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Message from MMTC Chair 

 

 

Dear MMTC colleagues: 

 

It is time for a change! Our signature E-Letter and R-Letter have been well recognized by our research community 

over the year. Given the popularity they have gained, we have been advised by IEEE ComSoc to brand them for 

better exposure. After a long period of consultation and discussion, we have been approved by IEEE ComSoc to 

brand both letters into one title. From March 2016, we will name the MMTC E-Letter as MMTC Communications – 

Frontiers, the MMTC R-Letter as MMTC Communications – Reviews.   

 

Again, I would like to thank the directors and editors for both letters, for their passionate services that have made 

our MMTC signature publications one of the greatest successes.  

 

 

 
 

Yonggang Wen 

Chair, Multimedia Communications TC of IEEE ComSoc 
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SPECIAL ISSUE ON INTERACTIVE MULTI-VIEW VIDEO SERVICES:   

FROM ACQUISITION TO RENDERING 

Guest Editors: Erhan Ekmekcioglu, Loughborough University London,  

Thomas Maugey, INRIA Rennes Bretagne Atlantique 

Laura Toni, EPFL  

E.Ekmekcioglu@lboro.ac.uk, thomas.maugey@inria.fr, laura.toni@epfl.ch

Emerging video technologies, such as 360-degree videos1, virtual reality devices23, and free viewpoint interactive 

TV4, have pushed the advent of new immersive and interactive media services that have revolutionized multimedia 

communications. The users are no longer seen as passive consumers of multimedia content, but have become active 

players in the communication with multiple dimensions of interactivity: from personalization to social experience. 

To make online interactive services a reality, media streaming systems need to constantly adapt to users’ requests 

and interaction. To reach this goal, interactive coding and streaming methods have been in the focus of several 

research communities, including multimedia, communication, and computer vision.  

 

With this Special Issue, we bring together seven papers from these communities, which provide the main challenges 

and solutions for handling users’ interactivity in novel Interactive Multi-view Video Services (IMVS). IMVS is 

predominantly seen as the future in the entertainment multimedia, following the advances in multi-view content 

generation. Besides entertainment, it will also play a role in increasing the sense of reality and effectiveness in a 

wide range of areas, such as educational content delivery, telepresence (e.g., remote surgery), manufacturing (e.g., 

industrial design), and advanced training simulators. In this Special Issue, authors highlight their research findings 

and perspectives on the different aspects of IMVS: from acquisition to rendering. Authors also cover two multi-view 

applications describing the technical details of involved steps.   

 

The first two contributions review the open challenges and novel solutions on the coding structure for IMVS, 

studying the tradeoff between coding efficiency and flexibility in extracting information from coded streams. In 

“Merge Frame for Interactive Multiview Video Navigation”, Gene Cheung and Ngai-Man Cheung raise the problem 

of coding drift caused by view switching in predictive coding. As a solution, they propose the novel concept of 

merge frame that aims at merging different side information frames to an identical reconstruction.  

 

In the paper titled “An Information theoretical problem in interactive Multi-View Video services”, Aline Roumy 

describes novel coding challenges from an information theory perspective. The novelty lies in studying the source 

data compression with new IMVS-constraints, namely massive numbers of user requests and random access of 

specific views due to the heterogeneity of the interactive population.  

 

In “Free Viewpoint Video Streaming: Concepts, Techniques and Challenges”, Árpád Huszák provides an overview 

of the novel solutions in IMVS from a networking perspective. The main challenge is to provide to the clients the 

viewpoints of interest with a minimum view-switching delay under limited network resources. The optimal grouping 

of multicast trees and in-network viewpoint synthesis functionalities are investigated by the author.   

 

Federica Battisti and Patrick Le Callet elaborate on how the Quality of Experience in interactive Free-Viewpoint TV 

services should be measured in their paper titled “Quality Assessment in the context of FTV: challenges, first 

answers and open issues”. The authors summarize the limitations of existing quality assessment methods, mainly 

developed for 2D sequence, when measuring the quality of free-viewpoint interaction. They also describe a roadmap 

to develop effective quality measurement protocols.  

   

                                                 
1 https://www.google.com/get/cardboard 
2 https://www.oculus.com/en-us/rift 
3 https://www.lytro.com/immerge 
4 http://www.bbc.co.uk/rd/projects/iview 
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In the paper titled “3D Visual Attention for Improved Interaction, Quality Evaluation and Enhancement”, Chaminda 

T.E.R. Hewage describes the use of 3D visual attention in free-viewpoint interactivity, as well as in quality 

evaluation and quality enhancement. How the visual attention model is extracted, and the differences between the 

2D and 3D visual attention models are outlined. Novel use cases are depicted where the visual attention information 

is exploited for better results.  

 

The last two papers focus on concrete applications of IVMS systems. In “RE@CT: Immersive Production and 

Delivery of Interactive 3D Content”, Marco Volino, Dan Casas, John Collomosse and Adrian Hilton build an end-to-

end system in which real characters are captured, synthetically reconstructed and animated via computers. The paper 

presents efficient tools that have been developed in the RE@CT project in order to improve the efficiency and 

accuracy of the whole processing chain. They finally discuss how such results could be beneficial for the future 3D 

cinema production. 

 

In the paper entitled “SceneNet: Crowd Sourcing of Audio Visual Information aiming to create 4D video streams” 

written by Dov Eilot et. al., the use case is different, namely a user-generated IMVS. The work relies on the 

observation that more and more scenes (concerts, sports events, etc.) are captured from different angles by the 

devices (e.g., smartphones) of people in a crowd. The SceneNet project focuses on gathering and calibrating the 

acquired data, as well as on reconstructing the 3D point cloud representing the scene. 

 

With this Special Issue we have no intent to present a complete picture on the emerging topic of IMVS systems. 

However, we hope that the seven invited letters give the audience a flavor of the interesting possibilities offered by 

IMVS, both in terms of novel and exciting research topics and future applications.  

 

Our special thanks go to all authors for their precious contributions to this Special Issue. We would also like to 

acknowledge the gracious support from the MMTC E-Letter Board. 

 

Erhan Ekmekcioglu received his Ph.D. degree from the Faculty of Engineering and Physical 

Sciences of University of Surrey, UK, in 2010. He continued to work in the Multimedia 

Communications Group as a post-doctoral researcher until 2014. Since 2014 he is with Institute 

for Digital Technologies at Loughborough University London as a research associate. His 

research interests include 2D/3D (multi-view) video processing and coding, video transport over 

networks, quality of experience, emerging immersive and interactive multimedia systems, and 

video analysis for intelligent applications. He has worked in a number of large scale 

collaborative research projects on 3DTV. He is a co-author of several peer-reviewed research 

articles, book chapters, and a book on 3DTV systems. 

 

Thomas Maugey received the M.Sc. degree from the École Supérieure d’Electricité, 

Supélec, Gif-sur-Yvette, France, and from Université  Paul Verlaine, Metz, France, in 2007 

in fundamental and applied mathematics. He received the Ph.D. degree in image and signal 

processing from TELECOM ParisTech, Paris, France, in 2010. From 2010 to 2014, he was a Post-

Doctoral Researcher with the Signal Processing Laboratory, Swiss Federal Institute of 

Technology (EPFL), Lausanne, Switzerland. Since 2014, he has been a Research Scientist with 

INRIA in the team-project SIROCCO, Rennes, France. His research interests include monoview 

and multiview video coding, 3D video communication, data representation, network coding, and 

view synthesis. 

 

 

Laura Toni received the Ph.D. degree in electrical engineering in 2009 from the University of 

Bologna, Italy. During 2007, she was a visiting scholar at the University of California at San 

Diego (UCSD), CA. After working at the Tele-Robotics and Application department at the Italian 

Institute of Technology (2009-2011), she was a Post-doctoral fellow in the EE Department at the 

University of California, San Diego (UCSD) from November 2011 to November 2012. Since 

December 2012, she has been a Post-doctoral fellow in the Signal Processing Laboratory (LTS4) 

at the Swiss Federal Institute of Technology (EPFL), Switzerland. 

Her research interests are in the areas of interactive multiview video streaming, wireless 

communications, and learning strategies for optimization problems.  
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Merge Frame for Interactive Multiview Video Navigation 

Gene Cheung and Ngai-Man Cheung 

National Institute of Informatics, Tokyo, Japan, Singapore University of Technology and Design 

cheung@nii.ac.jp , ngaiman_cheung@sutd.edu.sg 

1. Introduction 

Advances in image sensing technologies mean that a dynamic 3D scene can now be captured by an array of closely 

spaced cameras synchronized in time, so users can individually choose from which viewpoints to observe the scene. 

In an interactive multiview video streaming (IMVS) system [1,2], such view interaction can take place between a 

server and a client connected via high-speed networks: a server pre-encodes and stores multiview video contents a 

priori, and at stream time a client periodically requests switches to neighboring views as the video is played back in 

time. See in Fig. 1 a picture interactive graph (PIG) for a video with three views that illustrates possible navigation 

paths chosen by users as the streaming video is played back in time uninterrupted.  

 

 
Fig. 1: A picture interactive graph (PIG) showing possible view navigation paths for an IMVS system with 3 views 

 

Because the flexibility afforded by IMVS means that a client can take any one of many possible view navigation 

paths, at encoding time the server does not know which frames will be available at the decoder buffer. This makes 

differential coding difficult to employ to reduce bitrate. The technical challenge is thus how to facilitate view-

switching at stream time while still performing differential coding at encoding time for good compression efficiency. 

 

 
Fig. 2: An example coding structure using SP-frames to enable view-switch at view 1 of instant 3. I-, P- and SP-frames are 

circles, squares and triangles, respectively. 
 

One possible solution to the view-switching problem is SP-frames in H.264 video coding standard [3]. There are two 

kinds of SP-frames: primary and secondary SP-frames. A primary SP-frame is coded like a P-frame, with an extra 

quantization step after motion compensation so that transform coefficients of each fixed-size code block are 

quantized to integers. A secondary SP-frame is losslessly coded after motion compensation to reconstruct exactly the 

quantized coefficients of the primary SP-frame. Fig. 2 illustrates an example where, at time instant 3, a primary SP-

frame SP1,3(1) is encoded to enable switch from view 1 to 1, and a secondary SP-frame SP1,3(2) is encoded to enable 

switch from view 2 to 1. The problem with SP-frames is that the lossless coding employed in secondary SP-frames 

means that the sizes of secondary SP-frames can be very large—often larger than I-frames. 

 
Fig. 3: An example coding structure using optimized target M-frame to enable view-switch at view 1 of instant 3. I-, P- and M-

frames are circles, squares and diamonds, respectively. 

 

In a recent work [4,5], using piecewise constant (PWC) functions as operators, the authors proposed a new frame 

type called merge frame (M-frame) to efficiently merge slightly different side information (SI) frames Sn from 
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different decoding paths into a unique reconstruction M, so that subsequent frames in time can use the identically 

reconstructed M as a common predictor for differential coding. As an example, in Fig. 3, two P-frames P1,3(1) and 

P1,3(2) of view 1 and time instant 3—these are the SI frames—are first predicted from P1,2 and P2,2 respectively. An 

M-frame M1,3 of the same time instant is then encoded so that any one of SI frames P1,3(1) and P1,3(2) plus M1,3 can 

result in an identical reconstruction. Subsequent P-frame P1,4 can then use M1,3 as predictor for differential coding. 

M-frame thus provides a solution to facilitate view-switches (server sends combo of (P1,3(1), M1,3) or combo of 

(P1,3(2),  M1,3) depending on user's chosen path), while permitting differential coding to lower bitrate. Experiments 

in [4,5] show that M-frame can outperform existing switching mechanisms in the literature such as SP-frames [3] in 

expected and worst-case transmission rate when the probabilities of switching to any views are uniform. 

 

In this paper, we overview the design methodologies of M-frames described in [5] and provide examples of how M-

frames can be used practically in IMVS systems. 

 

2. Merge Frame Overview 

To reconstruct M-frame, [5] proposed two methodologies. The first is called optimized target merging, where the 

distortion of the reconstructed M-frame M can be traded off with the encoding rate of M, so long as the identical 

reconstruction condition from any SI frame Sn is met. The second is called fixed target merging, where any SI frame 

Sn is merged identically to a pre-specified target. We overview the two methodologies here. 

 

In order to merge N different SI frames Sn to a unique reconstruction M, the key idea in [4,5] is to employ a PWC 

function as a merge operator, whose parameters are explicitly coded in the M-frame, to merge quantized transform 

coefficients from different SI frames to the same values. Specifically, an SI frame Sn is first divided into fixed-size 

blocks of K pixels. Each pixel block b is transformed into the DCT domain and quantized into coefficients  kX n

b
. 

Correct decoding of an M-frame means that the decoder, given only one set of  kX n

b
 from an SI frame Sn, can 

merge  kX n

b
 to identical reconstruction  kX b

 via the use of specified PWC functions. 

 

 
Fig. 4: piecewise constant (PWC) function f(x) to merge quantized coefficients to an identical value 

 

Suppose the floor function f(x) with shift c and step size W is used to merge coefficients  kX n

b
 of block b from any 

SI frame Sn to a unique value  kX b
: 

  c
W

W
W

cx
xf 







 


2
                  (1) 

That means any  kX n

b
 of SI frame Sn must be floored to the same value: 

   
 Nn

W

ckX

W

ckX n

bb ,,2,
1








 








       (2) 

(2) is called the identical merging condition. Graphically, this also means that they fall on the same step of the floor 

function, as illustrated in Fig. 4. The optimization is thus to select shift c and step size W for each coefficient k of 

block b so that (2) is satisfied. 

 

In fixed target merging, a desired target value  kX b

0  is first selected a priori, and floor function parameters shift c 

and step W are then selected to ensure that       NnkXfkX n

bb ,,1,0  ; i.e., coefficients  kX n

b
 of SI frames 



 

IEEE COMSOC MMTC Communications - Frontiers 

http://www.comsoc.org/~mmc/ 8/72 Vol.11, No.2, March 2016 
 

Sn merge identically to pre-selected  kX b

0 . It is proven [5] that to achieve merging to the desired target, step Wb 

must satisfy    kXkXW n

bb
n

b  0max2 and   bbb WkXc mod0 for block b. Step size is typically chosen per-

frequency for all blocks; W* is thus chosen as the largest Wb of all blocks b: 

   kXkXW n

bb
nb

 0* maxmax22                (2) 

Thus the coding cost of W* for all K frequencies is inexpensive. However, shift cb is chosen per-block per-frequency, 

and thus the overhead in coding cb (via arithmetic coding) dominates the coding cost of an M-frame. Since cb is the 

remainder of target  kX b

0 , its probability distribution is roughly uniform in [0, W*), and thus the coding cost of a 

fixed target M-frame is relatively high. 

 

In optimized target merging, there is no pre-selected target value for coefficient  kX n

b
 to converge to: the 

converged value is selected based on an RD criterion. In this case, it is shown [5] that step W must now satisfy 

 
   kXkXW m

b

n

b
Nmn


 ,1,
max instead, while cb is chosen to optimize an RD objective among all values that ensure 

identical merging condition in (2). This flexibility means that the probability distribution Pr(cb) can be designed to 

be skewed (not uniform), resulting in a low coding rate for cb using arithmetic coding. Thus, in general, an 

optimized target M-frame is smaller than a fixed target M-frame. 

 

3. Usage of M-frames in IMVS Systems 

We now discuss how optimized target M-frames and fixed target M-frames can be used in IMVS systems. When the 

view-switching probabilities are comparable for all views, the coding structure shown in Fig. 3—called uniform 

probability merge (UPM) structure—is a good design: an optimized target M-frame is constructed to merge 

differences from P-frames (SI frames) predicted from different navigation paths, which in general is much smaller 

than a secondary SP-frame.  

 

In the case when the view-switching probabilities are skewed, e.g., when the probability of staying in the same view 

is exceedingly high, then the UPM structure may not be optimal, because the transmission of an extra M-frame Mo
1,3 

is required for all navigation paths. In this case, authors in [6] proposed a structure called high probability merge 

(HPM) structure using fixed target M-frame (shown in Fig. 5). The most likely path (staying in view 1) involves 

transmission of a single P-frame P1,3(1). The unlikely path (switching from view 2 to 1) involves transmission of a 

P1,3(1) and fixed target M-frame Mf
1,3, where the target for Mf

1,3 is P1,3(1). While a fixed target M-frame is in general 

larger than an optimized M-frame, its larger size is offset by the small probability of this navigation path when 

computing the expected transmission rate. 

 

 
Fig. 5: An example coding structure using fixed target M-frame to enable view-switch at view 1 of instant 3 

 

4. Sample Experimental Results 
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Fig. 6: PSNR versus expected transmission cost for switching to view 2 using SP-frame, UPM and HPM structures. The view 

switching probabilities are (0.33, 0.33, 0.33). 
 

To demonstrate the superior performance of M-frames and structures that appropriately utilize M-frames, using 

three views of the multiview video sequence Balloon, we computed the expected transmission rates of SP-frames, 

UPM structure and HPM structure assuming equal view-switching probabilities from view 1 to 2, 2 to 2 and 3 to 2. 

The resulting PSNR versus expected transmission rate plot is shown in Fig. 6. We observe that for this uniform 

view-switching probability distribution, as expected UPM performs the best among the three competing schemes at 

all bitrate regions. This shows the effectiveness of both M-frame and the UPM structure that properly utilizes 

optimized M-frame. 

 

 
Fig. 7: PSNR versus expected transmission cost for switching to view 2 using SP-frame, UPM and HPM structures. The view 

switching probabilities are (0.1, 0.8, 0.1). 

 

Conversely, we examine also the RD performance of these three schemes when the view-switching probability 

distribution is highly skewed (0.1, 0.8, 0.1), where the probability of view 2 to 2 is dominant. The resulting plot of 

PSNR versus expected transmission rate for the same Balloon sequence is shown in Fig. 7. In this case, we observe 

that HPM is the best structure, outperforming SP-frames and UPM by a wide margin. More extensive results can be 

found in [6]. 

 

5. Conclusion 

Designing efficient coding schemes for interactive multiview video streaming (IMVS) systems—where a client can 

periodically request view-switches from server to navigate to neighboring views as the video is played back in 

time—is difficult, because at encoding time the server does not know with certainty what frames at the decoder 

buffer can serve as predictor for differential coding.  In this paper, we reviewed recent work on the coding tool and 

coding structure for IMVS. [4,5] proposed a new design called merge frame (M-frame) to merge different side 

information (SI) frames to an identical reconstruction, thereby eliminating coding drift caused by view switching.  

[6] studied different usages of M-frames for different view-switching probabilities.  In particular, the authors in [6] 

proposed new coding structures combining P-frames and fixed and optimized target M-frames that are efficient for 

skewed view-switching probabilities.  For future work, RD optimization methods can be investigated to determine 
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the optimized coding structures for various view-switching probabilities. 
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1. Introduction 

Free-viewpoint television (FTV) [1] is a novel system for watching videos, which allows interaction between the 

server and the user. More precisely, different views of the same 3D scene are proposed and the user can choose its 

viewpoint freely. Moreover, the user can change its viewpoint at any time, leading to a free navigation within the 3D 

scene. (Figure 1 shows one example of navigation path within the views). The goal of FTV is thus to propose an 

immersive sensation, although the visualization remains 2D.  

 

 
Figure 1. FTV: the user can navigate from one view to another view during playback. 

 

FTV presents nice features that are interesting in sport events like soccer. Indeed, in its application for the 2022 

FIFA World Cup5, Japan announced that the stadium would be equipped with FTV technology.  

This soccer example immediately suggests the technical constraints on FTV. First, FTV implies the use of a large 

database. Indeed, the MPEG working group in charge of FTV [2] considers 100 views in order to allow smooth and 

nice navigation within the scene, which leads to video needing about 120 Gbps (uncompressed HD videos with 50 

frames per second and 100 views). In addition, the number of users is potentially huge as seen in the soccer example. 

Finally, in such a scenario, only one view per user is needed at a time, and the choice of this view depends on the 

user’s requests. Therefore, each user requests a subset of the data, and this request can be seen as random from the 

sender perspective, as it only depends on the user choice.  

 

 

2. A novel problem: massive random access to subsets of compressed correlated data 

In fact, FTV raises a novel question that has not been yet studied in depth in information theory. This problem can 

be called massive random access to subsets of compressed correlated data and is illustrated in Figure 2. 

This problem can be defined as follows. Consider a database so large that, to be stored on a single server, the data 

have to be compressed efficiently, meaning that the redundancy/correlation inside the data have to be exploited. The 

compressed dataset is then stored on a server and made available to users. We consider a scenario in which users 

want to access only a subset of the data. This is typically the case in FTV. Since the choice of the subset (i.e. the 

view in FTV) is user-dependent, the request (of a data-subset) can be modeled as a random access. Finally, massive 

requests are made, meaning that a lot of users may want to access some data at the same time. Consequently, upon 

request, the server can only perform low complexity operations (such as bit extraction but no decompression -

compression). 

The novelty of this problem lies in the study of data compression, while adding a new constraint: namely massive 

and random access. Indeed, classical unconstrained compression does not allow to access part of the compressed 

data. This is a consequence of the way the encoding map is constructed but also of the optimality that occurs only in 

the asymptotic regime. More precisely, the source coding map consists in associating to each input sequence an 

                                                 
5 See the advertisement video at: 

https://www.youtube.com/watch?v=KrmbMHJQ_u4  

https://www.youtube.com/watch?v=KrmbMHJQ_u4
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index that is by definition non-separable. Second, optimality occurs when sequences of infinite length are processed. 

Therefore, accessing part of the data in the classical compression framework can only be achieved in the signal 

domain but not in the compressed domain. 

 

3. Solutions to the massive random access problem based on classical compression algorithms 

Even if incompatible, existing compression algorithms can be adapted to meet the random access constraint. This 

can be done in one of these three ways: 

 

1. Send the whole database as shown in Figure 3. This is the most efficient solution from the compression 

perspective, but the least efficient from the communication one. Moreover, it might also be infeasible as the 

required transmission data rate might be larger than the capacity link in many scenarios. As an example, sending 

80 views compressed with the best-known compression algorithm for Multiview images (3D-HEVC) requires 

about 100 Mbit/s [3]. 

2. Split the database into chunks and compress each chunk separately as shown in Figure 4. To allow a smooth 

navigation, the chunk may only contain a single frame. 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 3. Compression of the whole database. 

 

  

 

 

 

 
Figure 2. Random access to a database: the user can choose any subset of the compressed correlated data 
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Figure 4. Compression of separate chunks (a chunk is a frame in FTV). 

 

This scheme is inefficient not only from the storage but also the communication perspective. It is inefficient from 

the communication perspective because the redundancy between the successive frames is not exploited. This 

requires about 80% more transmission rate. This loss corresponds to the discrepancy between the inter and the 

intra frame rates averaged over the Class A and B sequences of the HEVC corpus. Inter coding was performed 

with GOPsize 8 and IntraPeriod 64.  

From the storage perspective, neither the inter-frame correlation nor the inter-view correlation is exploited. The 

former incurs a loss of 80%, while the latter brings an additional cost of about 40%. Indeed, the latter loss 

corresponds to the discrepancy observed between simulcast (separate encoding of each view) and multiview 

encoding [3]. Therefore, about 152% more storage is required. 

3. Decode the whole database and re-encode the request only. This is optimal from both compression and 

communication perspectives. But, in case of massive access, this approach is too complex for the server.  

Classical (unconstrained) solutions are either not feasible (case 1 and 3) or suboptimal (case 1 and 2) in a context of 

massive random access. Therefore, there is a need to design new compression algorithms that take into account the 

massive random access constraint. 

 

4. Information theoretical bounds for random massive access: the lossless i.i.d. case. 

The observation concerning the incompatibility between classical compression algorithms and massive random 

access (see Section 3) raises the interesting question of the existence of a theoretical tradeoff between massive 

random access and compression such that a compression algorithm allowing flexibility in the access to the data will 

always suffer some sub-optimality in terms of compression. 

 

A partial answer to this question is given in our recent work [4], where we showed that there is theoretically no 

coding performance drop to expect with massive random access, from the communication perspective. The setup 

considered in [4] is the following. Let  
tii t
,

)(X  represents the set of frames to be compressed, where i [1,N] and t

[1,T] are the view index and time index, respectively. 

For the sake of analysis, a frame (for fixed i and t) is modeled as a random process )(X ti
 of infinite length. This 

infinite length model is indeed a requirement in order to derive information theoretical bounds as compression rates 

can only be achieved in the asymptotic regime. Note however that the novel video formats (UHD, HDR) tend to 

produce frames containing a large number of symbols, such that the infinite length assumption is not restrictive. 

 

Now let us assume that at time instants t-1 and t, requested views are j and i, respectively. Let  Si
and 

ji,R  be the 

storage and the transmission rate (in bits per source symbol) for view i, when the previous request is j. Let us further 

assume that, given i and t, )(X ti
is an independent and identically distributed (i.i.d.) random process and that lossless 

compression is performed. We now compare three different schemes. 

1.  Encoding with perfect knowledge of the previous request, as shown in Figure 5. This case corresponds to either 

a non-interactive scheme, where the user cannot choose the view, or to a non-massive random access, where the 

data are re-encoded at the server upon request. The latter scenario is Scheme 3 described in Section 3. In this 

case, the necessary and sufficient storage and data rate for lossless compression are:  

)1()),1(X|)(X(R  S ,  ttH jijii
 



 

IEEE COMSOC MMTC Communications - Frontiers 

http://www.comsoc.org/~mmc/ 14/72 Vol.11, No.2, March 2016 

 

where H(.|.) stands for the conditional entropy. This case is presented for comparison purpose, as the encoding 

scheme does not satisfy the random massive access constraints. 

 
 

Figure 5. Encoding with perfect knowledge of the previous request at the encoder. 

 

2. Encoding with partial knowledge of the previous request, as shown in Figure 6. This case corresponds to an 

interactive scenario. Indeed, at time instant t, view i is compressed without any explicit reference to a previous 

request. A trivial upper bound for compression rate is then the unconditional entropy )),(H(X ti
 since the 

previous request is not known upon encoding. However, compression can be performed under the assumption 

that one view among the set  
kk t )1(X   will be available at the decoder. This allows to reduce both storage and 

transmission rate from the unconditional entropy ))(H(X ti
to the conditional entropy in equation (2):  

)2()),1(X|)(X(maxR  S ,  ttH kikjii
 

These rates are necessary and sufficient for lossless source encoding for the scheme depicted in Figure 6, and 

have been derived in [5]. A practical scheme for video coding has been constructed in [6] based on the insights 

provided by the achievability part of the theorem in [5]. 

 
 

 

 

Figure 6. Encoding with partial knowledge of the previous request at the encoder. 

 

3. Encoding with partial knowledge of the previous request but sending with perfect knowledge, as shown in 

Figure 7. As in Figure 6, compression occurs without any explicit reference to the previous request. This leads to 

an interactive scheme and requires the same storage as in (2). However, upon request of a particular view at time 

instant t, the server knows the previous request of the same user. [4] shows that this information may be used to 

lower the transmission data rate from the worst case conditional entropy to the true conditional entropy, see (3), 

in the case of lossless compression. 

 

)4()).1(X|)(X(R

)3()),1(X|)(X(max    S

, 



ttH

ttH

jiji

kiki  

This result shows that one can efficiently compress the data, while allowing random access to the data. More 

precisely, it is possible to compress the data in a flexible way such that the server extracts the requested data 

subset from the compressed bitstream, without the need to decode the whole database and encode the requested 

subset of data. Surprisingly, the transmission data rate does not suffer any increase even if a flexibility constraint 

is added. The constraint incurs an additional cost in the storage only. 

 

 
 

Figure 7. Mixed: partial (perfect) knowledge of the previous request at the encoder (sender, respectively). 

 

The necessary and sufficient data rates for the three schemes described in this section are shown in Figure 8. 
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Figure 8. Comparison of the storage and the transmission data rates for the schemes with either perfect (Fig. 5), 

partial (Fig. 6), or mixed (partial at encoder and perfect at transmitter, Fig. 7) knowledge of the previous user request.  

 

5. Conclusion 

In this paper, we reviewed some results on data compression for interactive video communication services. A novel 

problem has been defined: massive and random access to subsets of compressed correlated data. It was shown that 

FTV can be seen as an instance of this problem. A very surprising result was stated: from the communication 

prospective, flexible compression with random access to a subset of the data achieves the same performance as the 

very complex scheme that performs whole database decompression and data subset compression upon request. This 

optimality result is, however, only partial, as it concerns lossless (and not lossy) compression for a simplified model 

with N correlated sources, where each source is i.i.d. There is now a need to extend this preliminary but very 

promising result. 
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1. Introduction 

In contrast to traditional 3D videos, which offer the users only a single viewpoint, Free-Viewpoint Video (FVV) is a 

promising approach to allow free perspective selection while watching multi-view video streams. The user-specific 

views dynamically change based on the user’s position [1], and they must be synthetized accordingly. 

The unique views are synthesized from two or more high bitrate camera streams and the corresponding depth maps 

[2] that must be delivered over the network and displayed with low latency. By increasing the number of deployed 

cameras and the density of the camera setup, the free-viewpoint video experience becomes more realistic. But on the 

other hand, more camera streams require higher network capacity. Therefore, viewpoint synthesis is a very resource 

hungry process and there is the need to find the best tradeoff between the quality of the synthetized view, which is 

related to the number of the delivered camera streams, and the processing time of the algorithm.  

The required camera streams may change continuously due to the free navigation of viewpoint, hence effective 

delivery schemes are required to avoid starvation of the viewpoint synthesizer algorithm and keep the network 

traffic as low as possible. Moreover, packet losses due to congestion and the increased latency can disturb the user 

experience. In order to support more multi-view videos in IP networks, a simple approach is to minimize the 

bandwidth consumption by transmitting only the minimal number of camera views, as it was investigated in 

[3][4][5].  

 

2. FVV architecture models 

From architectural point of view, the FVV streaming models can be categorized based on the location of the virtual 

viewpoint synthesis in the network. The first category depicted in Fig. 1(a) is the server-based model, where all the 

camera views and corresponding depth map sequences are handled by a media server that receives the desired 

viewpoint coordinates from the customers and synthesizes a unique virtual viewpoint stream for each user. In this 

case, only unique free viewpoint video streams must be delivered through the network. The drawback of the server-

based solution is that the computational capacity of the media server may limit the scalability of this approach and 

the service latency is also higher. In case of interactive real-time services, latency is one of the most critical 

parameters. If remote rendering is used, the control messages must be delivered to the rendering server and the 

generated stream must be forwarded back to the user, causing significant time gap between triggering the viewpoint 

change and the synthetized view playout. Moreover, in case of large number of customers, the centralized approach 

can suffer from scalability issues. 

  

The approach in the second architectural solution, shown in Fig. 1(b), is to deliver reference camera streams and 

depth sequences directly to the clients to let them generate their own virtual views independently. In this approach 

the limited resource capacity problem of the centralized media server can be avoided, but huge network traffic must 

be delivered through the network caused by multiple camera streams. Multicast delivery can reduce the overall 

network traffic, however the requested camera streams by a user is changing continuously that must be also handled 

using advanced multicast group management methods. The benefit of client-based architectural model is that it has 

the lowest latency values, because the viewpoint synthesis is performed locally and the user control can be 

processed immediately by the rendering algorithm. Unfortunately, rendering FVV video streams at an interactive 

frame rate is still beyond the computation capacity of most devices, especially in mobile terminals.  

 

 
 

 (a) server-based    (b) client-based   (c) distributed 

 

Figure 1. FVV streaming model categories based on the location of the virtual viewpoint synthesis 
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The third model is a distributed approach, Fig. 1(c), where the viewpoint rendering is done in locations distributed 

over the network. The user is not connected directly to the media server, but asks for the most appropriate proxy 

server for a synthetized stream from the desired viewpoint. Remote rendering provides a simple but effective 

solution, because both bandwidth and computation problems can be solved by synthetizing virtual views remotely 

on a powerful server at the price of increased latency [6]. Even if the distributed rendering solution can handle some 

of the bandwidth and computational limitations, new questions arises, e.g., how to optimally design the FVV 

network architecture. 

Possible answers to these questions have been proposed in [7]. Our aim was to find the optimal deployment 

locations of the distributed viewpoint synthesis processes in the network topology by allowing network nodes to act 

as proxy servers with caching and viewpoint synthesis functionalities. The other goal was to propose viewpoint 

prediction based multicast group management method in order to prevent the viewpoint synthesizer algorithm from 

remaining without any camera streams. 

 

3. Optimized FVV network topology 

The distributed approach provides a tradeoff between the server-based architecture and the client-based one, because 

it can avoid bandwidth and computational resource overloads and handles the user requests in a scalable way. Our 

goal was to optimize the FVV service topology by minimizing the traffic load without overloading the 

computational and other resources of the network components. In order to find the optimal arrangement of the 

distributed viewpoint synthesis model, the network architecture must be overviewed first. 

The path between the media server and each client can be divided into two parts: i) from the media server to the 

proxy server, where the real camera streams are delivered and ii) from proxy server to the client, where the user 

specific views are transferred [7]. By locating the viewpoint synthesis functionality closer to the camera sources, the 

high bitrate camera streams will use less network links, therefore occupying less total bandwidth in the network. On 

the other hand, the proxy servers will have to serve more clients, so the total network traffic of the unique user 

specific streams will be higher.  

In order to analytically investigate the optimal hierarchical level of the proxy servers, k-ary tree is considered. The 

depth of the tree is D, with the source at the root of the tree, while all the receivers are placed at the leaves and the 

viewpoint synthesis are performed in the proxy servers located δ hops from the root as illustrated in Fig. 2. 

 
 

Figure 2. Distributed k-ary tree network topology 

 

The goal is to determine the proxy locations to minimize the overall number of link usage: 

 

  min
UC MC

   (1) 

 

where ФMC stands for the overall number of multicast links from the media server to the proxy server and ФUC is the 

number of unicast links used to deliver user specific streams from proxy server to the client, respectively.  

To calculate the number of multicast links (ФMC) we adapt the results of Phillips et al. [8] to the multi-view video 

scenario. The unicast part (ФUC) is easier to calculate. There are D-δ unicast hops from proxy to client as shown in 

Fig. 2, hence the total number of hops is ФUC=M(D-δ), where M is the number of users. Assuming n proxy servers 

placed at level δ in the hierarchical tree, the summarized network resources can be calculated as follows, where c 

stands for the number of deployed cameras:  

 

    
1

1 1
n

l l

MC UC

l

c k k M D


  




        (2) 

 

The number of FVV cameras and the number of users influence the optimal proxy server location. In order to show 

δ 

D-δ

...
ФMC

ФUC
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how the number of cameras modifies the traffic load in a k-ary tree network, we set k=3, number of users M=1000 

and network depth D=8. The numbers of occupied links in the delivery paths are shown in Fig. 3. 

By increasing the number of cameras, the number of hops and the traffic load increase in the multicast part of the 

network (ФMC). Thus, it is worth locating the proxy servers closer to the camera sources. In an opposite case, where 

there are only three cameras, the lowest number of link usage can be achieved if the view synthesis is performed at 

level δ=6 that is further from the media server. The k-ary tree topology is a simplified layout for analytical 

investigation. In fact, finding the optimal proxy server locations in dynamically changing network is extremely 

difficult. 

 

 

 

 
Figure 3. Overall link usage in k-ary tree network  

 

The distributed architecture combined with multicast routing can solve the network overload problems and keep the 

traffic load as low as possible. However the increased latency of control messages can decrease the experienced user 

quality. 

 

4. FVV multicast 

In order to support more multi-view videos in IP networks, a simple approach is to minimize the bandwidth 

consumption by transmitting only the minimal number of views required. Multicast transmission is effective to 

reduce the network load, but continuous and frequent viewpoint changes may lead to interrupted FVV service due to 

the multicast group join latencies. To prevent the user’s viewpoint synthesizer algorithm from starving, effective 

multicast group management methods must be introduced that can rely on viewpoint prediction. Therefore, our aim 

was to propose a viewpoint prediction based group management solution to minimize the probability of the 

synthesis process starvation. 

Current IP multicast routing protocols (e.g., PIM-SM) exploit shortest path tree logical layout for point-to-multipoint 

group communication that significantly reduces the network bandwidth. 

In case of multicast free viewpoint video streaming each camera view is encoded and forwarded on a separate 

channel to the users. The separate channels (camera views) can be accessed by joining the multicast group that 

contains the needed camera source. Users can switch views by subscribing to another multicast channel, while 

leaving their present one. 

If the multicast group change (leaving the old multicast group and joining the new one) happens only when the 

screen playout of the new virtual view is due, there will be an interruption in the FVV experience, since the lately 

requested camera view stream will not be received on time to synthetize the new view. Therefore, our aim was to 

propose a viewpoint prediction based solution for camera stream handoffs to minimize the probability of the 

synthesis process starvation. 

To prevent the user’s viewpoint rendering algorithm from starvation, the multicast group join message must be sent 

in time in order to provide all camera streams that may be requested in the near future. The join message must be 

sent when the viewpoint coordinates reach a predefined threshold coordinate value. While the viewpoint of the client 

is within the threshold zone, it will become a member of three multicast groups (e.g., blue, green and yellow), as 

illustrated in Fig. 4. When the viewpoint coordinates leave the threshold zone, the client should receive only the two 

required camera streams. 
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Figure 4. Multicast group join thresholds 

 

An optimization goal can be to keep the threshold area as narrow as possible to reduce the number of multicast 

group memberships, so that the overall network traffic is reduced, but keep it wide enough to avoid playout 

interruption during viewpoint changes. In order to find the optimal threshold values, the multicast groups join 

latency and viewpoint movement features must be considered. Different algorithms can be used for viewpoint 

estimation such as linear regression or Kalman-filter [7]. To determinate the threshold values and the zone width (Z) 

of the viewpoint coordinates that trigger the multicast join and leave processes, the required time duration (TD) from 

sending a multicast join message to receiving the first I-frame of the camera stream and the estimated viewpoint 

velocity (v) are used.  

 
D

Z v T   (3) 

Controlled threshold zone setup can minimize the starvation effect. The comparison of viewpoint velocity values 

and the caused starvation ratios are presented in Fig. 5. 

 

 
Figure 5. Starvation ratio in case of different velocity values and threshold zone sizes 

 

According to the obtained results, setting the threshold zone too narrow can make the starvation ratio reach to as 

much as 57%, which renders the FVV service unacceptable. However, using adaptive threshold size can make the 

synthesizer algorithm get the camera views in time in more than 95% of the cases. 

 

5. Conclusions 

Both stream delivery and viewpoint generation are resource hungry processes leading to scalability issues in a 

complex network with a large number of users. The delivery of high bitrate camera views and depth images required 
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for viewpoint synthesis can overload the network without multicast streaming, while at the same time, late multicast 

group join messages may lead to the starvation of the FVV synthesis process. Distributed viewpoint synthesis 

approach and prediction based multicast group management schemes can offer scalable solutions for new FVV 

services and hopefully it can become a popular interactive multimedia service of the near future. 
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1. Introduction 

Traditional acquisition systems record the scene from only one point of view while free-viewpoint television (FTV) 

or free-viewpoint video (FVV) allows the rendering of a complete representation of the scene. To this aim, it is 

necessary to use several input cameras, ideally as many as the possible viewing positions of the user.  Due to the 

complexity and cost of such camera set up, a tractable approach consists in acquiring or transmitting only few 

viewpoints, while intermediate or missing points can be obtained by view interpolation. This is possible thanks to 

view synthesis techniques that exploit the geometric information of a scene, available for example in MVD (Multi-

view Video plus Depth) sequences. 

FTV is an important step towards interactivity since observers can freely change their point of view while exploring 

the scene. Such capability comes with new technological constraints that must be assessed not only in terms of 

perceived quality, but especially from the Quality of Experience (QoE) point of view [1]. In fact, FTV brings new 

issues in QoE assessment, due to the variety of use cases in which this technique can be employed. Furthermore, the 

free navigation capability is a completely new task in which user experience and QoE assessment methodology have 

both to be investigated, revisiting traditional approaches. 

In the following, an overview of the artefacts caused by virtual views generation, together with some options for 

content exploration are presented. Then, the state of the art on testing protocols and objective quality metrics to 

assess the quality of rendered FTV views is presented. Finally, we describe available datasets that could support the 

activities of further objective quality measures development.  

 

2. Navigation and FTV: generating new perceptual artefacts 

As previously mentioned, one of the greatest challenges in FTV is to provide to the viewers the capability of 

exploring a scene by freely changing point of view (available or synthesized), as they would normally do in real life. 

Unfortunately, the process of new viewpoints creation, introduces several artefacts. In particular, it introduces new 

types of distortion compared to the usual ones considered by the quality assessment community. These are caused 

mainly by the view synthesis process that can be even emphasized when combined with some artefacts due for 

example to coding texture and\or depth information of the reference views [2][3][4].  
Among them, we can mention flickering, geometry and depth distortions, presence of blurry regions, object shifting, 

and warping distortions [5]. 

Beside the need of properly addressing the artefacts generated by view synthesis, the interactivity allowed by the 

FTV framework poses new challenges in understanding the impact of these impairments on the experience of 

navigation. 

 
Figure 1. Example of different ways of navigating the FTV content. 

 

Let us consider the simple case depicted in Figure 1. Two original views (Cam 1 and Cam 2) are considered and 
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from these, three new viewpoints are synthesized. 

In this scenario, the user can navigate through the scene by changing viewpoint in several ways: for example, it is 

possible to fix a time tn and explore the scene at that specific time, or to navigate through time and views. Changing 

viewpoint provides an experience equivalent to the exploration of the real 3D scene from several viewpoints. It 

corresponds at looking at different video streams (recorded and synthesized) inducing not only DIBR related 

artefacts (i.e., occlusions, incorrect matting) but also non smoothness of the transition among viewpoints in time (i.e., 

flickering).  This changing viewpoint possibility leads to different ways of content fruition and different user 

experiences thus posing new hard challenges on subjective and objective quality assessment. 

 

3. Towards new protocols to test the effect of coding/transmission and rendering technology on quality of 

Navigation  

The characteristic of good protocols for assessing the quality of media with observers is to obtain reliable and 

reproducible results. This implies that, to derive MOS (Mean Opinion Score), similar experiments are conducted in 

well controlled conditions with several observers. This approach is by nature not fully compatible with free 

interactivity. In fact, in FTV each user can change point of view and everyone has a personalized fruition of the 

content. Therefore, each user evaluates a different test set and the collected opinion scores are not comparable. 

Nevertheless, an interesting intermediate step relies on assessing the quality of single rendered view (image or video 

content) without allowing switching conditions between views. Focusing only on the presence of DIBR-specific 

artefacts, the design of methodologies must consider a specific use case [6] to define the suitable requirements such 

as viewing conditions, characteristics of the source signals, test methods, number of subjects, test duration, and 

definition of techniques to be used to analyze the test results. A first analysis has investigated the reliability of 2D 

subjective protocols for assessing the quality of synthesized views [7]. The results of the experimental tests show 

that ACR-HR (Absolute Category Rating with Hidden Reference) and PC (Pair Comparison) [8] are valid 

methodologies for comparing the effect of various synthesis algorithms on quality when considering a sufficient 

number of observers. 

A protocol for evaluating the impact of different algorithms for depth map coding for new viewpoints generation has 

been proposed in [9]. This represents a first step towards being able to deal with specific characteristics of the FTV 

content such as the presence of jitter while switching views or the consistency of synthesis artefacts along views. 

To meet consolidated requirements such as reproducibility, representativeness, and consistency between observers, 

the idea is to constrain the scenario of interactivity while stressing the most plausible artefacts that interactivity may 

bring. To cope with these requirements, a predefined trajectory through time and views is defined so that the users 

can explore the scene from multiple viewpoints but on a fixed path (as in Figure 1). Videos reflecting a possible path 

in an interactive context can then be generated. In this way, all subjects/observers evaluate the same test set and 

usual MOS can be easily obtained.  

Consequently, this protocol offers to test the effects of distortions caused by view switching that are typically 

observed in the free interactivity scenario. Nevertheless, this approach does not allow addressing other aspects of 

QoE such as responsiveness of a system to user expectation. This could be done through extensive user studies but 

for other aspects of the QoE of the system under test. Note also that in [9], trajectories are generated at a freezing 

time, i.e., switching between different views acquired at the same time. An interesting study could consider 

navigation in both time and view directions. 

 

4. Objective measures of quality of navigation: not yet there 

Derive reliable objective measures of the image quality produced by FTV systems are highly desirable for efficient 

technological optimization or benchmarking. Those measures, in order to be effective, should be able to account for 

the peculiarities of the FTV content. This means that, for understanding the features that impact on the perceived 

quality, all the steps of the FTV chain, from acquisition\creation to rendering, should be taken into account. In fact, 

the first problems can occur in the acquisition step where the synchronization and the calibration of the cameras 

need to be taken into account. After acquisition, the 3D scene representation can cause artefacts due to limited 

information on the 3D scene geometry but also due to problems related to the reconstruction of shapes and textures 

(i.e., inconsistent silhouettes due to wrong camera calibrations, color inconsistency across views). Beside this, as 

mentioned earlier, the synthesis process can introduce distortions due to mismatching textures and the presence of 

occlusions. Preliminary studies, without considering view switching, analyzed the possibility of using 2D full 

reference Image Quality Metrics/measures, IQM, such as PSNR and SSIM, included in MeTriX MuX [10]. As 

expected, these metrics are not able to predict the MOS (correlation coefficient lower than 0.18) due to their limits in 

addressing the specific artefacts created by the view synthesis process [11]. Those results suggest the definition of 

specific guidelines [11] to be used in the design of new quality metrics for 3D synthesized view assessment. Based 
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Table 1. Main characteristics of available datasets. 

 

on the analysis of the performances of twelve IQMs, the authors propose some improvements for the design of new 

quality metrics. In particular, they suggest that a key factor to be considered is the location of the distortions created 

by the synthesis process along contours. A first attempt to apply these findings to SSIM reveals an increase in the 

correlation with the MOS from 0.18 to 0.84 if the consistency of the contours shift is considered, and from 0.18 to 

0.78 when the amount of distorted pixels is included in quality assessment.    

 

Some work towards the definition of metrics showing higher correlation with MOS has recently been done in  

[4][13][14][15][16]. These metrics are characterized by a common approach and they deal with synthesis-related 

artefacts even if in different domains. They rely on the fact that the synthesized views present a non-natural feeling 

due to the presence of non-regular geometrical distortions, especially perceivable along the edges. All these metrics 

show an increased PCC with MOS that is lower than 0.8 for all metrics except for [14] for which PCC can reach 0.9.  

The quality of single rendered views can then be reliably assessed with objective measures. Nevertheless, switching 

among views implied by interactivity is still to be considered. In [17] the correlation between the Differential Mean 

Opinion Score (DMOS) and the values predicted by the usual quality measures is analyzed on the data obtained in 

[9]. The achieved results show that none of the considered 2D IQMs is able to reliably predict the MOS (PCC lower 

than 0.26) even if the correlation increases of 3% when content characteristics are taken into account. Up to now, no 

better objective measures have been proposed. In this case, inconsistencies among views, generating unnatural 

geometric flicker along time and views, must be considered leaving large space for improvements.  

 

5. Datasets to follow up 

The subjective and objective quality assessment processes require the availability of suitable stimuli.  

Currently, the community made available few datasets to push this effort forward and summarizes their 

characteristics. Among these, two include still images while the other five contain video sequences. As detailed in 

Table 1, the main aspects that have been addressed are the artefacts caused by the application of different DIBR 

algorithms and the ones that are produced by texture and\or depth map coding. These characteristics are suited to 

address a real scenario in which there is the need of creating new viewpoints from available data. On the other hand, 

in [23], the authors present a video dataset recorded through a dense set of RGB and IR video cameras. In this case, 

no view synthesis is performed and no coding artefacts are considered. The videos are available for download and 

can be used for experiencing free navigation at high quality. From the analysis performed we can conclude that 

datasets are yet far from covering all the recent progresses and the possible artefacts that can be encountered in full 

interactive systems and new efforts need to be devoted to content creation. An immediate requirement relies in the 

assessment of view switching condition along time. Among the available datasets, the one most approaching view 

switching fluidity is provided in [22], but it relies on a time freeze condition which is letting aside the combination 

of both temporal and synthesis artefacts. The availability of a dataset able to address navigability from lag point of 

view is also extremely desirable. 

 

6. Conclusions 

In this paper, the new challenges of quality assessment in the FTV framework have been presented. The creation of 

FTV content and its navigation open new issues that need to be addressed for properly defining testing 

Database Characteristics 
Subjective 

score 

Testing 

methodology 
On line 

DIBR Images 
96 images, 3 MVD video sequences, 7 DIBR 

algorithms, 4 new viewpoints 
yes ACR-HR, PC yes [18] 

MCL 3D Database 

693 stereoscopic image pairs, 9 MVD sequences, 

one DIBR algorithm, distortions on texture and 

depth 

yes PC yes [19] 

DIBR Videos 
102 video sequences, 3 MVD video sequences, 7 

DIBR algorithms, 4 new viewpoints 
yes ACR-HR yes [20] 

SIAT Synthesized Video 

Quality Database 

140 video sequences, 10 MVD sequences, 14 

texture/depth quantization combinations 
yes ACR-HR yes [21] 

Free-Viewpoint 

synthesized videos 

264 video sequences, 6 MVD sequences, 7 depth 

map codecs 
yes ACR-HR yes [22] 

High-Quality Streamable 

Free-Viewpoint Video 

5 videos recorded through a dense set of RGB and 

IR video cameras 
no - yes [23] 

Tanimoto FTV test 

sequences 
7 video sequences (5 still camera, 2 moving camera) no - yes [24] 
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methodologies and objective quality metrics. While promising approaches have been proposed on the front of 

subjective assessment, there is still some room for further investigation of the interactive scenarios, exploring 

noticeably more trajectories in the multi view/time space. Concerning objective measures, good tools are available 

for consistent evaluation of a single rendered view (still image or video). It is of course one little part of the whole as 

there is not yet satisfying objective measure for tackling the in-between views navigation case. Hopefully, existing 

datasets can be used to address this challenge which is noticeably under consideration in groups like VQEG 

Immersive Media Group (IMG) and IEEE P3333.1. 
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1. Introduction 

Viewers tend to focus into specific Regions of Interest (RoI) in an image, driven by the task or the low level 

information of the image/video. Therefore, visual attention is one of the major aspects to understand the overall 

Quality of Experience (QoE), user perception and interaction. For instance, visual attention cues can be used in 

spatial navigation (as one of the most prominent FTV scenarios). This letter investigates how 3D visual attention can 

be used for better interaction, quality assessment and processing of 3D image/video. Furthermore, open challenges 

in integrating visual attention for 3D interaction is also discussed. 

 Our eye vision represents an important channel for perceiving our environment. In addition, our gaze 

direction can convey what we currently attend to, for instance, looking at somebody while addressing this person in 

a conversation. Eye tracking experiments are widely employed to investigate user eye gaze positions during 

consumption of visual information. The collected eye movement data are then post-processed to obtain Fixation 

Density Maps (FDM) or saliency maps. Visual attention models have emerged in the recent past to predict user 

attention in image, video and 3D video [1-3]. These attention models predict user eye movements based on low level 

image features such as spatial frequency, edge information, etc. Visual attention models can therefore be used in 

image processing applications (e.g. post processing, image quality evaluation, image retargeting) to improve the 

interactivity and engagement with the multimedia content and the task being considered. However, the usage of 

these models in quality assessment/improvement and improved interaction has not been thoroughly investigated up 

to date. 

 There are two major approaches to analyze user visual attention, namely: free viewing task (i.e., bottom-up 

approach) and task oriented (top-bottom approach). The former approach is driven by low level image features such 

as spatial and temporal frequencies. The top-bottom approach is driven by the task (e.g., target identification in 

shooting games). Several other factors influence visual attention such as sociocultural background, context, duration, 

etc. 

 The attention of users during 3D viewing can be influenced by several factors including spatial/temporal 

frequencies (as in the 2D visual attention described above), depth cues, conflicting depth cues, etc. A comprehensive 

analysis of visual attention in 3D, and of the weaknesses of existing models and their usage is discussed in [4]. The 

studies on visual attention in 2D/3D images found out that the behaviors of viewers during 2D viewing and 3D 

viewing are not always identical. For instance, the study in [5] for 2D/3D images has shown that added depth 

information increases the number of fixations, eye movement throughout the image and shorter and faster saccades. 

This observation is also complemented by the investigation carried out by Hakkinen et al. [6], which showed that 

eye movement during 3D viewing is more distributed. In contrast to these observations, in [7] Ramasamy et al. 

found out that the spread of fixation points are more confined in 3D viewing than in 2D viewing. These observations 

have direct influences in how we perceive 3D video. Therefore, effective 3D video interaction, quality evaluation 

and QoE enhancement schemes could be designed based on these observations. The proposed image processing 

methods in the literature exploit these visual attention models for better interaction, 3D QoE evaluation and 

processing. 

 Modeling visual attention in 2D viewing is mainly driven by spatial and temporal frequencies of the image 

as suggested by various studies [8][9]. However, for 3D images/video, depth cues need to be added to the existing 

image features in order to generate a robust 3D saliency map. Most of the reported 3D visual attention models in the 

literature [10][11] are therefore based on scene depth information in addition to motion and spatial characteristics. 

3D visual attention models can be divided into two main categories, as shown below: 

 

 Depth weighted 3D saliency model (see Figure l); 

 Depth saliency based 3D saliency model (see Figure 2). 

 

 The depth weighted model weighs the generated 2D saliency model based on the depth information in 

order to obtain the 3D visual saliency map. The second method generates two visual saliency maps: the first one for 

2D image information and the second one for the corresponding depth map of the scene (see Figure 2). Then both 

saliency maps are combined into one 3D saliency map based on the selected weights as described in (1). For 

instance, the 3D saliency based model described in [1], considers both current image information and prior 
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knowledge. However, this 3D saliency model does not take into account the temporal activity of the scene. 

 

SM3D = W1 x SMDepth  + W2 x SM2D   (1) 

 

where WI and W2 are weights assigned for the depth saliency model (i.e., SMDepth) and 2D saliency model (i.e., 

SM2D) respectively. 

 
Figure 1. Depth weighted 3D saliency model 

 

 
Figure 2. Depth saliency based 3D saliency model. 

 

 In this paper, we discuss how we could exploit 3D visual attention to interact, measure and improve 3D 

QoE. The following sections elaborate how we could exploit 3D visual attention models for better interaction 

(Section 2), to measure QoE (Section 3) and to improve 3D video perception in general (Section 4 ). Section 5 

concludes the paper.  

 

2. Visual attention driven 3D interaction 

Visual attention has been widely studied in psychology and cognitive science research. The understanding of visual 

attention immensely helps application developers to process and render 3D content in order to maximize the utility 

or experience. For instance, non-gamers may not perform well in 3D game environments, or they do not pick up an 

important item because they don’t notice it. Visual attention research results can be used to inform designers on how 

to compose colors and placements of objects to stimulate attention and eliminate these problems. In addition to 

gaming there are other applications where visual attention can improve the engagement and interactivity. An 

example is sub-title and logo placement in 3D video services [21]. In order to be noticed, those should be in the right 

depth location. Otherwise, users won’t be able to experience the content to the maximum satisfaction. Moreover, 

some users may attend to the objects with positive parallax whereas other users may prefer objects with negative 

parallax. Therefore, when rendering or capturing 3D content, attention should be paid to what users may focus on 

during the viewing. Furthermore, if user attention can be predicted, system resources can be optimized by 

anticipating the delivery of novel views for rendering. For instance, in the framework of free viewpoint video, if the 

visual attention can predict the next possible view by analyzing user gaze, the system can pre-download or render 

the next possible view in advance. Therefore this allows resource optimization while providing the best user QoE. 

The eye tracking is considered as one of the main supporting technologies to realize spatial navigation in FVV. Data 

visualization in Big Data applications can also benefit from visual attention details [22], e.g., finding out at what 

depth level each data point should be placed in order to attract more attention from the users.  
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2.1 3D User Interfaces (3D-UIs) 

Another important application of visual attention is 3D virtual interfaces. The effectiveness of interaction with 3D 

interfaces can be improved by integrating gaze input [23-25]. For instance, gaze information can be used to provide 

an immersive experience with 3D virtual environments (e.g. 3D gaming, virtual interactive training, scientific 3D 

visualizations, as well as social networking environments (e.g., Second Life)).  

 Eye tracking can be employed to find user gaze information for such applications. This information 

together with traditional inputs such as mouse input can be used to improve the user interaction in 3D virtual 

environments. There are two advantages of using eye tracking in 3D-UIs. First, eye tracking can be used to study 

how users interact with 3D virtual environments. On the other hand, eye tracking can be used to provide an 

additional input to directly interact with the 3D environment. One of the constraints for the development of gaze-

based interaction techniques is the lack of low-cost, reliable, and convenient eye trackers. However, in the recent 

past, eye tracking devices have become more affordable. In addition, the systems develop into more lightweight and 

more comfortable setups, which include long range eye tracking systems (e.g., [26-28]). This provides a great 

potential for the integration of gaze input in a professional or even everyday 3D application context. 

 The availability of affordable and user friendly eye tracking technologies has enabled gaze incorporated 

interaction in various user contexts. Especially the gaze input together with the other input modalities has 

demonstrated the highest potential [29-31]. For instance, Figure 3 illustrates a combination of gaze input with a 

handheld to interact with virtual 3D scenes shown on a distant display may provide a natural and yet efficient 

interaction. 

 
Figure 3. Gaze-supported steering and selection in virtual 3D environments (e.g., [31]). 

 

3. Visual attention driven 3D quality assessment  

There are still unanswered questions such as whether quality assessment is analogous to attentional quality 

assessment and also how we could integrate attention mechanisms into the design of QoE assessment methodologies. 

2D image/video quality assessment presented in [12], investigated the impact of different RoIs in image quality 

evaluation. However, a thorough study has not yet been conducted to identify the relationship between 3D 

image/video attention models and 3D image/video quality evaluation. The COST action presentation in [13] 

identifies three main approaches to integrate visual attention into image/video quality evaluation (see Figure 4, 5 and 

6). Similar to the integrated model described in Figure 6, attentive areas identified by visual attention studies can be 

utilized to extract image features which can be used to design No-Reference (NR) and Reduced-Reference (RR) 

quality metrics for real-time 3D video application. The use of extracted features to design RR 3D image/video 

quality metrics has been undertaken in previous research [14-17]. Furthermore, the use of 3D visual saliency 

information could be used to further reduce the amount of side-information for real-time quality evaluation. 

 

 
Figure 4. Direct combination [13]. 
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Figure 5. Divided integration [13]. 

 

 
Figure 6. Integrated combination [13]. 

 

4. Visual attention driven 3D video processing 

Since visual attention models can predict the highly attentive areas of an image or video, these can be integrated into 

video coding at the source-end. The proposed RoI based encoding methods for 2D/3D video has shown improved 

quality at a given bitrate compared to conventional encoding methods [18][19]. For instance the RoI based encoding 

method proposed and evaluated in [19] shows that by protecting combined edges of color plus depth based 3D video, 

the overall quality of the rendered views can be improved. This study also incorporates an Unequal Error Protection 

(UEP) mechanism to protect different image regions. However, only a few visual attention based RoI encoding 

methods have been reported for 3D video applications to date. For instance, the work described in [32] utilizes 3D 

visual attention information to encode and provide unequal error protection for 3D video transmission over 

unreliable channels. Figure 7 graphically illustrates the identification of attentive areas in [32]. 

 
(a) The original left image;  (b) corresponding depth map 

 
(c) Saliency map based on the left image; (d) Depth saliency map 

 
(e), Combined 3D saliency map (binary); (f) Identified saliency area 

Figure 7. Sample image from the Barrier HD 3D sequence [20][32] 
 

5. Conclusion 

In this paper we discuss the usage of 3D visual attention for better interaction, quality evaluation and processing. 

Moreover, the use of visual attention or gaze as a supported input to interact with 3D virtual environments is also 

elaborated. The integration of visual attention models in 3D quality evaluation and processing applications is also 

conversed with insights into the future research directions. 
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Figure 1. An overview of the RE@CT production pipeline. Data is acquired in a multiple camera studio, 4D 

reconstruction is performed enforcing a common mesh structure over all reconstructed frames which allows efficient 

real-time character animation and rendering. 

1. The RE@CT Project 

The RE@CT project introduced a new production methodology to create film quality interactive characters from 

markerless video-based capture of actor performance. Advances in graphics hardware have produced interactive 

video games with photo-realistic scenes. However, interactive characters still lack the visual appeal and subtle 

details of the real actor performance as captured in video. In addition, existing production pipelines for authoring 

animated characters are highly labor intensive. 

 

The RE@CT project revolutionized the production of realistic characters and significantly reduced costs by 

developing an automated process to extract and represent animated characters from actor performance captured in a 

multiple camera studio. The key innovations in RE@CT are the analysis and representation of 4D video to allow 

reuse for real-time interactive animation. This enables efficient authoring of interactive characters with video quality 

appearance and motion. 

 

RE@CT brought together world-leading researchers from academic and industrial institutions through the European 

Union’s seventh framework programme. Institutions based in France, Germany and UK included Artefacto, the 

British Broadcasting Corporation (BBC) R&D, Fraunhofer Heinrich Hertz Institute (HHI), Inria Rhône-Alpes 

Grenoble, Oxford Metrics Group (OMG) Vicon, and the Centre for Vision, Speech and Signal Processing (CVSSP) 

at the University of Surrey. 

Some example use cases of the RE@CT system are: (i) Production of video-realistic characters based on real actor 

performance and appearance for use in games, broadcast and film without the requirement of extensive artist time; 

(ii) cost effective production of interactive 3D content for teaching, training and social media available on a variety 

of platforms [2]; (iii) future use in sports to enhance broadcast visualization and analysis.  

 

This paper gives an overview of technologies that were developed as part of the RE@CT project with a particular 

focus on efficient real-time video-based character animation. 

2. The RE@CT Production Pipeline 

This section presents an overview of the RE@CT production pipeline from data acquisition and 4D reconstruction to 

real-time character animation and rendering, as outlined in Figure 1. 
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2.1. Data Acquisition  

The RE@CT capture studio is fitted with up to 15 static fixed-focus cameras evenly positioned around the studio to 

give full 360 degree coverage of a subject. Synchronized, full HD resolution video streams are captured at 

conventional frame rates. Cameras are located approximately 2.5 meters above the ground to give an effective 

capture volume of 3x3x2.5 meters.  

 

A novel LED wand based calibration system was designed and developed to provide real-time feedback to a studio 

operator and ensure even sampling of the capture volume. Camera parameters are jointly optimized against the 

detected LED markers, which results in robust camera calibration.  

 

To aid background/foreground segmentation, the studio was fitted with retro-reflective Chroma cloth [13]. Blue 

LED light rings are placed around each camera lens illuminating the Chroma cloth background from the viewpoint 

of the capture cameras. This allows automatic extraction of clean foreground silhouettes.  

2.2. 4D Reconstruction 

An approximation of the underlying 3D geometry is first obtained via the visual hull, given by the intersection of the 

extracted silhouettes. The visual hull is refined using photometric features through multiple view stereo 

reconstruction techniques, see [11] for further details. This is performed on a frame-by-frame basis and results in an 

unstructured collection of 3D meshes with varying numbers of vertices and inconsistent mesh topology. This makes 

reuse of reconstructed data a challenging problem. 

 

To overcome this, RE@CT introduced several techniques to enforce a consistent mesh topology across all 

reconstructed frames [1, 3]. Figure 1 (center, bottom) demonstrates this by applying a patterned texture to the time 

varying meshes, notice that the pattern remains fixed to the 3D surface even in the presence of large non-rigid 

deformations. 

 

Allain et al developed a volumetric framework in which meshes are decomposed into discrete 3D volumes based on 

centroidal Voronoi tessellation. By conserving volume during deformations, the method is robust when tracking 

large deformations resulting from fast motions, see [1] for further details. Budd et al solve the problem in a non-

sequential non-rigid Laplacian deformation framework. Unstructured meshes were organized into a tree structure 

ordered in terms of shape similarity. This allows alignment across multiple sequences, which is important for data-

driven animation. Alignment is performed in a pairwise fashion between parent and child tree nodes using the mesh 

at the tree root node as a template. This reduces the total accumulated error when compared to sequential 

frameworks, see [3] for further details. 

 

This process results in a database of character motions that share a common mesh topology. The combination of a 

temporally consistent mesh sequence and the captured camera frames is referred to as 4D video. This structured data 

is the primary input for character animation and rendering techniques. During a capture session, typical game 

character motions are captured including walk/jog/run cycles and vertical and horizontal jumps of various lengths 

and heights. 

2.3. Character Animation and Rendering 

The RE@CT project introduced several innovations in the area of character animation and rendering which are 

described in the following sections. 

2.3.1. Multiple Layer Texture Representation 

The multiple camera capture process inherently produces huge amounts of data, which is prohibitive to the practical 

application of 4D video. A significant bottleneck with view-dependent rendering approaches, e.g. [12], is that they 

require access to the captured frames at render-time. This is bandwidth and memory intensive and restricts rendering 

techniques to high performance computers. 

 

To address this problem, the Multiple Layer Texture Representation (MLTR) was developed to reduce the storage 

requirements of the captured video while improving the efficiency of view-dependent rendering. The MLTR 

resamples the multiple camera images at each time instance into a hierarchal set of texture maps, Figure 2 (top row), 

which gives a storage reduction of >90% compared to the original captured data. Also encoded into the MLTR is the 
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camera assignment, Figure 2 (bottom row), which identifies the camera from which the texture was sampled. View-

dependent rendering is made computationally efficient by pre-computing computationally expensive operations in 

the render cycle, e.g. depth testing, leaving only a minimal amount of texture blending to be performed at runtime 

based on the virtual viewpoint. This allows view-dependent rendering to be performed efficiently in a WebGL 

environment and on mobile devices [9]. 

 

 
 

 
 

Figure 2. MLTR for a single multiple camera frame. Appearance data (top row) is ordered by visibility therefore the 

most visible polygons are resampled into the first layer in descending order (L-R). Camera assignment of each 

polygon in every layer is also encoded into the MLTR (bottom row). 

 

The spatial/temporal sampling from the multiple view image sequence is also optimized to encourage further 

redundancy in the MLTR data [14]. This process results in a further reduction of storage requirements by >95% 

compared to the captured data, see [14] for further details. 

2.3.2. 4D Parametric Motion Graphs 

Given a 4D motion database, a graph-like structure referred to as 4D Parametric Motion Graph [6] was introduced to 

synthesize novel animations, see Figure 3. Inter- and intra-transition points are identified to allow seamless blending 

and interpolation between captured motions. 

 
Figure 3. Parametric motion graph [8]. 

 

Semantically related motions, e.g. walk/jog, low/high jump, short/long jump, were group together creating the graph 

nodes. Intermediate motion can be obtained by interpolating corresponding vertex positions between two related 

frames, shown in Figure 4. Often this parameterization can take semantic meaning, e.g. walking speed or length of a 

jump. Transitions between nodes, which form the edges of the graph, were found by finding similar pose and model 

appearance across nodes, which enables seamless transitions between parametric motions. Figure 5 shows an 

example animation of the RE@CT infantry character in a game environment, smoothly transitioning between the 

captured motions. 
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Figure 4. Geometry blending from walk (green) to jog motion (yellow) (L-R) with intermediate colors representing 

the blending weight [6]. 

 

Methods were also developed to extend the range of captured motions by bridging the gap between 4D video data 

and skeletal motion capture databases [8]. This work allows 4D video based animation to be driven by skeletal 

motion capture queries and allows 4D video data to leverage the diverse range of skeletal motion capture data, see 

[8] for more details. 

 

The presented character animation techniques were adapted to run in a WebGL environment [15], which allows 

online delivery of interactive characters. This paves the way for realistic web-based content derived from 4D video. 

See [15] for further details and [2, 16] for interactive demonstrations of this work. 

 
Figure 5. RE@CT infantry character animation [4]. 

2.3.3. 4D Video Textures 

Whilst geometry can be interpolated to produce an intermediate motion, the same approach cannot simply be applied 

to texture the model, as this results in visual artefacts.  4D Video Textures (4DVT) [4] used optical flow 

correspondence to make local corrections at run-time based on the virtual viewpoint to prevent visual artefacts 

occurring. The key idea behind the approach is to projectively texture the intermediate geometry using the selected 

frames from two related motions; optical flow is then computed between these rendered images and the resulting 

optical flow vectors are interpolated based on desired blending weight, Figure 6, see [4] for further details. 

 

 
(a) (b) 

 
(c) (d) (e) 

Figure 6. 4D Video Textures. (a,b) Textured walk and jog motions; (c) linear interpolation of geometry and 

appearance resulting in ghosting artefacts; (d) optical flow correspondence between walk and jog when texturing 

interpolated geometry; (e) interpolated geometry and texture with optical flow correction [4]. 
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To overcome the computationally expensive rendering pipeline of 4DVT, 4D Model Flow [5] pre-computes the 

optical flow correspondence offline between related frame pairs. These are loaded at render-time and utilized in the 

same way as in 4DVT. This requires additional memory and storage overheads, but is able to achieve comparable 

visual results at significantly higher frame rates. 

3. Conclusions 
This paper has presented an overview of selected innovations developed over the course of the RE@CT project. Full 

details about the RE@CT project can be found on the project webpage [10].  Datasets captured during RE@CT are 

made available to the research community for further study. These can be obtained from the CVSSP dataset 

repository [7]. 
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. Introduction 

If you visited a rock concert recently, or any other event that attracts crowds, you probably recognized how many 

people are taking videos of the scenario, using their mobile phone cameras. The aim of SceneNet is to use the power 

of crowd sourcing and to combine individual videos from multiple viewpoints of the same scene to create a 3D 

video experience that can be shared via social networks. A typical SceneNet scenario can be a rock concert, a sports 

event, a wedding ceremony, breaking news events and any other multiple mobile users’ crowded event. 

 
Figure 1. The SceneNet pipeline 

 

The SceneNet pipeline (Figure 1) starts at the mobile devices where the video streams are acquired, pre-processed 

and transmitted along with a tagging identity to the server. At the server, the various video streams are registered 

and synchronized and then submitted to 3D reconstruction to generate a multi-view video scene that can be edited 

and shared by the users. The main achievement of SceneNet is the ability to demonstrate the entire pipeline for 

dynamic scenes. In the rest of this paper we will describe the main components of the SceneNet pipeline and some 

examples of the entire SceneNet flow.  

2. Creating the Mobile Infrastructure 

We aimed to develop the infrastructure on the cellular device for the acquisition, processing and transmission of the 

video streams to the server. An Android application was developed for capturing video streams from the device 

camera, pre-processing, compressing and uploading them to the server. The device tagging software collects all the 

device sensors data: location, altitude, rotation, device unique ID, IP address, device name, battery status 

information and camera parameters such as focal length. This data is encoded as an XML document and transmitted 

to the server. 

One of the expected bottlenecks within the context of the SceneNet pipeline is the transfer of data between the 

mobile platforms and the server. In order to generate a good 3D reconstruction not all available data is required. A 

high quality data with reasonable redundancy is sufficient, as long as we have enough information on the scene from 

various angles.  

The Compact Coding Scheme (CCS) we developed defines the flow of the data in a way that minimizes the required 

bandwidth of the cellular network, allowing the required data to reach the SceneNet servers and eliminating data 

which is not needed or wanted. The CCS is composed of video quality estimation and input stream selection 

algorithms.  

Nevertheless, the 3D reconstruction is a computationally intensive task. The computation can be further reduced by 

reconstructing only objects of interest in the scene or using as input only those videos that contain specific people or 

objects. In this kind of a content aware 3D reconstruction, object detection technology can be applied on the input 

videos, and only objects of interest detected in the 2D images, will be processed and reconstructed into 3D scenes. 

Doing this directly on the mobile devices has the advantages of possibly sparing the need to upload the videos. The 

state of the art today in object detection is Deep Learning (DL). Applying DL techniques in SceneNet involves a 

compute challenge: DL networks usually run on high end GPUs that reside on servers. Thus, deploying a DL 
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network on a mobile device equipped with a much smaller compute power presents a major challenge.  We have 

used state of the art DL networks applied YOLO1, a recent “thin” network, on Nvidia’s Tegra X1.    

3. Spatial Calibration 

An algorithm was developed for estimating the camera location in an efficient way that is robust to noise and outliers. 

The main novelty of the proposed method is using the device's rotation matrix obtained through the operating system 

API. The relative motion, i.e., the rigid rotation and translation, between any two cameras or two images taken at 

different times, is encapsulated in a 3x3 real matrix known as the fundamental matrix. The fundamental matrix can be 

estimated from a set of corresponding points between the two images. Corresponding points are obtained by image 

feature matching which was implemented on the mobile device. The algorithm developed has been extensively tested. 

In all the experiments the developed algorithm outperformed state-of-the-art techniques with large margin, in both 

accuracy and efficiency. A comparative experiment was conducted, where the calibration algorithm developed was 

compared to the state-of-the algorithm of Dalalyan and Keriven2. In this experiment, both implementations (Dalalyan 

et al Matlab code is available on-line) were run on the same dataset, feature points and rotation matrices3. The results 

on two datasets, Fountain-P114 and HerzJesu-P255 are reported in Table 1. The accuracy of the calibration is 

measured as the normalized distance between the estimated camera locations and the ground-truth values. As can be 

seen, while the accuracy of the results of both algorithms is comparable on the Fountain-P11, the efficiency of our 

algorithm is much better. On the MathcesHerzJesuP25 dataset, the results of the algorithm developed in this work 

outperform the other algorithm both in accuracy and in efficiency. 

Table 1. Spatial calibration experimental results. 

Fountain-P11 dataset: 

Algorithm implemented Accuracy time(sec) 

SceneNet 3-pt alg. 0.000128 15.3 

Dalalyan & Keriven 0.000342 265.0 

MathcesHerzJesuP25  

 Accuracy time (sec) 

SceneNet 3-pt. alg. 0.000968 11.7 

Dalalyan & Keriven 0.040161 269.23 

The ability to interactively control the viewpoint, while watching a video, is an exciting application of SceneNet. In 

order to obtain a free viewpoint video we have developed an image interpolation algorithm to generate the non-

existing images of a virtual camera moving in a specific trajectory while viewing first a static scene, and then a 

dynamic scene. An example is illustrated in Figure 2, where two cameras are depicted with their given images and 

the missing image in the virtual camera (empty pyramid) needs to be estimated. We developed a geometry-based 

approach that uses, except from the available images, the 3D structure computed. 

 
Figure 2. Algorithm for synthesis images of a virtual camera located on an artificial trajectory (green line). 

We demonstrate the results of the novel-view synthesis with the Fountain-P11 dataset6. The virtual camera path that 

was defined is shown (in green) in Figure 2. Figure 3 shows two existing images and the novel synthesized image 

(the right image), and in addition, shows a close-up view of the fountain. More detailed description on the spatial 

calibration can be found in Egozi et al7.  
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Figure 3. The results of applying our novel-view synthesis algorithm on the Fountain-P11 dataset. The left and the middle 

images are part of the dataset, and the right image is a synthesis image on the green path that is illustrated in Figure 2. 

4. 3D Reconstruction and Display 

We developed the 3D reconstruction based on the patch-based Multi-View Stereo (MVS) algorithm. As 

demonstrated in8,9,10, patch-based MVS provides very accurate results without calibration and without relying on 

strong constraints. The pipeline for the 3D reconstruction is the following: first a dense set of multi-scale binary 

descriptors is computed for each frame and a pairwise matching is established (using epipolar based sampling and 

cross-validation). Then from these pairwise matches multiple independent point clouds are reconstructed, and finally 

the points are filtered using a global reprojection error minimization. The resulting point cloud is dense with respect 

to the image resolution, i.e. a pair of images of N pixels each will generate a point cloud of O(N) points. By design, 

the algorithm is highly parallelizable: description is parallelizable at the image level, pairwise matching at the pair 

level and at the pixel level and filtering at the point level. This results in a complexity governed by a set of a huge 

number of small tasks, which is ideal for GPU-accelerated computation. In Figure 4 we show the reconstruction 

result from two frames and in Figure 5 the reconstruction results from multiple frames.  

 
Figure 4. Reconstruction results from two frames. 
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Figure 5. Reconstruction results using all 11 frames. 

Point cloud denoising algorithms were developed for static and dynamic use cases. For the spatial denoising of a 

static point cloud, we construct a graph out of the point cloud by connecting each point to its closest neighbours. 

Then the graph structure is used to remove outliers coming from wrong matches at the image level. This degree 

filtering method removes points from the point cloud. Another algorithm that has been developed smooths out the 

noise in the position. Here points are moved rather than removed by solving a convex optimization problem. 

Dynamic point cloud denoising has also been tackled. The same outlier removal is used but for the smoothing step at 

a given frame, the graph is created not only from the point cloud at that frame, but we also connect points to the 

point clouds from adjacent times. This improves the noise removal because the additive white Gaussian noise 

averages out to zero over long time series. For the visualization task, work has been done on generating video 

frames from a point cloud. The approach taken is to exploit the nearest neighbors graph structure of the point cloud. 

A fully parallelizable algorithm has been developed to learn the underlying manifold given the graph (created from 

the point cloud). Then, for each pixel that needs to be generated ray tracing is used and thus the frame pixels are a 

sampling of the reconstructed manifold. 

A dynamic scene point cloud visualizer was developed. The point cloud video visualizer is a graphical user interface 

allowing the user to explore point cloud videos by controlling the movement of a virtual camera (Figure 6). 

 
Figure 6. A dynamic 3D scene visualizer developed along with the capability to select the view point of interest. 

A second visualizer developed in this project is a web-browser based dynamic point cloud visualization tool, which 

can be played on any remote computer or mobile device with internet connection. It is based on an open-source code 

for stereo 3D static point cloud visualization (threejs.org) and can play either a regular video or a stereo video, 

which can be used by Virtual Reality glasses to provide a real stereoscopic dynamic point cloud. 
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Figure 7. A dynamic point cloud shown on a desktop (single image on the left) and on a mobile device on the right (stereo 

rendering for virtual reality glasses). 

 

Figure 7 demonstrates a dynamic point cloud shown on a desktop (single image) and on a mobile device (stereo 

rendering for virtual reality glasses). More details on the 3D reconstruction can be found in our 3DTV paper11. 

 

5. Computational Acceleration 

The SceneNet pipeline involves an extremely compute intensive flow on both the mobile devices used for the 

acquisition and the server side for the registration, 3D reconstruction and visualization.  

The main activity on the server side was to migrate the most time consuming parts of the 3D reconstruction to GPU 

based platform and speedups of the building blocks of the algorithm are of 1-2 orders of magnitude. The whole 3D 

reconstruction process, running on 11  

input 3072 x 2048 images, utilizing the CPU, took above 2 minutes. The 3D reconstruction process, running on 11 

input 3072 x 2048 images, utilizing the K20Xm GPU, took about 8 seconds. In order to gain further acceleration we 

designed a scalable system: going from a CPU only system, to a CPU-GPU system, to a multi GPU system in a 

single computer and finally a distributed system with multiple multi GPU computers on the cloud.   

6. The SceneNet system 

The design of the SceneNet architecture is divided into two parts: (1) acquisition and processing, (2) distribution and 

visualization. The acquisition and processing design includes the acquisition on the mobile device through 

transmission to the backend server, to generation of the 4D model on the backend server. The distribution and 

visualization design includes the flow from existing 4D model to the visualization on many customers’ devices 

(mobile devices or PC's). The system developed allows a fully automatic flow of the SceneNet pipeline - acquisition, 

transmission, processing and visualization of a dynamic 3D scene generated from inputs from mobile devices. In 

Figure 8 we present the design of the SceneNet system for acquisition and processing.  

 

Figure 8: The SceneNet system for acquisition and processing. 
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The first version of the SceneNet system was a free hand acquisition system where several videos are taken around 

the object of interest for the 3D reconstruction of static scenes. The next stage involved generating a series of 3D 

models in time for static models, while the cameras position and orientation changes. The final challenge was to add 

time synchronization, to allow the reconstruction of dynamic scenes.  

Following are video clips generated to showcase the evolution of the SceneNet system: 

1. Moving camera with still object simulating still cameras and still objects can be seen in 

http://youtu.be/AOTYA1JiLu4.  

2. A demonstration of a dynamic scene with hand held cameras and moving actors can be seen in 

https://youtu.be/qjPYr4NTvtI.  

7. Conclusion 

In this paper we present the main results of the FP7 project SceneNet that merges several 2D video inputs into a 

unified 3D experience for static and dynamic scenes. In the scope of the research project we provided a proof of 

concept of the SceneNet system. The open challenges of the SceneNet project revolve around improving the 

calibration process, especially for dynamic scenes, further improving the visualization utility and acceleration of 

both the on device and server parts of the SceneNet pipeline.  
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It has been seen that a new mobile generation has appeared approximately every ten years since the first generation 

(1G) system. Since the 4G LTE systems were widely deployed recently, the attentions of both industrial and 

academic researchers have been drawn to the next generation, i.e., the 5th Generation (5G) network with much 

higher efficiency and lower latency, as well as new use cases such as internet of things (IoT). It is envisioned that 

the 5G network will be rolled out by 2020. However, reality bites and deploying the new network is costly. It is then 

a question whether the operators will have motivations to deploy 5G network in the next several years particularly 

when they have found that the currently deployed 4G network is underutilization. Some killer applications and 

services would be needed to generate new and/or additional revenues for the mobile operators so that it could make 

the operators hunger for the new network. One of the important services is the multimedia content over the mobile 

network that usually consumes large bandwidth. The purpose of this special issue is to bring some new and key 

enabling technologies in the areas of multimedia communication. 

 

This special issue features five invited articles to identify some interesting research issues and advances in 

multimedia communications over the future wireless and cellular network. These papers, although not many, cover  

a  wide  range  of  topics  on  Multimedia Communications in 5G Networks, which we hope to draw broad interests 

to the readers who research in different areas. 

 

The first article titled "Security Enhancement for Wireless Multimedia Communications by Fountain Code" by 

Qinghe Du, Li Sun, Houbing Song, and Pinyi Ren presents an overview on the fountain codes with its diverse 

applications to the security enhancement for the multimedia delivery over wireless channels. In particular, the article 

introduced recent research outputs on the fountain-code based wireless security enhancing approaches, with some 

discussions on dynamic code construction, power control, cross-layer cooperative jamming, and content-aware data 

delivery. In the end, the authors also summarize some unsolved issues and open problems on the fountain codes for 

secure transmission.  

 

In the second paper "SDN based QoS Adaptive Multimedia Mechanisms and IPTV in LayBack" by Akhilesh 

Thyagaturu, Longhao Zou, Gabriel-Miro Muntean, and Martin Reisslein, an innovative Software Defined 

Networking (SDN)-based QoS adaptive mechanism is presented for unicast transmissions and a flow duplication 

method is proposed for IPTV multimedia multicast transmissions within the context of the LayBack (a layered 

backhaul) architecture. The proposed two-level QoS adaptive mechanisms for unicast enables an SDN-based 

network reconfiguration of the backhaul to accommodate the changes in the heterogeneous wireless links and the 

multitude of device capabilities. The proposed flow duplication method for IPTV multicast transmission eliminates 

the need for complex protocols in conventional multicast networking thus simplifies the distribution of multimedia 

content to a large number of users. 

 

The third paper titled "Multimedia Streaming in Named Data Networks and 5G Networks" by Syed Hassan Ahmed, 

Safdar Hussain Bouk and Houbing Song provides a survey on the recent advancements in the emerging field of 

Named Data Networks (NDN) and its feasibility check with the promising 5G network architectures. The 

multimedia streaming support for NDN and 5G is discussed. Moreover, in the paper, the authors identify the gray 

areas and provide a road map for the research community working in this area. 

 

The fourth paper "RtpExtSteg: A Practical VoIP Network Steganography Exploiting RTP Extension Header" by 

Sunil Koirala, Andrew H. Sung, Honggang Wang, Bernardete Ribeiro and Qingzhong Liu introduces a pristine 

concept of steganography for embedding the secret information inside RTP Extension field. The paper also 

discusses the embedding secret data inside other RTP fields and provided information about the terms used for the 
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proposed RtpExtSteg implementation. The results from system implementation have shown the success and 

effectiveness of the proposed method. 

 

In the last paper, “Video Transmission in 5G Networks: A Cross-Layer Perspective” by Jie Tian, Haixia Zhang, 

Dalei Wu and Dongfeng Yuan, first the impacts of the network parameters at each protocol layer on the video 

transmission quality are analyzed. Then a comprehensive cross-layer video transmission framework is developed. 

Based on the developed cross-layer framework, the authors also provide an interference-aware cross-layer video 

transmission scheme for 5G distributed interference-limited network scenarios. 

 

We  would  like  to  thank  all  the  authors  for  their  contributions  and  great  efforts. We hope  you  enjoy  reading  

this  special issue that is devoted to multimedia communications in future mobile networks. 
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1. Introduction 

Multimedia services with great diversities will occupy the majority of market share in future mobile networks. How 

to provide delay-bounded and reliability-acceptable multimedia services has been constantly attracting research 

efforts. With the continuous innovation  of wireless transmission technologies, the assurance of delay as well as 

reliability requirements has been a less challenging problem. Yet when the mobile communications system and 

network has evolved to the 5th Generation (5G) featured by heterogeneous, dense, and ubiquitous access [1]. The 

security issues for multimedia content delivery have become more critical than ever. The kept-increasing 

computation capability integrated in mobile devices makes eavesdropping and deciphering much easier tasks than 

before. Aside from the traditional encryption techniques at high protocol layer, security enhancement via signal 

design and resource allocation techniques offers powerful ways in degrading eavesdroppers' received signal quality, 

and thus strengthen anti-eavesdropping capability together with encryption techniques.  

Current approaches for security enhancement via signal design and resource allocation, typically dwelled at physical 

(PHY) layer, can be summarized into two categories: 1) degrading the eavesdropper's channel quality; 2) increasing 

the legitimate receivers' signal-to-noise ratio. These goals can be achieved by using artificial noise, MIMO 

techniques, directional antennas, etc., which  typically require accurate channel state information (CSI) from 

legitimate users and sometime the eavesdroppers. Therefore, in realistic systems where accurate CSI is hard to 

obtain, the effectiveness of these approaches are severely degraded.  

Recent research shows that Fountain code [2][3][4][5][5][6][7], a well-known rateless erasure-correcting code with 

low encoding and decoding complexity, can be applied to enhance wireless security. The name "Fountain code" 

comes from its transmission style. The transmitter can persistently generate coded packets on top of a number equal-

length information packets until the receiver accumulates sufficient number of packets for successful decoding, 

which is analogous with drinking from water fountain. Fountain code at the packet level, was initially proposed for 

multicast transmissions [4], where it has the capability to repair diverse packet loss patterns in different receivers. In 

the meantime, fountain code enabled asynchronous bulk-data  download from multiple distributed servers without 

feeding back the desired sequence number of packets. The well-known fountain codes include Reed-Solomon (RS) 

code [2], LT code [3], and Raptor code [5]. 3GPP has adopted the Raptor code in technical specification for 

multimedia broadcast/multicast services (MBMS) [8]. As each fountain-coded packet alone cannot directly give the 

original content, the receiver has to obtain sufficiently many coded packets to recover the original bulk data. In favor 

of this feature, fountain code is motivated with new function: secure wireless transmissions [9][10][11], as long as 

the legitimate user can accumulate sufficient number of packets for decoding before the eavesdropper does.  

One major concern for  application of fountain code to multimedia communications lies in the contradiction  

between delay-sensitivity of multimedia streaming and the possible long-delay caused by bulk data decoding. 

However, it is worth noting that buffering for keep streaming fluency is widely adopted in multimedia services. In 

such a case, initial and successive buffering can be converted to the fashion of periodical block-based buffering. The 

block size, even not large for steaming, would be already sufficiently large to implement fountain codes in many 

cases. This letter would like to conduct a concise introduction to the application of fountain codes to wireless secure 

multimedia services, and hope to motivate more better yet simple solutions for security assurance in multimedia 

communications.  

2. Fundamental principle of Fountain codes 

The fundamental framework for Fountain codes [3][4][6][7] is described as follows. The data stream to be 
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transmitted is divided into blocks, and each block is further partitioned into packets with equal length (which are 

called information packets). Fountain-coded transmission is in a block by block fashion, and we thus can focus on 

the transmission of one block in the following sections.  

The summation of two packets is defined as bit-by-bit XOR between the two packets, and clearly this operation 

generates a coded packet  (called parity check packet, or check packet in short) with the same length. In Fountain 

codes, a check packet results from the summation over several selected information packets, the number of which, 

called degree of this check packet, is a random variable following certain distribution. Given the degree of a check 

packet, the selection of information packet follows the uniform distribution. The transmitter persistently generates 

coded packet and then sends the coded packets one by one to the receiver. Upon receipt of a new coded packet, the 

receiver attempt to decode through the low-complexity iterative approach [3][6][7], which can be also explained as a 

special case of the belief propagation scheme. The iterative decoding gradually recovers more and more information 

packets. Once the entire block is recovered, the receiver will inform the transmitter to stop generating more 

redundancy packets.  

The merits for fountain codes include several folds. First, existing results showed us that Fountain code with 

optimized design can yield very little overhead for large data block. That is, the average code rate is close to one, 

making fountain code an extreme efficient approach for error correction in packet level [5]. Second, it does not 

require packet reordering at the receiver end, and thus enable data download from distributed providers [4]. Third, 

the fountain code construction can be conducted based on the packet loss status for further performance 

improvement [6]. Most recently, the merits of fountain codes have been used for secure wireless transmissions, 

which will be elaborated on in the following sections.  

3. Application of Fountain code to enhance security for wireless multimedia communications 

The basic principle to use Fountain codes to enhance security is to expedite the transmission of each fountain-coded 

block, such that the eavesdropper cannot obtain enough packets for entirely decoding, resulting in failure of the data 

interception. This goal can be typically implemented by taking advantage of features uniquely related to legitimate 

users' transmissions, such as the CSI, packet loss pattern, data content properties, etc., while assuring these 

information, even known to the eavesdroppers, does not offer any benefits  for them. We summarize a number of 

such designs, covering the code construction, resource allocation, content-aware design, to faciliate fountain-code 

based security.  

Adaptive fountain code design for security-enhanced  unicast and multicast 

The essential part for the basic fountain code is the design of degree distribution of the check packet, for either 

unicast or multicast transmissions. However, when packet loss information can be fed back, such as how many 

information packets have not been recovered, the transmitter is able to determine the degree via maximizing the 

probability of loss repairing by the current check packet to be generated and transmitted [6]. Further, given the 

knowledge of uncovered packets' sequence numbers for desired user or users, the transmitter can deterministically 

construct the check packet beneficial to legitimate user but not necessarily to the eavesdropper. For example, in 

unicast, the check packet is constructed as the summation over one unrecovered information packet and all other 

recovered information packets [11], which assures the successful repair of one unknown information packet for the 

legitimate receiver. Since the eavesdropper has different loss pattern caused by independent channel fading/error, 

such design maximally prevent the eavesdropper from recovering any packets in this transmission. This is because 

as long as this summation involves two information packets unrecovered at the eavesdropper, it cannot effectively 

help eavesdropper intercept the  data. The design with similar ideas also fit multicast well, which, however, still 

remains as an open problem.  

Resource allocation for fountain-coded secure wireless transmissions 

Power control over fading channels is a classic topic in wireless transmissions, where water-filling scheme is to 

maximize the average transmission rate and channel inversion offers sustainable constant-rate data delivery. For the 

wireless transmissions subject to eavesdropping, the eavesdropper enjoys the broadcast nature of wireless channels. 

However, in light of small-scale fading, the channels of eavesdropper and legitimate users might be highly different 

from time to time. Then, power control based on the legitimate user's CSI very likely degrades the channel quality of 

the eavesdropper, such that it is unlikely for the eavesdropper to complete decoding first before the legitimate user 

does. Reference [9] devised this strategy. Specifically, the channel inversion power allocation is adopted to match 

the equal-length fountain-coded packet delivery. As a result, the interception probability decays very quickly with 
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the increase of fountain-coded block size. This work motivates the new way for power allocation towards security. 

While it limits the transmission to constant rate, multi-rate enabled secure transmissions requires further attention.   

Cross-layer security assurance by integrating fountain codes with cooperative jamming  

Cooperative relaying is an efficient paradigm for end-to-end data delivery in multimedia communications. For anti-

eavesdropping cooperative transmission, the cross-layer scheme can be exploited, combining fountain coding at the 

application layer and cooperative jamming at the PHY layer [10]. Specifically, the fountain-coded packets are 

transmitted over the wireless channels, and a cooperative jammer broadcasts jamming signals as well. To guarantee 

the legitimate receiver to successfully decode first, the transmitter can rotate the signal constellation and exploit the 

intrinsic orthogonality between the in-phase and quadrature components of a complex signal, such that the received 

signal-to-noise-plus-interference ratio (SINR) at the eavesdropper is greatly deteriorated by the jamming signals, 

whereas the adversary impact from jamming on the signal quality at the legitimate terminals can be significantly 

reduced under the thorough designs of jamming as well as rotation. This approach can be thoroughly tuned to gain 

optimized tradeoff among delay, security, and reliability, making it flexible for multimedia communications with 

diverse requirements.  

Content-aware secure multimedia delivery aided by fountain codes 

Content type can be of great assistance in secure multimedia transmissions, which, however, been overlooked for a 

long time. A typical realization of such design, is aided by fountain codes for the medical image transmission. A 

medical image usually consists of region of interest (ROI) and background (BG). Compared with BG, ROI contains 

important diagnostic information and needs higher security and reliability requirements. Towards this end, the 

source image packets can be divided into ROI source packets and BG source packets accordingly. Then, ROI and 

BG source packets will be fountain-coded separately to obtain ROI and BG check packets. For both of these two 

types of coded packets, adaptive resource allocation related to the legitimate channel is optimized to ensure a higher 

packet reception rate at the legitimate receiver. But in the meantime, more resources would be dedicated to ROI 

rather than BG packets, such that higher security is assured for ROI packets. To shorten the delay of multimedia 

services, the transmitter can also apply superposition encoding to embed BG packets into ROI packets when the 

legitimate channel's quality is good. This, in fact, further degrades the reception rate at the eavesdropper, enhancing 

the security via content-aware design.  

3. Concluding Remarks 

We presented a highly brief overview on fountain codes with its diverse applications. Further motivating by recent 

research results, fountain-code based wireless security enhancing approaches are introduced, with specific 

discussions on dynamic code construction, power control, cross-layer cooperative jamming, and content-aware data 

delivery. It is for sure that there will be more innovative approaches in building a more secure wireless transmission 

systems. Some unsolved issues and open problems for secure transmission are summarized in the following.  

1) Sliding-window based secure fountain codes  

Although the applicability of fountain code for multimedia  communications is justified by buffering, it is hard to be 

applied for real-time streaming with very small buffer size. To solve this problem, we hope to confine the 

information packet block within a sliding window, where the recovered and new information packets can be pushed 

out and in window, respectively, thus significantly degrading the delay.  

2) Joint source-fountain coding.  

Content-aware fountain-code based transmission does not essentially integrate the importance of the source data into 

code construction. It is highly desirable to make use of the source properties to facilitating security. For example, we 

expect the eavesdropper can at most intercept less crucial part of data via joint source-fountain coding. .  

 3) Tradeoff energy and secrecy efficiencies 

The major of current research on wireless security faces a challenging problem: spending considerable resources, 

such as transmission energy, in trading off for secrecy of only a small amount of data. Fountain codes, in light of its 

blocked data structure, bring a way to increase the transmission efficiency, but is still insufficient. It can be expected 

that trading off between secrecy and energy efficiencies would be a very important problem and topic in the near 

future.  
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1. Introduction 

Software Defined Networking (SDN) has been the key technology for revolutionizing the present state of computer 

networking. With the unparalleled growth of cellular technologies towards the evolution of 5G systems [1], new 

requirements and challenges have originated at the cellular backhaul. In particular, small cell deployments have 

proliferated to meet the data demands and rapid developments of applications, especially in the areas related to the 

Internet of Things (IoT) and cloud computing. Uncoordinated deployments of ultra-dense networks suffer from 

interferences between adjacent cells [2], and the numbers of inter-connections within the backhaul increase as the 

number of cells deployed within the network grows. In order to address some of the critical challenges in the cellular 

backhaul, we present a novel cellular backhaul architecture, namely the Layered Backhaul (LayBack) 

architecture. In this short letter, we present 1) a method for SDN based QoS adaptive multimedia streaming, and 2) 

an Internet protocol television (IPTV) [3] multicast transmission technique based on SDN, within the context of 

LayBack. 

 

The LayBack Architecture 

Small cell base stations can simultaneously support a multitude of radio access technologies (RATs), such as Wi-Fi, 

LTE, and WiMAX. Present day handheld devices are capable of connecting to multiple RATs at the same time. To 

satisfy the data demands and to accommodate the growth of the numbers of users and devices, deployments of small 

cells are becoming inevitable. In such situations, backhauling of small cells becomes highly challenging. Layered 

architectures provide a distinctive advantage in accommodating rapidly advancing wireless technologies in 

independent layers. For example, a bare SDN switching layer can be replaced with SDN supported fog/edge 

computing switches or caching enabled switches for content delivery networks. Figure 1 illustrates the high level 

overview of our proposed SDN-based LayBack architecture. In LayBack, connected radio nodes are identified with 

their advertised messages sent to the architecture core, the SDN-controller layer. An advertised message may 

contain RAT capabilities (e.g., supported RAT, center frequency) and functionalities (e.g., supported bands for 

carrier aggregation). Based on the messages received from a radio node, the SDN-controller configures a backhaul 

specific to the radio node. In contrast to other proposed architectures [4-9], LayBack consistently decouples the 

SDN-based backhaul from the radio access network (RAN) entities (e.g., LTE eNBs and WiFi access points).  

 

Generally, each environment has its own characteristics, for example a theater may require networking 

computationally intensive interactive 3D applications. Computations can be done on cloud servers which reside at 

the theater premises. An architecture should provide a platform to easily support the management and service for 

cloud servers within the same environment. Therefore, we believe that micro-architectures that are capable of 

working independently and are tailored specifically to specific environments would result in good user experience. 

LayBack supports such microarchitecture deployments adaptive to requirement changes for specific environments. 
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Figure 1. Overview of the SDN-based Layered Backhaul (LayBack) Architecture 

 

SDN Controller and Applications Layer 
Applications are programs that are executed by the SDN-controller for delegating instructions to individual SDN-

switches, and for communicating with other network entities, such as the 3GPP MME. Network functions, such as 

Wi-Fi offloading, can be implemented as simple SDN applications.  
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Figure 2: SDN based QoS aware adaptive multimedia transmission mechanism in heterogeneous RAN and devices 

SDN-Switch Layer 
SDN-Switches are capable of functions, such as forwarding a packet to any port, duplicate a packet    on multiple 

ports, modifying the content inside a packet, or dropping the packet. The switches can be connected in a mesh to 

allow disjoint flow paths for load balancing. 

 

Gateways Layer 

Gateway functions are programmed by the SDN controller to perform multiple network functionalities to 
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simultaneously establish connectivity to heterogeneous RANs, such as LTE and Wi-Fi. 

 

2. QoS-aware Adaptive Multimedia Transmissions 

In an ultra-dense small cell networks, heterogeneity can be associated with wireless technologies (e.g., Wi-Fi and 

LTE), as well as devices (e.g., smart phones and tablets), along with a multitude of capabilities in computing and 

display. A device can have simultaneous connectivity via multiple wireless technologies. Multipath-TCP (MPTCP) 

can be used to accommodate the simultaneous connections due to heterogeneities in the wireless technologies. A 

protocol overview of the server and client for the adaptive mechanism is shown in Figure 2. Generally, adaptive 

mechanisms of unicast multimedia transmissions involve application layer (single level) adaptation only. In a 

cellular network and wireless environment, quality of service (QoS) variations perceived by the user can be due to 

various reasons: 1) network congestion, 2) wireless link disturbances due to interferences, poor signal quality, 

mobility etc., 3) device power saving mechanisms, and 4) overload due to number of devices connected to the access 

point or the base station causing exhaustion of wireless physical layer resources. Application layer adaptive 

techniques react immediately to the changes in the QoS parameters at the devices due to the aforementioned reasons 

which may tend to be temporary or occur only for very short durations (enough to disrupt the buffer playout). 

Therefore, sometimes, single level application layer adaptive mechanisms underutilize the network resources.  

 

An SDN based two stage adaptive mechanism 

We propose a two stage SDN based adaptive technique at both the network and application layers with a global 

perspective of the requirements due to heterogeneity in the wireless technologies and devices. A high level overview 

of the SDN-based two level adaptive mechanism is illustrated by the flow chart in Figure 3.  
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Figure 3: Two stage SDN-based network and application layer adaptive technique 

 

Several global parameters are fed back from the user’s device to the SDN controller, including wireless signal 

quality (CQI in LTE), device capabilities (hardware and power constraints), content type, and service server details. 

Based on the reported parameters from the device connected network and current availability and reservations, the 

SDN controller allocates network resources in the cellular backhaul and forwards the information to multimedia 

servers for service allocation. Any changes in the network, such as congestion, wireless link changes due to 

interference, or mobility of the device will be analyzed at the SDN controller and decisions to configure the 

backhaul are made with respect to the global availability and requests in order to achieve the desired QoS with 

adaptation from both network and applications. 

 

3. SDN-based IPTV Multicast Transmissions 

Multicast multimedia transmissions are typically used to distribute the content to large numbers of users over the IP 

network. Multicast reduces redundant transmissions from the servers and therefore is a popular choice for 

multimedia distribution applications, such as IPTV. However, conventional IPTV techniques involve numerous 
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complex distributed network protocols, such as MPLS, IGMP, and RSVP. Zeadally et al. [10] have extensively 

discussed the challenges of IPTV multimedia distribution. 
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Figure 4: SDN traffic duplication for IP-TV multicast transmissions 

 

As illustrated in Figure 4, we present an SDN-based mechanism for IP-TV multicast transmissions. We exploit the 

property of SDN traffic duplication to create the multicast flows, eliminating the need for complex protocols in the 

conventional multicast IPTV transmissions [10]. A user can interact with the SDN controller to switch between the 

different flows for content reception. Authentication can be provided by the SDN controller. However, the controller 

may still use protocols such as RADIUS and DIAMETER for communicating with the authentication, authorization, 

and accounting (AAA) servers. A mapping table which maps the requested service/channel with the flow existing 

inside the network is maintained at the SDN controller. When a user requests new content, the SDN controller 

identifies the flow corresponding to the requested content and the traffic is duplicated at the SDN switch nearest to 

user location, along with the header manipulation for the duplicated packets, such that a flow path is created to the 

requesting user.  If the table lookup for the flow corresponding to the requested content fails, then the SDN 

controller initiates a new connection with the IPTV multimedia server and the mapping table is updated with new 

entries. Similarly, when there are no users for a particular service, the SDN controller communicates with the IPTV 

multimedia server to stop the flow and the corresponding entries in the table are deleted. 

 

4. Conclusion 

In this letter we have described an innovative SDN-based QoS adaptive mechanism for unicast transmissions and a 

flow duplication method for IPTV multimedia multicast transmissions within the context of the LayBack (a layered 

backhaul) architecture. We have discussed two level QoS adaptive mechanisms for unicast, which enable an SDN-

based network reconfiguration of the backhaul to accommodate the changes in the heterogeneous wireless links and 

the multitude of device capabilities. Our proposed method for IPTV multicast transmission eliminates the need for 

complex protocols, such as IGMP and MPLS, in conventional multicast networking and simplifies the distribution 

of multimedia content to a large number of users. 
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1. Introduction 

Named Data Network (NDN) has been recently proposed as an alternative to traditional IP-based networking. In 

NDN, the data is retrieved by a data name, instead of a host identifier (locational identifier). This new type of access 

methodology rapidly and efficiently disseminates data/content in combination with the in-network caching, 

depending on the policy. For a practical use of NDN, many network properties studied in IP-based networking are 

being considered, and new types of ICN architecture components are being designed. NDN is known to be the third 

revolution in the field of telecommunications. On the other hand, the advancements in networking technologies, 

mobile services and Internet of Things (IoT) have triggered the need of 5th generation (5G) in the cellular 

technologies. Some known projects from academia for 5G research are 20BAH [1] and 5GNOW [2]. According to 

the recent standardization efforts, it is not hard to assume that we will have a real deployment of 5G in next 5 years, 

where it will support the data rates of 10 to 100 times higher than the current cellular networks. This rapid data rates 

are foreseen due to the massive content retrieval applications supported by mobile devices during the recent years. 

Those applications provide HD quality video streaming and other Big Data contents.  

 

No doubt, cellular technologies have evolved quickly from the limited narrowband voice services to the 

predominant candidate for accessing the varying multimedia services. Today, video streaming has been popular 

among all the multimedia streaming applications for mobile users. Therefore, few attempts have been made to 

develop various applications including multimedia streaming supported by NDN and 5G networks, so that in the 

future users may not witness streaming delays and so on.  

 

In the following sections, we therefore, survey the recent advancements in the emerging field of NDN and its 

feasibility check with the promising 5G network architectures. Additionally, multimedia streaming support for NDN 

and 5G will be deliberated. Furthermore, we identify the gray areas and provide a road map for the research 

community working in the same domain. 

 

 

2. Named Data Networks and 5G Networks 

The Named Data Networking (NDN) is an extension of a well grown-up project Content Centric Networking (CCN) 

by from PARC [3]. The NDN is providing its part to further enhance CCN project and is funded by US Future 

Internet Architecture Program. The notion of the NDN is to transform the existing shape of the Internet protocol 

stack by replacing the narrow thin waist with named data, and under this waist different technologies for 

connectivity can be used, such as IP. A layer called strategy layer provides the mediation between the underlying 

technologies and the named data layer. 

 

 
Figure. 1. NDN Overview 

mailto:hassan,bouk%7D@knu.ac.kr
mailto:h.song@ieee.org


 

IEEE COMSOC MMTC Communications - Frontiers 

http://www.comsoc.org/~mmc/ 58/72 Vol.11, No.2, March 2016 

 

 

In NDN, there are two types of messages used for requesting and routing information, one is Interest message that a 

subscriber issues for a certain content and in a return publisher provides Data to that subscriber. There are two data-

structures (routing tables): Forwarding Information Base (FIB), Pending Interest Table (PIT) and a Content Store 

(CS) maintained at each content router (CR) in a hop-by-hop fashion for sending interests and replying with content 

(refer Fig. 1.). The FIB maps the interests received to forward them to interface(s) for publishers or other CRs 

having content in their caches. The PIT keeps track of the interests for which content is expected to be arriving. 

Lastly, the CS acts as a cache for the CR to keep the replica of the content that went through that CR. The order of 

importance among FIB, PIT and CS is that CS reserves the highest priority, then PIT and lastly comes FIB in the 

priority list. When an interest is received for a content, first a CR checks it into its CS, if found there, then it is 

returned on the interface at which the interest was received and interest is deleted. If content is not in CS then CR 

checks its PIT that whether the interest message for the same content has been received earlier, if so the interface 

over which interest was received is kept as a record in an entry in PIT keeping back track of the interface so that 

multicast delivery can be performed for multiple subscribers asking for the same content. If there is no entry in PIT 

then CR makes an entry of it in PIT, and forwards it to other CRs by creating an entry in FIB for this interest. 

Handling subscriber mobility in NDN is quite similar to that of CCN approach in which the subscriber reissues 

interest messages from new location, but the content against old interest messages are delivered to old CR. The 

publisher mobility is difficult to handle because the FIB entries have to be restated when a publisher moves from 

one CR under a new one. It becomes harder to handle publisher’s mobility in very dynamic networks such as 

MANET. For this purpose, NDN employs Listen First Broadcast Later (LFBL) protocol. In LFBL, a subscriber 

floods the interest message to all publishers. Any publisher having content against the interest checks the medium 

that whether any other publisher has already replied with the content or not, if not then sends the content to 

subscriber. 

 

5G Networks: The 5G mobile telecommunication standard has been conceived for a while now as a successor to the 

current 4G cellular standards (Long-Term Evolution Advanced or LTE-A) to address the forecasted traffic volume 

growth, and the inflexibility and difficulties in innovation plaguing the hardware-based architectures at the front end 

and core of these networks. Aspiring 5G Key Performance Indicators (KPIs) demand for reliable, low latency and 

high-density networks those capable of supporting Ultra High-Definition (UHD) video. In addition to these, 5G 

standard proposes better or higher performance and societal KPIs. Detailed descriptions of some of the KPIs in 5G 

are discussed in [4]. The main KPIs identified include:  

1. Traffic volume density 

2. Experienced end user throughput 

3. Latency 

4. Reliability 

5. Availability and retain the ability 

Energy consumption and cost were included as KPIs with economic relevance. Latency, reliability and 

availability/retain ability are 3 KPI’s important to the current 5G architecture, which will ultimately cater for the end 

users’ throughput with increased traffic volume in applications like video streaming. Since, the 5G networks have 

Heterogeneous network Architecture, Heterogeneous Terminals and Heterogeneous Spectrum (H3ATS), the 

integration of new radio concepts such as massive MIMO, ultra-dense networks, moving networks, direct device-to-

device communication, ultra-reliable communication, massive machine communication, and others, and the 

exploitation of new spectrum bands will allow support of the expected dramatic increase in the mobile data volume 

while broadening the range of application domains that mobile communications can support beyond 2020. 

 

3. Multimedia Streaming in NDN and 5G 

This section surveys few recent proposed architectures for video streaming supported by NDN and 5G: 

  

It is also expected that 5G will be enabling NDN routers as a part of mobile networks. For example, in 2013 [5], 

Adaptive mobile video streaming and sharing in wireless NDN (AMVS-NDN) scheme has been proposed. In this 

scheme, the dynamic video streaming services is offered based on Dynamic Adaptive Streaming via HTTP (DASH) 

architecture over different interfaces such as 3G/4G, Wi-Fi and NFC for both real-time and on-demand videos. In 

reference to DASH stipulations, the goal of using DASH in a highly dynamic condition is to provide a rich quality 

of experience QoE to users. In DASH, each video is encoded with different resolutions and bit rates, lowest can be 

150Kbps for mobile devices and highest can be 6Mbps for devices supporting high definition resolutions. The video 

is divided into a variable or fixed length chunks or segments customarily between 2-30 seconds in length. A 
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metadata file called media presentation description (MPD) file contains the information about streams of video and 

audio such as list of segments, segment size, frame rates, bit rates, and compression scheme etc. To identify multiple 

copies of same video having different properties, the MPD file serves as basis along with a namespace designed to 

support this architecture. In AMVS-NDN, the device brings in use heterogeneous network interfaces it has such as 

3G/4G, Wi-Fi and NFC. The idea is to reduce the amount of cellular traffic by using interfaces for mobile data 

offloading through the cellular network and then caching and forwarding through Wi-Fi or other local technologies. 

To download a video, a consumer issues an interest and, in return get the MPD file. After obtaining the MPD file, 

the consumer issues the interest and starts downloading the first segment with a conservative approach. In this 

approach, the very first segment is encoded with the lowest bit rate. While receiving the video segments, the quality 

of the video is estimated dynamically adapts the video encoding rates according to available bandwidth or signal 

strength. Following the NDN architecture, a consumer first tries to seek the video segment by sending interest on 

local network through Wi-Fi. If there is no reply for desired segment, then it forwards the interest in cellular 

networks. Once the segment against that interest is received, it caches the segment and shares it with other nodes 

connected through Wi-Fi. For evaluation purposes, a wireless NDN test-bed based on Juni's JPW-8000 WiMAX 

Base Station is implemented. The application for video streaming uses Android 4.1 platform over HTC EVO 4G+ 

mobile phone. The experimental results exhibit that AMVS-NDN outperforms both pure streaming via NDN and 

DASH via NDN in terms of traffic load reduction and average video quality.  

 

Furthermore, in [6], the authors have designed a NDN Video architecture and implemented on top of CCNx that 

supports both real-time and on-demand video streaming services. The design goals of architecture include efficient 

QoS, streaming of specific chunks of video based on time code-based namespace, improved synchronization of 

streams at consumer-side using time code-based namespace, and on-the-go archival of live streams. Gstreamer 

framework based application is developed for capturing, rendering, and streaming of video. The fundamental facet 

of NDN Video architecture is its namespace. The namespace designed for NDN Video helps publisher uniquely 

identify every chunk of the multimedia content. It also helps the consumer to easily solicit a specific chunk based 

over time in the stream. The names of NDOs are built in order to specify information about the encoding algorithm, 

video content and sequence number associated to a given chunk. To select the most suitable chunk in a running 

video stream, a consumer can make use of the time code provided by the publisher in namespace while publishing 

the multimedia content. The consumer can ask regular consecutive chunks of segments following the randomly 

accessed part of the video. The real-time streaming is supported by keeping the consumer from sending 

overwhelmed interests for content that is not yet generated. For this, the estimation procedure at the consumer - side 

is used. This estimation procedure estimates the time of interests for chunks and rate of content packets generated by 

the publisher by making use of information stored in a specific field of content packet. The interest not satisfied are 

retransmitted during a time window whose duration is equal to play out delay. For evaluation, a real-time 

implementation of NDNVideo is written in Python with open source PyCCN and CCNx. The NDNVideo 

demonstrates improved QoS of live and pre-recorded videos, also, the packet loss is very less. 

 

Similarly, towards 5G wireless networks, numerous portable terminals (smart phones, tablets, laptops, etc.) and 

networks with different wireless access technologies (GSM, LTE, WLAN, etc.) will be interconnected. 

Heterogeneity is a promising future in 5G, which is expected to characterize the mixed usage of access points with 

different access technologies and spectrum with licensed and unlicensed. Regarding the existing works in 5G radio 

access networks, most are related to network framework, interference management and cognitive radio. Only a few 

schemes focus on multimedia traffic management. A promising approach to meet the upcoming 70%-80% mobile 

traffic generated in indoor is via the deployment of small cells, compared with macro-cellular networks with 

unacceptable fading of signal in indoor. For the increasingly complex H3ATS scenarios in 5G, it is challenging for 

3G/4G small cell networks with traditional centralized network architecture managing multimedia traffic efficiently. 

Multimedia services exploiting content captured via multiple cameras are increasingly popular, which will be the 

dominant traffic in the upcoming 5G network. They include visual reality systems, free viewpoint TV, 3D Video etc. 

On one hand, the transmission of overlapping frames (OFs) in camera streams is redundancy. On the other hand, the 

bandwidth limited small cell networks cannot cope with the explosive growth in multi-view video (MVV) traffic 

with high data rate requirements. Thus, it is urgent to solve those two problems jointly for managing MVV traffic 

efficiently under the demanded QoS. As traditional traffic management schemes for MVV, most are limited to the 

wired network. In [7], the impact of the placement of in-network processing functions is investigated. In [8], 

different architectural options for the location of video processing functions are evaluated. Recently, a cloud-clone 

migration [9] and placement of caching content [10] are evaluated. Although one hop wireless link is considered, 

few of existing schemes focus on wireless MSCNs. Moreover, in [11], a study of MVV traffic placement in 
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multicast small cell networks (MSCNs) under H3ATS is done. Firstly, an MVV stream architecture called 

ORMVVT is proposed by dividing the original streams into overlapping streams (OSs) and non-overlapping streams 

(NOSs) for separately scheduling. Secondly, a network architecture named MMTS with the consideration of device-

to-device (D2D) and Traffic Offloading Point (TOP) is proposed for MSCNs, extending traffic sources from 

existing small cells to users and network controlled TOPs. Combining the proposed MVV stream architecture 

ORMVVT with network architecture MMTS, thirdly, an optimization problem is formulated with the goal of 

offloading data rate for small cells under the QoS constraint. Then, a novel scheme OBTP is proposed not only to 

realize small cell offloading but to optimize an MVV traffic placement.  

 

4. Future Research Roadmap 

Although, there has a been a thorough literature on video streaming in ICN/CCN and NDN, but according to our 

knowledge, there are still lots of challenges that need to be researched and investigated before proposing NDN as a 

replacement of current architecture for multimedia, especially. Following are different challenges involved in 

transferring video as NDOs. Different architectures face distinct challenges while dispatching video from publisher 

to consumer. We have tried to put an overall insight of the challenges confronted by NDN and 5G.  

 

4.1 Delivery of NDOs 

As a video is composed of a number of frames depending upon the video encoding/compression standards. 

Architectures, using NDN mechanism, have to make sure that the order of the NDOs remains same when a 

consumer receives them. In architectures, such as NDN, a consumer can put one interest for a chunk of an NDO at a 

time. If the chunk against that interest is not provided in time, the consumer issues, interests for the same chunk 

unless or until it is received. This leads in other challenges such as increased time for NDO reception and a number 

of distant delays. 

 

4.2 Various Delays 

For video streaming, the chunks of video are listed in a consecutive order in which they are being requested by 

consumer. While the consumer needs them within a definite delay for playback. Usually known as playout or target 

delay can vary according to the type of video transmission, i.e. on-demand or real-time. The reasons behind the 

playout delay are not only the visible frailties such as network load or congestion, but also the request generation 

rate of consumers. To provide a smooth playback, for instance, a consumer must be able to know the time at which 

the content against an interest will be received. If the time exceeds from normal time (the playout delay) then 

interest can be resent for that chunk or consumer can move on sending interest for the next chunk assuming the 

chunk is no longer available. In that case, receiver-driven schemes such as an NDN could fail for real-time 

communications in which consumer requests one chunk at a time. Routing and forwarding operations can be done 

quickly by performing specific processes, such as use of bloom filters, though, introducing approaches that can 

handle live-streaming of video is also viable. In various scenarios, the generation of multiple interests at the same 

time is adequate. However, the challenge of handling those multiple interests without creating congestion is still 

unanswered.  

 

4.3 Size of data structures and impact of caching 

Some researchers have presented in their work a support to the argument that the performance of video streaming 

can be improved with sophisticated caching strategies. Also, some of the recent researches exhibited that caching the 

NDOs for video streaming are not essential as they may not be asked again in-network before their expiration. 

Although in NDN, the introduction of different data structures used by caching strategies has helped a lot to solve 

the issues of scalability, availability, and fault-tolerance up to some extent, but still the chunking mechanism in 

some architectures such as NDN can pose a severe issue of the huge size of data structure for video streaming. Also, 

contrary to the first argument, the number of NDOs that can be asked run-time over the Internet can reach up to 108, 

which is a huge number for a content router with small cache size.  

 

4.4 Effects of forwarding and routing strategies 

From request generation to NDO delivery, every process depends upon forwarding and routing strategies. In NDN, 

most of the architectures use reverse-path or reverse route strategy in which the NDO is replied back by publisher 

over the path on which the interest for that particular NDO is received. Various facets of NDN are affected by the 

forwarding and routing strategies that include scalability, network latency, data structures’ related delays and many 

more. Also, the need of delicate forwarding and routing strategies will increase in future with communication 

standards such as 5G or implementation of NDN in conjunction of other network types such as or sensor networks. 
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1. Introduction 

Enormous amounts of digital multimedia data and network packets are being created and communicated around the 

world continuously. While they have become indispensable in our daily life, digital data can be easily manipulated 

for malicious or criminal intent, creating rising concern for realistic threats to our society and posing serious 

challenges to digital forensics and network security.  

 

Steganography, the ancient Greek term for “secret writing” in various forms, has been revived for the Internet to 

evolve with the advance of digital techniques. One advantage of steganography over cryptography is that the secret 

message disappears in the cover media which normally would not arouse suspicion by itself. In contrast, plainly 

visible encrypted data – no matter how unbreakable – are immediately recognizable and attract attention. By taking 

this advantage of security through obscurity, steganography or hiding covert contents in multimedia is becoming an 

increasingly popular tool for cyberattacks and cybercrime.  

 

While most of existing steganographic systems and algorithms utilize multimedia data as carriers [9, 10], network 

steganography, as an emerging subfield in network security, was first coined in a steganography on TCP/IP network 

wherein the concept of HICCUPS (Hidden Communication System for Corrupted Network) and the network packets 

are modified. Checksums are tampered with the usage of frames for covert communication [1]. LACK (Lost Audio 

Packets Steganography) is a steganography concept by hiding data in lost audio packets. In this concept, some audio 

packets from a VoIP stream are intentionally delayed. Inside the payload of intentionally delayed packets, the 

hidden information for an unware receiver is invisible [3]. PadSteg (Padding Steganography) makes use of two or 

more protocols from TCP/IP stack to perform network steganography [7]. RSTEG (Retransmission Steganography) 

is an inter protocol hybrid network steganography method based on retransmission of transmitted packets. Instead of 

sending the data that is to be retransmitted, some steganographic approach is used to send steganograms inside such 

retransmitted packets [5]. In reference [2], the ideas for embedding data on Stream Control Transmission Protocol 

(SCTP) packets were discussed. StegSuggest utilizes traffic generated by google suggest in order to enable hidden 

communication. When google suggest provides new words/letters as suggestion in google search, those inserted 

words are tampered to carry bits of steganograms [6]. TranSteg (Transcoding Steganography) is based on the idea of 

compression for limiting the size of a data. TransSteg is the overt data that is compressed to make space for covert 

message. If a voice stream is to be transferred, then a codec is chosen that will result in similar voice quality but 

smaller voice payload size then the actual codec. When voice stream is transcoded, the original voice payload size is 

not tampered so that the change of codec is not noticed. After placing the transcoded voice payload, there exists 

some unused space which is used to send hidden data [8]. SteganRTP exploits embedding secret data with audio 

data cover-medium [4]. 

 

In this paper, we design and implement a practical VoIP network steganography by exploiting the RTP extension 

header, called RtpExtSteg. 

 

2. RtpExtSteg (Real-time transport protocol Extension header Steganography) 

We begin with a brief description of the VoIP protocols and the basic idea of VoIP steganography. 

 

VoIP protocols and steganography 

Voice over IP (VoIP) delivers voice communications and multimedia sessions over Internet Protocol networks and 

creates large amounts of data exchanging on the Internet. VoIP generally makes use of a number of protocols, of 

which the most common is a standard called Real-time Transport Protocol (RTP) for transmitting audio and video 
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packets. Real-Time Transport Control Protocol (RTCP) provides control for an RTP session and allows devices to 

exchange information about the quality of the media session, including such information as jitter, packet loss and a 

host of other statistics.  

 

Before audio or video data exchange, call-signaling protocols are employed to find the remote device and to 

negotiate the means by which media will flow between the two devices. The most popular call-signaling protocols 

are H.323 and Session Initiation Protocol (SIP). Both can be referred to as “intelligent endpoint protocols” to locate 

the remote endpoint and to establish media streams between the local and remote device. Complementary to H.323 

and SIP, another class of protocol is referred to as “device control protocols”, such as H.248 and Media Gateway 

Control Protocol (MGCP) [12].  

 

In addition to H.323/SIP and H.248/MGCP, some non-standard protocols were designed by various companies 

wherein Skype has been extremely successful using a proprietary protocol [12]. 

 

VoIP technology uses Packet Switching technique for routing the data. Packet switching allows the packet to route 

through least congested paths. To perform steganography over this VoIP call, some of the RTP stream packets are 

tampered and the hidden message is embedded inside the packets. The hidden message is embedded among some of 

the RTP packets flowing to and fro on top of VoIP data.  
 

RTP packet header and hiding options 

The RTP header has a minimum size of 12 bytes. After the header, optional header extensions may be present, 

followed by the RTP payload, the format of which is determined by the particular class of application. Figure 1 

shows the format of RTP packet header [11]. 

 

 
Figure 1. RTP packet header 

 

When these RTP packets are transmitting the VoIP signals, it provides various options to embed the secret 

information within its header fields. Some of the options available are:  

a. Padding: This is a single bit field that represents the padding at the end of RTP packet. If padding bit (p) is set, it 

contains one or more additional padding octets that do not belong to part of payload. This part can be utilized for 

hiding secret information [8].  

b. Header Extension: The Header Extension is single bit field that represents if RTP header extension is available or 

not.  

c. RTP Extension: This field represents variable length field that contains a 16-bit profile specific identifier and a 16-

bit length identifier, followed by variable length extension data. Header Extension (x) and RTP Extension can be 

combined to hide secret data within it.  

d. Sequence No. and Timestamp Initial Values: Since the initial values of both these field should be random, it can 

be used for hiding secret information [6,7].  

e. LSB of Timestamp field: This least significant bit of timestamp field can also be used in the same way as 

mentioned above to hide secret information [8].  

f. RTP Payload: The payload of the RTP header field can also be utilized. The payload can carry any type of data. 

The original data can be tampered and some steganographic data can be embedded inside it.  

 

RtpExtSteg  
RtpExtSteg is a steganography that utilizes the idea of embedding data inside RTP Extension Field. This optional 

RTP Extension field represents variable length field that contains a 16-bit profile specific identifier and a 16-bit 
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length identifier, followed by variable length extension data. When a stream of VoIP packets are being transferred, 

RTP frame carries the audio frame as payload. During this process, RTP extension field can be used to embed covert 

message. The approach to embed steganography data into RTP packet is based on the fact that RTP standard allows 

header extension. Header Extension is a RTP header field that defines variable length field that contains a 16-bit 

profile specific identifier and a 16-bit length identifier, followed by variable length extension data. Any RTP 

protocol implementation does support RTP header extension, e.g. if software doesn’t understand certain header 

extension then it is just ignored.  It means that it is pretty safe to use RTP header extension to transfer steganography 

data. Another advantage is steganography data will be the part of RTP header, not payload. It means that 

steganography data can be transferred using RTP stream with any kind of payload. 

 

If header extension is present, the X bit in the mandatory RTP header must be one. A variable-length header 

extension is appended to the RTP header, following the CSRC list if present or mandatory 12-byte header if not. 

Figure 2 shows the detailed header extension used in steganography implementation: 

 

 
Figure 2: RTP header extension 

 

In Figure 2, the mandatory RTP header is skipped but it is assumed that the X bit of the mandatory RTP header is 

one. 0x5EE5 is the identifier of our header extension. It’s just a random number; any other identifier can be used. 

The meaning of this identifier is to recognize in our software that it is the steganography header extension. Length is 

the total length of the following header extension data in 32-bit words. Message id is a 32-bit unique message 

identifier in the current RTP connection. Message identifier must be a consecutive number starting from 1. 

Encrypted message is a message text encrypted using AES-128 with pre-defined static encryption key and 

initialization vector. Because of encryption the encrypted message length is always a multiple of 16, e.g. 16, 32, 48 

bytes, etc. Encrypted message CRC32 is a 32-bit CRC of the encrypted message. 

 

There is always a risk of losing and corrupting the data during transmission. The following protection can be applied 

to prevent message loss and corruption: 

 

1. Message id can be used to control message sequence and re-ordering when necessary. 

2. CRC32 code can be used to control if message was altered (i.e. corrupted) during transmission. 

3. Sending party sends the message 3 times with 1 second interval between sends. If receiving party received the 

first transmission of the message then consecutive transmissions can be ignored.  

 

3. Implementation 

A working system, ‘RtpExtSteg’ is implemented and built on C# language. It works well for the steganographic 

purpose. A demonstration of RtpExtSteg is available on YouTube [13]. Our source code and system are available 

upon request. The system implements the above written logic to deliver the hidden message. As a result, the sample 

network dump is extracted from the Wireshark software while the communication is being processed. Figure 3 

shows the dump of the sample RTP packet with steganography data and the RtpExtSteg extension header identifier 

is shown in Figure 4 by using Wireshark. 

 



 

IEEE COMSOC MMTC Communications - Frontiers 

http://www.comsoc.org/~mmc/ 65/72 Vol.11, No.2, March 2016 

 

 
Figure 3. Sample network dump from Wireshark 

 

 
Figure 4. Header extension identifier 

 

Figure 5 shows the extension header length for RtpExtSteg (6 x 32-bit words = 24 bytes): 

 

 
Figure 5. Extension Header Length 

 

Figure 6 shows the 24 bytes of extension header with hidden data: the first 4 bytes 01 00 00 00 are the message id; 

the next 16 bytes are encrypted message, followed by the 4 bytes CRC32. 

 

 
Figure 7. Bytes of Extension Header 

 

 

4. Conclusion 

This paper introduced a pristine concept of steganography for embedding the secret information inside RTP 

Extension field. We also discussed embedding secret data inside other RTP fields and provided information about 

the terms used for RtpExtSteg implementation. Our proposed method and system implementation showed the 

success and effectiveness of RTP network steganography by hiding data in RTP Extension field. 
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1. Introduction 

Cisco forecasts that nearly three-fourths of the world’s mobile data traffic will be video by 2019. Mobile video will 

increase 13-fold between 2014 and 2019, accounting for 72 percent of total mobile data traffic by 2019 [1]. With the 

explosive growth of mobile video traffic and mobile video-enabled wireless devices (e.g., smartphones), the 

demands for video services in future 5G networks will also increase dramatically. Therefore, how to satisfy user 

video service requirements and improve user experience in 5G networks is becoming a major concern. In reality, 

providing satisfying quality of service (QoS) and quality of experience (QoE) for video services in 5G networks 

especially in low-latency high-reliability scenarios, e.g., device-to-device (D2D) still faces substantial transmission 

challenges due to the resource-constrained devices, heterogeneous traffic types, network constraints, complicated 

link interference, varying channel quality as well as the stringent delay requirement, etc.  

 

Both video transmission quality and QoE not only depends on the video traffic types and video coding rate 

determined by the video coding parameters at the application layer, but also on the transmission  routing, network 

parameters, scheduling scheme and the radio resource allocation strategies at the multiple lower layers. Therefore, 

cross-layer design through allowing information exchanges among multiple layers has been thought as a significant 

potential solution to enhance video transmission quality for the current and future 5G networks [2-3]. Currently, 

there has been a large amount of work on cross-layer video transmission in wireless network such as our prior work 

in [4-7]. Readers are referred to [9-11] and references therein for recently comprehensive surveys of this area. 

Although cross-layer design methods have been widely adopted in literature for video transmission, most of the 

existing cross-layer solutions focus on investigating different design objectives of different network scenarios 

through jointly optimizing two or three protocol layers.  To the best of our knowledge, there is still lack of a 

comprehensive analysis and design framework of video communication for future typical low-latency high-

reliability 5G network scenarios. 

 

In this letter, aiming to shed a new light on the analysis and design of the multimedia communication for future 5G 

networks, we first analyze how decision made by system variables at each protocol layer impacts the quality of 

video transmission. Then, we further develop a comprehensive cross-layer framework for video transmission. 

Building on this framework, we propose an interference-aware cross-layer video transmission scheme for future 5G 

distributed network scenarios such as D2D, vehicle-to-vehicle (V2V) as well as machine-to-machine (M2M) 

communications. Finally, we conclude this letter. 

 

2. Cross-layer framework for video communication 

In this section, we first analyze and discuss the impacts of the key design parameters at each protocol layer on video 

transmission quality as follows: 

 

Physical layer. The resource allocation strategies, link adaptation scheme, as well as the coding and modulation 

methods at the physical layer influence the channel capacity and bit error rate of the video transmission. 

 

MAC layer. Medium access control protocol at the MAC layer is responsible for fairly sharing of the wireless 

medium resource among different users in wireless network. The MAC protocol will directly impact user’s access 

probability and further influence the queue delay, etc. Designing proper MAC protocol can greatly improve the 

video transmission quality [8]. 

 

Network layer. The network layer controls the routing strategy (i.e., path selection) for video packets especially 

over wireless multi-hop networks. Different routing decisions can significantly impact the end-to-end delay as well 

as video transmission quality. 

 

Transport layer. Transport layer controls the end-to-end delivery of the video packets [10]. The designed transport 

control protocol should be able to prevent the network congestion when multiple video streaming sharing the 
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network especially for the ad hoc network.  

 

Application layer. For different video traffic types, the application layer is in charge of the compression and coding 

of the video sequences. The different compression techniques can impact the video source distortion and the video 

transmission quality. In addition, the application layer can also determine the performance metric of video 

transmission such as video distortion, PSNR, etc. These metrics directly affect the parameter decision at the lower 

layers. 
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Figure 1.  The system diagram of cross-layer video transmission framework 

 
Based on the aforementioned analysis at each protocol layer, it can be seen that video transmission quality and QoE 

involve different protocol layers and the network parameters from different layers also interact with each other, 

hence the cross-layer design comes as a natural solution for video transmission.  

 

Next, we present a comprehensive system framework of cross-layer video transmission, as shown in Figure 1. From 

Figure 1, we can see each layer has one or multiple key design parameters and key technologies which significantly 

affect the overall design objective. In addition, these system parameters from different protocol layers interact with 

each other. For instance, the video encoding parameters setting determines the send bit rate and further impacts the 

rate control at transport layer as well as the queue state at MAC layer. Moreover, both the network conditions and 

adopted key technologies at the physical layer will impact the link effective capacity and also further influence 

queue state and delay.  

 

A cross-layer optimization controller was designed to optimize the design parameters from multiple layers [5]. To 

this end, first, the controller acquires the corresponding network parameter information, such as the video distortion 

from the application layer and the network conditions from the lower layers. Then, different optimization techniques 

and strategies could be implemented and deployed at the controller based on its computational capability. Besides 

the cross-layer optimization, to improve the cross-layer design performance, the controller could also be designed to 

be able to derive the interactions among and the significance of different design parameters by performing parameter 

sensitivity analysis on the design objective based on the collected information. 

 

3. Cross-layer design trends for 5G networks. 

Future networks will become much denser with more femtocells or picocells as well as device-to-device 

communications [2]. Along with the network densification, the interference will become one of the most important 

performance-limiting factors. Therefore, how to design interference-aware adaptive cross-layer video transmission 

scheme should be envisaged for heterogeneous networks. In addition, in the ultra-dense deployment of future 

network, many devices could be connected in a distributed manner such as V2V and D2D, then in practice how to 
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design a distributed cross-layer video transmission scheme is also significant. Moreover, many devices in 5G 

network are energy-constrained, and the multimedia traffic is delay-constrained [3]. Therefore, one of the major 

challenges in future 5G networks is how to achieve the optimal design trade-off between energy consumption and 

delay QoS guarantee for multimedia communications. A delay and energy aware cross-layer scheme could be a 

potential solution [9]. 

 

4. Interference aware cross-layer video transmission  

Considering the distributed deployment of 5G low-latency high-reliability scenarios such as D2D and V2V 

communications, in this section, we propose an interference-aware cross-layer scheme for distributed video 

transmission under delay constraint over interference-limited distributed networks [8].  We expect the proposed 

cross-layer scheme could shed a new light on the future multimedia transmission scheme design in 5G networks.  

 

Figure 2 illustrates the main idea of the cross-layer scheme. In this scheme, important system parameters including 

the distribution of source nodes and the resulting interference, link transmission strategy, queueing delay as well as 

the video encoding rate are jointly considered to achieve the best received video quality. To achieve this, we first 

propose a threshold-based link transmission strategy and then develop an interference approximation model. 
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Figure 2. System model of interference-aware cross-layer video transmission scheme [8]. 

 

Threshold based video transmission strategy. 

In the threshold-based video transmission strategy, each user decides whether to transmit one packet on the selected 

channel by comparing the channel gain with a given threshold in a given slot. If the channel gain is above the 

threshold, the packet will be transmitted, otherwise enqueued in its buffer. Hence, the predefined threshold will 

determine the transmission probability of video packets. In addition, since all users are coupled with each other 

through interference, the transmission threshold of each user affects all the rest users. Furthermore, either overhigh 

or overlow transmission threshold will result in a higher packet loss rate, and thus decrease the video transmission 

quality. Therefore, the transmission threshold is an important design parameter. Moreover, when each user sets its 

own transmission threshold, the video encoding rate and the channel conditions should be jointly taken into account.  

 

Interference distribution model. 

To better analyze the video transmission quality, the stochastic characteristics of interference should be captured. 

According to the transmission policy, if one channel is selected by multiple users to transmit simultaneously, these 

users may cause interference to each user. In addition, both users’ positions and the transmission thresholds of all 

users influence the interference distribution. Based on stochastic theory, we propose a log-normal distribution model 

to characterize the real interference distribution.  

 

Formulated problem and proposed solution. 

With the transmission policy and interference distribution model, the queueing delay is analyzed. Finally, the 

problem of maximizing video transmission quality is formulated as a cross-layer optimization problem by jointly 

considering network transmission strategy and application performance. To solve this optimization problem, we 

propose a distributed algorithm based on optimization theory and game theory. Detailed solution is referred to the 

work in [8]. 
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5. Conclusions 

In this letter, we analyzed the impacts of the network parameters at each protocol layer on the video transmission 

quality. A comprehensive cross-layer video transmission framework was presented. Based on the cross-layer 

framework, we presented some potential research trends for cross-layer video transmission in 5G networks. Finally, 

we presented an interference-aware cross-layer video transmission scheme for 5G distributed interference-limited 

network scenarios.  
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