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Executive Summary 
This deliverable concludes the work carried out in Task 3.2 and reports the main results we have obtained in the design 
and analysis of the network architecture of the OPTIMIX project, in particular regarding the network transparency 
concept. 
Being the last document of Task 3.2, this deliverables aims also to presents the final OPTIMIX architecture as a whole, 
in order to give a complete and smart vision of the achieved innovations and results. This choice is also due to the fact 
that though single finalized modules are presented and evaluated in the deliverables D2.xc of WP2, as well as D3.1c 
and D3.3c of WP3, the last presentation of the overall architecture was made last year ([14]). Therefore, in this report 
we include a picture of the architecture at a glance together with a summary of the main innovative modules and 
solutions that have been proposed within the OPTIMIX framework. These modules mainly concern the control plane of 
the OPTIMIX architecture and are the master application controller, the adaptation module, the base station controller 
and the mobile observer. These modules are briefly discussed and the main achievements have been reported with the 
reference to those deliverables which contains the complete description and information about them. 
Next, we start considering each aspect of the network transparency concept. Firstly, we have taken into account the 
backward compatibility, which deals with the support of the proposed solution over the current telecommunication 
infrastructure and the existing standards. We have examined the above mentioned modules separately in order to 
understand if they can be easily deployed or implemented on the basis of the current technologies and protocols. 
Furthermore we have outlined all the possible end-to-end transmission scenarios, considering both point-to-point and 
point-to-multipoint transmission and AVC or SVC cases. In these scenarios we have distinguished the case in which 
only clients and servers are enhanced according to OPTIMIX specification, and the case in which also the Base station 
is improved and consequently also the wireless network. 
Secondly, we have analysed in detail the remaining aspect of the network transparency concept. The first is the ability 
of the network entities to exchange information between each other in order to improve the quality experienced by the 
user. This translates into a joint optimization of the overall transmission chain. In this case the objective of Task 3.2 is 
to evaluate the introduced overhead into the network and proposing ways to reduce it, for example by adopting a 
solution instead of another amongst the ones presented and analyzed. From this point of view we complete the work we 
started in the previous deliverable [9] of Task 3.2, measuring the overhead of feedback messages using two different 
aggregation schemes: the terminal level aggregation with the triggering engine and the system/network level 
aggregation.  
The feedback messages considered in this deliverable include the final choice of parameters that the master application 
controller and base station controller exploits for optimizing the video transmission. Furthermore we update the 
evaluation of the in band signalling overhead analyzing the novel approaches that have been proposed for protecting the 
data transmission: RS RTP FEC and PECC techniques (described in detail in WP2’s final deliverables). 
The last aspect of the network transparency regards the capacity of the network to transfer multimedia information 
without introducing relevant impairments, like delay, loss and jitter. This feature must be maintained also when some 
additional mechanisms are enabled into the network, i.e. header compression, or in case of link/node failures and mobile 
users/terminals. More in detail, we have considered the issues of quality of service with traffic engineering, proving that 
the TE mechanisms we have proposed ensures that the impairments (delay, loss and jitter) introduced in the network are 
not significant even if the network experiences a fault. Finally, we have analysed the HIP micromobility approach 
developed for OPTIMIX, showing that the proposed solution gives relevant improvements with intra-domain 
handovers. 
The analysis has been conducted using the simulation tool that has been built in the OPTIMIX project, i.e. the 
simulation chain over the OMNET++ platform, which is composed of the models of each element of the OPTIMIX 
architecture and therefore, can be used to investigate about the interaction between each of them, the correct functioning 
and achieved performance of the proposal.  
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1 Introduction 
From the first deliverable [1] of this task, a lot of research has been made, with the proposal of innovative modules and 
functionality to be included in the OPTIMIX architecture, and the simulation modelling/analysis carried out during the 
project that has led to the  selection of the best solutions. 
In this deliverable we aim to give a picture of the final OPTIMIX architecture, summarizing the most relevant and 
newest approaches that have been developed during the project: the triggering framework, for transferring feedbacks, 
the master application controller, the adaptation module and the base station controller. We can notice that all these 
modules belongs to the control plane, but we have tried to improve also the data plane, proposing and combining 
innovative methods for assuring data protection from bit errors and losses, as well as efficient mechanisms for QoS 
support (i.e. Traffic Engineering with fault resilience capability) and mobility management. 
Starting from this view of the OPTIMIX solutions, we have analysed and checked the performance of the system from a 
network transparency prospective. Recalling from [1], the Network Transparency concept concerns different aspects.  
Firstly, it is defined as a framework that has the objective of allowing information exchange between different entities 
into the network in a transparent manner, involving both different nodes and different layers inside the same node, i.e. 
the additional information should not experience relevant impairments, such as errors, drops, delay, and delay 
variations. In this deliverable we have analysed the final solutions in terms of information exchange between nodes and 
layers. This analysis has considered both in and out of band signalling, verifying the introduced overhead of the novel 
approaches for protecting data, and feedbacks. For the latter, we have considered the OPTIMIX system performance 
with the final chosen feedbacks, in particular demonstrating how the aggregation has no negative impact on the 
performance and dramatically reduces the introduced overhead. Two aggregation schemes have been considered: 
terminal level aggregation with the triggering framework and the system level aggregation. 
Secondly, the network transparency concept is related to the backward compatibility, both with existing standards and 
the current telecommunication infrastructure, allowing a smooth migration towards NGNs, eventually supporting 
JSCC/D functionalities. For this reason, we have analysed the newly introduced solutions and modules in order to verify 
the applicability to the today’s technologies and how the current standards can be exploited to support the OPTIMIX’s 
proposal. 
Finally the network transparency is related to the feature of the OPTIMIX network to be able to assure that, the 
impairments that the network introduces on the data sent from the source to the mobile terminals cannot have a 
significant impact on the quality perceived by the user. In this respect, we have investigated three main aspects: the 
header compression, the mobility management and the QoS support by traffic engineering with fault resilience 
capability, in order to verify that the network is transparent with the addition of these elements, even in presence of 
mobile users and network failures in the core IP network. 
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2 OPTIMIX system architecture 
The aim of this chapter is to describe the final OPTIMIX architecture designed and developed during the project 
framework. First, we present the complete architecture from an overall prospective, in particular summarizing the most 
important modules: the signalling framework, the application controller and the base station controller and finally the 
adaptation module. 
Second, we evaluate the applicability of the designed solution to the current technology, analysing and discussing the 
related implementation issue, also taking into account where the module should be present (e.g. in the server, at the 
base-station/AP, at the terminal, in the network and so on). Aspects such as backward compatibility, current support, 
and foreseen support, availability in current standard or extensions, complexity in general about including the designed 
modules, and possibly impact of its exclusion have been considered.  

2.1 OPTIMIX architecture at a glance  
 
OPTIMIX project proposes a solution where the different entities involved in the end-to-end transmission are enhanced 
for multicast video transmissions. The proposed architecture, presented in Figure 1, comprises not only the data but also 
the control plane, which is of fundamental importance in the OPTIMIX solution: indeed, it allows the transfer of 
feedbacks and commands between different network entities, thus enabling the end-to-end optimization. Several 
protocols involved in the end-to-end transmission are enhanced with new features (e.g., the RTP layer, the MAC layer, 
etc.) and new units are introduced in the system architecture: i.e., a Master Application (MA) Controller, an adaptation 
module, a Base Station (BS) Controller and a Mobile Observer.  

The main purpose of the Master Application Controller is to adapt in real-time the source coding parameters (e.g. 
quantization parameters, bitrate, etc.) of an H.264/AVC or H.264/SVC stream and the protection rates on a relatively 
slow-rate base according to the video source characteristics and to the state of network and radio channels. This 
controller is thus naturally owned by a Service Provider, which may or not coincide with the Mobile Operator. 

The adaptation module instead adapts a pre-coded H.264 video to the actual bandwidth availability and is an alternative 
to the use of the Master Application Controller, in particular for the streaming of an H.264/SVC video. Indeed, the SVC 
Master Application Controller, which provides an accurate video compression by taking into account the redundancy 
introduced by protection schemes proposed by the project, works in a Partial&Trial mode and needs to iterate three 
times on each layer. If the encoding delay is not negligible, the use of the Master Application Controller may not be 
suitable for real-time applications. The adaptation module, instead, even if working only on video bit rate without 
considering the overall overhead introduced by the protection schemes, can easily (i.e. quickly) adapt the SVC stream to 
the network conditions.  

The Base Station Controller in its turn intelligently allocates the shared radio resources among the users and the 
different kind of traffic: this controller has thus to be integrated in next-generation point of access to the wireless 
network. For our purposes, we consider a very general radio access scheme, where time, frequency and space resource 
units are available for the communication process. Moreover, we propose to exploit the flexibility of different channel 
coding and modulation techniques in order to jointly adapt the radio transmission scheme to the source characteristics 
and to the channel states. 

Finally, our signaling architecture uses Mobile Observers to collect cross-layer information from different layers of the 
system (in terms of channel state information, network conditions, source characteristics...) and signal this cross-layer 
information back to the base station, to media-aware network elements and/or to the multimedia server in order to adjust 
source or transmission parameters according to the feedback information. The Mobile Observer in the OPTIMIX 
architecture is based on a triggering framework and IEEE 802.21 as described in the next sections. 

Remarkable results have also been obtained by enhancing the behavior of the single modules used in the data plane. In 
particular different kinds of data protection are proposed: 

- Two Forward Error Correction (FEC) schemes have been introduced in the RTP protocol: the first one, based on 
RCPC codes, protects the transmission against bit errors introduced by the wireless channels; the second one, a 
systematic solution based on Reed-Solomon codes, protects the communication against both losses and bit errors. 

- An efficient maximum likelihood decoding algorithm for low-density parity check (LDPC) codes over erasure 
channels has been designed and a Packet Erasure Correcting Codes (PECC) module has been inserted between RTP 
and transport layer protocols. Enhancements with respect to a previously proposed structured Gaussian elimination 
approach are achieved by developing a set of algorithms aiming to limit the average number of reference variables 
from which the erased symbols can be recovered. 

The end-to-end protection can thus be obtained as: 

- The joint use of the RCPC RTP FEC solution and the PECC module, correcting bit errors and losses respectively. 
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- The use of the RS RTP FEC solution to correct both packet losses and errors. 

- The use of the PECC module only to correct packet losses. 

In order to avoid an excessive protection since we assume the clients equipped with robust decoders, we focus on two 
alternatives: the use of RS RTP FEC or the use of PECC. The first one protects both against losses and bit errors, while 
the second one offers robustness to packet erasures even at very high loss rates. The two schemes are presented and 
compared in D2.1c [2] and D2.2c [3]. 

 

Figure 1: OPTIMIX control architecture 

2.2 Signaling framework  

OPTIMIX signaling system is based on the joint use of 802.21 and a triggering engine. The triggering engine TRG [25] 
is present in the server, BSs and clients and allows aggregating and exchanging information between trigger sources and 
triggering consumers at any layer of the networking stack. IEEE 802.21 is used in the OPTIMIX clients and BSs to 
provide physical and data link layer feedbacks to the other entities in the network: 802.21information is converted into 
triggers which are handled by the TRG. 

TRG interfaces with the event sources and the trigger consumers in the OPTIMIX architecture can be seen as different 
system layers or modules. The trigger sources produce relatively fast-changing information and send this information to 
TRG. The trigger consumers receive notifications in the form of standardized triggers about events they are interested 
in. In practice, the triggers are formatted already in the event sources and TRG will only handle the delivery of the 
triggers to consumers subscribed to this information based on policies and filtering rules.  

Although Triggering Framework allows using filters in the subscriptions, the feedback message exchange causes 
overhead for the network traffic. In order to mitigate the feedback overhead, a client-side aggregation mechanism for 
Triggering Framework has been developed. Trigger aggregation bundles multiple triggers into one trigger, which is 
periodically sent to the consumers subscribed to it.  

Besides client-side aggregation, also called terminal aggregation, OPTIMIX architecture introduces a network-level 
aggregation realized by Feedback Aggregation Servers (FASs) into the IP network core and exploiting Ipv6 anycasting. 
In anycast, a packet sent to an anycast Ipv6 address is delivered to only one member of the anycast group: in OPTIMIX 
the anycast group is composed by the FASs and the server itself. The clients thus simply send their triggers to the 
anycast address and these messages are received by the “closest” node (i.e., a FAS or directly the server). The FASs 
collect triggers and store them in queues where each queue represents a significant service class according to the 
services available for the mobile entities in the given network. In accordance with the service parameters (maximum 
feedback delay, etc.) every queue has different timers to process the feedback data packetizing them into IP packets. 
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These generated IP packets contain feedbacks from multiple sources so network-level aggregation decreases the 
overhead in the IP core and makes possible to join feedbacks from the same type in one IP packet. 

2.3 Application Controller module  

 

Figure 2: Application Controller input and output 

Since OPTIMIX considers video streaming over wireless channels, whose conditions in terms of maximum bit rate and 
communication quality may deeply vary due, e.g., to limited bandwidth availability and high number of clients or 
receivers’ mobility, the Master Application Controller needs to rely on a rate control algorithm more reactive (in the 
sense of quickly evolving to meet the target bitrate) than the ones traditionally used in long term rate control for video 
compression. As a matter of fact, the channel conditions may vary too quickly when compared to the convergence time 
of the rate control algorithm, thus introducing great misbalances and several inadequately settings (as it could happen 
by using the long term adaptation rate control algorithms proposed in the H.264/AVC JM [4] software). Moreover, in 
order to improve the quality of a video received over imperfect channels, protection schemes introducing redundancy 
and thus consuming bandwidth have to be taken into account when selecting coding parameters so to not exceed the 
maximum available bandwidth. 

The controlling process, proposed in OPTIMIX and presented in D2.3a [10], D2.3b[21] and D2.3c[22], results in 
deciding every Group Of Picture (GOP) ( every one second) the best compression and eventually protection parameters 
given the available bitrate and transmission conditions (network and/or channel state information). In particular, the 
Application Controller can base its decision algorithm on: 

- the available bandwidth (Rmax) 

- the loss probability (PLR) 

- the Bit Error Rate (BER). 

- In alternative, the application layer controller can use information about the encoder buffer occupancy and the 
(video) quality measured in previous controlling steps, as proposed in [21]Erreur ! Source du renvoi 
introuvable.], where the application layer controller is specialized for the scenario of a telemedical application and 
designed to maximize  medical QoS. 

The available bandwidth can be estimated by the server in different ways: indeed, several algorithms (e.g., Spruce [5], 
Pathload [6], pathChirp [7], Assolo [8], etc.) have been proposed in the literature and are available for the integration at 
the transmitter side. However, the bandwidth estimation mechanism proposed in D2.3c [22] and based on feedbacks 
from the clients can also be used. A third option is offered by the collaboration of the Base Station Controller. Indeed, 
Base Stations, enriched by intelligent allocation schemes and the TRG signaling framework, control the bandwidth 
allocated to each communication and can inform the Application Controller of the maximum achievable throughput (in 
this case we assume the wireless link is the bottleneck of the communication). 

PLR and BER are instead feedbacks sent by the clients via the TRG. Packet loss rate is measured at the RTP layer every 
0.1 sec on the received sequence numbers: this value thus takes into account all the losses occurred along the path from 
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the server to the client, due to problems in the wired network, to buffer overflow at the Base Station, or to wrong CRCs 
or checksum at the receiver. BER is instead communicated by the physical layer by every twenty packets via IEEE 
802.21. The two values are then sent as an aggregated trigger to the Master Application Controller every second. Thus, 
the aggregated trigger contains the average PLR and BER measured on all the RTP loss values and 802.21 messages 
received by the TRG since the previous aggregated trigger transmission. Several aggregation schemes different from the 
average has been considered but without additional gain: indeed, the fast variations of the channel are handled by the 
BS Controller, while the Master Application Controller works on a longer time scale, thus not requiring frequent 
updates of the BER and of the PLR.  

 

BER Average on 1 sec of the values measured at the 
physical layer every 20 packets 

PLR Average on 1 sec 

 

These input values allow an accurate parameter selection when encoding a video for a single client. Conversely, 
adaptation for a single transmission toward a group of users cannot satisfy the requirements of all the clients. As a 
matter of fact, each server-to-client communication, which can transit over a different path, through different wireless 
cells or even different wireless networks, can present very different conditions. The server thus estimates a potentially 
different bandwidth Rmaxi for every client i and receives different packet loss rate PLRi and Bit Error Rate BERi values 
from the different receivers. 

For an H.264/AVC stream these values are then transformed, as depicted in Figure 2, by a cost function into the 
requirements of a target user U* characterized by the conditions: 

(Rmax*, PLR*, BER*)=f(Rmaxi, PLRi,BERi) 

The selection of the target user U* depends on the application, on the service provider policy and on the needs of the 
clients. As an example, the target user U* can be an average user, for which bandwidth, packet loss rate and bit error 
rate are the averages of the values received by the different clients, or of a gold user. A minimal service guarantee could 
also be needed for example in case of video surveillance applications, with e.g., Rmax*=min(Rmaxi), 
PLR*=max(PLRi), BER*=max(BERi). 

Considering the bandwidth Rmax*, the PLR* and the BER*, the Application Controller jointly selects every GOP the 
code rate of the RTP FEC protection and the Quantization Parameters used by the video codec as detailed in D2.3c. If 
RS RTP FEC is used, both PLR and BER are directly used to select RTP code rates. 

More target users, one for each scalability layer, could be instead defined for an H.264/SVC stream. 

Depending on the cost function, the generated bit rate can exceed the bit rate limits for one or more clients: indeed, the 
Application Controller choice respects the requirements of the target user U* and not the requirements of each single 
user. In this case further adaptation is performed at the Base Station: the Base Station, having to serve a small number 
of all the multicast clients and handling the transmissions queues, can dynamically and more accurately adapt the video 
stream to its clients. In particular, the Base Station Controller adapts the emission rates to the client needs, by exploiting 
priority indications in the IP header in case of an H.264/AVC stream or layer priority in case of an H.264/SVC 
transmission. 

The selected code rates and the Quantization Parameter to use for the next GOP are indicated to the concerned modules. 

In addition, the Application Controller can indicate to the Base Station the average bit rate of the encoded GOP and the 
additional protection: the BS, knowing in advance the amount of required resources, can perform an accurate resource 
allocation. It has however to be noticed that this information is not mandatory since the bit rate could be measured at the 
Base Station.  

Finally, priorities of the different layers (for the H.264/SVC codec) or of the single frames (for the H.264/AVC codec) 
are reported in the DS byte of the Ipv6 header and can be used by the Base Station Controller. 

Inputs Outputs 

Maximum bit rate QP 

BER RTP FEC/PECC Code rates 

PLR Bit rate of the following GOP 

 NALU/Layer priority 

Table 1: Master Application Controller inputs and outputs 
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2.4 Adaptation Module  
The adaptation module used together with H.264/SVC is introduced in D2.3b [21] and the purpose of this module is to 
perform adaptation of pre-encoded SVC bitstream according the adaptation decision made by the application layer 
controller. As described earlier in this document, this module is used especially when strict delay requirements of the 
system prevent real-time encoding of SVC video. The main target of the adaptation module is to adapt SVC stream to 
meet bitrate requirements of the transmission medium. H.264/SVC bitstream introduces three dimensions of scalability 
(spatial, temporal and quality) and these scalabilities can be utilized separately or together when more flexible 
adaptability can be achieved. Different techniques for estimating the available bandwidth are described in the literature. 
Alternatively, the bandwidth estimation mechanism proposed in D2.3c [22] based on TCP-Friendly Rate Control 
(TFRC) techniques and based on feedbacks from the clients can also be used. A third option is offered by the 
collaboration of the Base Station Controller. The adaptation module utilizes the bandwidth estimate received from the 
application controller to select the best combination of temporal, spatial and quality layers (operation point) which 
fulfills the requirements received from the application controller. The selected operation point is given as a feedback for 
the bitstream adaptation process which performs the actual layer dropping operation. 

 

Pre-encoded SVC video content

Transport and network 
packetization

Application Controller

Target bit rate

Select OP 
which fulfill 

the 
requirements

Bitstream 
adaptation

TFRC BW estimate

Target frame rate

Target resolution

(Rmax)

PLR

BER SVC adaptation module

Server

 

Figure 3: SVC adaptation module and its interaction with the application controller. 

2.5 Base Station Controller  
The main role of the Base Station (BS) Controller is to manage the shared radio channel among multiple users. In 
particular, it has to schedule the downlink transmissions and assign the common resources to the users, according to 
their channel conditions, the multimedia stream characteristics and the QoS requirements specified by the Master 
Application Controller. Due to the intrinsic variability of mobile radio channels, the BS controller has to perform its 
optimization algorithms very frequently, on a time basis ranging from some ms to few tens of ms, depending on the 
considered system. 

For the sake of generality, we consider a Multi-Input Multi-Output (MIMO) radio architecture with Orthogonal 
Frequency Division Multiple Access (OFDMA) scheme and we focus on optimizing the downlink transmission. Given 
the extremely high computational burden of optimal scheduling and resource allocation procedures, we opt for low-
complexity sub-optimal approaches (see [21] and [22]). The optimization task is stated as a sum-rate (SR) or a weighted 
sum-rate (WSR) maximization problem subject to several constraints, such as: i) the total transmission power, ii) the 
target data rate for the total H.264/AVC stream or for the different layers of a H.264/SVC stream indicated by the 
Application Controller; iii) the amount of data present in the user TX buffers coupled to the priorities signaled by the 
Application Controller. The solution of this problem is computed through dual-Lagrangian optimization techniques. 
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Figure 4: Base Station controller inputs and outputs 

Adaptive modulation and coding (AMC) schemes can also be applied to satisfy BER/FER requirements for the different 
video priorities. In fact, different quality requirements (in terms of target BER/FER) can be specified based on the 
nature of the packets to be transmitted (video base layer, enhancement layer, voice, data, etc.). 

In the following we list the information required by the BSC algorithms: 
- Source bitrate for the different streams. This information can be communicated by the Master Application 

Controller through the TRG signaling framework GOP-by-GOP or, if not available, it can be directly estimated 
at the BS. As explained in [22], based on the knowledge of the target throughputs, the WSR algorithm adapt its 
weights to meet the specified requirements, while trying to maintain some fairness among the users. This 
adaptation process will take into account the delay sensitivity of the different types of data traffic (i.e. real-time 
or non real-time). 

- Priority of received packets. This in-band information is provided by the application layer exploiting the DS 
byte of the Ipv6 header. It allows distinguishing the different layers (for the H.264/SVC codec) or the single 
frames (for the H.264/AVC codec) within the video stream. In particular, this information is required if 
selective packet drop is implemented at the BS. In case the radio resources are not sufficient to transmit all the 
data, the BS Controller may decide to selectively discard the less significant packets (e.g. B frames or some 
enhancement layers) in order to deliver all the important video information with an acceptable delay. This 
approach constitutes an alternative to having a complete adaptation module working within the BS. We remark 
that this solution entails an increase in the complexity of the buffer system at the lower layers, since packets 
destined to different users and with different priorities may be saved in distinct transmission queues. Moreover, 
some degree of dependency among the packets should be recognized and managed by the system, in order to 
selectively drop the less significant packets while transmitting information which can be actually exploited by 
the video decoder. 

- Target BER/FER requirements for the different streams. Packets with different priorities can be also differently 
protected (UEP). If this information is not available, a default value (e.g. FER=1.0E-2 or FER=1.0E-3) can be 
considered for all the streams. 

- State of the transmission buffers. Information about the amount of data present in the buffers and the time 
spent in queue by each HOL packet is provided by the multi-queue system at layer 2 to the BS controller. 
These elements may be used to formulate proper constraints in the WSR maximization run before the 
transmission of each OFDMA frame.  

- Channel state information (CSI). Accurate CSI are needed in order to opportunistically assign the radio 
resources to the different users. In order to be sufficiently reliable, this information should be provided at high 
rate, through specific mechanisms foreseen by the radio standards. For example, in the case of TDD schemes, 
the BS can directly estimate the channels experienced by the different users, while, in the case of FDD 
schemes, frequent feedback messages permit to update the channel knowledge at the transmitter side. In 
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particular, our BS controlling algorithms are based on localized subcarrier mappings and, thus, assume to 
reliably know a signal-to-noise ratio for each resource block (RB) and for each user (see [21] and [22] for more 
details).  

- Feedback information about estimated BER and FER (optional). This information is not strictly required by the 
AMC algorithm, but it can constitute a mean of validation of the adaptation strategy currently adopted by the 
controller. 

 
Besides RA information and PHY layer transmission parameters, the BS controller can provide as output an estimate of 
the achieved throughput for each stream and an estimate of the available bandwidth, in case some radio resources are 
always unused and may be exploited to improve the video quality. This information can be provided to the Master 
Application Controller through the TRG signalling framework, on a time basis going from 1 to a few seconds.  

2.6 Applicability to current technology  
OPTIMIX proposes a cross-layer solution where optimization of high layer protocols (implemented by content-service 
providers) and radio resources (implemented by telecommunication operators) is realized by different controlling units 
and which can be progressively deployed, thus resulting of particular interest for the main business actors.  
It has finally to be noticed that OPTIMIX decided to avoid the design of new solutions when standardized mechanisms 
could be adapted to the project needs: for example, the signalling solution is built on IEEE 802.21 and Ipv6 anycast 
that, even if not conceived in the context of the project, can be successfully exploited.  

2.6.1 Application Controller module  
The integration of the application controller requires a software update from the content-service provider. The decision 
algorithm, based on bandwidth estimation, packet loss rate and bit error rate, benefits from a software update of the 
mobile terminals for the integration of the triggering framework. If feedbacks from the clients are not available, packet 
loss rate and bit error rate could be estimated exploiting transport layer protocols when connected transport protocol like 
DCCP are used.  
 

 Modification of existing technologies 
Master Application Controller Software update of the server 
Bandwidth Estimation Software update of the server (to integrate a bandwidth 

estimation tool) 
PLR and BER  Software update of the server (to integrate the TRG) 

Software update of the clients (to integrate the TRG) 

Table 2: extensions to existing technologies for the use of the Master Application Controller 

2.6.2 SVC adaptation module 
The integration of the adaptation module does not need any hard-ware specific support and it can be upgraded by the 
content-service provider using software update. The adaptation module is typically located in the server to perform the 
adaptation of SVC bitstream. It is possible to perform bitstream adaptation also within the network (e.g. in media-aware 
network element or in the base station) since SVC bitstream can be adapted by simply discarding packets with lowest 
priority. However, the priority of packets has to be signalled somehow to the adapter for example by in-band using 
packet headers (for example Ipv6 or RTP header). In order to analyse packet headers, adaptation capable network 
elements need to have access to the required priority information which might be included in the application layer 
packet. In addition, if the adaptation module located within the network will adapt real-time RTP stream by simply 
discarding packets, re-packetization of RTP stream is needed in order to retain continuous sequence numbering and not 
to disturb the functionality of RTCP protocol used together with RTP. 
 

 Modification of existing technologies 
SVC adaptation module in the 
server 

Software update of the server  

SVC adaptation module within the 
network 

Software update of the network element (SVC adaptation 
module, access to higher system layers (IP or RTP) and RTP 
re-packetization) 

Table 3: extensions to existing technologies for the use of SVC adaptation module 

2.6.3 Base Station Controller 
Unlike the controlling strategies working at the application layer, the optimization functionalities proposed for the BSC 
require a mixture of hardware and software on-board integration, which renders more complicated their implementation 
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in real equipment. However, the convergence of software and hardware developing techniques driven by the huge 
spread of DSP and FPGA technologies permits to easily introduce some changes in the internal signalling architecture 
of the BS’s without affecting the fundamental compatibility with standards. Firmware updates are, nowadays, supported 
by all the manufacturers as an easy way to correct bugs and add more functionalities.  
In order to be actually exploited by mobile operators, our solutions should be fully compatible with radio 
communications standards. In particular, next generation standards are moving toward OFDMA and MIMO 
technologies as multi-user solutions to increase throughput and reduce latency in data delivery. It is worth remarking 
here that the optimization approach followed in the OPTIMIX project is, somehow, “scalable”, in the sense that it is not 
necessary that all the different stages of optimization are actually implemented in real communication chains. We opted 
not to focus on a single specific radio architecture, but rather on more “generic” transmission techniques which may be 
easily adjusted to reproduce the main characteristics of different standards. For example, our solutions for the BSC [22] 
may be (at least partially) adopted in WiMAX and 3GPP LTE systems, since both are based on OFDMA resource 
allocation. Localized subcarrier mapping, spatial multiplexing and MIMO beamforming are also supported by the cited 
standards. Recently, also the 802.11ac task group has started working on OFDMA as a possible technique for 
contemporary transmitting to multiple users. Since scheduling and resource allocation are usually software-
implemented at the MAC layer, the application of our SISO or MIMO techniques described in [21] and [22] could be 
considered for real implementation.  
Concerning the AMC solution developed in the project and described in [21] and [22], we note that LDPC codes are 
optionally supported by WiMAX, while, in LTE, Turbo codes have been preferred by the standardization committee. 
Anyway, although in [21] and [22] a specific family of IRA LDPC punctured codes has been considered, the proposed 
AMC algorithm can be applied to Turbo codes as well, eventually adjusting some minor issues like the interleaving 
process. 
If the communication standard does not allow a cross-layer communication between application and MAC/PHY layers 
at the BS, different data priorities may be assigned based on the multicast destination address of the packets. Anyway, 
prioritized transmissions or differentiated requirements (e.g. in terms of target BER or FER) are supported by our 
controlling algorithms, but they are not strictly necessary. For example, a unique target FER can be fixed a-priori by the 
service provider for all the transmissions, without taking into account the nature of the packets being transmitted (video 
base layer, enhancement layer, voice, data, etc.). 

2.6.4 Signaling framework  
Triggering Framework and its main entity Triggering Engine does not need any hardware-specific support, but is a 
software component that can, basically, run on every machine having the Internet protocol stack. Thus, Triggering 
Engine does not restrict its use with the currently available technologies. All modules/entities using the services of 
Triggering Framework may need some machine-specific support to collect various data they are handling, which are 
transformed to triggers. However, this is not related to the functions of Triggering Framework. 
 
Large number of big access point and terminal vendors has been interested in the IEEE 802.21 standard and its 
deployment. This alludes to an extensive support in future. Currently the IEEE 802.21 standard capabilities are 
included, for instance, in IEEE 802.16-2009 standard [23]. The standard requires support from the equipment and 
operating system it is running on and is, thus, more challenging for an extensive deployment than Triggering 
Framework. For instance, how to collect different link parameters indicating the link conditions and to control the link 
actions are vendor-specific with much equipment. However, many operating systems provide a way to control the 
network links and to collect various parameters about the link, like Linux, for instance [24]. This allows also third-
parties to implement IEEE 802.21 capable network entities. 

2.6.5 Ipv6 Anycasting Submodule  
In the OPTIMIX architecture System level feedback message aggregation (see section 4.1.3.2 in this document) is 
realized with Ipv6 anycasting ([26], [1] and [9]). Today anycasting is not so widespread due to some limitations (e.g. it 
cannot handle stateful communication by itself) coming from the main principles of anycast communication, but 
although there are several circumstances where anycasting can simplify communication situations. For example in the 
OPTIMIX architecture mobile terminals send significant amount of feedback messages to the Master Application 
Controller and these messages do not need to be acknowledged by the MAC (or any intermediate receiver) so the 
communication is stateless. In this environment anycasting is a good solution to always provide the fastest delivery of 
every single feedback message towards the MAC directly or through intermediate aggregators. 
Anycasting appeared in Ipv4 networks as well, but later it became one of the three basic communication schemes of 
Ipv6. Now and earlier it is mostly used for service discovery ([27] and [28]). In tomorrow’s networks the role of 
anycasting probably will grow since mobility (service discovery in new networks during roaming) and multimedia 
delivery to mobile devices (feedback routing) are becoming elementary services. 
To provide anycasting in general a well maintained anycast routing protocol implementation is needed from a certified 
manufacturer of core network devices, since yet there is no official standardized anycast routing protocol. Then routers’ 
software should be updated to support anycast routing mechanism and group membership information. Ipv6 anycasting 
should not need more complexity than any other modern routing protocols. Finally content-service provider servers 
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(anycast receivers) should be extended to be able to signal their membership information (join or leave) to the closest 
anycast capable router, while user terminals do not need any modifications to use a network which supports anycasting. 
Exclusion of anycasting from the OPTIMIX architecture would result that feedback messages, addressed to the global 
Ipv6 address of the MAC, would be delivered with unicast routing. In this situation every feedback data which is 
usually not more than a few bytes would be transferred in individual Ipv6 packets. In this case the packet header is 
much longer than the payload and this results in a significant overhead and performance degradation in the network. For 
further discussions and quantitative considerations see section 5.3.3). 
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3 End-to-end delivery in point- to-point and point-to-multipoint transmissions  
In this section the description of the modules involved in the end-to-end transmission is reported. Two options are 
considered: enhancements of clients and server only and enhancement also of the Base Station. These configurations 
corresponds to the real OPTIMIX scenarios, also considered for the demonstration of the final OPTIMIX results, which 
will be presented in D4.3c.  

3.1.1 Point-to-Point H.264/AVC transmission 
 
In this section we describe the point-to-point end-to-end transmission of an H.264/AVC stream, by considering two 
different deployments: in the first case, we assume that only the server and the clients implement the OPTIMIX 
solution, thus without any modification of the wireless network, while in the second case we assume that server, base 
stations and clients are enhanced with the OPTIMIX features. 
 
Point-to-Point H.264/AVC transmission with legacy Base Station 
 
We report in the following the main steps of the end-to-end transmission when no modifications are done in the access 
network: 
- A feedback with bit error rate and packet loss rate experienced by the single client is received at the server side. 
- The available bandwidth is estimated by the server: one of the tools available in the literature or the TFRC-based 

estimation proposed in D2.3c [22]. 
- Protection schemes like PECC and RS RTP FEC are used to correct errors and losses. 
- The Master Application Controller selects every GOP Quantization Parameter, PECC or RTP FEC code rates based 

on the estimated bandwidth and the BER/PLR experienced by the client and sent via the TRG. 
- The Master Application Controller assigns two priority levels: the first for I frames, the second for P frames. These 

priorities are reported in the Ipv6 header and can be used to guarantee QoS in the wired network if appropriate 
mechanism are implemented there. 

 
 
Point-to-Point H.264/AVC transmission with OPTIMIX Base Station 
 

 

 

Figure 5:Triggers exchanged during a point-to-point video streaming 

Like in the previous case: 
- A feedback with bit error rate and packet loss rate experienced by the single client is received at the server side. 
- The available bandwidth is estimated by the server: one of the tools available in the literature or the TFRC-based 

estimation proposed in D2.3c [22] is used. In addition, the available bandwidth can be communicated by the BS 
Controller (in this case we assume that the wireless network is the bottleneck). 

- Protection schemes like PECC and RS RTP FEC are used to correct errors and losses. 
- The Master Application Controller selects every GOP Quantization Parameter, PECC or RTP FEC code rates based 

on the estimated bandwidth and the BER/PLR experienced by the client and sent via the TRG. 
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- The Master Application Controller assigns two priority levels: the first for I frames, the second for P frames. These 
priorities are reported in the Ipv6 header and can be used to guarantee QoS in the wired network if appropriate 
mechanisms are implemented there and exploited by the Base Station Controller. 

In addition to the previous configuration: 
- The BS controller allocates frequency and/or time resources and schedules transmissions to the different clients by 

considering the two priority levels. In particular, the BS controller is capable to manage a multi-queue system 
present at the DLL of the BS (see D3.3b [19] for more details), checking at each resource allocation step the buffer 
state, the delay of the HOL packets and  the throughput recently achieved. Based on this information and on the 
different packet priorities, the BS controller can perform a selective packet drop, in case the available radio 
resources are not sufficient to transmit everything. In other words, the BS controller can identify the most 
significant units within the stream of received packets, rapidly reacting to sudden radio bandwidth reductions by 
selecting the packets to transmit and those to discard. Clearly, the persistency of a bottleneck at the wireless link 
has to be communicated to the Master Application Controller, which will establish the most appropriate video 
coding parameters and transmission strategy. 

- Since long delays means also a high jitter, with possible packet re-ordering, the RTP layer at the receiver reorders 
packets arrived out-of-order (e.g., due to the insertion in different priority queues at the Base Station) in a time 
interval of 40 ms (this is critical for real-time applications ). Since we consider a GOP size of 15 or 30 frames and a 
transmission from 15 to 30 fps, P frames not yet transmitted at the end of the transmission of the following I frame 
(i.e., P frames of the previous GOP) should be discarded by the BS Controller since no longer relevant, avoiding in 
this way waste of resources for packets discarded at the client side. 

- The AMC unit within the BS Controller assumes the same target FER/BER for all the priority levels, e.g. 
FER=1.0E-2 or FER=1.0E-3.  

 
As already anticipated, the main gains due to the introduction of the OPTIMIX BS controlling techniques consist in an 
increase of throughput, a reduction of transmission latency (especially for real-time traffic) and an improved fairness 
among the users (valid also in the common situation of heterogeneous traffic at the BS, as explained in more details in 
D2.3c). The option to discriminate among different data priorities places our solution between traditional content-aware 
and content-unaware scheduling/allocation approaches presented in the literature. The received video quality can thus 
be improved without applying complex optimization algorithms based on standard-dependant distortion prediction 
models at the lower layers of the BS.       
 
The OPTIMIX controlling algorithms at the BS are mainly aimed at increasing the achieved throughput and reducing 
the packet delivery latency with respect to legacy BS’s, for example based on traditional multiple access schemes and 
round-robin policies. An increment in the available throughput can be exploited by the Master Application Controller to 
increase the video quality, by properly adjusting the encoding parameters. Moreover, if advanced channel coding 
techniques are applied at the BS (e.g. based on LDPC codes), the AMC algorithm described in D2.3b and D2.3c permits 
to predict and control the BER and FER at the final users more precisely than with traditional transmission equipment. 
It has to be noted, however, that the advantages of our BS controlling strategies over legacy BS’s are expected to 
become more evident when the system is sufficiently “stressed”, e.g. due to the presence of many RT and NRT users.   
 
It has to be noted that when a sophisticated scheduling and resource allocation algorithm is not available at the base 
station, adaptation at the application layer of the base station can be done. This means that, the video stream goes up to 
the Application Layer before being transmitted to the clients: in this case, if the bandwidth availability has changed 
since the encoding process at the server (e.g., for a traffic increase in that cell or for a reduction of the transmission bit 
rate due to a worsening of the channel conditions), the video bit rate can be reduced. This solution, less efficient than 
performing fully content-aware multiuser scheduling and resource allocation at the MAC/PHY layer of the Base 
Station, can be easily implemented for example in IEEE 802.11 Access Points and will be used in the demonstrator. 

3.1.2 Point-to-Multipoint H.264/AVC transmission 
The point-to-multipoint transmission of an H.264/AVC stream is realized in OPTIMIX with a multicast transmission. 
Two cases are considered, depending on the properties of the video stream. If the AVC stream presents two temporal 
scalability layers, two multicast groups, one for each scalability layer, can be created: in this case, the same approach 
used for an H.264/SVC stream can be used and we invite the reader to refer to that section for the details. Conversely, if 
the AVC stream does not present temporal scalability, a single multicast group is created: this is the case described in 
the following. 
 
Point-to-Multipoint H.264/AVC transmission with legacy Base Station  
 
The end-to-end transmission of an H.264/AVC stream toward multiple clients is implemented in OPTIMIX as follows: 
- A simplified Ipv6 multicast concept is used to reduce the burden on the access network. 
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- Feedbacks with bit error rates and packet loss rates experienced by the different clients are received at the server 
side, while the available bandwidth is estimated at the server side 

- Requirements of the different clients are used to determine the requirements of a target user U* following a cost 
function selected by the server (examples of cost functions are reported in Sec. 2.3). 

- PECC or RS RTP FEC are used for protection against losses  
The Master Application Controller selects every GOP Quantization Parameter, PECC and RTP FEC rates based on 
bandwidth estimation and loss/error rates experienced by the target user U*  
 
It has to be noticed that the Application Controller satisfies in this case not the requirements of a single user, but of a 
target user. Thus, the video quality experienced by the different clients deeply depends on the target user definition 
(selected by the content-service provider) and on the difference between each client and the target user requirements. 
 
Point-to-Multipoint H264/AVC transmission with OPTI MIX Base Station 
 
 

 

Figure 6: Triggers exchanged during a point-to-point video streaming 

When the base station is modified to integrate the BS Controller, as before: 
- Feedbacks with bit error rates and packet loss rates experienced by the different clients are received at the server 

side 
- Requirements of the different clients are used to determine the requirements of a target user U* following a cost 

function selected by the server (examples of cost functions are reported in Sec. 2.3). 
- PECC or RS RTP FEC are used for protection against losses  
- The Master Application Controller selects every GOP Quantization Parameter, PECC and RTP FEC rates based on 

bandwidth estimation and loss/error rates experienced by the target user U*  
 
Additionally: 
- If the BS Controller knows the users belonging to the different multicast groups, it has the option to replicate and 

separately transmit the video packets to all the users. This approach allows optimizing the radio transmissions 
based on the specific channel conditions of the different users and high throughput can be generally achieved on 
each point-to-point link. As an alternative, the BS can contemporary transmit the video packets to all the users, as a 
matter of fact “broadcasting” the packets through layer-2 multicast mechanisms. In the latter case, the BS 
Controller can also identify a target user and tune the modulation and coding parameters based on its 
characteristics, while a real optimization of the radio resource assignment (in terms of time, frequency, space and 
power resources) cannot be easily pursued. Clearly, between these two extremes, there are multiple intermediate 
solutions: for example, the base layer can be sent via multicast techniques to all the users contemporary, while the 
enhancement layers may be replicated and individually transmitted to the interested users, allowing, at least, a 
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partial optimization in the scheduling and resource allocation. Which strategy performs better is not immediately 
evident and, in general, depends on the specific scenario considered.   

- The BS controller allocates resources and schedules transmissions of the different clients by considering the two 
priority levels, following the same approach described in the case of H.264/AVC point-to-point transmissions.  

 
As already pointed out, since long delays can cause packet re-ordering, which badly impact real-time applications, the 
RTP layer at the receiver reorder packets arrived out-of-order (e.g., due to the insertion in different priority queues at 
the Base Station) in a time interval of 40 ms. Since we consider a GOP size of 15 or 30 frames and a transmission from 
15 to 30 fps, P frames not yet transmitted at the end of the transmission of the following I frame (i.e., P frames of the 
previous GOP) should be discarded by the BS Controller since no longer relevant, avoiding in this way to useless 
occupy resources for packets discarded at the client side. 

3.1.3 Point-to-Point H264/SVC transmission 
In this section we describe the point-to-point end-to-end transmission of an H.264/SVC stream, by considering two 
different deployments, corresponding to different degrees of network nodes extensions: first, we assume as before that 
the server integrates the OPTIMIX Application Controller while the wireless network is not modified; then, we consider 
that the Master Application Controller is not integrated in the server but that an adaptation module adapts a pre-coded 
H.264 video to the actual bandwidth availability. As explained in Sec. 2.1, this solution is particularly interesting if the 
H.264/SVC encoder introduces a non-negligible delay, thus entailing an excessive latency with the SVC Master 
Application Controller. In the last case, we assume that server, base stations and clients are enhanced with the 
OPTIMIX features and integrate both Master Application and Base Station controllers. 

Point-to-Point H.264/SVC transmission with legacy Base Station 
 
There is no difference between an H.264/AVC and an H.264/SVC stream transmission in this case: the reader is invited 
to refer to the description in Sec. 3.1.1. 
 
Point-to-Point H.264/SVC transmission with adaptation at the server and legacy Base Station 
 
When the adaptation module is used instead of the Master Application controller, the following steps characterize the 
end-to-end transmission of an SVC stream:  
- The available bandwidth has to be estimated at the server side (no information sent with today technology to the 

server). One of the tools available in the literature or the TFRC mode can be used. 
- No protection at the transport layer (i.e., no PECC, no RTP FEC) is introduced or is used with fixed code rates. 
- The stream is adapted at the server side to the available bandwidth 
 
Main gains achieved with this configuration compared to configurations without adaptation are expected to be seen in 
improved perceived quality-of-experience (video quality). When adaptation is enabled, less packet losses are expected 
since the streaming server reacts to observed congestion and errors. 
 
Point-to-Point H.264/SVC transmission with OPTIMIX Base Station 
 
As for the H.264/AVC stream: 
- A feedback with bit error rate and packet loss rate experienced by the single client is received at the server side. 
- The available bandwidth is estimated by the server: one of the tools available in the literature or the TFRC-based 

estimation proposed in D2.3c [22] is used. In addition, the available bandwidth can be communicated by the BS 
Controller (in this case we assume that the wireless network is the bottleneck). 

- Protection schemes like PECC and RS RTP FEC are used to correct errors and losses. 
- The Master Application Controller selects every GOP Quantization Parameter, PECC or RTP FEC code rates based 

on the estimated bandwidth and the BER/PLR experienced by the client and sent via the TRG. 
 
Priorities are in this case determined by the scalability layer of the SVC stream: 
- The Master Application Controller assigns different priority levels to the different scalability layers: these priorities 

are reported in the Ipv6 header and can be used to guarantee QoS in the wired network if appropriate mechanisms 
are implemented there and exploited by the Base Station Controller. 

- The BS controller allocates resources and schedules transmissions of the different clients. Different priorities can 
be given to the three layers. Since the BS Controller can handle priority, there is no need of adaptation at the 
application layer at the Base Station. The same considerations about selective packet drop performed by the BS 
Controller in case of H.264/AVC transmissions, as a mean to react to sudden variations in the radio channel 
conditions, hold also with H.264/SVC video streams. 
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3.1.4 Point-to-Multipoint H.264/SVC transmission 
The use of a different multicast group for every scalability layer allows an easier management of the adaptation in each 
wireless cell, as done by the Base Station Controller. 
 
Point-to-Multipoint H.264/SVC transmission with adaptation at the server and legacy Base Station 
 
In this configuration every client selects a number of multicast groups, corresponding to a number of scalability layers, 
depending on the decoding and display possibilities of its device (e.g., laptop, PDA, etc.). The different clients can in 
this way receive streams with different quality even without any specific adaptation process.  
The end-to-end transmission is handled as in the point-to-point case. 
 
Point-to-Multipoint H.264/SVC transmission with legacy Base Station 
 
The end-to-end transmission is handled as in the point-to-point case. 
 
Point-to-Multipoint H.264/SVC transmission with OPTIMIX Base Station 
 
The generation of an H.264/SVC stream is done at the server side like in the point-to-point case considering the 
requirements of a group of target users, whose number corresponds to the number of layers. 
 
At the base station:  
- The BS controller allocates resources and schedules transmissions of the different clients. Different priorities can 

be given to the different layers: the priority is associated to the multicast group and the BS controller can 
discriminate between them by simply reading the address/port number of the packets. Since the BS Controller can 
handle priority, there is no need of adaptation at the application layer at the Base Station. 

- As in the case of H.264/AVC point-to-multipoint transmission, layer-2 multicast techniques are not necessarily the 
optimal solution, since a real optimization in the resource allocation cannot be easily carried out. However, the 
AMC algorithms within the BS Controller may be applied to adaptively select code rate and modulation based on a 
single “representative” target user (e.g. the user with the lowest signal-to-noise ratio).  
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4 Network Transparency  
In [1] and [9] the idea of Network transparency has been introduced and defined. The main objective is allowing 
information exchange between different entities into the network in a transparent manner. The meaning of this 
statement is twofold.  
From one side it is strictly related with the concept of cross layer communication, which implies that different layers 
inside each network node can exchange information with the aim of improving the transmission quality. This is a 
milestone in the JSCC/D system we have designed, because a joint solution requires the transmission of some control 
information between for example, the source and channel coders/decoders to allow the aforementioned quality 
improvement, even if it is a violation of the modular design imposed by the ISO/OSI model. The introduction of this 
solution as a consequence requires message exchanges through the network between servers, base-stations and clients, 
which obviously introduces overhead. 
From the other side the concept of network transparency is related to the transparency of the telecommunication 
infrastructure as in the Next Generation Networks. The information exchange between nodes should happen in a 
transparent manner and the impairments, which the network introduces on the data exchanged between the source and 
the mobile terminals, cannot have a relevant impact on the quality perceived by the user. In particular, taking into 
account the OPTIMIX project environment and scenarios, we have considered three main sources of impairments: the 
header compression, the mobility of the users and the network faults. 
In the following paragraphs we summarized the results we have obtained in the previous deliverable of Task 3.2 [9] and 
the achievement we have reached with the last simulation analysis considering both the above stated issues regarding 
the network transparency. 

4.1 Signaling framework  
The signaling framework is devoted to the cross layer information exchanges between OPTIMIX entities including 
entities in the same node but at different OSI layers. This information exchanged involved mainly the mobile node, 
which is the receiver of the video, and the available controllers, which are the Application and Base Station Controller. 
There are two types of signaling: 

· The control signals that can be sent from the source to the terminal to better protect the data from channel or 
network errors. 

· The feedback messages that every receiver can send to other entities in the network (source coder and base 
station) in order to improve the transmission quality. 

In both the cases the main objective of network transparency is to employ a technique, as much as possible backward 
compatible, that is able to minimize the overhead introduced for transferring that information. In the remaining part of 
the paragraph we will explain the solution adopted for the two types of cross layer messages and its performance in 
terms of introduced overhead when adopted in the OPTIMIX system.  

4.1.1 Protection control signal : RS RTP FEC an PECC  
As explained in 2.1, OPTIMIX proposal mainly focuses on two different protection schemes at a packet level: 

· The use of the newer Reed-Solomon RTP FEC solution ([2]), based on Reed-Solomon codes, which can 
protect against both packet losses and bit errors; 

· The use of Packet Erasure Correcting Codes (PECC) ([11]) which can protect only against packet losses. 
This means that the solution of RCPC codes with RTP FEC, presented in [11], is no longer considered and as a 
consequence the SRI information is not needed anymore. However both cited schemas still introduced an overhead, 
whose amount must be evaluated from a network prospective. 
The Reed-Solomon RTP FEC solution uses a fixed RTP extension header of 4 bytes, which is inserted in each RTP 
video packets, because it needs to be synchronized with the associated video stream. 
The introduced overhead depends on the video stream rate, because the larger the number of transmitted packets the 
higher the generated overhead. The use of multicast can reduce the overhead, and the entity of the reduction depends on 
the specific topology of the multicast distribution tree that we will be constructed within the network. 
The Packet Erasure Correcting Codes (PECC) uses both the insertion of a certain number of bytes in each video packets 
and the insertion of new packets, whose number depends from the chosen coding technique. Two coding techniques are 
available: ½, which corresponds to a duplication of the throughput, and 2/3, which corresponds to have a 1.5 times the 
throughput. As a consequence the corresponding overhead depends on the video stream rate and the throughput. Since 
PECC inserts some bytes in the packet, the use of multicast can reduce the overhead, but also in this case the level of 
reduction depends on the topology of the multicast distribution tree. 

4.1.2 Feedback information 
The feedback information is sent by the terminals to the source coder or exchanged between the controllers in order to 
improve, by adaptation, the quality of the transmitted audio and video. In the terminal each layer could be a source of 
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feedback, because can measure a variable that can be used for user perceived quality improvement. In the following we 
present the updated list of feedbacks that can be sent from the receiver to the Application Controller.  
At the moment the list of feedbacks currently exploited by the Application controller is (see 2.3): 

· loss rate at RTP layer  
· BER  
· available bandwidth 

While at the BS controller, the currently used feedbacks are (see 2.5): 
· transport layer throughput, but this is used only as recovery procedure for RoHC and received only when the 

throughput is equal to zero, i.e. in case of complete failure in the RoHC decompression 
and optionally: 

· application layer video bit rate (AVC case)  
· application layer video BL bit rate (SVC case)  
· application layer video EL1 bit rate (SVC case)  
· application layer video EL2 bit rate (SVC case) 

 
This feedback information will be exchanged using the triggering framework ([1] and [14]), because of the scalability 
and the flexibility that this solution offers. The triggering framework, in fact, allows the mobile node to collect the 
information coming from any level in a single point, i.e. the Mobile Observer, and it will send the information to those 
entities that have subscribed to receive it. Adding a new source or a new consumer is extremely simple and requires 
only one message each. 
The BS controller needs also reliable CSI from all the terminals. As pointed out in paragraph 2.5, we assume that these 
very frequent and detailed information are made available by specific mechanisms of the considered radio technology 
(i.e. WiMAX, LTE, 802.11, etc.). 

4.1.3 Feedback Aggregation 
In the OPTIMIX framework mobile terminals have to send a lot of feedback to the Application Controller at the server, 
but they must also accommodate their limitation in the amount of resources, in terms of available wireless bandwidth, 
computational capacity and battery power, as well as introduced overhead. In [9] we pointed out how the feedback 
exchange could be very bandwidth consuming, in particular in case of many mobile nodes and in case of high frequency 
with which feedbacks must be sent. As a consequence we have concluded that a form of aggregation is needed. In the 
following paragraphs we present and evaluate the available methods we have considered for aggregating the feedback 
information: using the triggering framework, through the terminal level aggregation, or using system level aggregation, 
with the anycast routing approach.  
An aggregation scheme defines the methods for merging, composing and transforming the data originated from a wide 
variety of sources into a set of well-organized and refined set. Thus aggregation can reduce both the overhead of 
messages and the possible information redundancy. 

4.1.3.1 Terminal level aggregation 
Traffic adaptation algorithms utilizing various parameter values received from remote network entities may introduce 
significant feedback signaling overhead to overall network traffic. In Triggering Framework, all modules/entities are 
allowed to subscribe to and generate events, triggers, of their interest and basically there is no entity combining triggers 
from various trigger sources. Thus, for instance, when a video server streaming SVC video has multiple recipients for 
the video and has subscribed to various parameters (from various modules/protocol layers), indicating the quality of the 
video in the receiver side, from each of them the signaling overhead can easily increase to hundreds of kilobits or even 
megabits per second in large multimedia sessions and with many parameters. Thus, in order to mitigate the signaling 
overhead, trigger aggregation mechanism bundling multiple parameters into one trigger is implemented at Triggering 
Engine (TRG) module.  
As the trigger consists of three fields (id, type, and value), in an aggregated trigger the value field includes the actual 
triggers, including the same three fields, listed. As the results presented in Section 5.3.1 show, the benefit of trigger 
aggregation with respect to signaling throughputs is significant, producing over ten times lower throughputs than in the 
case where only single triggers are being employed. The terminal level trigger aggregation mechanism is detailed in 
D3.2b [9]. 

4.1.3.2 System Level aggregation 
Terminal level aggregation is very effective in decreasing the number of outgoing feedback Ipv6 packets, but this is 
done by every terminal individually with a high frequency rates of feedbacks, which still not exploiting the maximal 
payload capacity of an Ipv6 packet. Therefore the overhead caused by the IP transfer (e.g. the size of the headers) is not 
minimal, which would be the optimal case. To further optimize the effectiveness of feedback delivery the OPTIMIX 
architecture introduces the System (or Network) level aggregation ([10]). 
Network level aggregation uses Ipv6 anycast to collect feedback packets from the mobile terminals and processes them 
into bigger Ipv6 packets considering that every type of feedback has its time limit while it is valid and beneficial to the 
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Master Application Controller. To achieve almost optimal feedback transfer, System level aggregation needs two new 
types of entities in the core network: Feedback Aggregation Servers (FAS) and Anycast capable Routers (AR). 
When using System level aggregation the Master Application Controller has two global Ipv6 addresses, one for the 
unicast communication and one reserved for anycasting, but as [29] says this one is undistinguishable from a unicast 
address. MAC is the basic member of the anycast group which can be addressed by the anycast address of the MAC. If 
a terminal subscribes to a video streaming service at the MAC, this one also subscribes for different types of feedback 
information on the terminal using the Triggering Framework described in [1] with its anycast address. This makes 
possible that if the operation of anycasting [1] fails, the feedback packets are delivered to the MAC also but by unicast 
routing in a less optimal way.  
The key nodes of the System level aggregation are the aggregation servers which are also members of the anycast group 
created by the MAC. This makes possible for packets, which are addressed to the common anycast address, always to 
be routed to the best (fastest, lowest CPU usage, etc.) aggregation server or to the MAC directly. The packet flow in a 
System level aggregation enabled network is shown in Figure 7. 
 

 

Figure 7: Packet flow with System level aggregation  

The operation of anycast routing in the simulation chain is realized by the Anycast_routing  module [9]. The other 
additional core entity is the Feedback Aggregation Server, which structure and operation is described next. 
The functionality of the aggregation servers is implemented in Feedback_Aggr_Server  module. The logical structure 
of a server is depicted in Figure 8. 
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Figure 8: The logical structure of the FA 

There are three stages inside an aggregation server. The first one is the processing of the incoming Ipv6 packets which 
are addressed to the anycast address and contain aggregated feedback information from one source terminal. The second 
stage is the storage of the differentiated feedback messages in individual queues, and the third one the outgoing Ipv6 
packet generation. 
According to the number of FASs presented in the core network there is a good chance that an Ipv6 packet with 
different kind of feedback information is delivered to one of the FASs by the anycast routing. The FAS accepts the 
packet since it is a member of the anycast group represented by the destination address of this packet. Then the payload 
is processed and every feedback value is observed by its <id> and <type> fields (see paragraph 4.1.4). For every 
combination of the previous mentioned fields a queue is created dynamically, where the feedback value is stored 
temporarily. The user of the simulator can configure a maximal “in queue” time for each <id><type> combination, 
considering the totally enabled latency for the given feedback values at the MAC. 
If a queue is created and a first value is placed inside, a timer is set with the preconfigured amount of time for the given 
<id><type> combination. The goal is to collect feedback values in the queue until the timer goes out, then the whole 
content of the queue is sent to the third stage. The empty queue waits for a while if there arrives any new value. When 
this happens, then the timer is set again, otherwise, the queue is dynamically deleted from the memory. 
The third stage is the packetizer. The full content of a queue is pushed to the packetizer to be inserted into a payload 
section of an Ipv6 packet. In this stage payload is generated with the method of the Triggering Engine (TRG) module in 
the same way as in Terminal level aggregation. This means that an aggregated feedback is created where the <id> is set 
to 10, the <type> is set to 1 and the value field includes the content of the queue. This solution provides compatibility 
with the Triggering Framework even if System level aggregation is used. The composed Ipv6 packet is addressed to the 
unicast address of the MAC and sent out to the IP network where the Ipv6 unicast routing (routing  module) delivers 
to the MAC. Using the unicast address here is necessary to avoid routing loops. 
By configuring the MAC to subscribe to feedback messages using the Triggering Framework by its network address 
“dedicated” to anycast and using the Triggering Engine with FAS as well the operation of the Network level 
aggregation remains invisible to the terminals and almost invisible for the MAC, while the overhead on the IP network 
can be dramatically reduced. The impact of using System level feedback aggregation is evaluated next (see section 
5.3.3). 

4.1.4  Advanced Information Format for Cross-layer Feedback Information 
The main element of the triggering framework used in OPTIMIX is Triggering Engine (TRG) which is a software 
component for temporary storage and delivery of triggers. In this section we describe some information exchange 
formats like XML for describing the content of triggers. Even though the structure of the trigger proposed already in 
D3.2a ([1]) is simple and efficient, it might not be very descriptive especially in the case of aggregated triggers which 
could include information from numerous triggers with wide-ranging information. In order to clarify readability of the 
trigger and generate independent triggers with universal format, we have studied the usability of common information 
exchange formats like XML to enhance the readability of triggers. XML stands for eXtensible Markup Language. It 
provides an application independent way of sharing data. A trigger has three data members as shown in Figure 9 below 
and introduced in Table 4. The consumers must support this data structure in order to be able to interpret the 
information carried by the triggers. 
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ID TYPE VALUE

 

Figure 9: Trigger Format 

 
Trigger data member Type Description 

ID integer Trigger identifier, same as source 
identifier 

Type integer Specific to the trigger identifier.  

Value string Value of the trigger specific to the 
trigger ID and type. 

Table 4: Introduction of Trigger Data Members 

 
The following example is a trigger with ID 1, type 1 and value 50: 
   

<trigger > 
   < id >1</ id > 
   < type >1</ type > 
   < value >50</ value > 
</ trigger > 

 
In order to mitigate the trigger message overhead, aggregated triggers, illustrated in Figure 10, are developed in the 
OPTIMIX project. Aggregated triggers gather multiple triggers into one and are periodically produced. Trigger 
aggregation is detailed in D3.2b [9]. In this case feedback information values are collected from different components 
of the same terminal in order to aggregate them into a single trigger. In the OPTIMIX project, the mobile observer has 
the task to create this type of aggregation, by exploiting the feature of triggering framework. In this case, the feedback 
information to be aggregated should be properly selected. 
 
 

ID TYPE VALUE

ID TYPE VALUE ID TYPE VALUE
 

Figure 10: Aggregated trigger 

Different triggers used for cross-layer communication in OPTIMIX architecture D2-3 [13] are described in Table 5. 
 

System module (trigger source) Id Type Value 

Source decoder 1  1 

2 

        3 

<Video Quality – PSNR> 

<Video Quality – SSIM> 

<Video Quality – new metric> 

Session layer 2  1 <Round Trip Time> 

Transport layer 3  1 

2 

3 

4 

5 

<Packet Loss Rate> 

<PLR (due to channel)> 

<PLR (due to congestion)> 

<Delay> 

<Throughput> 

HIP 4  1 <HIT (Host Identity Tag)>  

Network layer (NSI) 5  1 

2 

<Packet Loss Rate> 

<Delay> 
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Robust header compression 6  1 <Packet Error Rate> 

Link layer / MAC 7  1 

2 

3 

4 

5 

6 

<Frame Loss Rate> 

<Bit Error Rate> 

<Throughput> 

<Collisions> 

<Frame Error Rate> 

<SINR> 

<RSSI> 

<Signal Strength> 

Master Application Controller 8  1 

 
2 

<list of aggregated UDP flows and 
PEC encoding parameters> 

<PHY requirements for the 
different  priority streams> 

<Base Layer Bitrate> 

<Ehancement Layer 1 Bitrate> 

<Enhancement Layer 2 Bitrate> 

<RTP FEC PECC Rate> 

Base Station Controller 9  1 <estimated remaining throughput> 

Aggregated feedback message (to 
master application controller) 

10  1 

 

 

<id><type><value> 

<4><1><Transport Layer Packet 
Loss Rate> 

<8><2><Bit Error Rate> 

Aggregated feedback message (to 
base station controller) 

11  1 

 

 

<id><type><value> 

<8><1><Frame Loss Rate> 

<8><2><Bit Error Rate> 

<8><5><MAC Frame Error Rate> 

<8><1><SINR> 

Table 5 : Triggers in OPTIMIX architecture 

 
Below Document Type Definition (DTD) is used to define the structure of an XML trigger. It defines the structure with 
a list of legal elements. A DTD can be declared inline in the XML document, or as an external reference. 
 

  <!DOCTYPE trigger [ 
  <!ELEMENT trigger       (id,type,value)>     
  <!ELEMENT id                  (#PCDATA)> 
  <!ELEMENT type                (#PCDATA)> 
  <!ELEMENT value     (PSNR|SSIM|RTT|PLR| 

   De|Bw|HIT|PER|FLR| 
                     BER|Th|Col|FER|SINR| 
                       UDP|PHY|trigger +)> 
  <!ELEMENT PSNR                (#PCDATA)> 
  <!ELEMENT SSIM                (#PCDATA)> 
  <!ELEMENT RTT                 (#PCDATA)> 
  <!ELEMENT PLR                 (#PCDATA)> 
  < !ELEMENT De                  (#PCDATA)> 
  <!ELEMENT BW                  (#PCDATA)> 
  <!ELEMENT HIT                 (#PCDATA)> 
  <!ELEMENT PER                 (#PCDATA)> 
  <!ELEMENT FLR                 (#PCDATA)> 
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  <!ELEMENT BER                 (#PCDATA)> 
  <!ELEMENT Th                  (#PCDATA)> 
  <!ELEMENT Col                 (#PCDATA)> 
  <!ELEMENT FER                 (#PCDATA)> 
  <!ELEMENT SINR                (#PCDATA)> 
  <!ELEMENT UDP                 (#PCDATA)> 
  <!ELEMENT PHY                 (#PCDATA)> 
  ]> 
 

The DTD is interpreted like this:  
· !ELEMENT trigger   defines the element “trigger” as having three elements: “id,type,value”. 

!ELEMENT id  defines the “id” element to be of the type “PCDATA”. 
· !ELEMENT type  defines the “type” element to be of the type “PCDATA” 
· !ELEMENT value  defines the “value” element as having one or more elements “trigger” or one of the 

elements listed above. All of these are of the type “PCDATA”. PCDATA is text that will be parsed by a parser. 
Tags inside the text will be treated as markup and entities will be expanded.  

 
XML Schemas can also be used, which are a richer and more powerful way of describing information than what is 
possible with DTDs. Built-in data types include strings, � modelling, and time values, and the XML Schemas draft 
provides a mechanism for generating additional data types. 
 
<xs:schema > 
<xs:element  name=” trigger ” type =” triggertype ” /> 
<xs:complexType  name=” triggertype ” > 
 < xs:sequence > 
  < xs:element  name=” triggerID ”  type =” xs:int ” /> 
  < xs:element  name=” type ”  type =” xs:int ” /> 
  < xs:element  name=” value ” > 
   < xs:complexType > 
    < xs:choice > 
     < xs:element name=” trigger ”  type =” triggertype ”  maxOccur =” unbounded ” /> 
     < xs:element  name=” Peak-Signal-to-Noise Ratio ”  type =” xs:decimal ” /> 
     < xs:element  name=” Structural SIMilarity ” > 
      < xs:simpleType > 

<xs:restriction  base =” xs:decimal ” ><xs:pattern  value =” [-1-1] ” /> 
</ xs:restriction > 
</ xs:simpleType > 

     </ xs:element > 
     < xs:element  name=” Round Trip Time ”  type =” xs:decimal ” /> 
     < xs:element  name=” Packet Loss Rate ” > 
      < xs:simpleType > 
      < xs:restriction  base =” xs:decimal ” ><xs:pattern  value =” [0-100] ” /> 
      </ xs:restriction > 
      </ xs:simpleType >  
     </ xs:element > 
     < xs:element  name=” Delay ” > 
      < xs:simpleType > 
      < xs:restriction  base =” xs:decimal ” ><xs:pattern  value =” [0-100] ” /> 
      </ xs:restriction > 
      </ xs:simpleType >  
     </ xs:element > 
     < xs:element  name=” Available Bandwidth ”  type =” xs:decimal ” /> 
     < xs:element  name=” Host Identity Tag ”  type =” xs:string ” /> 
     < xs:element  name=” Packet Error Rate ” > 
      < xs:simpleType > 
      < xs:restriction  base =” xs:decimal ” ><xs:pattern  value =” [0-100] ” /> 
      </ xs:restriction > 
      </ xs:simpleType > 
     </ xs:element > 
     < xs:element  name=” Frame Loss Rate ” > 
      < xs:simpleType > 
      < xs:restriction  base =” xs:decimal ” ><xs:pattern  value =” [0-100] ” /> 
      </ xs:restriction > 
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      </ xs:simpleType > 
     </ xs:element > 
     < xs:element  name=” Bit Error Rate ” > 
      < xs:simpleType > 
      < xs:restriction  base =” xs:decimal ” ><xs:pattern  value =” [0-100] ” /> 
      </ xs:restriction > 
      </ xs:simpleType > 
     </ xs:element > 
     < xs:element  name=” Throughput ”  type =” xs:decimal ” /> 
     < xs:element  name=” Collisions ”  type =” xs:decimal ” /> 
     < xs:element  name=” Frame Error Rate ” > 
      < xs:simpleType > 
      < xs:restriction  base =” xs:decimal ” ><xs:pattern  value =” [0-100] ” /> 
      </ xs:restriction > 
      </ xs:simpleType > 
     </ xs:element > 
     < xs:element  name=” Signal-to-Interference-Noise Ratio ”  type =” xs:decimal ” /> 
     < xs:element  name=” aggregated UDP flows and PEC params ”  type =” xs:string ” /> 
     < xs:element  name=” PHY requirements for priority streams ”  type =” xs:string ” /> 
    </ xs:choice > 
   </ xs:complexType > 
 </ xs:sequence > 
</ xs:complexType > 
</ xs:schema > 
 
Two examples of XML triggers are shown below. The first one is sent by the transport layer containing the packet loss 
rate. The second one is an aggregated feedback message (to Base Station Controller). 

 
<!DOCTYPE trigger [ 
  <!ELEMENT trigger    (id,type,value)> 
  <!ELEMENT id               (#PCDATA)> 
  <!ELEMENT type             (#PCDATA)> 
  <!ELEMENT value   (PSNR|SSIM|RTT|PLR| 

 De|Bw|HIT|PER|FLR| 
                   BER|Th|Col|FER|SINR| 
                    UDP|PHY|trigger +)> 
]> 
<trigger > 
   < id >3</ id >  
   < type >1</ type >  
   < value > 

<PLR>5</ PLR> 
                  </ value >  

</ trigger > 
 

   Example 1: Packet Loss Rate Sent from Transport Layer  

 
<!DOCTYPE trigger [ 
  <!ELEMENT trigger    (id,type,value)> 
  <!ELEMENT id               (#PCDATA)> 
  <!ELEMENT type             (#PCDATA)> 
  <!ELEMENT value   (PSNR|SSIM|RTT|PLR| 

 De|Bw|HIT|PER|FLR| 
                   BER|Th|Col|FER|SINR| 
                    UDP|PHY|trigger +)> 
]> 
<trigger > 
   < id >11</ id >  
   < type >1</ type >  
   < value > 
      < trigger > 
         < id >8</ id >  
         < type >2</ type >  
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         < value ><BER>4</ BER></ value >  
      </ trigger > 
      < trigger > 
         < id >8</ id >  
         < type >5</ type >  
         < value ><FER>2</ FER></ value >  
      </ trigger > 
   </ value >  
</ trigger > 

 

  Example 2: Aggregated Feedback Message (to Base Station Controller). 

obviously, the usage of XML-based trigger format will increase the overhead and the amount of cross-layer control 
information transmitted. This could be a problem, especially, for triggers which are produced and transmitted at high 
rate. Also processing of XML-based triggers at lower layers could be more complex due to the need of XML-parsing 
which is not naturally supported by lower layers. However, especially application layer modules could benefit from a 
more structured syntax of triggers achieved using XML, which allows more universal processing of triggers.  

4.1.4.1 TRG over SOAP 
Simple Object Access Protocol (SOAP) is a protocol specification for exchanging structured information in the 
implementation of Web Services.  A Web service uses XML to tag data, SOAP to transfer a message and finally WSDL 
to describe the availability of services. The SOAP specification defines a way to represent programming language 
specific data types in XML The primary use of  SOAP is for different programs, possibly written in different languages 
and running on different platforms, to communicate with each other. SOAP data is sent as XML text to enable standard 
message formats, standard data representation, and manipulation with standard XML tools. The SOAP toolkit has been 
used to implement the SOAP interfaces into the TRG framework software. It automatically converts XML to/from the 
C and C++ data. Converting all data into text and parsing it back into data structures at the other end can increase 
overhead. SOAP involves significantly more overhead but adds much more information about what is being sent.  
Figure 11 shows the interaction between TRG consumer and producer over SOAP. 
  

· Step 1: Setup SOAP server in TRG-consumer for receiving  
· triggers. 
· Steps 2,3: TRG-consumer registers to TRG over SOAP. TRG-ID, TRG-Type, and SOAP server address 

information in the payload (IP-address;port). 
· Step 4-5: Trigger delivered to TRG from the TRG-producer. TRG-ID,TRG-Type and Value delivered in the 

payload. 
· Steps 6-9: Trigger delivered to TRG-consumer from TRG over SOAP 
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Figure 11: TRG over SOAP.           

Both XML-based trigger format and SOAP interfaces for Triggering Engine have not been implemented into the 
simulation chain developed in OPTIMIX in order to keep the simulation model simple and not make the 
implementation of trigger sources and consumers too complex. However, SOAP interfaces have been implemented into 
TRG framework software which is available for both Linux and Windows. Developed Triggering Framework will be 
utilised in the demonstrator developed in WP4. 
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4.2 Quality of Service (QoS) with Traffic engineering support 
In [9] we stated the importance of the Quality of service support in the wired IP network that will be configured for 
running in the OPTIMIX environment, as resembling a real NGN. The reason of this statement regards firstly the need 
of providing the support of adequate QoS to the end-user, in particular if he/she is using real-time multimedia 
applications, which require proper delivery guarantees, in terms of bandwidth, delay, delay-variation and loss.  
In general, the user perceived quality depends both from the wireless channel condition and from the wired network 
load and congestion. This means that even if the wireless channel is extremely good, but there is congestion in the IP 
network, the video quality the user perceived would be poor. Moreover, a JSCC/D system optimizes the transmission 
over the wireless channel, with the assumption that this is the bottleneck of the entire communication path.  
In [9] we have demonstrated that the impact of the IP wired network doesn’t compromise the video quality perceived at 
the user side, considering two different application scenarios). Furthermore, the simulation modelling of the core 
network for the OPTIMIX system reflects the configured network conditions (which in turn, represent the operation 
status of a NGN). In fact the delay depends mainly from the number of nodes that must be crossed, while losses are 
related to instantaneous channel conditions, which cause the insertion of bit errors in packets. As a consequence the 
delay increases when the number of nodes increases, while the loss rate and the BER decrease when the SNR increases 
and the throughput increases when the SNR increases. 
The Quality of Service architecture we have chosen for the OPTIMIX system is based on a Differentiated Services 
solution and it has been widely analysed in previous deliverables ([15] and [16]). In these reports we have proposed to 
enhance the QoS support in the OPTIMIX environment with the configuration and the deployment of Traffic 
Engineering mechanisms with fault resilience capability inside the core IP network, in order to reduce the impact of any 
fault that would happen inside the network. In [15] and [16] we have studied a possible implementation of these 
mechanisms that could fit the requirements of the OPTIMIX project. 
In [17] we have evaluated the Traffic Engineering mechanisms with fault resilience capability, previously presented and 
analysed, moreover we have described a possible modelling of them. In order to evaluate also the impact of such a 
functionality on the network transparency, we have implemented the said model in the IP Network module of the 
simulation chain. 
The model is extremely simple ([17]). Briefly, this is what happens in case of a fault: 

1. When the fault occurs in the network, there is a period of time, which is the fault detection time (i.e. the time 
needed from the network to detect that a fault was occurred and is usually around 10 msec), in which all the 
packets that have to traverse the network will be discarded. Without loss of generality, this model assumes that 
the fault happens in the network nodes near to the video source, which are in common to all the paths between 
the source and the available destinations. 

2. In the meantime between the fault detection and the recovery of the fault, which is uniform distributed between 
20 and 100 msec that is called recovery time, all the traffic needs to buffered and consequently the delay of 
each packet increase depending from how long the recovery time interval is. 

3. When the system recovers from the fault, the system come back to the ordinary network conditions and as a 
consequence the delay and the loss are applied according to the standard behaviour of the IP core network 
model. 

 
We have then evaluated the system considering two application and network scenarios related to: 

· An e-learning application in which users are viewing a low quality video and their terminals are near to the 
streaming server (2 or 4 network nodes in between). 

· A pay per view application in which users are viewing a high quality video and their terminals are quite far 
from the streaming server (8 or 10 network nodes in between). 

 
Both scenarios have been evaluated with two different network configurations, unicast and multicast and with an 
OFDMA wireless channel with a SNR of 25 dB. 
Indeed, a unicast case in which only one terminal is present and a multicast case in which there are two terminals, each 
attached to a different Base Station. We have suppose a fault at 5 seconds after the simulation starting. 
In the unicast case the effect of the fault is primarily a peak in the delay at the IP network, for both e-learning and pay 
per view applications, while the losses at the IP network are actually absent, since the number of packets isn’t high (i.e. 
statistically, it happens that no packets arrives during the fault detection time) and the set loss probability in ordinary 
network conditions is pretty low (as in NGNs). The effect on the delay can be detected also in the end-to-end delay 
statistics at the RTP layer, due to the presence of a peak; however the end-to-end delay shows a greater number of peaks 
and an increased variance due to the presence of the wireless channel.  
In the multicast case, the behaviour of the IP network in the two scenarios is different. For the e-learning, being the 
number of nodes small, the effect of the fault cannot be detected looking at the IP network delay, but looking at the 
losses, to which loss rate shows a peak at 5 seconds for both terminals. In this case we have to take into account that the 
recovery time is a uniformly distributed variable between 20 and 100 msec and that packets can arrive any time after the 
end of the fault detection time. If they arrive when the recovery time is nearly passed, the corresponding experienced 
delay can be comparable with the one introduced by the network in ordinary working conditions and, as a consequence 
the impact of the fault on the delay is less evident.  
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Instead, for the pay per view both effects are present: there is an increase in the IP network (and consequently in the 
end-to-end) delay, with a peak around 5 seconds, and a corresponding peak in the loss rate. Considering the end-to-end 
delay, we have a small peak at 5 seconds, but there are other higher peaks due to bad and variable channel conditions. 
The poor wireless channel performance that appears in this analysis is mostly the results of having chosen 25 dB as 
SNR, which was considered as a reasonable lower bound for it. 
Looking at the obtained results, in particular regarding the delay, the effect of the fault is very low indeed, because the 
peaks in the IP network delay are small, showing that the recovery process is quite efficient (very few packets are 
affected). As a consequence we can conclude that the proposed QoS TE mechanism can support the Network 
Transparency even in case of fault. Therefore, the perceived video quality mostly depends on the wireless channel 
conditions.  
In order to provide a complete evaluation of the achieved performance by the design mechanism, we have also 
measured the introduced jitter, verifying that it satisfy the requirements for multimedia applications. In particular [40] 
states that the maximum allowed jitter should be less than 100 msec, and in case of high quality video the value should 
be even reduced to 50 or 20 msec ([41]). Such bounds are related to the absolute difference between the delay of a 
packet and the average delay of all the packets of the video stream. Furthermore, depending on the specific application, 
a bound should be respected by all packets or a high percentage of them (as for delay non-tolerant or tolerant services, 
respectively).  
Analysing the obtained results (see section 5.3.4) we can see that the system is subject to an end-to-end jitter 
significantly higher than 100 msec in the pay per view scenario and unicast transmission, while in the other scenarios, it 
is between 20 and 100 msec. The results show also that the jitter at the egress of the IP network is significantly lower 
than at the receiver, demonstrating the influence of the transmission over the wireless channel on the overall system 
performance. It is worthwhile to underline again that the results have been obtained with the worst reasonable channel 
conditions; therefore, an higher SNR translates in a reduced jitter. Typically, a de-jitter buffer is needed at the receiver, 
able to equalize the delays and deal with the re-ordering phenomena. This buffer introduces a further delay that can be 
tuned according to the specific application in place.  
In general, even higher performance in terms of jitter can be measured with  multicast transmissions. This highlights the 
high efficiency of the adaptation done by application and base station controllers also in multipoint scenarios.  
In the end, we can state that the designed TE mechanism effectively complements the OPTIMIX controllers on the 
control plane of the designed solution. 

4.3 Header Compression support  
As explained in D3.2b [9], header compression requires the addition of a new module below the Network layer, 
appearing at a first sight as not fully compliant to a transparent approach. However, we can consider that RoHC is a 
standardized mechanism and that modifications introduced by OPTIMIX do not require further violations of the 
transparency concept. Finally, we point out that header compression is not mandatory for the video streaming: the 
decision to implement this mechanism is left to the access network operators, which could weigh the cell load reduction 
against implementation efforts. At the same time header compression can be beneficial and can have a positive effect in 
terms of Network Transparency, since it reduces the overhead associated to the point-to-multipoint video streaming, as 
proved in D3.3b [19] and D3.3c [20]. 

4.4 Mobility support  
An effective mobility management is required for transparency support during network operations. When frequent 
movements between access points by users occur and/or multiple networks are available for accessing the Internet, this 
transparency supporting characteristic of mobility management is even more important: users must be provided with 
mobility capabilities for effectively serve QoS exigent applications and for dynamic change between different access 
methods. Therefore less disruptions will be noticeable during communication and the network will grant low delay and 
low jitter for packets. In deliverable D3.2b [9] we presented a scheme which relies and further improves Host Identity 
Protocol’s multihoming capabilities: in our HIP based per-application mobility management scheme [30] multihoming 
is not controlled as a whole by the terminal/host (this is called per-host, or per-terminal mobility), but the connection of 
each application is handled independently (this is called per-application mobility). In the case of per-application 
mobility management, several connections exist and they can use completely different interfaces. Each application can 
be described by their QoS requirements, and thus the best access technologies can be bundled to them. Details of the 
procedures of our HIP-based per-application mobility management framework together with the background 
information of basic mobility management solutions of HIP are found in deliverables D1.2 [39], D1.3[14] and D3.2b 
[9].  
However, HIP –even with our per-application extensions– introduces unnecessary control messages, remarkable packet 
loss and handover latency in environments requiring localized mobility management, making any kind of HIP-based 
approach much less efficient in such cases. That is why we propose a micromobility extension for HIP called µHIP, 
which relies on an advanced signaling delegation scheme and adds a gateway centric micromobility support with paging 
extension to the protocol. The solution extends and integrates our earlier results [31] and [32], where a special network 
entity called Local Rendezvous Server (LRVS) was introduced in order to extend the functionalities of a normal HIP 
Rendezvous Server (RVS). 
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In this section we introduce the micromobility concept, and how a novel and secure mobility and multihoming scheme 
called Host Identity Protocol (HIP) can be used for providing advanced mobility management functions in the 
OPTIMIX architecture based on HIP’s micromobility extensions. 

4.4.1 µHIP: micromobility support in the OPTIMIX architecture 
Access systems of modern mobile architectures commonly consist of one or more domains providing users with 
topologically valid IP addresses and connecting users to the IP core through the wireless interface. These domains of 
wireless access networks can be aggregated and special protocols can be assigned for local mobility management of the 
group of domains in order to offer fast and seamless handover control over a limited geographical area. In such cases 
we speak about micromobility, and the aggregated group of domains is called micromobility domain. Mobility 
management solutions of such structures (i.e., micromobility protocols) are specially designed for environments where 
mobile terminals can change their network point of attachment so often that the general mobility management protocols 
(i.e. macromobility solutions) originate excrescent overhead and ineffective operation.  
The proposed µHIP architecture divides the network into administrative domains (i.e. micromobility areas, see the 
figure below for details) and every of such a domain is managed by an entity called the Local Rendezvous Server 
(LRVS) which is responsible for managing Mobile Nodes (MNs) by applying a HIP signalling delegation scheme.  
 
 

 

Figure 12: Overview of the µHIP architecture.           

In general, delegation of signalling rights is motivated by the optimization of resource utilization between the delegator 
and the delegate. Delegates are temporarily authorized by the delegator to proceed in certain tasks, such as periodic 
location updates, rekeying. The delegator may issue a public-key authorization certificate [33] to the delegate to 
proceed in his name at the peers. HMAC key can also be issued to a delegate in order to generate HMACs admitted by 
the peer [34]. Before right delegation it is important that the delegator establishes trust relationship with the delegate, 
i.e., the identity of the delegate must be authenticated. Delegation chains require implicit trust chains. 
In our framework two novel HIP based delegation service types –the bedrocks of our HIP-based micromobility 
scheme– are introduced. On one hand they will help us to reduce the number of DH key exchanges and puzzle solutions 
in user equipment by decreasing number of HIP BEXs between communicating end terminals. On the other hand 
delegate LRVS nodes remove overhead from wireless links by shifting significant part of signalling overhead of MNs 
from the air interface to the wired networking segment.  Both of the defined HIP delegation service types require 
preliminary registration procedure called Delegation Establishment as depicted in the upper part of Figure 13. An 
existing HIP and Ipsec association (i.e. completed BEX) is presumed between the Delegator and the Delegate or must 
be created upon the Delegation Establishment. 
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Figure 13: Registration for Type 1/2 Delegation Service and requesting Type 1 Delegation Service. 

In case of Type 1 Delegation (on the bottom of Figure 13) states are established through the Delegate but maintained 
directly by the Delegator after context transfer. Here, the Delegator asks the Delegate to establish HIP and Ipsec states 
between Delegator and specified nodes (CNs), and then transfer established states from Delegate to Delegator. The 
existing Ipsec and HIP associations between the Delegate and the CN must not be deleted or moved: it provides a base 
for creating the new Ipsec and HIP associations between the Delegator and the CN. It is important that SPI collision is 
to be avoided at the Delegator and the CNs, not at the Delegate (that is why the Delegator sends its modelling SPI 
range). The created states are transferred to the Delegator using CTXP messages [35] over the presumed Ipsec Sas. 
In the HIP-based and micromobility-aware mobility management system of the OPTIMIX architecture, this delegation 
type is employed during handover execution when a target LRVS will ask serving LRVS to create states between itself 
and the MN and MN’s peer nodes. 
In case of Type 2 Delegation (Figure 14) the Delegator requires the Delegate to establish HIP and Ipsec states for itself 
at specified peer nodes and also asks the Delegate to further maintain the created local states. During this type of 
delegation, SPI collision is to be avoided at the Delegate and the CNs side (not at the Delegator), however it is handled 
by basic HIP mechanisms. In our HIP-based micromobility scheme, this delegation type is applied for HIP and Ipsec 
association establishment between the MN and a CN or the MN and an RVS. Here the LRVS is the Delegate of the MN 
in order to maintain HIP and Ipsec states on behalf of its Delegator. During handover execution, location update at CNs 
for MN is initiated by the target LRVS: in that case the target LRVS acts as a Type 2 Delegate of the MN and the 
serving LRVS. Here we capitalize the feature that Type 2 Delegation service enables indirect authorizations, i.e., the 
use of certificate-chains. E.g., if a target LRVS does not have the authorization certificate of MN, it may still have an 
authorization from the serving LRVS, while the serving LRVS has the MN’s authorization. 
 

 

Figure 14: Requesting Type 2 Delegation Service.           

Together with the control and management of the above introduced signalling delegation framework, the LRVS 
gateways provide HIP registration service for users in the domain, and also introduce an IP address mapping function 
which is used to attach the MNs to the µHIP access network by registering the local locators (IPMN) of MNs. IPMN is 
valid only in the given domain and the LRVS is responsible for mapping every IPMN to a globally routable address (i.e., 
global locator, IPLRVS) chosen from a private address pool. IPLRVS is used to register the MNs at their RVSs and to 
deliver packets outside the micromobility domain during further communication sessions. 
The basic operation of this architecture starts with an initialization mechanism right after the MN has joined the domain. 
First the MN physically connects to one of the access routers (AR) of the domain, then gets the local locator based e.g. 
on Ipv6 stateless autoconfiguration. After this, the MN either may actively initiate a HIP service discovery procedure 
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[36] or passively wait for a service announcement in order to detect the LRVS service provided in the visited 
micromobility area. In some way the MN will be informed about the HIT and the IP address of the LRVS responsible 
for its actual domain, and will register itself to the LRVS with the Base Exchange sequence integrated with the 
registration procedures for a Type 2 Delegation Service. During this service discovery and registration procedure the 
LRVS not only registers the MN’s HIT with the new IPMN, but maps IPL with the a globally routable address (IPLRVS) as 
well. After the MN has successfully registered at the LRVS (with the HITMN-IPMN-IPLRVS triplet) and also successfully 
delegated its signalling rights to the serving LRVS with the Type 2 Delegation Service, it needs to update and/or 
register at its RVS and current Correspondent Nodes (with the HITMN-IPLRVS pair) in order to be reachable for the 
current and possible future communication partners. Thanks to the secure signalling delegation, these update and/or 
registration procedures will be managed by the LRVS (the Delegate), resulting in a significant decrease in the amount 
of overhead on the wireless interface. In possession of these delegated rights the LRVS is able to securely register or 
update to the RVSs and CNs on behalf of the MNs with the IPG global locators assigned to them.   
During µHIP connection establishment between already initialized MNs initiator only requests a Type 2 Delegation 
Service from its LRVS (namely a delegated HIP BEX with the responder), therefore the LRVS will start the Base 
Exchange and sends the first packet (I1) towards the CN (Figure 14). The LRVS creates all the states on behalf of its 
MN and informs the delegator about the status of the HIP connection establishment. Packets between the MN and the 
CN will be transmitted through the MN–LRVS and the LRVS–CN Ipsec connections created by the standard HIP 
mechanisms. The RVS forwards the packet towards the responder’s registered global locator thus reaching its serving 
LRVS which knows the actual location of the responder, so the packet can be forwarded. The Base Exchange continues 
in the regular way, without the inclusion of the RVS, but –thanks to the signalling delegation– between the two LRVSs 
and not the two MNs. This message flow builds up an active HIP association between the LRVSs of the initiator and 
responder, so the actual initiator and responder will be able to begin sending data packets to each other after they were 
informed about the successful connection setup. 
The handover management in our scheme relies on the capabilities of IEEE 802.21 and requires the subscription of the 
serving LRVS (more precisely the MIHU of the serving LRVS) to the MN’s MIH events. During the operation, the 
serving LRVS collects static network information about possible candidate access networks for the MN. Its local MIH 
IS database or remote MIH IS in the micromobility network can provide the necessary information about candidate 
point of access nodes. Then the serving LRVS queries the available QoS resources in the candidate target networks. If 
the MN may assist in the decision, then first the serving LRVS sends the list of available networks to the MN, and the 
MN narrows this list to its preferred target networks (using the MIH_MN_HO_Candidate_Query primitives). After this, 
the serving LRVS collects all dynamic resource availability information from the possible target point of access (PoA) 
nodes (i.e. target LRVSs) using the MIH_N2N_HO_Query_Resources primitives. Finally, the serving LRVS decides 
the target network, which is actually a new point of access belonging to the same or a novel LRVS for the MN. (If the 
LRVS is the same, the case of an intra-domain handover must be handled, if the LRVS also changes, then the case of 
inter-domain handover is to be solved.) The IEEE 802.21 protocol does not define the decision method. In the handover 
decision phase, the serving LRVS selects the target LRVS to which the serving LRVS will hand off all or part of the 
sessions of the MN. Note, that in this scheme makes also possible to execute per application mobility, i.e., only some 
part of the sessions of the MN may be arranged to flow through the target network. Hence the serving LRVS selects the 
MN’s sessions that must be hand off to the target network in order to maintain the QoS of the on-going sessions or to 
behave to some service policies. 
In case of intra-domain handovers the MN will receive a new IPMN from the new point of access belonging to the 
serving LRVS. In this case the MN – realizing the change of its IP address – uses HIP UPDATE to update its 
registration (and if needed its delegation certificate as well) with its new IPMN at the serving LRVS. It is important to 
note that neither the CNs of the mobile node nor the RVS has to be informed about the movement as the address 
changes are locally handled by the proposed micromobility extension. The movements of nodes are completely hidden 
from the outside world resulting in less signalling overhead, packet loss and handover latency. 
In case of inter-domain handovers the mobile node moves between local administrative domains thus invoking special 
macromobility management procedures integrated with IEEE 802.21-based handover preparation mechanisms. As a 
perquisite, the target LRVS must be registered to the source LRVS’s Type 1 Delegation service, to delegate HIP and 
Ipsec association establishment of the newly coming MN. The target LRVS authorizes the serving LRVS for the 
establishment of HIP and Ipsec connections with MN’s peers in target LRVS’s name, and then send the contexts to the 
target LRVS. Hence, the number of HIP BEX procedures is reduced, and replaced by HIP UPDATEs. It is also a 
perquisite of the inter-domain handover, that the serving LRVS or the MN must subscribe to the target LRVS’s Type 2 
delegation service. Hence, the target LRVS can update the MN’s location for all the on-going sessions and services that 
were affected by the handover, i.e., update the CNs, LRVS’s of CNs, and the RVS of the MN. During the handover, 
first, the contexts above the link layer are established: HIP and Ipsec contexts are created proactively in the target 
LRVS, the MN, the CNs (or the CN’s LRVSs), and the RVS of the MN. Due to the HIP handover preparation 
procedure, the sessions that are handed off to the target network are directed from the CNs to the target LRVS. 
However, the target LRVS still routes this traffic to the MN through the serving LRVS because it might take some time 
to successfully finish the L2 connection establishment with the MN through the target network. The sessions that are 
not handed off remain unchanged. Furthermore, in this phase, the SDP contexts could also be updated in the MN and 
the CNs for SIP sessions. We propose to perform context establishment for transparent per application handovers. 
Hence, subscriptions to new network services in the target network, such as 802.21 registrations, event subscription 
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should be made after the handover completion. In order to support per application handoffs, the peers (CNs, LRVS of 
CNs) establish new HIP states for the MN instead of overwriting the old ones that pointed to the Ipsec SA with the 
serving LRVS. Hence traffic mapping policies can decide based on the traffic type, whether to use the Ipsec SA ending 
at the target LRVS or the serving LRVS. 
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5 Simulation Analysis  
In the simulation analysis we have carefully considered the OPTIMIX architecture and implemented it in the simulation 
chain framework, as proposed in [14]. The simulation chain has been used for the evaluation of the OPTIMIX solution, 
investigating it in a tested and controlled environment, about both the correct functioning and achieved performance of 
the overall proposed JSCC/D system. This allows us to select the best design solution alternatives and improvement 
approaches, together with the best configuration values. The simulation chain is a very valuable tool, because it contains 
a detailed implementation of each module of the system. 
The simulation chain has been used for the analysis of the overhead introduced by in-band signalling, for triggering 
framework and Traffic engineering QoS support evaluations. 
 

5.1 Simulation scenarios 
The OPTIMIX project objective is to achieve improved unicast and multicast multimedia transmissions, with a 
heterogeneous  network environment both wired and wireless. 
In the following sets of simulations we have considered scenarios (Figure 15), in which there are four wireless base 
stations with attached one or several terminals (5 terminals attached to the base station 0 and 1 terminal for each of the 
remaining base stations), considering either unicast or multicast multimedia content distribution from the server to the 
mobile clients. 
 

 

Figure 15: Scenarios used for simulations. 

Each set of simulation has adopted its own environment configuration, for this reason the specific configuration can be 
found in the paragraphs 5.3.1and 5.3.4 for terminal level aggregation overhead analysis and QoS with TE support 
analyses. The system level aggregation overhead evaluation has been made using an analytical method, without doing 
simulations and its corresponding assumptions can be found in paragraph 5.3.3.1.  the mobility management evaluation 
has been carried out using another simulation environment, which details can be found in paragraph 5.3.5. 
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5.2 The simulation modelling analysis objective and specification 
The objective of this deliverable is to finalize the evaluation of the network transparency solutions that have been 
designed, in particular the conceived feedback aggregation approaches, Traffic Engineering with fault resilience 
capability and the mobility management. In [9], the preliminary results lead to the conclusion that a feedback 
aggregation mechanism is needed for improving the network transparency of the OPTIMIX architecture. Furthermore 
we have to check the overhead introduce with in band signalling from server to terminals, since two novel methods for 
data protection have been introduced. The QoS Traffic engineering with fault resilience capability is also new and need 
to be carefully evaluated in terms of provided resilience to network failures. 
As a consequence we have considered the following topics: 

· The efficiency of the network transparency solutions in terms of introduced overhead (Byte/second) in 
control/signal message exchanges. In this case we have three different issues: in band signaling analysis, 
terminal level and system level aggregation analyses. 

· The degree of “transparency” of the IP network in the OPTIMIX system when it supports quality of service 
with the designed traffic engineering mechanism. The objective is to verify that the Quality of Service with TE 
support in the IP network keeps it completely transparent to the data exchange between server and clients, i.e. 
not having an impact on the video quality perception at the user side, also in case of network failures. This 
evaluation will be done considering the delay, loss and jitter both at the IP network and at the receiver side (at 
RTP level). 

· The performance of the OPTIMIX novel µHIP micromobility framework considering the handover latency and 
the UDP losses due to the mobility.  

 

5.3 Analysis of collected results 

5.3.1 In band signaling 
The simulations regarding the overhead introduced by in band signaling (RS RTP FEC and PECC) have been made 
considering unicast transmissions in two different scenarios : in the first case we have transmitted a video (the Foreman 
reference sequence) at low quality (QCIF with 15 frames per second with a nominal bit rate of 82 kbps), while in the 
second case we have used the same video (the Foreman reference sequence) but at  high quality (CIF with 30 frames per 
second with a nominal bit rate of 440 kbps). The network scenario is reduced to the streaming server and one mobile 
terminal, which is attached to a base station. 
We didn’t simulate a multicast transmission, because the network topology isn’t configurable with the current IP 
network module in the simulation chain and consequently the multicast distribution tree can be whatever. However, 
quantitative considerations can be easily drawn out by the results collected in the unicast case, applicable to the 
multicast case (i.e. with N terminals the overhead is upper-bounded by N times the overhead related to N unicast 
terminals).  
The simulation chain configuration resembles an ideal wireless channel (SNR of 60 dB and no shadowing) and a 
network without congestion (an IP router interface is set with a loss probability equals to 10-5 and with an average 
network delay equals to 10 msec) with quality of service support, in order to set up a transparent connection between 
the server and the receiver. 
We start considering the use of Reed Solomon RTP FEC mechanism, which introduce an overhead of 4 bytes per 
packet. The overhead introduced by the corresponding RTP extension header in the two cases of high and low quality 
video is depicted in Figure 16.  
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Figure 16: RS RTP FEC overhead with a video of either low or high quality. 

Instead, when using the PECC protection method, we can distinguish three cases:  
· Uncoded protection: in which only an overhead of 4 bytes is inserted in each packet; 
· Coding 1/2 : in which the throughput is duplicated; 
· Coding 2/3: in which the resulting throughput is 1.5 times the original one. 

 
More precisely, when using PECC with coding ½ or 2/3, we have to consider that also the RTP header of video packets 
is protected and that a new UDP/IPv6 flow is generated with 7 additional bytes. 
In [9] we have defined the percentage of overhead according to the following formula: 
 

videobytesTotal
PacketsRTPNumsizeextensionRTP

ratioOverhead
__

__*__
_ =  

 
In Table 6 we have summarized the percentage of overhead for each of the above mentioned cases, taking into account 
that when we have a low quality video the number of RTP packets is 155 and the Total_bytes_video is 100670 bytes, 
while when we have a high quality video (the number of RTP packets is 585 and the Total_bytes_video is 636850 bytes. 
Furthermore, the overhead is calculated at IP level for consistency with the other measures of this type reported in the 
present deliverable considering that the header of PECC parity packets is 48 bytes (UDP+IP headers) and that a PECC 
packet is generated for each RTP packet to protect. 

Table 6: Summary of the percentage of overhead for the analysed protection mechanisms (last three rows related 
to PECC). 

Protection mechanism Low quality High quality 
RS RTP FEC 0.61% 0.37% 
Uncoded 0.61% 0.37% 
Coding 1/2 110.83% 106.57 % 
Coding 2/3 60.83% 56.57 % 

 
We can notice how the overhead strongly depends on the chosen video rate. Obviously the PECC solution with ½ 
coding shows the higher overhead, but it assures the best protection towards packet losses. Instead the RS RTP FEC is a 
very good solution in terms of overhead and it is able to protect from both packet losses and errors on bit. However, it is 
worthwhile to point out that the large overhead introduced by PECC, quite unreasonable for the unicast case(where a 
protection at physical layer of that amount is certainly more appropriate), it becomes applicable in the case of multicast 
transmissions.   

5.3.2 Terminal level aggregation as an enhancement to mitigate signaling overhead 
Application Controller at the video server uses two different parameters from the client side in its adaptation logic. All 
these parameters are subscribed to from each client it serves. In the multicasting case, the trigger subscription messages 
are sent to the multicast address used for the video streaming and are periodically refreshed in order to subscribe to the 
triggers from recently joined clients, too. The parameters Application Controller exploits are packet error rate (PER) 
from the RTP layer and bit error rate (BER) from the MAC layer of clients. The MAC layer generates IEEE 802.21 
MIH_Parameters_Report events every 0.2 s, which includes a bunch of Layer-1 and Layer-2 parameters. These are: 
nominal capacity; current throughput; signal strength in percent; Signal to Interference-plus-Noise Ratio (SINR); BER 
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(not specified in the standard); PER; and Received Signal Strength Indication (RSSI) in WLAN case. Mobile Observer 
at the client sides converts each parameter from the event to a corresponding trigger, which is handled as all other 
triggers. Moreover, the RTP layer generates PER trigger every 0.1 s. The frequency single triggers are generated by the 
trigger source modules can be seen in Figure 17. 
 
Instead of receiving each trigger separately every time they are generated, Application Controller subscribes to an 
aggregated trigger bundling all the parameters it needs to a single trigger. Triggering Engine (TRG) in Mobile Observer 
stores all triggers related to some of the aggregated triggers it supports and bundles the triggers into one. If several 
triggers with the same ID and type are stored, a mean value is calculated. If any trigger with the ID and type belonging 
to the aggregated trigger does not exist, the trigger is left out from it. Figure 17 compares the benefits of aggregated 
triggers with the single triggers case. The Ipv6 packet size of the aggregated trigger is only 15-22 bytes larger than 
single triggers. The interval of aggregated triggers can be adjusted according to the needs. For instance, if parameter 
information is needed twice a second, the interval and throughput of the aggregated triggers doubles the ones presented 
in the results below. Generally, source-level adaptation is considered as slow adaptation mechanism and, thus, the 
refreshing period of parameter values can be in the magnitude of seconds.   
 

 

Figure 17:  Comparison of Trigger Sizes and Intervals between Single Triggers and Aggregated Triggers 

The feedback signaling with only one client and four parameters does not produce significant network traffic overhead. 
However, video servers commonly serve tens or even hundreds of clients. Receiving feedback information from each of 
them will evidently increase the signaling and processing of the parameters in the server side. Figure 18 illustrates how 
the throughput of  feedback signaling increases when the number of clients grows. The throughput increase is linear, but 
the slope with the single trigger case is much steeper. The throughput with the single triggers is more than 13-fold 
compared to the case when the aggregated trigger is being employed. With ten clients, the amount of signaling with the 
triggers and trigger frequencies presented above is 78.8 kb/s, while with the aggregated triggers only 5.84 kb/s in terms 
of throughput. Signaling reached with large number of clients does also incur lots of additional processing in the server 
side. The number of single triggers received with 100 clients per one second is 1400, which is 1300 more than in the 
case where only aggregated triggers are used. It is noteworthy that in the simulations UDP is employed, although TCP 
is the preferred protocol. TCP adds additional overhead because of its internal signaling and larger header size. 
 

 

Figure 18:  Feedback Messaging Throughput in Proportion to Number of Clients 

In addition to the triggers sent to the video server, the clients also send feedback information to Base Station Controller 
residing in the base station the client is connected to. The main signaling between clients and base station is carried out 
using IEEE 802.21. Typically, a client periodically sends MIH_Parameters_Report events to its base station. The event 
interval depends on the configuration. With the 0.2 s interval, the throughput is only 2 kb/s. Base stations usually are 
unable of serving clients that much, which would affect significant signaling overhead. 
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In addition to IEEE 802.21 event parameters, Base Station Controller subscribes to UDP throughput trigger from 
mobile stations and video bitrate, base layer bitrate, and enhancement layer 1 and 2 bit rates from the video server. 
Figure 19 summarizes the throughputs of all feedback signaling (Triggering Framework with aggregated triggers and 
IEEE 802.21) and their directions with 20 mobile stations and two base stations. The throughputs slightly vary (a few 
hundred bits per second) depending on the parameter values. Of course, also feedback interval changes affect the 
throughputs. In the results, the triggers going to the base station are generated once a second and the other trigger 
intervals factored in the results are the ones presented above. Aggregated triggers instead of single triggers are 
employed in the signaling from mobile stations to the video server. 
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Figure 19: Overall Throughputs of Feedback Signalling 

The trigger consumer, that is the video server, cannot affect the frequency the trigger source generate triggers. However, 
Triggering Framework allows using filters in the subscription messages. For example, video server might be interested 
in receiving a trigger only when the PER or BER at different layers exceed, for instance, 0%, which is the case with 
Application Controller. Application Controller tunes FEC/PECC rates even with very low BER and PER rates. Filters 
enable minimizing the number of feedback messages as do the aggregated triggers. Filters cannot be used with 
aggregated triggers as they include several values of several parameters. If the video server streams video to 20 clients, 
and only three of them is facing problems in receiving the video, the filters can be used in a way that the triggers the 
video server receives are only from those three clients. As an example, the values of the triggers of BER from the MAC 
layer and PER from RTP layer pass the filter definitions specified by the video server, only the three clients send these 
triggers to the video server. This produces the signaling throughput of 24 kb/s, which still is twice as much as in the 
case where each client periodically sends aggregated triggers. However, if only BER in the three clients exceeds the 
filter threshold, only triggers including BER values are sent to the server. In this case, the signaling throughput slumps 
to 7.3 kb/s. Thus, with certain context, triggers, and filter rules, the subscription filters can attain better results than the 
aggregated triggers. However, aggregated triggers provide a more consistent and generic way to lower the signaling 
overhead. In addition, Ipv6 anycast aggregation, presented next, improves the signaling performance further.  

5.3.3 System Level aggregation evaluation 

5.3.3.1 System Model 
The following parameters are used in the analysis. 
 

· The data link layer is regarded slotted. The width of the timeslot is given as � s. Extension to the continuous case is 
not necessary, since the system performance is very poor also in a perfectly slotted network, as shown later. For 
the sake of simplicity, let us assume that � s equals the signaling period. 

· Parameter l0 denotes the header length of the feedback packet. As long as we use Ipv6 and UDP for the feedback 
messages, l0 equals 384 bit (40 + 8 byte). 

· Assuming that we have plenty of feedback categories, 
- l i denotes the length of the ith feedback information, i starts from one. 
- qi – 1 is the number of free timeslots between subsequent feedback messages. Qi is proportional to the 

frequency of the ith feedback information. Qi = 1 states that in every timeslot the ith feedback is sent 
from the clients, qi = 2 states that every second timeslot is used for delivery, etc. Non-integer values 
are also allowed, but qi �  1 (feedback cannot be more frequent than one per timeslot). 

- Both l i and qi are assumed to be constant (extension to the random case is not included here). 
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· There are Nc clients in the system. All these clients are identical and independent, generating feedback information 
as an i.i.d. process. 

· There is only one Master Application Controller (stream server). 
· Feedbacks are aggregated in special nodes which are called Feedback Aggregation Servers (FAS). There are NFAS. 

Let we investigate a particular timeslot in the network. The feedback traffic at the kth node (Tk) is given as 
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where � ik is an indicator parameter: it equals one, if the kth client sends the ith feedback information in the investigated 
timeslot, and zero otherwise. 
Now, the total traffic in the network is described. First, we assume that there is no feedback aggregation server in the 
network, so every client sends the feedback directly to the application controller. The traffic in the application 
controllers’ network (TAC) is given as 
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Note the exchange of sums in the above equation. Introducing a new variable 
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we get 
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Now let us see the properties of � i. It describes the total number of ith feedback messages in the network per timeslot. 
Since the clients are identical and independent, it is a binomial random variable with mean Nc/qi and variance Nc/qi(1 – 
1/qi), and the distribution is 
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If Nc is large, � i can be estimated by a normal random variable. 
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Substituting (5) into (4), it turns out that the traffic at the application controller is a sum of normal random variables. 
That is, the traffic also follows a Gaussian distribution, with a mean that equals the sum of means, and variance which is 
equal to the sum of variances: 
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The bandwidth of the network is denoted by B. That is, in each slot, B · � s bits can be pushed through the network. Now 
we will cover two basic cases. 

The network router with infinite buffer 

Here, the network’s router has infinite buffer. It means that although more information arrives at the router, the 
excessive information above the bandwidth is buffered, so there is no packet loss. However, the delay of the packets 
gets longer and longer if the demand is higher than the available bandwidth. If the mean of the traffic is higher than the 
bandwidth, the average traffic will be also higher. This provides a natural limit for the number of clients. Substituting 
the mean and drawing strict upper bound with B� s, one gets 
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This is an inequivality that must be fulfilled to avoid infinite delay of feedback information. This formula can be 
evaluated given the parameters of the system. 

The network router with zero buffer 

First, the network router has zero buffer length. It means that if more packets arrive than the maximum mass of packets 
the network can handle, the packets will be automatically lost. In other words, if the traffic is above the bandwidth of 
the network, packets will be lost. So, the probability of the packet loss can be evaluated by taking the tail of the 
Gaussian distribution, as 
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which is never zero. Knowing the parameters of the system and the acceptable level of feedback information lost ratio 
(� ), one can find the maximum number of clients, Nc, which can be served in this environment as 
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Please note that if the qi parameters equal one (there is no random effect in the system, every slot is used for feedbacks), 
the first term in the nominator becomes zero, thus we get back (7), the two cases are identical. However, if at least one 
qi parameter differs from one, the random effect appears, the first term of the nominator will be different from zero, 
consequently (7) and (9) yield different bounds on Nc. 

A numerical example 

If the bandwidth of the application controller’s network equals B = 10Gbps, and all the clients send three different 
feedback information every � s = 10ms (q1 = q2 = q3 = 1), all of them together amount 31 bytes (l1+l2+l3 = 248 bits). 
Substituting these numbers into (7), it turns out that Nc must be lower than 158,228. That is, there could be 
approximately 150 thousand users in this system. This is indeed a very low value. 
If the above parameters are changed a bit, q1 = q2 = 1, q3 = 2, l1 = l2 = 80 bits and l3 = 176 bits, the (7) leads the same 
bound as before. However, (9) is now different: taking �  = 0.1, which means that every tenth feedback packet can be 
lost (here we need erfc�1  (0.2) = 0.9062), we get Nc < 9473. Less, than ten thousand users can be served in this case. 
Now let us see what happens if the aggregation servers are switched on. 

5.3.3.2 The aggregation servers switched on 
The effect of the aggregation servers is twofold. First, the number of (IP+UDP) headers is significantly lowered due to 
the fact that many clients send their feedback to the aggregation servers, instead of the application controller. Then, 
aggregation servers send only one packet compared to the many they receive. Secondly, the feedback information can 
be compressed, so not all the feedback information must be sent back, some statistics (e.g. mean, variance, lowest, etc.) 
could be sufficient for the application controller. 
Aggregation servers could be arbitrary many in the network. Following our notations, the number of aggregation 
servers equals NFAS. 
For sure, aggregation should not introduce too much delay in the network, which yields that qi parameters are the same 
after and before aggregation. (1) holds, but the input traffic of the jth feedback aggregation server is given as 
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where Uj is the set of users under the jth aggregation server: these are the users, whose traffic is “cached” by the jth 
aggregation server. As before, we introduce a new variable 
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which describes the total number of ith feedback messages at the input of the jth aggregation server. As before, since 
the clients are identical and independent, it is a binomial random variable with mean |Uj |/qi and variance | Uj |/ qi (1�1/  

qi), and if Uj is a large set, j
i�  can be estimated by a Gaussian random variable 
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This random variable simplifies (10) as 
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It turns out that the input traffic at the jth feedback aggregation server is a sum of normal random variables. That is, the 
input traffic also follows a Gaussian distribution 
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Up to this point we have the same equations as before, (14) looks the same as (6), however, here, the number of users 
can be set according to the positioning of aggregation servers. That is, the aggregation servers should be installed in 
such points of the network, that the total traffic described in (14) should not exceed a given value. Taking the numerical 
example again, we can say that every 150 thousand users (or in the second case every 10 thousand users) should have at 
least one feedback aggregation server. 
The output of the feedback aggregation servers can be written as 

 �+=
i

iii
out
FAS qlclT /0 , (15) 

where ci is the compression constant, it defines how many feedback values are sent instead of all the values they receive 
to lower the network load. For instance, the minimum, the average, the deviation, and the maximum values (here ci = 4) 
can be sent from the feedback aggregation server. Every feedback category should have its own ci parameter. Please 
note that (15) is both deterministic and independent (it does not depend on the actual aggregation server). 
Now let us see what happens at the input of the application controller. To make distinction from the case without 
aggregation server, we will denote this traffic as T’AC. The traffic arriving at the application controller consists of the 
output traffic of the feedback aggregation servers, and the feedback traffic of those users which were not aggregated. 
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where U0 is the set of the users whose traffic is not aggregated. It makes the traffic random (Gaussian) as detailed 
before. 
Taking the numerical example of the previous section, and assuming the easiest case, where all the users can find one 
aggregation server, c1 = c2 = c3 = 4, one can see that the maximum number aggregation servers can be NFAS = 72,674. 
With this setup, 11.5 billion users can be served, if the network routers have infinite buffers. This is an acceptable 
number. Even for zero buffer network devices, and assuming 10% acceptable packet loss ratio, the maximum number of 
users, which can be served with the help of the aggregation servers, equals 688 million. 

5.3.4 Quality of Service (QoS) with Traffic engineering support 
As we have already pointed out, we have considered in this analysis two cases: 

· Unicast, in which there is only one terminal attached to a Base station involved in the video streaming. 
· Multicast, in which there are two terminals, each of them attached to a different Base station. The number of 

nodes between the source and each Base Station is different. 
These two applications, in their turn, have been considered in the above mentioned scenarios: 

· E-learning: we use a video (foreman) with a low quality (QCIF with 15 frame per seconds) and suppose that 
the number of network nodes between the server and the mobile clients is small (we configured 2 network 
nodes in the case of unicast and 2 and 4 nodes in the case of multicast). 

· Pay per view: we use the same video as before, but with a higher quality (CIF with 30 frame per seconds) and 
suppose that the number of network nodes between the server and the mobile clients is higher than before (we 
configured 8 network nodes in the case of unicast and 8 and 10 nodes in the case of multicast). 
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We have simulated a scenario with one fault in the IP network after 5 seconds from the simulation start and we have 
evaluated the delay, the loss rate (in terms of ratio between the number of lost packets and the total number of sent 
packets) and the delay jitter, calculated at the egress of the IP network module. Subsequently we have considered also 
the end-to-end delay performance, looking at the end-to-end delay at the RTP level as well as the end-to-end jitter.  
Concerning the end-to-end performance, we have to take into account the delay and loss that the wireless channel may 
introduce. We have configured the wireless channel for being OFDMA, with BPSK coding and constellation size ½. 
The SNR is set to 25 dB, in order to be in bad reasonable conditions. The end-to-end losses can be calculated as the sum 
of the losses at the IP network and the losses at the wireless channel (to have an idea of the impact of the wireless 
channel in terms of losses please refer to [11] and [3]). 
As first case we consider is the unicast with the e-learning application. Figure 20 depicts the delay at the IP network: 
since the delay per node is 10 msec and the number of nodes is 2, the average value is around 20 msec (indeed, 24 
msec). We can notice that there is a peak in the delay immediately after 5 seconds, showing that the system correctly 
reacts at the fault, queuing packets till the recovery time has elapsed. Since there is only one terminal the number of 
queued packets is very small and the system is able to come back to the ordinary operating (i.e. without faults) very 
quickly. For the same reason there aren’t any losses during the time interval between the fault and the end of the fault 
detection period. 
The jitter analysis is done considering the difference between the delay values and the average. For this variable we 
have evaluated the variance, the 99th percentile and the peak to peak distance of the delay. Table 7 shows the resulting 
values for both the IP network and the end-to-and measurements. 

Table 7: Jitter analysis for the e-learning with one base station. 

Delayi- Average Delay IP network End to end 
Variance 1.9 10-5 6.11 10-5 

99th percentile 0.057 0.026 
peak to peak distance 0.063 0.059 

Maximum value 0.057 0.049 
                                                                                                                                                                     

 

Figure 20:  Delay at the IP network for the e-learning with one base station. 

The end-to-end delay at the RTP level, which includes both the delay introduced by the IP network and the delay 
introduced by the wireless channel, is obviously higher than the previous and shows a great variance. However, again 
there is a peak at 5 seconds (Figure 21), showing that the fault has an impact also at the receiver.  
The jitter analysis shows a higher variance than the one present at the IP network (Table 7): the wireless channel and the 
queuing at the Base Station insert latency and spread the packet delay distribution in time. 
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Figure 21: End-to-end Delay at the RTP layer for the e-learning scenario with one base station. 

If we consider the case of unicast with pay per view scenario, the results are exactly the same (Figure 22). In this case 
the delay per node is 10 msec and the number of nodes is 8, as a consequence the average value is around 80 msec 
(indeed 84 msec); in Figure 22 we can see that the fault has caused a delay peak just after 5 second from the simulation 
start, but it is very small because the number of packets that has been queued during the recovery time are few. 
Moreover, also in this scenario, the losses in the IP core network are absent.  
In Table 8 there is the corresponding jitter analysis for both the IP network and the end-to-and statistics. 

Table 8: Jitter analysis for the pay per view with one base station. 

Delayi- Average Delay IP network End to end 
Variance 1.9 10-5 4 10-4 

99th percentile 0.047 0.09 
peak to peak distance 0.073 0.14 

Maximum value 0.07 0.124 
 

 

Figure 22: Delay at the IP network for the pay per view with one base station. 

Considering the end-to-end delay at the RTP level, it shows the same behavior as in the previous case (Figure 23): the 
delay is higher due to the presence of the wireless channel delay and it has a great variance. However there are a series 
of peaks: the peak at 5 seconds is evident, but there are also higher peaks, probably due to instantaneous very bad 
channel conditions. 
The jitter is increased (Table 8), compared to the previous case, confirming that the channel conditions are probably 
worse (also statistical effects can play a role in the collected results). 
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Figure 23: End-to-end Delay at the RTP layer for the pay per view with one base station. 

In the second step, we have considered a scenario with a multicast transmission where there are two base stations with a 
terminal each. In the e-learning application we have configured that the first terminal is separated from the server by 
two nodes in the IP network, while the second terminal by four nodes.  In the pay per view application instead, the first 
terminal is far from the server of 8 nodes while the second terminal of 10 nodes. 
Figure 24 and Figure 25 depict the delay introduced by the IP network for the e-learning for the first terminal and the 
second terminal respectively. In Figure 27 and Figure 28 there are instead the loss rate for the first terminal and the 
second terminal respectively. The increased delay just after the fault at 5 seconds isn’t present, while it is evident that 
there are losses at the fault. This is due to the fact that in this case the packets have to arrive to two different receiver 
and they are duplicated at the IP network, because of multicast. As a consequence more packets arrives in the network 
during the fault and the system experiments losses. The reason of having a lower evident increasing in the delay at the 
fault can be two. The first reason is related to the fact that in the e-learning scenario we have only 2/4 nodes and the 
delay introduced by the network is more similar to that introduced with the fault. The second reason can be that the 
packets arrive when the fault is almost completely recovered and presents a lower delay than in the unicast case. 
 

 

Figure 24: Delay at the IP network for the e-learning of the first terminal. 
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Figure 25: Delay at the IP network for the e-learning of the second terminal. 

 

Figure 26: Loss rate at the IP network for the e-learning of the first terminal. 

 

Figure 27: Loss rate at the IP network for the e-learning of the second terminal. 
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As expected, the end-to-end delay (Figure 28 for the first terminal and Figure 29 for the second terminal) are greater 
than the corresponding delay in the IP network, because of the wireless channel delay addition. 
 

 

Figure 28: End-to-end Delay at the RTP layer for the e-learning of the first terminal. 

 

Figure 29: End-to-end Delay at the RTP layer for the e-learning of the second terminal. 

Table 9 reports the jitter analysis for the IP network and the end-to-end measurements for the two terminals. The 
respective statistics for the jitter are quite similar; obviously the end-to-end jitter is higher than in the IP network due to 
the presence of the wireless channel. 

Table 9: Jitter analysis for the e-learning with two base stations. 

 First Terminal Second terminal 
Delayi- Average Delay IP network End to end IP network End to end 

Variance 2.83 10-6 6.11 10-5 2.2 10-6 5.94 10-5 
99th percentile 0.0052 0.027 0.0041 0.022 

peak to peak distance 0.0089 0.046 0.0079 0.069 
Maximum value 0.0062 0.035 0.0054 0.058 

 
The last set of simulations regards the pay per view application. In Figure 30 and Figure 31, related to the first and the 
second terminal respectively, we can notice that the IP network delay shows the peak around 5 seconds, confirming the 
presence of the network fault. The delay for the second terminal is higher because the number of nodes between the 
server and this terminal is 10, while for the first terminal the number of nodes is 8. The peak duration is higher than in 
the unicast case, because of the increased number of packets that are transmitted through the network (therefore, 
involved in the fault). 
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Figure 32 and Figure 33 show the loss rate for the first and second terminal respectively. Both show a peak at 5 
seconds, further confirming the presence of the fault. However the first terminal experiences a subsequent loss at 6.5 
seconds, due to network loss in ordinary conditions, which probability has been configured to 10-5.  
 
 

 

Figure 30: Delay at the IP network for the pay per view of the first terminal. 

 

Figure 31: Delay at the IP network for the pay per view of the second terminal. 
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Figure 32: Loss rate at the IP network for the pay per view of the first terminal. 

 

Figure 33: Loss rate at the IP network for the pay per view of the second terminal. 

 

Figure 34: End-to-end Delay at the RTP layer for the pay per view of the first terminal. 



OPTIMIX FP7-ICT    �    Grant agreement n°214625 project Deliverable D3.2c version 0.0 

FP7 ICT Call 1 Key line 1.5 “Networked Media” Page 51/59 

 

Figure 35: End-to-end Delay at the RTP layer for the pay per view of the second terminal. 

The end-to-end delay (Figure 34 and Figure 35 for the first and second terminal respectively), instead, shows a number 
of peaks, due to the delay introduced on the wireless channel, However the peak at 5 seconds can be easily detected, 
even if is not very high, confirming that the fault has an impact also at the receiver side. 
In Table 10 there is the corresponding jitter analysis for the pay per view of the two terminals: the jitter is higher than 
for the e-learning, because of the increased number of nodes in the IP network.  
As for the remaining analysis, we can make the same conclusions as in the previous scenario. 

Table 10: Jitter analysis for the pay per view with two base stations. 

 First Terminal Second terminal 
Delayi- Average Delay IP network End to end IP network End to end 

Variance 1.27 10-5 2.88 10-4 1.03 10-5 2.42 10-4 
99th percentile 0.0060 0.064 0.0061 0.06 

peak to peak distance 0.069 0.12 0.064 0.11 
Maximum value 0.009 0.108 0.012 0.090 

 

5.3.5 Mobility modeling and simulation results 
In order to provide an extensible, full and precise model for µHIP, we developed an Ipv6-based Host Identity Protocol 
simulation framework called HIPSim++ [37] [38]. The model is built on the top of the 20090325 version of 
INETwithMIPv6 which is an extension and TCP/IP model collection of the component based, modular OMNeT++ 4.x 
discrete event simulation environment. 
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Figure 36: Simulation topology for µHIP evaluation.           

Within this framework we evaluated the efficiency of the proposed µHIP micromobility architecture. The network 
topology used for the analysis consists of three main parts (see Figure 36 for details). We set up a domain for the 
correspondent node(s), the core network with the DNS, RVS and router parts, and a domain for the air interface 
containing the wireless access points with the LRVSs and the mobile node. The MN is able to migrate between different 
Aps with a constant speed such provoking intra- and/or inter-domain handovers. Inducing 50 independent handovers 
during simulation runs we measured two main parameters. 
 
Handover Latency: the time interval between the last packet arrived at the MN in the old network and the first packet 
fetched from the new AP. 
 
 

 

Figure 37: Intra- vs. inter-domain handover latency of µHIP.           

 
UDP Packet Loss: the difference between the sequence numbers of the last packet arrived at the MN in the old network 
and the first packet fetched from the new AP. 
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Figure 38: UDP packet loss during intra- and inter-domain handovers.           

 
Simulation results presented in Figure 37 and Figure 38 show that the handover latency, and the number of lost packets 
during handoffs can be significantly reduced in case of intra-domain handovers, meaning that relevant improvements in 
performance can be achieved employing the µHIP-based mobility management platform in the OPTIMIX architecture. 
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6 Conclusion 
This deliverable concludes the work of Task 3.2 regarding the design of the OPTIMIX network architecture, in 
particular in relation to the network transparency. 
Since it is the last report of the task’s activities, we have also presented the OPTIMIX architecture at a glance, pointing 
out the main innovative control plane entities, and providing a small description of them, also looking at the 
applicability of the proposed solution with the current technologies and standards implementation. 
We have provided an outline of the final OPTIMIX system, describing the modules involved in the end to end 
transmission chain. We have distinguished between point to point and point to multipoint transmissions, as well as 
between H.264/AVC and H.264 SVC codecs, for each option, we have additionally discussed two cases: when only 
source and receiver are enhanced to support the OPTIMIX solution, and when, instead, also the Base Station is 
improved. 
In the end, we have provided the final evaluation of the network transparency approaches, taking into account of the 
latest advancements in the OPTIMIX architecture. 
As done in the previous deliverable of Task 3.2, we have analyzed two aspects of the network transparency concept. 
Firstly, we have considered the overhead introduced by the information exchange between JSCC/D aware entities, 
being physical devices or communication layers. Secondly, we have verified the ability to transfer real time data 
without introducing relevant delay, loss or jitter.   
Concerning the former aspect, we have discussed the final choice for the control/signalling information exchange 
between key network components. We have evaluated both in band and out band signalling approaches. For the 
formers, we have examined the solutions that have been proposed for protecting real time data against bit errors and 
packet losses, which are the Reed Solomon RTP FEC and the PECC techniques. Both include an extra header in RTP 
packets and for PECC also more packets are added to the original traffic. As a consequence, the overhead that both 
mechanisms introduce in the system depends on the video rate. The gathered simulation data (with either a high or low 
quality video) indicates an extra-bandwidth lower than 1% of the nominal video rate for RS RTP FEC. While, for PECC 
the overhead can be much higher and its use is appropriate for multicast transmissions, where protecting the source 
traffic from losses is really critical. 
Regarding the feedback messages, we have summarized the information that has been selected for being used by the 
master application controller and from the base station controller for optimizing the video quality by dynamic 
adaptation. All the out of band signalling messages exploit the triggering framework and IEEE 802.21 standard. the 
latter is employed for the communications between the mobile terminal and the base station at the lower layers, because 
it introduces a small protocol stack overhead even with a very high update frequency, as needed, relying on frame 
exchange at the MAC layer.  
As pointed out in the previous deliverable of this task, the triggering framework allows sending the upper-layers 
information to a sink, the Mobile Observer, which lets the information to be available to each module which needs it, by 
a simple subscription-based method.  
In D3.2b, we have concluded that aggregation methods must be introduced in order to reduce the overhead, which could 
be particularly large when several users, unicast or multicast, are present. In this deliverable we have analysed the 
aggregation methods that were not evaluated previously: the terminal level and the system/network level aggregations. 
Terminal level aggregation means that the terminal is responsible for aggregating the feedback messages to be sent to 
the server. This translates into using a specific trigger messages that contains all feedback information needed by the 
server. The server in its turn subscribe to this trigger. The results show that the aggregation can really reduce the 
introduced overhead, not only with only one user, but also with a large amount of users. However, we have supposed 
that the application controller operates on time scales around seconds for the adaptation and we have suited the 
feedback messages frequency to that need. As a consequence with 100 clients no aggregation means that the server has 
to manage 1400 messages per seconds, while the aggregation reduces this value to 100. 
In order to complete the evaluation of the feedback message overhead, we have to analyze also the case of that 
introduced by the base station controller: from one side we have the feedbacks that are exchanged between the Base 
Station and the clients, on the other side we have the feedback messages that the base station controller needs from the 
server. For the former, we opt for the IEEE 802.21 standard that introduces an overhead of 2 Kbit/sec, with an update 
period of 0.2 sec. For the latter, using single feedback messages and with an update period of 1 sec, the introduced 
overhead is 2.3 Kbit/sec per single Base station, supposing that 10 terminals are attached to each of them. 
Instead, the system/network level aggregation introduces two additional entities in the OPTIMIX network architecture: 
the anycast capable routers and the feedback aggregation server. This mechanism exploits the features of anycast 
routing by which feedback information can be efficiently sent to a specific (e.g. local) feedback aggregation server 
using an anycast address. The anycast capable routers route the messages, using specific anycast routing protocols and 
finally the feedback aggregation server aggregates the received feedbacks in a single IP packet and forward it to the 
Master Application Controller. The generated aggregate message is in the format of a trigger message, in order to keep 
the anycast solution compatible with the triggering framework: this allows also employing the terminal level 
aggregation as a backup method in case the system level aggregation scheme fails to transfer feedbacks. 
The analytical analysis that has been carried out, supposing that the bandwidth of the application controller’s network is 
B = 10 Gbit/s, and all the clients send three different feedbacks every 10 ms each, 31 bytes on the whole for them, the 
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analysis shows that the use of a feedback aggregation server can increase the maximum number of supported users by 
the system from 150 thousand to 688 million (a greater number of user will cause an infinite delay in sending the 
feedback messages), with possible losses in the network routers when having zero buffers. 
 
Considering the degree of transparency of the network also when some additional features, like QoS and mobility 
management are present, we have investigated two novel mechanisms: QoS with Traffic Engineering and a new µHIP 
architecture. 
The analysis of the OPTIMIX proposal enhanced with quality of service mechanisms including Traffic engineering 
capability, confirms that the core telecommunication infrastructure provides the expected and required traffic 
forwarding guarantees also in case of network failures. Indeed, the delay at the IP network shows an increase when a 
fault happens, but the duration of the peak is very small, confirming that the network recovers very fast. The IP network 
experiences losses only when some packets arrive during the fault detection time. 
Considering the end-to-end performance, we can notice that it strongly depends on the wireless channel conditions; 
therefore, the fault effect can be masked by the impairments introduced on the wireless channel, especially when the 
SNR is quite poor.   
This is also confirmed by the analysis carried out on the jitter. We pointed out that the jitter at the IP network can be 
significantly lower than the end-to-end jitter, remarking again the influence of the wireless channel. However, the 
collected results show that the jitter is mainly under the threshold of 100 msec (which is the bound for most multimedia 
applications in order to achieve a good video quality). Since the results have been obtained with a reasonably bad 
channel condition, we expect an even better behaviour of the system in general. 
Finally we have analyzed the proposed improvements to the per-application extensions of HIP, in order to increase the 
protocol efficiency in environments requiring localized mobility management. Indeed, we have designed an extension 
to HIP called µHIP, which relies on an advanced signaling delegation scheme and adds a gateway centric micromobility 
support with paging extension to the protocol. As a consequence we have introduced a novel network entity called 
Local Rendezvous Server (LRVS) for extending the functionalities of the normal HIP Rendezvous Server (RVS).  
In order to investigate about the transparency of the network, we have to verify that this novel approach can effectively 
support seamless communications even in case of handovers of mobile users/terminals. The gathered simulation data 
demonstrates that both the handover latency and the number of lost packets during handoffs can be significantly 
reduced in case of intra-domain handovers managed with the proposed micromobility solution with respect to the 
former HIP employment (i.e. addressing transparent communications). 
 
In the end, the system proposed within the framework of the OPTIMIX project has been proven to efficiently and 
effectively support the Network Transparency concept. 
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7.2 Glossary 
 
AMC Adaptive modulation and coding  
AP Access Point  
AR Access Router  
AR Anycast Router  
AVC   Advanced Video Coding  
BER  Bit Error Rate  
BL Base Layer  
BPSK Binary Phase-Shift Keying  
BS Base Station  
BSC Base Station Controller  
CIF Common Intermediate Format  
CN Corresponding Node  
CRC Cyclic Redundancy Check  
CSI Channel State Information  
DCCP Datagram Congestion Control Protocol  
DLL dynamic-link library  
DNS Domain Name Sytem  
DS Differentiated Service   
DSP Digital Signal Processor  
DTD Document Type Definition  
EL enhancement layer  
FAS Feedback Aggregation Server  
FEC Forward Error Correction  
FER Frame Error Rate  
FPGA Field Programmable Gate Array  
GoP Group of Picture  
HIP Host Identity Protocol  
IP Internet Protocol  
IPSec IP Security  
JSCC Joint Source and Channel Coding  
LDPC low-density parity check  
LRVS Local Rendezvous Server  
LTE Long Term Equivalent  
MA Master Application  
MAC Medium Access Control OSI-layer 
MIMO Multi-Input Multi-Output  
MN Mobile Node  
NGN Next Generation Networks  
NRT Non Real Time  
OFDMA Orthogonal Frequency Division Multiple Access  
OSI Open Systems Interconnection  
PECC Packet Erasure Correcting Codes  
PER Packet Error Rate  
PHY Physical layer OSI-layer 
PLR Packet Loss Rate  
PSNR Peak Signal-to-noise Ratio Video quality metric 
QCIF Quarter CIF  
QoS Quality of Service  
RB resource block  
RCPC Rate-Compatible Punctured Convolutional  
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Rohc Robust Header Compression  
RS Reed Solomon  
RSSI Received Signal Strength Indication  
RT Real Time  
RTCP RTP Control Protocol Provides statistics and control 

information for an RTP flow 
RTP Real-time Transport Protocol  
RTP Real Time Protocol  
RVS Rendezvous Server  
SAP Service Access Point Interface to use services of an 

other module 
SINR Signal to Interference-plus-Noise Ratio  
SOAP Simple Object Access Protocol  
SR sum-rate  
SVC Scalable Video Coding  
TCP Transmission Control Protocol  
TCP  Transport Control Protocol  
TE Traffic Engineering  
TFRC TCP-Friendly Rate Control  
TRG Triggering Engine  
UDP  User Datagram Protocol  
UEP Unequal Error Protection   
WiMAX  
 

Worldwide Interoperability for Microwave Access WiMAX is a common name for 
a technology based on IEEE 
802.16 air interface standards 
provided by WiMAX Forum. 

WLAN Wireless local area network WiFi is a commercial name for 
a WLAN realization. 

WSDL Web Service Definition Language  
WSR weighted sum-rate  
XML eXtensible Markup Language  

 


