit-budget. For this purpose, a Lagrangian cost minimisation method is utilized due 
to its simplicity and wide application area in video compression.  

After choosing the best quadtree structure for computing the weighting factors/ coefficients, a 
cross correlation method is applied in order to estimate the best set of weighting factors to be 
used in depth-aided image interpolation. In the interpolation process of the target (dropped) 
view, its adjacent views that are delivered at the client are utilised from both sides (i.e., left and 
right hand sides). This is shown in Figure 17. Considering each view in the multi-view set as 
potential such target views, except the sidemost camera views, all blocks are replenished by 
the weighted summation of all corresponding projected blocks from the received views.  

 

Figure 17: Cross-correlation structure for 5 views 

Projected views’ blocks are used in a linear equation expressed as 

2 2 2 2( , , ) ( , , ) ( , , )

( , ,0)

N N N N N

N N

y x y t B x y t a B x y t a

B x y a

       

 
   (3) 

where ( , , )Ny x y t represents the estimated pixel luminance at (x,y,t) within the target view N. 

Frame number is represented as t, and temporal reference frame is the first frame in each 

GOP, which is coded as an intra-frame (I-Frame). ( , , )lB x y t  for 2, 1, 1,l N N N     

represents the projected block of the l
th
 view, aN represents the weighting coefficient for the 

projected temporal view N, which corresponds to the SI.  

3.3.2 Codebook Design for the Interpolation Coefficient Space 

Each weighting coefficient a in Eq. 3 form the coefficient vectors in the codebook, which is 
encoded using an l-bit codeword. This is shown in Eq. 4, where coefficient vector A is chosen 
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from a finite set of coefficient vectors in the codebook of size L, where L = 2l. Also, the index 
number denoted as i (1 < i < L). 

 2 1 2

T

i N N NA a a a          (4) 

In order to optimise the estimated coefficients (i.e., the computed weighting coefficient per 
block), k-means clustering algorithm has been used in the codebook design. The index 
numbers of each computed coefficient vector corresponding to each computed block is put 
into the SI stream. 

The codebook is transmitted to the client/peer at the beginning of multi-view streaming. The 
client then parses the codebook index values embedded in the SI stream to recover the 
corresponding coefficient vectors from the pre-downloaded codebook. 

3.3.3 Viewpoint priority classification and view adaptation strategy 

In order to cope with dynamic bandwidth availability conditions during streaming, two choices 
exist. The first choice is to symmetrically scale the quality of all available views and depth 
maps, using quality scalable video coding. This would result in significant variations in 
perceived QoE that could be unacceptable. The second choice is to selectively deliver the 
streams of a subset of views through content-aware bandwidth adaptation, and letting the 
undelivered views be reconstructed at the decoder using the selectively delivered views and 
the SI. This would lead to comparably lesser compromise in the quality reconstructed 3D 
scene using multiple views, unlike the first approach. 
Views can be classified as low-priority (LP) and high-priority (HP) based on their significance 
on multi-view rendering quality (i.e., the average quality of all synthesised views). If the 
available network bandwidth cannot accommodate the transmission of all views, some of the 
LP-views are intelligently discarded. The goal is to maximise the perceived quality by users, 
based on the available bandwidth. The view priority classification aims at maximising the view 
recovery quality performance in every GOP, with the maximum instantaneously available 
bitrate (Rmax) constraint at the encoder. The view(s) to be discarded are found through Eq. 5 in 
each GOP.  

maxargmax ( ), ( )gop
P

P Q P R P R          (5) 

where R(P) is the overall bitrate after discarding a subset of the views (i.e., low-priority views), 

Q(P) is the average interpolation quality of all discarded view(s), and Pgop is the maximum 

achievable reconstruction quality (average of discarded views) after taking into consideration 

all possibilities in low-priority view combinations. The best set of the views to be delivered is 

found by evaluating all such combinations. The sidemost camera views are considered to be 

always delivered to the client. 

 

Figure 18: The structure of SI stream 

The SI structure is shown in Figure 18. This is the SI stream to distribute along with the 
compressed multi-view video streams as the overhead. As can be seen in Figure 18, Layer 1 
shows the view discarding order, which is the information of which views to drop for each 
possible bandwidth condition. Layer 2 represents the coefficient index for each view that is 
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dropped in each of the discarding options included in Layer 1, and Layer 3 includes the 
corresponding block’s quadtree structure.  

3.3.4 Performance analysis 

In order to investigate and validate the presented view estimation scheme’s performance, 
MPEG’s View Synthesis Reference Software (VSRS) tool was used as a view estimation 
reference. In this reference, the nearest left and the nearest right neighbour views are 
projected onto the coordinates of a target view. The two projected images are then blended to 
generate the interpolated prediction. The pixel value in the interpolated image is formed by 
blending the respective pixel values in the projected images with unequal weights, where the 
weights are inversely proportional to the distance from the target view.  

In Figure 19, Rate – Distortion (RD) curves are shown for three test multi-view video 
sequences: Café, Newspaper, and Bookarrival. In both compared schemes, the same 
viewpoint was discarded at a time, and the average estimation quality of all discarded views 
was calculated. The bitrate includes the overhead of transmitting the SI too. The SI overhead 
compared to the overall bitrate of compressed view streams is calculated to be 13.6%, 8.6%, 
and 2%, for Café, Newspaper, and Bookarrival sequences, respectively. The PSNR of the 
estimated views was calculated with respect to the uncompressed version of the discarded 
target view.  

As can be seen in Figure 19, the presented view recovery technique performs better than the 
MPEG’s VSRS tool, by 4.6 dB, 7.6 dB and 3 dB on average for the three sequences, over the 
assessed test points. 
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Figure 19: RD curves for the reconstruction of the missing (target) view 

The performance of the presented adaptive multi-view coding method has also been 
evaluated subjectively. Figure 20 shows the bandwidth availability test patterns related to 
three test conditions. Bookarrival and Newspaper were tested with Figure 20 (a), Café was 
tested with Figure 20 (b). In Figure 20, Tests 2 and 3 correspond to fixed-bandwidth cases 
throughout multi-view streaming. Test 1 corresponds to varying bandwidth availability case. 

 

Figure 20: Total bandwidth capacity variation in the downlink 

In this analysis, in order to investigate the performance of the presented view recovery method 
with dynamic changes in the network throughput, multi-view temporal segments (i.e., GOPs) 
are selectively discarded based on the method described in Section 3.3.3 and the SI is 
transmitted instead of the discarded views. Furthermore, MPEG VSRS was used as a 
reference, in which temporal segments were selectively discarded based on their synthesis 
quality, and then discarded segments were recovered using MPEG VSRS. The view 
discarding order in Test 1 for both methods, are shown in Table 1. Table 2 shows the 
comparison results in terms of PSNR and subjective grades, which are reported as an 
average of all views (recovered and delivered views). Double Stimulus Continuous Quality 
Scale (DSCQS) method was used in subjective tests. Fifteen observers were asked to 
participate in the subjective assessment. They were asked to grade the perceived visual 
quality using a five-grade scale (Excellent, Good, Fair, Poor and Bad). As can be seen in 
Table 2, the presented view-priority assignment based adaptation method consistently 
outperforms the reference method. 
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Table 1: View discarding order for varying bandwidth test case 

 

 

Table 2: Comparison of the adaptation strategies 

 

  



   

   
 

 

ROMEO WP4  Page 35/38 

 

4 SUMMARY 

This deliverable describes the spatial audio and multi-view video codecs developed in 
ROMEO project. The presented scalable multiple-description video codec facilitates robust 
delivery of multiview video over a converged P2P and DVB architecture; is fully standards 
compliant; and has been implemented in real-time (decoder at the client side) to be integrated 
in the demonstrator. The other robust and content-aware adaptive multi-view video coding 
framework that is developed has also been assessed in terms of performance offline and 
reported in this deliverable. Furthermore, this document has detailed the object-based spatial 
audio coding approach and the channel-based audio coding approach. The Analysis by 
Synthesis (AbS) coding technique has been introduced, which achieves notable Signal-to-
Noise Ratio (SNR) improvement over MPEG Surround at certain operating ranges. The 
object-based approach has been described that utilizes the scene description language 
described in detail in this report. The presented approaches have been backed with 
performance assessment results as much as possible. The M30 deliverable D4.4 – “Final 

report on results of integrated MD-SMVD and P2P system” will reveal more performance results 

concerning the used scalable multi-description video codec.    
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APPENDIX A: LIST OF ABBREVIATIONS 

 

A 

AAC Advanced Audio Coding 

ASDF Audio Scene Description Format 

ABS Analysis by Synthesis 

B 

BiFS Binary Format for Scenes 

C 

CLD Channel Level Difference 

G 

gst GStreamer 

GOP Group of Pictures 

H 

HE-AAC High-Efficiency Advanced Audio Coding 

HLOS High-level operating system 

I 

ICC Inter-Channel Coherence 

IVA-HD Image Video Accelerator High Definition 

ISS  Imaging subsystem 

J 

JACK Jack Audio Connection Kit 

L 

libdce Distributed codec engine 

libdrm Direct r;endering manager 

M 

MDCT Modified Discrete Cosine Transform 

MPEG Moving Picture Experts Group 

MPS MPEG Surround 

MPU Microprocessor unit 

MSE Mean Square Error 

MTU Maximum Transmission Unit 

O 

OSC Open Sound Control 

OTT One-To-Two 

P 

PTS Presentation Time Stamp 

PPS Picture Parameter Set 

Q 

QMF Quadrature Mirror Filterbank 
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R 

R-OTT Reverse One-To-Two 

S 

SPS Sequence Parameter Set 

SFB Scale Factor Band 

SDF Scene Description Format 

SDG Subjective Difference Grade 

SpatDIF Spatial Sound Description Interchange Format 

SAC Spatial Audio Coding 

SAOL Structured Audio Orchestra Language 

SNR Signal to Noise Ratio 

SVG Scalable Vector Graphics 

V 

VRML Virtual Reality Modeling Language 

VSRS View Synthesis Reference Software 

W 

WFS Wave Field Synthesis 

 


