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Executive Summary 
 
An important issue of WP2 is the design and performance evaluation of the joint controlling modules. The Master 
Application and the Base Station Controllers are the blocks in charge of driving the joint optimization process, based on 
cross-layer exchanges of control signals and feedback messages. The purpose of the whole process has to be, clearly, 
the improvement of end-to-end video quality, in both point-to-point and point-to-multipoint contexts. 
 
As described in D2.3a, the Master Application Controller is charged with driving the source encoding operations, as 
well as configuring the main parameters of other OPTIMIX-aware blocks along the transmission chain, such as, for 
example, the protection mechanism applied at the transport layer. An important task performed by the Master 
Application Controller is to send a proper set of requirements relevant to the (possibly) multiple scalable streams  to the 
Base Station Controller, generally expressed in terms of target BER or FER and throughput. Although most of the 
functionalities of the Master Application Controller can be implemented in a centralized unit, in OPTIMIX we opted for 
the introduction of some additional  “distributed” intelligence working at the application layer. The Adaptation 
Modules, in fact, can be introduced in different nodes of the IPv6 network, as well as in the base stations. In the latter 
case, clearly, their interactions with the Base Station Controller would be greatly simplified. The main task of the 
Adaptation Modules is to selectively drop packets belonging to different scalable streams in order to adjust the data rate 
according to the channel conditions, while keeping coherent the video communication on the whole. 
 
Unlike the Master Application Controller, which has to maintain a general vision of the state of all the OPTIMIX users, 
the scope of the Base Station Controller is limited to the set of users within its cell, including possible non-OPTIMIX 
terminals. Its main task is to schedule the transmissions across the radio channel and to manage the shared resources 
among the users. As it is described in this document, the Base Station Controller can adopt different policies, aimed, for 
example, at maximizing the overall data rate or at guaranteeing fairness of treatment to the users. Moreover, proper 
adaptive coding and modulation schemes can be exploited, in conjunction with the resource allocation process, to 
satisfy the requirements specified by the Master Application Controller. 
 
Finally, the role of the Mobile Observer cannot be neglected in the optimization process. This module is placed within 
the mobile terminal and its purpose is to collect statistics about performance figures relevant to different layers in the 
protocol stack and to send feedback messages to the controllers correspondently. This feedback information flow 
constitute an important input for the iterative optimization process. 
 
It is clear that the time scales at which the controlling units operate are different: the Master Application Controller 
optimization is a long-term process, while the BS Controller needs to react very quickly to radio channel variations. The 
Adaptation Modules take their place between the two, offering the first level of application-layer response to significant 
changes in the achieved data rate. 
 
Given the complexity of the considered scenario, the OPTIMIX consortium decided to organize the design of the 
optimization process in subsequent steps. In the first phase, terminated with the attainment of these intermediate results, 
we focused on developing and testing several solutions for all the controlling units. Strict collaboration among the 
partners was necessary, in order to develop compatible algorithms and insert them in a common and coherent 
simulation framework. In order to carry on our research activities in a clear and well-organized way, the first phase of 
work was particularly devoted to evaluate the performance of the controlling units separately. This constitutes a 
necessary step towards the coherent (and working) integration of the entire OPTIMIX system. The design,  analysis, 
implementation and test of the algorithms presented in this document is now a valid basis for the next phase of work, 
where we will focus on calibrating the interactions among the controllers and the mobile observers, in order to put 
together their performance achievements in the most efficient way. The results of this last phase of research activity will 
be provided in the documents concerning the final results of the project. 
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1 Introduction 
This document describes the main structure and working philosophy of the Master Application and Base Station 
Controllers and presents some intermediate results coming from their application within the communication chain. As 
highlighted in D2.3a, these modules are of extreme importance for the purposes of OPTIMIX, since they constitute the 
intelligent elements performing the adaptive optimization tasks aimed at maximizing the end-to-end video quality 
perceived by the users. As graphically reported in Figure 1, the respective fields of work are distinct, but strictly 
interconnected: the Master Application Controller has to drive the source encoding process and to set other important 
transmission parameters for all the video users (possibly served by different base stations), while the main task of the 
Base Station Controller is to manage the shared radio resources and to adaptively define all the downlink parameters for 
its limited subset of users. Another important difference between the two modules is that the Master Application 
Controller typically takes into account only the OPTIMIX users in its optimization process, while the Base Station 
Controller has to consider the possible presence of non-OPTIMIX users within its cell when scheduling the 
transmissions and assigning the radio resources. 
 
 

 

Figure 1 - Main interactions between the OPTIMIX controlling units. 

 
The interactions between the controllers are based on iterative exchanges of control signals and feedback information. 
In particular, the Master Application Controller sends quality requirements for the different video layers to the Base 
Station Controller. These requirements are generally expressed in terms of maximum tolerable values of FER and/or 
BER across the radio channel. The Base Station Controller, in its turn, periodically forwards the feedback information 
coming from the mobile terminals to the Master Application Controller, eventually performing some sort of message 
aggregation in order to reduce the feedback data rate. The performance figures so provided to the Master Application 
Controller constitute the basis which allow to adaptively optimize the main parameters of the source encoder and, more 
generally, of the entire communication chain. The development of proper mechanisms for these message exchanges are 
an object of WP3 and more details (including some intermediate results) are provided in D3.2b.     
 
In Chapter 2 we describe the main principles and algorithms on which the Master Application Controller is based. The 
Master Application Controller is typically located within the OPTIMIX multimedia server and it is the main driver of 
the whole optimization process, directly setting the source encoding parameters and sending cross-layer control signals 
to other OPTIMIX-aware modules possibly present in the communication chain (e.g. the BS Controller or the Packet 
Erasure Correcting Code unit at the transport layer). Several techniques capable to adapt the compression and protection 
parameters for SVC encoders are developed and analyzed, assuming different levels of the knowledge that the 
controller has about the video source (‘full’, ‘partial & try’ and ‘blind’ methods). The proposed strategies are based on 
the extension of SSIM metrics to the case of scalable videos and on proper abacus curves. 
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Besides the centralized Master Controlling unit, several adaptation modules (also working at the application layer) have 
been considered within the IPv6 network and/or in the base stations. They constitute a sort of intermediate adaptation 
step, capable to adapt the scalable encoded streams selectively dropping packets while keeping coherent the information 
flows belonging to different video layers and users. The adaptation modules may be seen as the distributed component 
of the Master Application Controller and their introduction in the communication chain permits to intervene in good 
time in case of congestions or sudden variations in the achievable data rates. 
Another example of blind approach for the Master Application Controller is also described in Chapter 2, in the context 
of medical applications.   
 
The solutions developed for the Base Station Controller by the OPTIMIX consortium  have been reported in Chapter 3. 
After the first period of the project in which we investigated many multiuser scheduling and resource allocation 
techniques proposed in the literature, we decided to adopt an approach based on dual-Lagrangian optimizaton at the 
Base Station. In particular, we developed and analyzed several strategies referring to different communication 
scenarios. The performance of (MIMO) OFDMA multiple access schemes have been compared to other more 
traditional solutions, like TDMA, and a solution for an adaptive channel coding and modulation capable to guarantee 
the target quality requirements specified by the Master Application Controller is proposed. Intermediate throughput, 
delay and quality results obtained with the common simulation chain are provided.  
A technique for frame synchronization exploiting cross-layer (PHY-MAC) information exchange is also presented in 
Chapter 3. In particular an optimum metric for frame synchronization in data streams with non-uniformly distributed 
symbols is derived and its performance is investigated through simulation.  
 
Finally, the structure of the Mobile Observer, devoted to collecting the performance figures and statistics obtained at the 
mobile receivers, is briefly described in Chapter 4. Basically its role is to execute triggering engine operations, sending 
proper feedback information to selected modules in the OPTIMIX communication chain. Clearly, the most important  
units subscribing to these information are the BS Controller and the Master Application Controller, as well as the 
possible adaptation modules. More information about the Mobile Observer functionalities have been reported in D2-3 
and D3.2b. 
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2 Application controller 
In this chapter we present our studies on the Master Application controller and the adaptation module. More in detail, in 
Section 2.1 we present a methodology to select protection and compression parameters for the coding of a scalable 
stream, by extending to multiple layers the approach proposed in D2.3a. Moreover, we present in Section 2.3 a Blind 
[1] approach for the fulfilment of "medical Quality of Service", with reference to the case of wireless ultrasound video 
transmissions. This solution, that does not require a-priori knowledge of the state transition probabilities, nor an explicit 
model for the underlying wireless channel nor for the source, consists of  an adaptive rate control algorithm based on 
the concept of reinforcement learning, with the goal to jointly optimize image quality, frame rate and delay. Finally, in 
Section 2.2 we present the proposed solution for SVC adaptation and its implementation in the joint OMNeT++ 
simulator. 

2.1 Application controller for scalable video 

2.1.1 Context and rationale 
 
In the OPTIMIX project, where we propose to extend the joint source and channel coding (JSCC) approach by 
demonstrating the efficiency of having the application working as a team with lower layers, we rely on a co-ordination 
tool, called Master Application Controller, implementing the controlling strategies ensuring that the compression and 
protection functions are decided jointly and efficiently from the end-user point of view. 
 
The role of the Master application Controller is thus to improve the long term average received video quality, by 
controlling the compression and protection levels as well as the different modules in the transmission chain and adapt 
their parameters based on the received feedback information on transmission conditions. 
 
We present in this chapter a method to select the compression and protection parameters of a H264/SVC stream. 

As proposed in [2], the expression of the average expected end-to-end distortion ̂S CD +  after the source coding, the 

network packetization, the channel coding operation and followed by the channel impact model and converse operations 
can be used as a metric to compare different realisations of compression/protection choices for the sequence to be 
transmitted. In order to have enough data to operate with, in particular in the case of UEP applications, but foremost to 
ensure that compressed bitrate prediction is working and averaged over several frames, the optimisation proposed in the 
following is performed on a GOP rate basis. 
 
We propose as in [2] to work in three different conditions. In the “Full” mode, the controller has a full knowledge of the 
sequence to be transmitted (realistic when considering streaming/broadcasting of stored sequences that have been pre-
coded at various bitrates, for which the controller will then choose the most suited to transmission over the channel). In 
the “Partial & Trial” mode, the controller has some basic knowledge on the video codec itself, typically based on abacus 
providing statistical information on bitrates and video quality curves for given compression parameters (quantization 
parameter, spatial resolution, temporal resolution …), and uses a test and trial approach to reach its operating point. 
This mode is realistic when considering streaming with limited delay constraints, i.e. when the buffering time needed to 
perform more than once the encoding process is acceptable, and when statistical information has been pre-determined 
for the video codec. In the “Blind” mode, the controller must work without the full knowledge of the future, or the 
possibility to test several configurations before having to choose the used one. Eventually having knowledge of the 
previous GOP encoding settings, the blind mode is the less efficient but also the most simple and quick one to be 
implemented, and will rely heavily on either default settings (in particular at the beginning of a sequence) or on 
previous settings to determine the best encoding parameters to be used. This mode corresponds to real-time low 
complexity solutions, and is particularly meant for live data streaming such as video-conferencing. 
 
The algorithm we propose extends the solution presented in D2.3a [1] for the control of H264/AVC transmission 
parameters to scalable streams like the one produced by the H264/SVC encoder. In OPTIMIX indeed, we propose to 
take advantage of this scalability feature, which can be represented by several quality levels (and\or of resolution), to 
use a unique stream for different possible configurations, corresponding to a scenario where a unique user receives data 
in variable conditions or to a scenario where several users receive the same data in heterogeneous conditions. 
 
The goal of designing a Master Application Controller for SVC streams is threefold. 
 

1. Adapt the stream to be transmitted to the network and channel quality or the device capabilities of several 
users. 

In case of a multicast transmission, the transmission parameters of a scalable video stream have to be selected 
by considering the requirements of several receivers. When several users are interested in the same stream, i.e., 
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a multicast diffusion of the multimedia content is in progress, the aim is to prepare a stream which will allow to 
serve the present users in the best way according to a cost function possibly adapted by the system operator. In 
this way, a single stream is emitted towards different users and every user decodes only the part he can receive 
or the part that can give him the best video quality. 

2. Adapt the stream to be transmitted to a unique user suffering from big quality variations during the 
transmission and which could benefit from the transmission of a scalable stream. 

The aim is, in the case of a single user, to prepare a stream easily adaptable to the variations of the channel. 
This avoid the need of restarting the coding with different compression and protection parameters. Moreover, 
the adaptation should be coherent during the whole compression period: indeed, the decoding can take 
advantage of previous layers (prediction and\or concealment) at every change of resolution (temporal, space, 
quality)  

3. Optimise allocation compression and protection parameters at transport level.  

In any case, we aim to allow an adaptation on the fly: in both contexts above, for a transmission over one or 
several hops, the scalable stream can be reduced by deleting a part of one or several layers or whole layers 
along the path, especially at the base station. This can be particularly useful to cope with sudden channel 
deteriorations or to adapt to the users of that cell a stream conceived for the transmission toward several users 
experiencing different channel conditions. 

The selection of the coding parameters, for the creation of a scalable stream adapted to the multi-users context or to 
possible variations of the transmission link, is done after an estimation of the received video quality given a certain 
error probability and data rate. The video quality evaluation in this context is obtained by exploiting the SSIM+ metric 
defined in D2.1b [3]: the SSIM+ estimation results from the algorithm described in an article published by Z. Wang and 
al in 2004 [4] and from the evolution of this metrics in context Reduced Reference as proposed in the report published 
by Martini and Chiani in 2006 [5]. More details on the extension of the SSIM metric to the scalable case can be found 
in [3]. 
 
Thanks to the SSIM+ definition we can compare streams with different initial resolutions, as well as streams obtained 
after a transmission on a wireless channel affected by errors, what strengthens the relevance of choices made by the 
controller. Furthermore, this allow to: 

- Validate the choices of compression and distribution between the different layers for SVC transmissions; 

- Help in the choice of the layer to decode at the receiver side, in particular on imperfect channels; 

- Help in the decision of transcoding operations on the fly, in particular at the Base Station. 

 
The method we propose extends the mono-resolution controller defined in D2.3a by allowing: i) the use for several 
simultaneous transmissions experiencing different channel conditions and ii) the use of a scalable coding with C layers. 
 
The SVC Master Application Controller proceeds with the selection of the coding parameters every time interval t by: 
- choosing the number C of resolution layers to use, and determining for each scalability layer a target couple of 

bitrate and quality 
- for every layer (i.e., for c=1..C), making the best compromise in terms of bitrate repartition between compression 

and protection with respect to the established distortion  
- checking if coding criterions (quality, layers difference …) have been respected and eventually going back to the 

first step. 
 

2.1.2 The decision process 
 
The criterion used to select the compression and protection settings is based on the estimation of the received video 
quality and exploits the SSIM+  vectorial metric presented in D2.1b [3]. This metric allows to provide an estimation of 
the distortion perceived by the users on a single scale also for streams of variable resolution as the ones generated by the 
H264/SVC coding. In particular, we propose to use the SSIM+ metric at the Master Application Controller for the 
calculation of the distortion of every frame and to derive the global distortion in a group of SVC images (GOP) by 
estimating the impact of the channel error rate Pe by following the formalism proposed in [2], what gives the formula: 

1 1
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where N is number of images in the GOP, C is number of SVC layers in the stream (C=1 for AVC), D0 is the distortion 
of the GOP due to the compression operation, Dloss is the average distortion for the GOP due to the loss of the i th frame 
(where images of the kth layer from 1 to i-1 are supposed to be correct), ni,k is the length of the i th frame of the kth layer 
and ßi,k is a corrective empirical factor, set in our tests to 0.85 for intra frames and to 0.75 for predicted frames as 
proposed in [2]. 

Having identified a method to estimate the distortion, we have now to determine the most suited values of bit rate and 
compression  for a scalable stream with C layers. We assume that Cmax is the maximum number of layers given by the 
system efficiency (e.g. Cmax = 3 seems the best suited value for the H.264/SVC coder we used). Moreover, we set to 
Dmin the minimal acceptable quality for the considered system. As an example, considering the quality metric SSIM+ 
the minimum threshold could be set to 0.7. 

Finally, we call Dmax the array with the maximum quality levels wished for every spatio-temporal resolution (e.g. 
Dmax[QCIF, 15Hz] and Dmax [QCIF, 15Hz] could be set to 0.9 and 0.95 respectively using the SSIM+ metric). 

We assume also to have K (bitrate, quality) couples { } ),0(    , KiPd
iei Î  to represent the quality of the transmission. 

These couples could represent the different possible qualities foreseen for the same link or the qualities of several links, 
or a combination of these two configurations. 

For every configuration of the coding process (number of layers, target resolutions for each layer), a group of abacuses 
[1] is established by varying the steps of quantization of several reference sequences, representative of the considered 
scenario or part of classic references of the video coding world. Two types of abacuses are generated. The first group 
gives the quality expressed according to the step of quantization of the current layer. Few examples are given in Figure 
2, where a generic video quality metric and different generic video sequences are considered, and in Figure 3 where the 
SSIM+ metric is derived for the MixSequence [3] and the Akyio sequences on the left hand-side and on the right hand-
side of the figure respectively. The second type of abacus provides the bit rate as a function of the same quantization 
parameters. 
We shall note that abacuses are valid only for the coding which allowed to generate them: in case of use of more than 
encoder, the abacuses of each of these encoders must be generated (offline, and once for all of them). If a set of 
abacuses created by another encoder is used, a degradation of the performances may be expected.  

The values of Dmin and the vector Dmax will be easily deducted from these abacuses. 

The flow chart depicting the different actions constituting the operating mode of the Master Application Controller for 
scalable streams is described in Figure 4.  
 

 

 

Figure 2: Generic SVC abacus 
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(a)             (b) 

 

Figure 3: SVC abacus using the SSIM+ metric for (a) MixSequence and (b) Akyio 

 
 
 

 

Figure 4 –SVC Master Application Controller flow chart. 
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As it can be seen in that figure, the first phase is the initialization one. In that phase, we choose the mode of prediction 
(Full, Partial&Trial or Blind) for every stage of the mono-resolution prediction, as defined in  [6]. By default, we could 
use for example the Partial&Trial mode. Then, the representative parameters of the considered codec (e.g., Cmax, Dmin, 
…) are set. Finally, the compression parameters are set to the default values representative of the considered 
context/scenario. By default we could use for example three layers of resolution, with a bit rate of 200 kbps, 1 Mbps 
and 2Mbps respectively. 
 
In the classification phase, the K couples are ordered by increasing quality, estimated on the video sequence with the 
initial parameters or with the parameters used in the last seconds of transmission, according to the quality criterion 
defined before. 
 
Moreover, we group together in homogeneous groups the couples with a quality difference lower than a threshold (e.g. 
5 %) thus obtaining  g groups. 
If g is equal to 1, we are in the classic case where a not scalable solution is well suited. We can nevertheless choose to 
use  two (C=2) or three (C=3) classes (e.g.,  to fight against a sudden degradation of the link) or for coherence with the 
rest of the transmission, since the use of a scalable coding supposes the interest in the transmission of a scalable stream 
at least in some interval of times. 

If max2 C££ g , we take C=g classes for our scalable coding. For every class, the reference user corresponds for 

example to the lower of the corresponding group. 
If g> Cmax, we set C=Cmax. The low resolution will be taken for example by the first group a allowing to reach Dmin 
(generally the lowest group except in case of very bad links). The high resolution (class Cmax) will be selected for 
example by the group g obtaining the best score of distortion, and the other classes of resolution will be regularly 
distributed between the classes a+1 and g-1. For every class, the reference user corresponds for example to the lowest 
of the corresponding group. 
 
According to the specific needs of the system, we can privilege certain users or groups of users and thus adopt a less 
homogeneous distribution. 
 
Optionally, we could test after this phase if the constraints on the video quality are met (e.g., verify that the choice of 
the abacus resolutions does not bring to exceed one of the Dmax values) in order to change scalability configuration if 
necessary. In that case, we shall store the best parameters (choice of scalability, identification of C targets and 
classification of the users) for final comparison and decision. 
 
The second phase corresponds to an iterative allocation. 
We perform first the allocation for the layer of lower resolution (i.e., the base layer or BL in the following): this is done 
like in the mono-resolution mode by taking as references the abacus of the base layer and as operating point the 
reference of the layer c=1 by means of the Partial&Trial algorithm described in [1]. 
For all the layers with higher resolution (i.e., layers c=2..C, where c=2 corresponds to the enhancement layer EL1, c=3 
to EL2,…) we realize the allocation by using as a reference the abacuses corresponding to that layer and filtered to keep 
only the points verifying the conditions selected for the lower layers. 
 
In the third phase, i.e., the check phase, we validate the choices made by the iterative allocation and we prepare the final 
coding phase. In particular, we evaluate the obtained video quality by using the SSIM+ metric and we evaluate if the 
quality criteria have been met (e.g., the quality of the basic layer has to be higher than the Dmin threshold, the distance 
between two resolution layers has to be enough for justifying the use of an additional enhancement layer, the Dmax 
values have to be respected by the choices of compression). In case one of the criteria is not verified, we go back to the 
first phase to select another configuration and thus another abacus. 
 
The last important step is the compression. The operation of compression and of compression addition is realized with 
the parameters determined in the second phase and validated in the third phase. If needed, i.e., if the constraints of data 
rate are not met, the data rate can be further adapted to respect them (+/- an accepted margin): the data rate can be 
adapted during the compression phase, either by inserting a control of the QP during the coding (inside the GOP for 
example), or by cutting some frames. 
 
NB: we shall note that this algorithm can be applied both if the scalable coding starts to code the high or the low 
resolution. We shall note that in case the coding realizes the compression by starting from the high layer, the operations 
described in the second phase can be made only by launching the different compression process created by the 
algorithm « Partial and Trial » mode not on the source sequence, but on a version filtered first at the low resolution then  
at the intermediate resolution (temporal and\or space filtering). We consider than the results obtained in terms of 
prediction for the low layers remain valid for the following stages. 
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2.1.3 Performance evaluation 
 
In order to evaluate the performance of the SVC Master Application Controller let us consider three users whose links 
are respectively characterized by the conditions of rate and error (d1, Pe1), (d2, Pe2), (d3, Pe3). We assume that d1, d2 
and d3 are quite different and allow to reach a minimal acceptable distortion. We also define three scalability layers, as 
presented in Figure 5, corresponding to three quality layers: Bronze, Silver and Gold. The Bronze level is the BL, 
corresponding to a QCIF@15Hz, the Silver layer is the first enhancement layer EL1 corresponding to a CIF@15Hz, 
while the Gold layer is the EL2 (CIF@30Hz). 
 
The « Bronze » level is obtained considering the best compression for the BL layer assuming the constraints (d1, Pe1). 
The « Silver » level is obtained by considering the possible coding parameters of EL1 meeting BL choices under the 
constraints (d2, Pe2).  
The « Gold » level is similarly obtained with the EL2 layer and considering the constraints (d3, Pe3). 
 

  

 

Figure 5: Example of implementation with C=3 layers and three quality levels: "bronze", "silver” and " gold”. 

 
The different possibilities of prediction for the Bronze, Silver and Gold levels are reported in Figure 6, Figure 7 and 
Figure 8. 
 

 

Figure 6 – Possibilities of prediction at bronze level  
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Figure 7 -Possibilities of prediction at silver level  

 
 
 

 
 

Figure 8 –Possibilities of prediction at golden level  
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Figure 9: Target and achieved bit rate 

 
In Figure 9 we report the achieved bit rate and we compare it to the target bit rate, for a video composed by the Akiyo 
and the Mobile Calendar sequences. Targets for the three layers are 256kb/s, 1024kb/s and 2048 kb/s respectively. We 
can observe that the target bit rate is usually achieved even if some oscillations remain. This problem will be solved in 
the last phase of the Task 3.3 work. 

2.2 Adaptation module for H.264/SVC 
 
The scalability of H.264/SVC allows simple and flexible adaptation of a bitstream. However, an efficient solution for 
adaptation to changing streaming conditions especially in a wireless environment is an evolving research issue. Several 
tools are available for adaptation purposes including MPEG-21 Digital Item Adaptation (DIA), general bitstream syntax 
description (gBSD), priority-based dropping (priority_id in SVC standard) etc [8].  
 
The adaptation process of scalable video is commonly divided to several sub-processes as illustrated in Figure 10. Two 
most important sub-processes are the adaptation decision process which defines the adaptation parameters according the 
adaptation decision taking algorithm and the actual adaptation process of the bitstream. Adaptation decision taking 
algorithm utilises feedback information available from different system layers together with possible constraints of the 
system or content and makes an adaptation decision which defines the target parameters for the actual adaptation. The 
actual adaptation process will perform the bitstream extraction procedure where the portions of the bitstream which do 
not fulfil the adaptation parameters set by the adaptation decision process will be removed from the bitstream. In the 
OPTIMIX architecture, the Master Application Controller will perform the adaptation decision taking process, while the 
bitstream adaptation can be performed both at the Server (in case of use of pre-coded sequences) or at the Base Station.  
 
 

 
 

Figure 10 – The adaptation process of scalable video 
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Adaptation decision taking process 
The adaptation decision taking process will perform the optimization of a given adaptation problem. The goal of this 
process is to find a set of parameters for the adaptation process which do not violate the constraints of the system and 
content and which achieve a set of objectives given to the adaptation process. By separating the actual bitstream 
adaptation and adaptation decision taking processes enables a generic architecture for adaptation where metadata-driven 
(cross-layer feedback, system and content constraints) control logic can be performed without the actual knowledge of 
bitstream syntax.  
 
 
Bitstream adaptation process 
The bitstream adaptation process will perform the actual adaptation of the bitstream by extracting or dropping the 
portions of the bitstream which do not fulfil the adaptation parameters selected by the adaptation decision taking 
process. Several different operators for bitstream adaptation exist and the most common are listed in the following [8]: 
 

· Spatial layer truncation 
· Temporal layer truncation 
· Quality layer truncation 
· Priority-based truncation 
· Region-of-interest-based truncation 
· Discardable data truncation 

 

2.2.1 Adaptation Decision Taking process 
The adaptation decision taking process needs objectives of the adaptation problem together with some information 
about the state of the transmission environment. All of this information can be utilised by the adaptation decision taking 
algorithm which makes the adaptation decision based on the available information. Typically, the adaptation process 
has a target (e.g. maximum bitrate, maximum video quality etc.) and the adaptation decision taking process should find 
the optimal solution to this problem. 
 

2.2.1.1 Content and environment constraint descriptions 
In order to make an adaptation decision, the adaptation system needs information about the usage environment, 
constraints of the environment and usage environment, information about the bitstream including its constraints and 
rate-distortion levels, and of course some objectives for the adaptation process. Several different techniques to represent 
quality-of-service information for the adaptation process are presented in literature and probably the two most important 
of these are the standardized tools, MPEG-21 DIA and AQoS and SVC SSEI and priority_id.  
 
MPEG-21 DIA and AQoS 
MPEG-21 DIA provides a set of normative description tools (both syntax and semantics) to describe different 
adaptation behaviours and relationships between the possible adaptation features and the quality values of these 
resources. Basically AQoS can be used to describe the R-D data of the content properties and adaptation features. 
Together with AQoS, MPEG-21 DIA defines the objectives and constraints of the adaptation using universal constraint 
description (UCD). With these tools, the adaptation problem can be fully described and the content adaptation process 
can be done in codec-agnostic way.  
 
As MPEG-21 relies on XML metadata format, it requires generation and management of XML files which can be 
computationally heavy, especially if XML files are used to describe the whole bitstream (BSD tool) [11]. This point 
does not favour the usage of the full MPEG-21 standard and especially the usage of gBSD tool for cross-layer 
adaptation purposes. However, the concept of MPEG-21 DIA where adaptation decision taking process and the actual 
adaptation process are separated and tools for describing the adaptation problem, constraints and usage environment is a 
good candidate for the OPTIMIX architecture. 
 
SVC priority_id and SSEI 
The scalable extension of H.264/AVC standard, also known as H.264/SVC, introduces some tools which can be used to 
describe the characteristics of SVC bitstream and also the dependency of bitstream portions from each other. These 
tools can be utilised especially during the actual bitstream adaptation process but also during the adaptation decision 
taking process. Two most relevant tools for adaptation purposes are the layer and priority information included inside 
SVC NAL header and Scalable Supplemental Enhancement Information (SSEI) NAL units.  
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The basic idea of introducing priority information into the bitstream to describe the priority of each portion of the 
bitstream is realized in SVC by introducing new elements into SVC NALU header. These priority and dependency 
parameters are called dependency_id, temporal_id, quality_id, and priority_id and these parameters indicate the spatial, 
temporal, quality and priority layer where each SVC NALU belongs to. NALU header with SVC-specific extensions is 
presented in Figure 11. As described, dependency_id, temporal_id and quality_id indicate the layer where each NALU 
belongs to but priority_id used to indicate the relative quality of each NALU. Priority_id can be used to set an 
adaptation path into the bitstream and by discarding NALUs according the priority_id predefined adaptation behaviour 
can be achieved. The important point when using priority_id based adaptation is how to assign priority values to 
NALUs using knowledge of QoS information or adaptation behaviour [8]. Since the priority_id is specified in the 
header of NALU, simple adaptation can be done in both application and transport layers by checking the priority_id 
value. The major drawback of priority_id is that it provides only one adaptation path which may not be optimal for 
different use cases. 
 

 

Figure 11 – NALU header with SVC-specific extensions 

 
Scalable SEI (SSEI) NALU described by SVC standard can be used to define bit rates and other characteristics of SVC 
stream and sub-streams. These SSEI NALUs can include information about the contained layers and also basic 
information for each layer such as priority_id, dependency_id, temporal_id and quality_id but also more detailed 
information such as average and maximum bitrate, frame rate and resolution of each layer. This information can be send 
by in-band as well as out-of-band transport mechanisms and this information can be used by the adaptation algorithm to 
make an adaptation decision. Since SVC standard already provides quite good tools for high-level syntax (SSEI and 
priority_id) it makes sense to use these instead of XML-based MPEG-21 DIA gBSD tool which could much more 
complex than the tools provided by SVC standard. 
 

2.2.1.2 Rate and congestion control 
Based on the content and environment constraint descriptions together with cross-layer feedback information it is 
possible to perform an adaptation decision which solves the adaptation optimisation problem defined. In the literature, 
different algorithms for solving the multi-criteria optimisation problems of scalable video streams are presented [10], 
[12], [8], [13]. 
 
Since the main target of dynamic adaptation of SVC in OPTIMIX architecture is to control the data rate in dynamically 
changing wireless network environment (e.g. varying SNR in wireless channel or congestion), the main objective of the 
adaptation decision taking algorithm for SVC is to control the data rate of the source. 
 
In [10] MPEG-21-based cross-layer streaming approach for 802.11 networks is presented. The article focuses on rate 
adaptation in 802.11 networks where throughput of the wireless link changes due to decreased signal strength. The main 
observations of this article are that the physical rate of wireless AP decreases very fast when signal strength decreases 
which indicates that cross-layer feedback information should be send very frequently in order to handle these situations 
at the server side. The other main observation of the article was that most of the packets did not get lost in the wireless 
link but were dropped at wireless AP due to congestion (queue was full due to retransmission requests and decreased 
physical rate). The observations indicate that in addition to packet loss rate, delay (or jitter) is a good indicator for 
congestion. This indicates that reducing the data rate at the application layer to reduce the data rate and congestion in 
wireless AP could improve QoS of the system. The authors propose to use TCP-friendly rate control (TFRC) to cope 
with the congestion in the wireless link. TFRC is quite popular [14] congestion control protocol for non-TCP traffic and 
it is proposed to be used especially with telephony or streaming media. TFRC uses a model of TCP’s throughput to 
control the data rate and the model can be expressed using the following equation of a simplified TCP Reno 
Throughput:  
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where T is the proposed throughput, s is the packet size, R is round-trip time, p is the loss rate and tRTO is TCP 
retransmission time. 
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The drawback of TFRC is the fact that it responds slower than TCP to changes in available bandwidth.  Thus TFRC 
should only be used when the application has a requirement for smooth throughput, in particular, avoiding TCP's 
halving of the sending rate in response to a single packet drop. This together with a common feature of TCP-friendly 
rate control algorithms which keeps the data rate usually lower than TCP connection using the same route through the 
network, does not favour this method for transmission scenarios with fast changes. TFRC does not halve the 
transmission rate after a single packet loss, but is also slow to increase the rate in the absence of congestion. The main 
goal of TFRC is to provide a smooth transmission rate, but not to aggressively make use of available bandwidth. When 
combining this large-scale application layer rate control with faster lower layer rate control to cope with fast changes 
could be a better solution as proposed in IST-PHOENIX project [16] and by authors of [15] and this two-level approach 
would be interesting also for OPTIMIX architecture.  
 

2.2.2 Bitstream Adaptation process 
 
SVC standard separates the coding process into two separate layers, video coding layer (VCL) network abstraction layer 
(NAL). The actual compression of a frame is done in VCL and the division of the bitstream into packets appropriate for 
network transmission is done in NAL. NAL units (NALU) defined by SVC standard contain four parameters which 
define the dependency information of each SVC NAL as described in section 2.2.1.1. These parameters are the key tool 
for SVC bitstream adaptation since any part of a SVC bitstream can be simply extracted by removing NALUs with 
indicated parameters. SVC bitstream adaptation in OPTIMIX will also rely on these parameters when adapting the 
bitstream according the adaptation decision made by the adaptation decision taking algorithm.  
 
In [9], different techniques for the adaptation of scalable video are compared, mainly MPEG-21 gBSD-based and SVC-
specific (utilising NALU parameters introduced earlier) adaptation. The MPEG-21 gBSD-based technique is more 
general adaptation technique which relies on separate metadata describing the multimedia stream in codec agnostic way 
using XML document. The authors of this article compared flexibility, capability, adaptability, extensibility and 
interoperability of these adaptation techniques and list the strengths and weaknesses of both techniques and their results 
are presented in Table 1 [9]. Although gBSD-based adaptation has conceptual advantages like codec independence and 
flexibility, the results indicate that a simple SVC-specific adaptation outperform the gBSD-based adaptation in a sense 
of complexity. In [8], similar comparison between SVC-specific adaptation (priority_id) and MPEG-21-based (AQoS) 
is made. The results of the comparison are similar with [9] indicating that MPEG-21-based adaptation offers higher 
flexibility with additional complexity when compared to simple SVC-based adaptation. The drawback of MPEG-21-
based adaptation is also the utilisation only at the application layer when SVC-specific adaptation can be utilised also 
on the transport layer. Together with other strengths, this makes SVC-specific adaptation more interesting technique for 
OPTIMIX architecture.  
 
  

 SVC-specific adaptation MPEG-21-based adaptation 
Strengths - Simple and fast adaptation process with low 

delay 
- Content can handled in a common way due 
to notion of NAL units 
- Possibility to use SEI messages for more 
advanced adaptation process 
- Utilisation on both application and transport 
layers possible 

- Codec-agnostic 
- Semantic annotation/adaptation 
- Signalling of when and how adaptation 
should be done is possible, such that QoE is 
maximized 
 

Weaknesses - Is not codec-agnostic and works only with 
H.264/SVC 

- Separate metadata is needed 
- Processing of XML 
- Synchronization of media and metadata is 
needed 
- Only application layer utilisation is possible 

 

Table 1 – A comparison of different adaptation techniques ([9], [8]) 

 

2.2.3 SVC adaptation module in the integrated simulation chain 
 
The SVC adaptation module used in OMNeT ++ integrated simulation chain works along with SVC parser introduced 
in D2.1b. The adaptation will be done according to three different parameters: resolution, frame rate and bit rate. 
Considering that SVC allows dropping certain packets without the need of error concealment, the SVC stream is easier 
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to adapt in the network, such as in situations when the available channel bandwidth goes down. Figure 12 shows the 
design of SVC bitstream adapter in the OMNeT++ simulation chain [17].  
 

 

Figure 12- SVC bitstream adapter (OMNeT++ module implementation). 

 
The typical SVC stream has several layers when also temporal scalability is considered. This can be seen from Table 2, 
which has in this case two dependency layers (spatial enhancement layers), but in total seven scalable layers. For 
example, dropping out layer #6 will diminish the frame rate from 30Hz to 15Hz as well as decrease the bit rate ~50 kB. 
It is essential to know the layer id for each NAL packet in order to perform the adaptation. 
 

Table 2 – Example parameters from SVC stream. 

Layers Resolution Frame rate Bit rate DTQ 
0 176x144 3,7500 46,70 (0,0,0) 
1 176x144 7,5000 61,40 (0,1,0) 
2 176x144 15,0000 76,40 (0,2,0) 
3 352x288 3,7500 172,40 (1,0,0) 
4 352x288 7,5000 220,70 (1,1,0) 
5 352x288 15,0000 272,70 (1,2,0) 
6 352x288 30,0000 320,70 (1,3,0) 

 
The initialisation phase of the SVC parser introduced in D2.1b includes bitstream extraction, which analyzes SVC 
stream to be transmitted and collects each layer with their resolution, frame rate and bit rate. The implemented parser 
identifies the 3-digit DTQ field (see Table 2) by extracting the particular bytes from the NAL unit header (Figure 11). In 
this figure, ‘DID’ refers to dependency id (3 bits), ‘QID’ to quality id (4 bits) and ‘TID’ to temporal id (3 bits). These 
three together forms the individual DTQ code for each scalable layer. The standard [18] defines that the maximum 
number of spatial layers is 8, maximum number of quality layers (levels) is 16 and maximum number of temporal levels 
is 8. By comparing the code that is formatted from the dependency, quality and temporal IDs, the layer ID as well as 
layer frame and bit rates can be easily obtain to each NAL packet.  
 
The actual SVC adapter compares the target resolution, frame rate or bit rate (gained from the adaptation decision 
taking process located in Master Application Controller) with each packet. The controller parameters are updated in 
certain intervals such as in GOP borders, but the adaptation is made along while reading the SVC stream. In the 
example case (Table 2) the adaptation rules target_frame_rate = 30, target_bit_rate = 200 would result in dropping out 
the layers 4, 5 and 6 since their bit rates exceed the target bit rate value. After a packet belonging to layer 4, 5 or 6, the 
adapter proceeds to the next packet, extracts it, checks the rules again and puts it forward if controller parameters are 
fulfilled. 
 

2.2.4 Preliminary results from the simulation chain 
 
The SVC adaptation functionality was tested with simple simulations in the OMNeT++ chain, tested by changing the 
target bit rate at each one second period. The target bit rate was at highest 512 kbits/s and at lowest 100 kbits/s. The 
original SVC video to be transmitted contained two spatial layers with 15Hz QCIF base layer and 30Hz CIF 
enhancement layer. The future simulations for SVC adapter will contain streams, where all the scalabilities are 
represented. 
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Figure 13 shows how the SVC adapter tries to find the closest layer, which has the target bit rate. ‘Actual bit rates’ refer 
to the adapted bit rates, which have been determined by the adaptation logic. The preliminary simulations prove that the 
SVC adapter is capable to decrease and increase the video bit rate in situations when it is not possible to send video data 
with maximum data rates.  

 
Table 3 presents the statistics collected during the first 10 seconds of the simulation, the number of discarded packets 
and target vs. actual bit rate diagrams can be also found from Figure 13. The statistics were collected both from 
OMNeT++ data collectors as well as saving useful data to text files during the simulations. The resulting and adapted 
.264 SVC file contained 150 frames. The biggest packet drop rate in the simulations was between 4-6 seconds, when all 
the spatial enhancement layer packets were discarded.  
 

Table 3 – Statistics collected from the simulations 

Time period(in 
seconds) 

Packets processed 
# 

Received Layers Number of packets 
discarded 

Target bitrate vs. 
actual SVC video 

bitrate (kbit/s) 
0-1 9 Layers# 0-5 2 384 – 372 
1-2 17 Layers# 0-4 9 300 – 275.2  
2-3 34 Layers# 0-3 21 256 – 193.7 
3-4 36 Layers# 0-3 21 200 – 193.7 
4-5 58 Layers# 0-2 39 128 – 88.7 
5-6 71 Layers# 0-2 48 100 – 88.7 
6-7 9 Layers# 0-6 0 512 – 471.8 
7-8 13 Layers# 0-5 5 384 – 372 
8-9 11 Layers# 0-6 0 512 – 471..8 
9-10 23 Layers# 0-3 14 256 – 193.7 

 
 
Figure 13 shows how the SVC adapter tries to find the closest layer, which has the target bit rate. ‘Actual bit rates’ refer 
to the adapted bit rates, which have been determined by the adaptation logic. The preliminary simulations prove that the 
SVC adapter is capable to decrease and increase the video bit rate in situations when it is not possible to send video data 
with maximum data rates.  

 

 

Figure 13 – Preliminary simulations from SVC adapter. 

 
The corresponding diagrams for adapted and non-adapted SVC for MAC data rates in the terminal can be seen in Figure 
14. Similarly as in previous figure, the x-axis presents time in seconds and y-axis bitrate in kbits/s. The MAC bit rate 
diagrams were picked up directly from omnetpp.vec file, which was generated during the simulation. We can observe 
that the data rate is reduced when the adaptation is performed. 
 
 



OPTIMIX FP7-ICT    �    Grant agreement n°214625 project Deliverable D2.3b version 1.1 

FP7 ICT Call 1 Key line 1.5 “Networked Media” Page 20/60 

 

Figure 14 – Simulation statistics from MAC data bitrates. 

 
 
 

2.3 Application controller for H.264 AVC video 

2.3.1 Rate control based on Reinforcement Learning  for Medical QoS Provision in Ultrasound 
Streaming over 3.5G Wireless Systems 

 
Mobile healthcare (m-health) is a new paradigm that brings together the evolution of emerging wireless 
communications and network technologies with the concept of 'connected healthcare' anytime and anywhere [28] [29]. 
However, there are two critical issues affecting the successful deployment of m-health applications from the wireless 
communications perspective. First, wireless connectivity issues and mobility requirements of real-time bandwidth 
demanding m-health applications. The recent advances in 3.5G and 4G systems are addressing some of these challenges 
that require advanced and efficient telemedical multimedia content delivery. Second, the QoS issues from the healthcare 
perspective and their required levels to guarantee robust and clinically acceptable healthcare services. Hence, the need 
to introduce a new sub-category of the traditional QoS that is customized for such medical applications and critical 
wireless telemedical scenarios. In this section we focus on the concept of m-QoS that can be defined as the augmented 
requirements of critical mobile healthcare applications with respect to traditional wireless Quality of Service 
requirements. Providing end-to-end QoS in real time medical video delivery in wireless networks is becoming an 
increasingly important requirement in mobile communications and wireless multimedia systems [30] [31][32]. Medical 
QoS issues are also addressed from a different perspective in [33] in this special issue. 
In particular, supporting robust video communications over wireless networks is a significant problem, primarily 
because of two factors: low bandwidth and the time varying characteristics of the transmission channel. Therefore, 
adaptation schemes have to be applied in order to overcome these challenges. 
The recent deployment and introduction of 3.5G systems (High Speed Downlink Packet Access (HSDPA)) [41] [34] 
represents an enhancement of W-CDMA networks with higher data transfer speeds, improved spectral efficiency and 
greater system capacity with a theoretical downlink data-rate peak of 14.4 Mbps (typically around 1.4 Mbps) and with 
uplink data-rate of 384 kbps. Although the downlink data rate in 3.5G networks provides improved connectivity 
conditions for robust m-health applications and scenarios, the uplink data rate still constitutes a major challenge for 
different wireless multimedia telemedical systems. 
The main contribution of this section is the proposition of a novel adaptive rate control algorithm for medical video 
streaming in bandwidth demanding m-health applications. Such rate-control algorithm - Q-USR - based on the concept 
of reinforcement learning leads to fulfilment of the m-QoS definition. 
To validate the concepts introduced in this section, we adopt an advanced wireless robotic tele-ultrasonography system 
[29] as an example of a bandwidth demanding m-health system with different m-QoS requirements. The advanced 
medical robotic system (mObile Tele-Echography using an ultra-Light rObot - OTELO) is a fully integrated end-to-end 
mobile tele-echography system for population groups that are not served locally, either temporarily or permanently, by 
medical ultrasound experts [27]. It comprises a fully portable tele-operated robot allowing a specialist sonographer to 
perform a real-time robotised tele-echography to remote patients. Figure 15shows the main operational blocks of the 
system over a 3.5G communication network. Further details of this system and related work are described in [26] and 
[27]. 
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Figure 15: The OTELO mobile robotic system over a 3.5G (HSDPA) communication network. 

 

2.3.2 Medical Qualiy of Service 
  

The main quality of service metrics in video streaming environments are summarized in the following:   
 

    • Utilization;  
    • Packet Loss;  
    • End-to-End delay;  
    • Delay jitter.  

 
These QoS metrics need to be guaranteed by the delivering network in order to provide satisfactory wireless multimedia 
services [44]. We assume that for medical QoS in the considered bandwidth demanding m-health application, extra 
bounds and functional metrics need to be added to the traditional QoS metrics outlined above. Table 4shows an example 
of m-QoS metrics for teleultrasound streaming in the OTELO system. The functional bounds reported are specified by 
previous clinical evaluation studies of such a system [27], where abdominal ultrasound scan was considered. Bounds on 
the video quality are reported in terms of the classical PSNR metric and in terms of the structural similarity (SSIM) 
index, a quality assessment method focusing on the structural similarity between the original and the distorted image 
[56]. 
  

Table 4: Medical QoS (m-QoS) for a mobile robotic tele-ultrasonography System (OTELO). 

  m-QoS metrics   Functional Bounds  
  Image quality (PSNR)   dB36>  (QCIF - 176144´ ) 
  dB35>  (CIF - 352288́ ) 
 Image quality (SSIM [56])   0.9>   
 Frame Rate   fps5>  (QCIF - 176144´ ) 

  fps7>  ( 352288́-CIF ) 

 End-to-End Delay   ms350<   
  
  

The relationship between the m-QoS metrics reported in Table 4 and the generic wireless QoS metrics is reported 
below. 
 

1- Utilization : The main two data types that can be transmitted simultaneously by the OTELO Patient station 
(Figure 15) are the ultrasound streaming data and the robotic control data. However, due to the low generated 
data rate by the robotic control data (5-6 kbps), we consider in this study the ultrasound streaming (US) data 
only. To achieve an optimum utilization within the available bandwidth, data need to be within the available 
bandwidth with good link utilization. This is implied in the image quality index and the frame rate metrics 
shown in Table 4. In the Q-USR algorithm, we assume the link utilization factor as the constraint of the extent 
we can increase or reduce the image quality and the relevant frame rate to utilise the available bandwidth 
optimally. 

 
2- Packet loss: Transmission impairments, such as packet loss, will impact differently on the medical expert's 

perception depending on where the loss occurs within the video clip. Measuring the average packet loss cannot 
predict the impact on an expert viewer's perception since the same packet loss rate can produce a wide range of 
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different qualities [40]. Therefore, the effect of packet loss is implied in the image quality index metrics 
(PSNR and SSIM) shown in Table 4 . 

 
 
3- End-to-End delay: this is an important issue that is explicitly identified in Table 4. Streaming video requires 

bounded end-to-end delay so that packets arrive at the receiver in a timely fashion, in order to be decoded and 
displayed correctly. If a video packet does not arrive on time, the play out process will pause, which is 
annoying to human eyes. For this robotic m-health application the end-to-end delay is the round trip response 
to the hand movement of the expert that controls the robot and, in the mean time, is receiving continuous 
ultrasound stream in real time. The end-to-end delay for the OTELO system should be lower than 350 msec. 

 
4- Delay jitter : This is represented by the arriving frame rate metrics inTable 4. The recommended delay jitter 

for normal video streaming applications is within 2 sec. This is also acceptable for the current medical 
platform. The delay jitter effect has been mitigated by the decoder buffer as it will be shown in the following. 
 

2.3.3 Rate Control for wireless (US) video streaming 
  

Rate control is an important issue in video streaming. Rate control attempts to optimally match the rate of the video 
application to the available network bandwidth. Two important factors are considered here: maximizing the utilization 
of the bottleneck and minimizing the congestion of a network. A class of rate control approaches is model based or TCP 
friendly (TFRC) approach based [49]. In TFRC the TCP friendly rate is determined as a function of packet loss rate, 
round-trip time (RTT), and packet size, to mimic the long-term steady performance of TCP algorithm [36]. For the 
estimation of the RTT, in general there is a large variation in end-to-end delay in wireless Internet [59]. Sending only a 
single acknowledgment to measure the RTT during a predefined period of time may be inaccurate and variable. 
Furthermore, in wireless networks the end-to-end packet loss can be caused by either congestion loss due to buffer 
overflow or the bit errors occurred in the wireless link. Efforts to improve the performance of TFRC in wireless 
environments include [21][22][53][25][35]. Since the TCP-friendly rate calculation depends on the value of packet loss 
reported by the receiver, these approaches either hide end hosts from packet loss caused by wireless channel error, or 
provide end hosts with the ability to distinguish between packet loss caused by congestion and that caused by wireless 
channel errors. Therefore there is a need for some sort of end-to-end packet loss differentiation and estimation. Some 
examples can be found in [25] and [24]. In such rate control approaches (probe and model based rate control) measuring 
the packet loss requires this extra stage of packet loss differentiation. 
The work we present in this section uses the probe-based approach based on probing the wireless network to measure 
the available bandwidth instead of measuring the packet loss. 
We propose a novel technique to estimate the available bandwidth based on the linear prediction approach (LPC) [48]. 
Linear Prediction is a mathematical operation in which future values of a discrete-time signal are estimated as linear 
functions of current and previous samples. The current available bandwidth is estimated from previous bandwidth 
readings. 
In particular, the focus of this work is on rate control at the application layer for quality maximisation. From previous 
research, rate control algorithms for media transmission optimisation are mainly based on either Lagrangian 
optimization or dynamic programming (DP) [43][38]. Although the Lagrangian multiplier based optimal rate control 
methods are less complex than rate control methods based on DP [43], the Lagrangian multiplier methods may suffer 
from two main problems, such as having negative bits and real numbers [37]. In the rate control algorithm proposed in 
[43], the optimization methods used to solve the rate control problem are based on dynamic programming and 
Lagrangian multipliers. This work assumes a two-state channel model and it shows the effect of feedback delay and of 
the mismatch between the underlying channel behaviour and the assumed channel model at the encoder. The approach 
proposed in [38] uses the dynamic programming method. It is based on the rate-distortion optimized application-level 
retransmission scheme presented in [39]. The downlink scenario is considered, where the available bandwidth is not a 
major issue as compared to the more problematic wireless uplink bandwidth scenario that is addressed in our work. The 
work in [46], [30] and [32] is based on a network-aware joint source channel coding and decoding (JSCC/D) approach, 
based on two controller units at the physical and the application layers. The two controllers work together to provide 
control for both the source encoder and the physical layer parameters to satisfy user requirements. A cross-layer rate 
control strategy is adopted. 
In this section we focus on the application layer: we assume that the physical layer is addressed by the wireless standard 
(HSDPA) and we cannot modify physical layer parameters. 
We propose a new application layer rate control algorithm that adjusts the sending rate of the source encoder according 
to partial knowledge about the mobile link throughput and leave the error control issues to the lower layers. 
New directions in the design of wireless systems do not necessarily attempt to minimize the error rates in the system, 
but to maximize the end-to-end quality. The non-stationary behaviour of the channel is exploited such that in case of 
good channel states significantly higher data rate is supported compared to bad channel conditions. In addition, reliable 
link layer protocols with persistent Automatic Repeat reQuest (ARQ) are typically used to guarantee error-free delivery. 
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For example, in HSDPA systems ARQ, adaptive modulation schemes, and multi-user scheduling considering the 
channel states are combined to significantly enhance the throughput [52]. It should be noted that different network 
technologies might implement rate control in different levels, such as hop-to-hop level or network level. Nevertheless, 
for IP-based networks involving multiple networking technologies, it is common to rely on rate control performed by 
the end-hosts application layer [44]. 
The approach presented here, targeting at dynamic, multiobjective rate control optimisation in 3.5G wireless medical 
video streaming applications, is based on modelling the rate-control problem as a Markov Decision Process (MDP). 
We propose a scheme using a form of real time reinforcement learning known as 'Q-Learning' [57]. Q-learning has been 
used previously to solve several network control problems [47] [36], but it has never been used, to the authors' 
knowledge, for the purpose of optimising rate-control for wireless video transmission. 
The main advantage of this method is that it allows dynamic adaptation and it does not require a-priori knowledge of 
the state transition probabilities, which are very difficult to estimate due to the large fluctuations in the bandwidth and 
channel conditions of mobile networks. Furthermore, our method does not require an explicit model for the undelying 
wireless channel. 

 

2.3.4 The Q-USR Control Algorithm  
In this section we describe the proposed Q-USR algorithmic approach: in order to match the data rate resulting from 
medical video acquisition with the network available bandwidth, a trade off among the different m-QoS requirements 
described in Section 2.3.2 has to be considered and rate control can be used to control the transmitting rate of the 
ultrasound data in a way that satisfies both the network requirements in terms of available bandwidth and the medical 
QoS requirements. 
In the Q-USR algorithmic approach, the rate control policy of wireless video streaming is regarded as a discrete-time 
Markov Decision Process (MDP) problem. 
A discrete Markov decision process is a stochastic process represented by a finite number of states S . For each state 

SÎs  a finite set of actions A  is possible. By selecting the action AÎka  at the time step k , we incur a cost 

),( kk asc . A policy p  consists of the assignment of an action ka  in correspondence of the state ks  at each time step 

k . 
In our scenario, we assume the adaptive controller is the decision maker, known as agent, that monitors the environment 
state and accordingly assigns actions. When the agent realizes this action, the environment's state changes, the agent 
receives the new environment's state and signals of immediate reward or cost, as a consequence of the previous action. 
Based on this information the agent updates its knowledge base. The process is repeated until the agent reaches an 
optimal policy p  that assigns optimal actions leading the environment to a state that satisfies the control constraints. 

 

 

Figure 16: Schematisation of the (Q-USR) algorithm 

   
The congestion in the network is sensed via the encoder buffer occupancy as shown in Figure 1. We assume the buffer 
occupancy represents the status s  of the system. Actions a  consists of modifying the source encoding parameters in 
terms of quantisation step. 

We define the system state kx  at time step k  as the buffer occupancy state kb . 

We assume the buffer occupancy kb  can assume values in a finite set },...,,{=
)((2)(1) bL

bbbB . In the simulation set-

up in Section 2.3.5, 10 buffer occupancy percentage states in the range of 10% to 100% are considered ( 10=bL ). 
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Based on the system state kx  and on the evaluation of the reward/cost for each possible action, the video streaming rate 

controller will determine an action ka , which is defined as the scaling factor that affects the quantization parameters 

and eventually affects the quality of the compressed image. The values used for the scaling actor (actions ka ) belong to 

a discrete set },...,,{=
)((2)(1) aL

aaaA . In this work 10 values of actions - corresponding to ten values of the video 

encoder quantisation parameters have been chosen (10=aL ). The value of the action will be either an increase in the 

value of QS or a decrease in the value of the QS. The video frame rate (variable in our approach) and the video quality 
are affected by the selection of such an action. 
If the state-action pair ),( ax  has been determined, an immediate cost is defined as: 
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where 80%=1e , dB36=2e  (if we use PSNR as quality index) and fps5=3e  are the bounds set by the authors 

for the buffer occupancy b , the quality index QI  and the frame rate rF  respectively. The 2e  and 3e  values were 

chosen to reflect the m-QoS bounds shown in Table 4. 1w , 2w  and 3w  are positive weights set by the authors; their 

values are 0.1, 0.5 and 10 respectively. Such values have been selected with the goal to give a higher weight to buffer 

occupancy and a lower weight to rF . 

In  (2), the value of ),( axc  assesses the immediate cost incurred due to the assignment of the action a  at state 

x . The basic idea is to assign a lower cost to the actions resulting in a lower buffer occupancy, higher quality (QI ) 

and higher frame rate rF . We have three objective functions, so it is a multiobjective design problem. An approach to 
solve a multiobjective design problem is to formulate the problem as set of algebraic inequalities that must be satisfied 
for a successful design [58]. In this work we use the method of MINMAX [45] in order to combine the three objective 
functions together as shown in  (2) above. The objective of the learner is then to find an optimal policy resulting in 
the action a  for each x , which satisfies a cumulative measure of the cost defined in  (2) over time. An evaluation 
function, denoted by ),( axQ , which is referred as the total expected discounted return from the initial state-action pair 

),( ax  over an infinite time horizon, is given by [57]: 
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where E  is the expectation operator and g , 1<0 g£ , is a discount factor (in this work we assume 0.8=g ). 

The rate control algorithm consists of determining the optimal action, denoted by *a , which minimizes the Q-function 
represented in (3). The minimization of the Q-function represents the fulfilment of the defined m-QoS requirements. 
Based on the Bellman's theory in Dynamic Programming [23], there is at least one optimal policy that satisfies the 

minimization of the Q-function represented in (3), which is ),(* axQ . Hence, from (3) we can write [36]: 
 

 )},({min)(),(=),(* byQaPaxCaxQ
b

xy
y AÎ

�+g  (4) 

 
 where )},({=),( axcaxC E . Equation (4) indicates that the Q function of the current state-action pair can be 

represented in terms of the expected immediate cost of the current state-action pair ),( axC  and the minimum Q-

function of the next state y  and action b  )(aPxy  is the state transition probability from state x  with action a  to the 

next state y , i.e.: 
 

 ).,|(=)( axyProbaPxy  (5) 
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However, it is hard to find the ),( axC  and )(aPxy  to solve (4). Based on the Q-learning approach, we can find the 

optimal rate control without a priori knowledge of ),( axC  and )(aPxy  [57]. To find the optimal ),(* axQ , the Q-

learning algorithm computes the Q value recursively, using the available information ),(,, axcax . The Q-learning 
rule is defined as [36]: 
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where a , 10 ££ a , is the learning rate. In this work we selected 0.5=a . 
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A

g  (7) 

 
Since only one state-action pair is chosen for evaluation in each learning epoch, for the Q-learning rule, only the Q 
value of the chosen action pair is updated, whereas the others are kept unchanged. In (6) the operation of 

)},({min
* byQA  is executed by comparing the Q-values of all the possible action candidates for state y  and then 

choosing the desired action b  with minimal Q-value. 
Figure 1 shows the state model of the Q-USR algorithm. It shows the timing sequence between the Q-learning 
controller and the wireless medical video streaming environment in terms of states, actions and relevant reward/cost. 
 

 

Figure 17: Implementation and architecture of the Q-USR algorithm at the application layer, on the top of a 
3.5G mobile network. 

   
Note that, although the controller action consists in the selection of the source coding quantisation parameters, such 
action also results in determining the video frame rate at the output of the source encoder and the next buffer status. 

The frame rate ( rF ) estimation is performed using the following equation: 
 

 FsCRFr /=  (8) 
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 where CR and Fs are the channel rate and estimated frame size. Given the estimation of the channel rate (performed 
through linear predictive coding based on previous measurements received as feed-back) and the estimation of the 
frame size resulting from the selected quantisation parameters, the frame rate selected by the controller is determined by 
(8). 
The encoder buffer model used here to measure the buffer occupancy b  is based on the following equation [51]: 

 

 1
, )/(

= -+
-

k
rks

k b
B

FCRF
b  (9) 

 

 where ksF ,  and kb  are the size of the frame at the input of the buffer in bits and the buffer occupancy respectively. B  

is the buffer size; CR and rF  are the channel rate and the frame rates respectively. With this implementation of 
encoder buffer model, we ensure that decoder buffer underflow will not occur, since it occurs when all the bits 
corresponding to a given frame are not present in time to be decoded. 
At each learning epoch, an action is selected according to the table of Q-values and the table of Q-values is updated. 

 

2.3.5 Implementation and Results 
 
In order to validate the algorithmic concept introduced above, a simulated OTELO system set-up was developed to 
validate the performance of the proposed Q-USR control algorithm. The relevant algorithmic implementation was 
carried out using LabVIEW and MATLAB. 3.5G/HSDPA network connectivity using the Vodafone/UK system was 
used for the experimental data transmission with a data rate of 1.8 Mbps on the downlink and 384 kbps in the uplink. 
As shown in Figures 1 and 2, the feedback information that the Q-USR controller requires consists of the channel rate 

(CR), the Frame Rate (rF ) and the image Quality Index (QI ). In this case we use the Peak Signal to Noise Ratio 

( PSNR) as the quality evaluation index. The feedback information is received by the network feedback analysis block 
and the CR value is fed to the encoder buffer management in order to calculate the buffer occupancy b  which will be 

used as the state of the environment in Q-USR control algorithm. The rF  and the QI  parameters are used by the Q-
USR block to calculate the cost function  (2), to obtain the resultant optimal actions that will be used by the encoder 
to adapt its rate. 
The encoded image streams pass through the encoder buffer and is then packetized and delivered via the UDP transport 
protocol to the lower IP based layers. The ultrasound scanner data stream used is at a rate of 10 fps and at a resolution 
of (320x240). It has been captured using a video card and fed to the laptop at the patient station. The captured images 
are then re-sampled to the QCIF (176X144) format and then encoded using the H.264/AVC JM12.3 AVC video codec 
test model [54]. Due to the mismatch between the generated rate at the encoder/decoder and the available 
communication bandwidth, we use the encoder/decoder buffer management structure shown in Figure 16. The 
experimental tests were carried out at different real 3.5G network loading conditions, especially at peak working hours 
and the 3.5G testing results reflect these network conditions. 
At the stage of UDP packetization shown in Figure 16, each encoded ultrasound frame is divided into a number of UDP 
packets. Depending on the video codec used, the choice of the packet size in video streaming communication is a 
challenging issue [50]. Choosing small UDP packet size means generating more packets per frame and hence larger 
frame size due to the added headers. On the other hand, choosing large packet size is not feasible in wireless 
communication, as those packets can be dropped if the wireless link suffers bit errors due to noise and fading. When the 
packet size is large, dropping a packet means losing a large amount of information that will affect the decoding process. 
In 3.5G wireless communication, one of the uplink physical channels used to transmit data is the Dedicated Channel 
(DCH). This channel can have bit rates from a few kbps to 384 kbps depending on the maximum link power and the cell 
capacity. However selecting the DCH channel for transmission requires a long setting up time. Therefore other 
transmission channels are used for example Forward Access Channel (FACH) and Random Access Channel (RACH) 
that require less set-up time but can carry lower bit rate. The choice between these channels (DCH, RACH/FACH) 
depends on the packet scheduler buffer threshold in the Medium Access Control (MAC) layer, if the packet size is low 
then RACH/FACH is used, otherwise DCH is used [42]. The recommended packet size to use in DCH is in the range of 
(128-512) Bytes [42]. Experimentally in this work, using the packet size range above, it was found that the best reliable 
connectivity in this application can be achieved by choosing a packet size of 300 Bytes. 
The Q-USR rate control algorithm described above was applied. At each decision time step an action is selected based 
on the table of Q-values obtained according to (5) in the previous step, and the table of Q-values is updated. 
Figure 18 shows the comparative performance of the system using the Q-USR algorithm and using the rate control of 
JM12.3 test model. In this test, the same encoding parameters have been set in both cases in order to have a fair 
comparison. Only quantization parameters and frame rate are modified in our algorithm, by keeping the same total bit-
rate as in the reference case. The GOP structure selected here is of IPPPP... type with 10 frames per group. The figure 
shows that the proposed algorithm achieves improved PSNR with an average gain of 2.5dB. This is at the expense of a 
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variable frame rate: the frame rate is kept constant in JM12.3 rate-control, whereas with our algorithm the frame rate 
varies with time, with the lower constraint given by the mQoS requirements in Table 4. In the example reported in the 
figure, the frame rate is 10fps in the JMmodel, whereas in our case it varies between 8fps and 10fps. Even for the cases 
where the frame rate for both the Q-USR controller and the existing JM12.3 rate control algorithm are the same, the 
achieved PSNR is still better in the case of Q-USR controller. The figure also shows that for the proposed rate controller 
the achieved PSNR and frame rate for bitrate of over 50kbps was within the acceptable m-QoS functional bounds in 
Table 4. 
 

 

Figure 18: Quality of the received ultrasound images (PSNR) at different bit-rates, with and without the Q-USR 
control algorithm. 

   
 

 

Figure 19: 3.5G uplink bandwidth capability measured during the experiments. 

   
Figure 19 indicates that the achieved data rate (for PSNR of 36dB and frame rate of 5 fps) is within the available 
bandwidth of the 3.5G uplink link of approximately of 360 kbps. The experiments to test the 3.5G uplink available 
bandwidth were carried out by uploading files with large sizes and measuring the average throughput achieved at the 
receiver. The proposed algorithm adapts the sending rate according to the available bandwidth. In this work the 
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available bandwidth was measured based on measuring the average throughput for the ultrasound stream over time at 
the receiver using the bottleneck capacity estimation described in [55]. The measurement of this average throughput is 
then sent from the expert station to the patient station. At the patient station the current average throughput is predicted 
via Linear Predictive Coding (LPC) [42]. 
Considerations in terms of delay have been performed, in order to verify the compliance with the defined m-QoS 
parameters. The transmitter buffer size has been selected in our experiments taking into account the delay requirements 
of the described telemedical application. In the results shown above, the buffer size B  is assumed to be twice the 
average frame size. 

The performance analysis of the packet delay at the Expert station shows an average packet delta time usT  (time 

difference between two consecutive packets) of 0.12 s and standard deviation sdT  of 0.063 s. The time delay for the 

expert side to request the ultrasound images rcT  is measured at 0.07 sec, which is based on the transmission of 16 Bytes 

robotic control data. The total end-to-end delay of the system can be estimated as 

ssTTTT rcsdus 0.253=0.07)0.063(0.12== ++++  which is within the acceptable medical requirements for 

robotic diagnostic quality, that are quantified as 0.35 s. The delay variation (jitter) in this experiment was found as 
0.063 sec (which is the standard deviation of the delta time). 
 

 
   [a]   [b]   [c]  

Figure 20: Visual results of a sample ultrasound image of abdomen, acquired by the OTELO system. Frame 
no.4. [a] Original image; [b] After transmission, Q-USR applied; [c] After transmission, Q-USR not applied. 

   

2.3.6 Conclusion 
 
In this section we proposed a new rate control algorithm (Q-USR), based on the Q-learning approach, that satisfies 
medical quality of service requirements in bandwidth demanding ultrasound video streaming. A comparison of the 
proposed Q-USR controller and the "standard" H.264 rate control algorithm is also provided, showing the better 
capability of the proposed scheme to dynamically satisfy the medical QoS requirements. Simulation results show that 
the proposed algorithm keeps both the image quality (PSNR) and the frame rate above the minimum m-QoS 
requirements, also fulfilling delay requirements. An improvement in PSNR is achieved with an average gain of 2.5dB. 
Real-time 3.5G network and simulation tests with H.264 compressed medical ultrasonography video show the 
successful implementation of the proposed algorithm that allows the selection of the suitable rate in order to satisfy the 
proposed m-QoS metrics. In addition, the end to end delay was 253 msec which is within the m-QoS of 350 ms. Visual 
results of the received images show the better diagnostic image quality of the received image under Q-USR controller. 
Further work is ongoing to develop a cross layer based m-QoS control system and to consider next generation wireless 
communications systems like HSUPA and beyond. 

 
 
 
 
  

 
 
 



OPTIMIX FP7-ICT    �    Grant agreement n°214625 project Deliverable D2.3b version 1.1 

FP7 ICT Call 1 Key line 1.5 “Networked Media” Page 29/60 

3 Base Station Controller 
In this chapter we report the solutions developed for the Base Station Controller. In Section 3.1 we present a cross-layer 
multiuser scheduling strategy for the support of heterogeneous traffic in the downlink of a MIMO-OFDMA system, 
with the aim to maximize the sum-rate on the radio channel and ensure Quality of Service (QoS) for different traffic 
classes. In Section 3.2 we describe an alternative solution for multiuser scheduling and resource allocation in point-to-
multipoint (downlink) radio communications scenarios, including an adaptive modulation and coding technique capable 
to guarantee the set of quality constraints specified by the Master Application Controller for the different users and data 
streams. In particular, we consider an OFDMA multiple access scheme and SISO links between the base station and 
each mobile terminal. Finally, in Section 3.3 we describe a technique for frame synchronization exploiting cross-layer 
(PHY-MAC) information exchange. In particular, an optimum metric for frame synchronization in data streams with 
non-uniformly distributed symbols is derived and its performance is investigated through simulation.  

3.1 Cross-layer scheduling strategies for the downlink of a MIMO-OFDMA system with 
heterogeneous traffic  

 
In the development of fourth generation wireless networks, e.g LTE or WiMax, OFDM and MIMO technologies will be 
heavily exploited to support the transmission of multiple users. In fact, Multi-User MIMO (MU-MIMO) spatial 
multiplexing schemes are a promising way to increase system throughput and there is a growing interest on the topic as 
[80],[81] shows. On the other hand, future wireless networks need to provide connectivity to heterogeneous users 
offering different data traffic types, e.g. voice, video, web browsing, etc. This poses several constraints and additional 
challenges which can be faced within the framework of the cross-layer design [79],[83]. In this framework, a special 
attention is devoted  here to  those schemes that are able to support the QoS requirements of video communication. 
 
Our contribution here is to propose and investigate a cross-layer multiuser scheduling strategy for the support of 
heterogeneous traffic in the downlink of a MIMO-OFDMA system. The focus of the research is to maximize the sum-
rate on the radio channel and ensure Quality of Service (QoS) for different traffic classes. The scheduler jointly 
considers different objectives: maximize the sum-rate on the radio channel, ensure a fair allocation of resources among 
users belonging to the same traffic class, consider the dynamics of traffic sources by looking at the delay of data packets 
in the queues, contribute to maximize quality of service figures at the application level. To exploit temporal diversity 
and to reduce complexity, the ergodic weighted sum-rate is maximized and dual optimization with stochastic 
approximation is applied to derive on-line algorithms [82][84]. The numerical results show the capability of the 
scheduler to allocate physical layer resources according to rate constraints imposed for each different traffic class and 
with fairness inside each class, even in presence of different channels conditions and different network loads. 
 

3.1.1 Radio interface model 
 
The scenario considered corresponds to a multicarrier system, such as OFDMA, with M  subcarriers and K  single 
antenna users. Let us first model the system with reference to a fixed time instant or slot; the time variable will be 

introduced later. Each user k  receives simultaneously up to TN  signals from the Base Station (BS) with TN  

antennas. Only one of the TN  signals is intended for user k . Each signal is characterized by a spatial signature, i.e. a 

TN -dimensional beamforming vector qm,b , Mm ,1,= � , TNq ,1,= � , and by a transmitted power qmp , . 

Subcarriers and beams are shared by all the users. We use the discrete variable or index },{0,1,=0, Ku qm �KÎ  to 

indicate the user (i.e. 0 means no user) that is scheduled to use beam q  on subcarrier m . Note that only one user or 

none can be scheduled for each carrier and each beam. The whole set of these variables is the matrix TNM ´
Î 0KU , 

whereas the whole set of powers is the matrix TNM ´+
Î

,
RP . It is implicitly assumed that if 0=,qmu  then 

0=,qmp 1. However, we have separated user scheduling from power allocation to make the optimal problem easier. 

The signal received by the k th user on the m th subcarrier is given by  

 mkqmuqmqm

TN

q

H
mkmk nxpy ,,,,

1=
,, = +� bh  (10) 

                                                           
1This also means that P  has an implicit dependence on U  and vice versa as shown afterwards. 
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 where mk,h  is the TN -dimensional vector of channel gains, mkn ,  is the additive white Gaussian noise with variance 

2
ns  and 

qmux
,

 is the complex signal transmitted by the user qmu , , if not zero. Both qm,b  and ux  are assumed to have 

unitary average norm. The received signal mky ,  includes the useful signal for user k  if one of the values of qmu ,  is 

exactly k . 
The fact of incorporating multiantenna transmission to a multicarrier system may increase the system capacity but adds 
more complexity, which is an evident drawback. As it is explained in next section, Opportunistic beamforming [23] is 
adopted here to keep low the computation complexity in the optimization of the PHY layer parameters and to reduce the 
feedback to partial Channel State Information at the transmitter (CSIT). However, the scheduling strategy considered 
here can be also extended to a more general framework of spatial precoding. As introduced, the main goal is to schedule 
several users on each carrier efficiently. The next subsection section will explain how to do that. 

3.1.2 Radio resource allocation problem 
 
The aim of resource allocation is to dynamically assign radio interface resources to the different users in order to 
achieve the best tradeoff among different objectives: 

- to maximize the sum-rate on the radio channel 
- to ensure a fair allocation of resources among users belonging to the same traffic class and/or guarantee a 

minimum amount of resources to some users or classes 
- to consider the dynamics of traffic sources and control the delay of data packets in the queue according to 

requirements of specific traffic classes. 
- to contribute at the maximization of quality of service figures at the application level. 

 
Following the approach in [28], we consider the framework of ergodic sum-rate maximization for continuous (capacity 
based) rates extended to the more complex case of multiantenna transmission. Ergodic framework also allows the 
optimization in the time domain. In fact, if ],[1, N�  is the time interval of the optimization, for any generic system or 

user metric, ][nR , under ergodic assumption for random processes in the system, the approximation 

{ } { } REE ==][][)(1/ RnRnRN
n

»�  holds, where R  does not depend on time n . Hence, optimizing R  means 

optimizing ][nR  over time interval ],[1, N� . Moreover, in real scenarios, there exists several traffic classes to 
multiplex voice and video, for example, and buffers are limited. To prioritize users according to the service class and 

status of the queue buffers, the weights kw  are introduced; they are not fixed constants, but are randomly changing 

parameters. 
The aim of resource allocation is to dynamically assign radio interface resources to the different users, i.e. to determine 
optimal values of U  and P . The problem can be formulated as follows by introducing the weighted sum-rate 
maximization and differentiated constraints  
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 where   
 

 { } ( ){ })(1log=)(=)( ,,2
,

1=1=

PPU,PU, qmk
qmu

k

TN

q

M

m
kk R gd +�� EER  (12) 

 
 is the rate provided to user k  and  

 { }qm
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q

M

m

p ,
1=1=

=)( EP ��PU,  (13) 
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is the total average power assigned to users. Finally,  
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is the SINR of user k  at frequency m , beam q , u
kd  is the Kronecker's delta2 and 22

,,,, /|=| nqm
H

mkqmkc sbh  are the 

equivalent channel gains for user k  at m th carrier through q th beam. The first constraint refers to the total power 

used which must be less than a maximum amount P . The second and third constraints tell us that the first KK <0  

users achieve a fixed average rate k0R  whereas the other 0KK -  users share the remaining sum-rate, achieving at 

least the kf  proportional part of it. Therefore, �  must satisfy the condition 1=
1= k

K

k
f� . To simplify the notation, we 

assume that 00,= Kkk £f . We assume that )(,, Pqmkg  are known by the BS. In order to reduce complexity a partial 

CSIT design is considered. The optimization problem could be enlarged in order to incorporate the beamforming 

design, qm,b . However, if the goal is to reduce complexity in the computation and in the feedback load, an 

opportunistic beamforming design can employed. Multi-beam opportunistic design just requires partial CSIT. Each 
orthogonal beam is randomly generated for each subcarrier, where each user estimates the channel and sends a partial 

CSIT report to the transmitter. This CSIT should contain the channel gains qmkc ,, . 

It is important to underline that in this problem rate and power constraints are referred to average values. These 
constraints relax the instantaneous constraints leading to a reduction in the complexity of the resulting optimization 
algorithm. 
 

3.1.3 Dual optimization and adaptive algorithms 
  
The optimization problem to solve is non convex in the BC. Although the equivalent convex problem in the dual MAC 
can be stated, we propose here an alternative algorithm of lower complexity by exploiting Lagrangian duality, that 
enables each user to adapt their resources locally with the aid of limited information exchange. 
Before introducing the dual problem, the Lagrangian is computed as follows  
 

 ( ){ }( )

( ){ }( ))()(

)()(

=),,(

10=

0

0

1=

PU,PU,��

PU,PU,

�PU,

kk
T

kk

K

Kk

kkkkkk

K

k

R

R

PE

RPE

PL

lmw

mlmw

ll

--++

--++

�

�

+

 (15) 

  
where the dual variables �,l  relax the cost function and  
 

 { }qm
qmu

k

TN

q

M

m
k p ,

,

1=1=

=)( dEP ��PU,  (16) 

 
is the power assigned to user k . 
The dual objective of problem  (11) is defined as  
 

 ),,(=),,(max=),(
,

�P,U�PU,� ** lll LL
PU

g  (17) 

 

where ** P,U  are the optimal solutions which maximize the Lagrangian for each feasible value of �,l . Hence, the 
dual problem becomes  
                                                           
2 1=u

kd  if ku =  and 0  otherwise. 
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It is important to remark that while the primal problem is a non-concave maximization, the dual problem becomes a 
convex optimization. However, the dual problem is not differentiable and an iterative subgradient method is used to 

update the 1+K  solutions of the dual problem at each discrete time instant. Starting from initial solutions 0l  and 0� , 

the update equations at the i th iteration are  
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where igl  is the subgradient of function ()g  with respect to l , i.e.  
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ig�  is the subgradient of function ()g  with respect to � , i.e.  
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where 1<0),,(max=][ =eee xx +  and ld , �d  are positive step-size parameters. ii ** ,PU  indicate the optimal 

solutions of the Lagrangian at the i th iteration, i.e. those which maximize ),,( ii �PU, lL . 
 
Concerning the global convergence of the proposed algorithm, the system utility in (11) is non-concave. Therefore, it 
may appear that the proposed algorithm will not converge or will converge to only a locally optimal power/rate 
allocation, because it is based on solving the dual problem and yet the duality gap may be strictly positive. Note that 
spatial power allocation for downlink sum-rate optimization is a non-convex problem and its solution is still open in the 
literature 
However, the convergence of the dual optimization for OFDMA is well-known in the literature where it is proved that 
the duality gap is zero if cumulative density function (CDF) of channel response is continuous. Most of Rayleigh and 
Ricean scenarios have it but OFDMA breaks this condition. Since each channel in each carrier is approximated by a flat 
amplitude and M  is a finite scalar, CDF may not be continuous. To ensure the continuity, M  must tend to ¥ , 

¥®M . That means there should be infinity carriers with null bandwidth, unrealizable in practice. 
 

The evaluation of the statistical averages required to update the subgradients of dual variables igl  and ig�  in the dual 

framework described in Section IV is not suitable for on-line implementation. In the practical applications, the adaptive 
implementation is suggested, where the iterations are performed along time (i  becomes the time index n ), and the 

evaluation of the average power and rate can be done through a stochastic approximation [28]: if )(][ ** P,Unf  is the 

generic rate or power at time n , its average { })(][ ** P,UnfE  can be approximated with the current value of 

)(][ ** P,Unf . Hence, in the adaptive implementation, subgradients and dual variables are updated along time n  by 
using the following approximations for  average rate and power: 
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3.1.4 Allocation algorithms 
 
This section presents and discusses optimal and suboptimal solutions of the dual objective in (17), i.e. the ways to 

derive the solutions ** P,U  given �,l . Let us consider T

TNmmm uu ],,[= ,,1 �u  as a row of U  that contains for 

m th carrier at each scheduling period time n  the TN  user indexes, and T

TNmmm pp ],,[= ,,1 �p  as a row of P  

that contains TN  power values. The optimal power and beamforming solutions are difficult in that case due to the cross 
dependence among spatial and power allocation. Therefore, we exploit the exclusive subcarrier and slot allocation 
constraints, the separability of rates and power across subcarriers and time slots and the fact that channel gains are 
identically distributed across subcarriers and time slots to present the dual objective as follows:  
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with 
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where k
K

T
kkk 0

= ¡-+D ��wm  is the state of the multipliers for k th user and 1=b
a¡  if ab >  ( 0  otherwise) is 

the Heaviside step function. The optimal solution, given �,l , becomes, for each frequency m ,  
 

 )(maxa= **
m

mu
m rg uu M  (24) 

 
with 
  

 ).,(max=)(
0

*
mm

mp
m puu MM

³
 (25) 

 

Here, we remind that the argument of maximization has the implicit constraint 0=,qmp  if 0=,qmu , and that the 

optimal solution *
mp  is the argument that finally leads to )( **

muM . The derivation of the optimal solution highlights 

the interdependency of two problems: the spatial allocation problem in (24) and the power allocation problem (25). As 
we commented, power allocation does not appear as a convex optimization. Spatial allocation in (24) represents a 

discrete optimization problem which requires in general an exhaustive search in the space of all possible vectors mu . 

We may describe this space by using the number },{1, TNQ �Î  of allocated beams (those with 0, ¹qmu ), the 

disposition index )}!)!/((!,{1, QQNNj TT -Î �  (there are up to )!)!/((! QQNN TT -  dispositions of Q  

activated beams out of TN ), the combination index })!/(!,{1, QKKh -Î �  (there are up to )!/(! QKK -  

combinations of Q  users over each disposition of Q  allocated beams). This huge search space can be reduced by using 
by using suboptimal heuristic algorithms. Note that for each element of this search space the power allocation solution, 
i.e. (25), has to be computed. 
 
By keeping in mind the main task of achieving low complexity solutions, one suboptimal solution can be obtained by 
simplifying power allocation with the water-filling solution evaluated assuming constant uniform power for the 
interfering beams, i.e.  
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where the components of mV  are qmu

qm Vv ,
0),( = ¡  and the power V  is a parameter which estimates the power of 

interfering beams. In this way, in the spatial scheduling, the simplified solution becomes  
 

 ).,(maxa= mm
mu

m rg puu M  (27) 

 
Further simplification can be derived by decoupling spatial allocation and power allocation by making them 

independent through the replacement of ),( mm puM  with ),( mm VuM , i.e.  

 

 ),(maxa= mm
mu

m rg Vuu M  (28) 

and by evaluating (26) or (25), after spatial allocation, using this approximation of mu . It is expected that when the 

number of users K  is very large, the selected combination of users will be probably spatially orthogonal, i.e with very 
low interference, which makes the solution of (26) approaching the exact solution. 
 
Concerning spatial allocation, the main issue is to reduce the search space. This issue can be faced by using suboptimal 
greedy selection procedures. The simplest among them is the opportunistic selection which also simplifies feedback 
requirements. In classical opportunistic beamforming, each user selects the best beam by assuming that all beams are 
active with a preassigned power and feeds back the selected beam with its SINR, while the base station allocates each 
beam to the best user selected among those competing for that beam. This opportunistic allocation is a suboptimal 
solution of problem (28) and would be attractive due to the reduced feedback requirements, but, on the other hand, 
present losses when the number of users is moderate or low3 . 

One of these algorithms is the one considered in [82] which can be applied when mp  is replaced with mV . A slightly 

different formulation which emphasizes the role of a scheduler as an entity that selects users according to a given metric 
is summarized here. It iterates the following operations until all the available MNT space-frequency resources have been 
allocated: 

- for each user k find the best resource (mk; qk) which maximizes )(,, Pqmkg  

- for each user k find the best other-user combination able to share frequency mk with user k. This requires the 

evaluation, for each candidate combination of users sharing frequency mk, of the metric ),(
kk mm VuM . A 

suboptimal greedy search is implemented. 
- (*) select for allocation the user combination (among the K evaluated before, one for each user) with the best 

metric and mark the just allocated frequency as unavailable. 
 
The step marked with (*), as discussed later, can be executed by an entity denoted as scheduler, whereas the other steps 
are executed iteratively by an entity denoted as resource allocator (these steps need only, at each iteration, a simple 
update which takes into account the new status of the available resources). 
 
 

3.1.5 System architecture 
 
This section discusses the main architectural elements of a system that applies the proposed scheduling strategy to the 
transmission of multi-user heterogeneous traffic flows in the downlink of a wireless system. In this discussion we refer 
to the scheme in Fig. 1 and the cross-layer aspects are emphasized.  
 
    • Application manager. We consider applications that generate heterogeneous traffic, e.g. VoIP traffic, streaming 
video traffic, FTP data traffic. The VoIP source may have active periods where constant bit-rate data with stringent 

delay requirements is generated and silence periods: the minimum rate k0R  is set to 0R  in the active periods and 0 

during silence period. The video source generates variable rate data with delay requirements and the quality is related to 
the amount of data arriving at the decoder within the deadline and to their importance in video reconstruction. For this 

traffic the available rate is shared with fairness among users of the same class by tuning the parameters kf . The queue 

manager can further adapt packet flow to available rate, by using a buffer management policy kMP . FTP traffic has not 

                                                           
3When the number of users is not very large sum-rate is maximized by allocating a number of beams usually smaller 

than TN . 
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delay requirements and the portion of rate assigned to this class can be shared with fairness by tuning kf . The 

applications provides the lower layers with the parameters k0R  and kf , the maximum tolerable delay, Mkt , and the 

policy kMP . 

 
    • Queue manager. Data packets coming from the application are placed in a queue. There is a queue for each traffic 

flow. The queue manager provides the scheduler with the weights kw  which are dynamically set up to make scheduling 

decision dependent on the status of the queues. Weights can be a function of queue length or waiting time of the head-
of-line (HOL) packet and the choice of this function has impact on queue stability. Here, as an example, the following 
rule is considered for real time traffic:  

 MkkaTD
kk e

tbw /
1=

-
+  (29) 

 where parameters a  and kb  are used to suitably shape this function of the time-to-deadline kTD  (of the HOL packet) 

and Mkt  is the maximum tolerable delay of the application. The weight kw  increases exponentially as the kTD  

decreases. The queue manager also implements the policy kMP  at each buffer. For example, dropping of expired 

packets (DXP) can be applied to voice traffic: packets with expired deadline are dropped to avoid waste of radio 
resource. Dropping based on packet priority and dependency (DPD) can be applied to video traffic to prevent packet 
loss for late delivery in case of peaks in the source rate: low priority packets are dropped from the buffer when the size 
of the queue is too large. 
 
    • Scheduler. This is the entity that decides which user or set of users is scheduled for transmission on the available 

radio resources, i.e. subcarriers and beams. This decision is based on the comparison of the metrics ),( mm VuM . 

Differently from methods providing a QoS resource allocation scheme, we present a framework that introduce metrics 

based on the rate providing system which depend on the weights kw  and on the resources available at the resource 

allocator. The scheduler, by using the parameters k0R  and kf , the weights kw  and the information on available rate 

elements ( ))(1log= ,,2,, mqmkqmkr Vg+  provided for each subcarrier m  by the resource allocator, takes decision, 

keeps track of rate constraints and updates the values of dual variable km . This entity does not interact with the 

physical layer. This architecture also supports schemes based on classical opportunistic beamforming; in this case, part 
of the decisions are taken for each user in the resource allocator. 
 
    • Resource allocator. This is the entity that handles resources (space, frequency and power). It evaluates the rate 
made available by each resource element and allocates power, based on the CSI provided by the physical layer, and the 

information provided by the scheduler. More specifically, it first evaluates the rate elements qmkr ,,  and send them to the 

scheduler; when the scheduler sends back the space-frequency allocation matrix U , it generates the power matrix P  

and evaluates the rates )( PU,kR  achievable with the assigned resources. At the end of the process, the resource 

allocator also sends to physical layer the modulation and coding format qmMCF ,  compliant to the rate assigned to each 

radio resource element. The resource allocator is air-interface aware, but does not interact with the queues. The resource 
allocator also keeps track of power constraint and updates the value of l . 
 
    • Physical layer. Performs the transmission of scheduled data, according to the resources assigned by the resource 
allocator. It also handles CSI feedback, which is collected and periodically sent to resource allocator.  
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Figure 21 - Architectural elements of the system that implements the proposed scheduling strategy: Application 
Manager (AM), Queue Manager (QM), Scheduler (SC), Resource Allocator (RA), Physical layer (PHY). 

 

3.1.6 Numerical Results 
 
Here, we consider a realistic scenario which incorporates video, voice and data traffic and system parameters close to 
those used in next generation wireless systems. Results will refer to a single cell of the downlink of an OFDMA 
wireless system with 128=M  subcarriers working on a bandwidth of 1.25 MHz. The system is TDD and it is 
assumed that 2/5 of frame interval is used for downlink transmission (even if in real systems a lager portion of the 
frame is dedicated to the downlink, here this configuration has been selected to easily reach the saturation of the 
available band, without the need to increase the application data rate). The CSI coming from users is updated every 

ms10  and for rate assignment a SNR gap of dB3  is adopted. The users have a position which is uniformly distributed 
in circular area of radius m500 . The simulation time is s100 . 
Channel model includes path loss, correlated shadowing and time-frequency correlated fast fading. Path loss is modeled 

as a function of distance as )(log=)( 10 dkkdBL +  ( 40=1k , 15.2=2k  for results). Shadowing has a classical 

lognormal model (std. deviation: dB6 ) and exponential correlation in space (correlation distance equal to m20 ). Fast 
fading on each link of the MIMO broadcast channel is complex Gaussian, independent across antennas and is modeled 
according to a 3GPP Pedestrian model. This model has a finite number of complex multipath components with fixed 
delay (delay spread of sm2.3 ) and power (average normalized to 1). Time correlation is obtained according to a Jakes' 

model with given Doppler bandwidth (Hz6  in the results). At the base station orthogonal beamforming is adopted, 
where beam vectors change randomly at each frame. In the simulated system the total average power constraint is fixed 

to W1 , whereas noise power density is 20102 -×  W/Hz. To obtain the results we also assume that channel variations in 
time due to Doppler effects have a negligible impact on the feedback quality. The effects of outdated feedback would 
require a proper investigation which is out of the scope of the paper. 
The first two Tables 1 and 2 have the aim of investigating the behavior of the scheduling algorithm with respect to 

different design options for the weights kw , the step size �d  and the update of variables km  for voice users, the use of 

buffer managements strategies. The performance figures considered are the average rate assigned to users (efficiency at 
the physical layer), the achieved PSNR for video transmission and the drop-rate for VoIP transmission (quality at the 

application). The fixed parameters are: skbitk /64=0R , 1/12=kf , 0.01=ld , 0.00005=�d . The first remark 

is the substantial fairness achieved among the different video users in spite of the very different channel conditions. We 
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also found the following elements. First, the use of weights 1¹kw  as in (29), which exploits information on packet 

deadline to prioritize in the short term packets approaching deadlines, is important to improve the quality for variable-

rate traffic flows. Concerning the parameters of (29), setting kb  as proportional to km  tends to preserve the fairness. 

Second, the periodical update of variables km  during the silence periods of voice transmission is important to avoid 

data dropping4 in the first part of voice talk periods where subgradient algorithms needs some time to converge to the 

new values of km . The update of variables km  requires a virtual assignment of rate which is not used in silence 

periods. Third, the use of suitable packet dropping strategies at buffer level is important to improve achieved quality at 
the application level: dropping packets that will be useless if transmitted avoids waste of resource; a content-aware 
dropping of selected packets in a video stream improves the quality at the decoder. 
Fig. 7 explores the dynamic behavior of the scheduling algorithm for the system configuration corresponding to the last 

line of Table 2. It shows, for one video user, the behavior of variable km  and of weight kw  according to the state of the 

channel and to the status of the queue (which is illustrated through the graph of the normalized time-to deadline of the 

HOL packet) It is interesting to note that kw  reacts to the state of the queue in favor of situations where packets 

approach the deadline, whereas km  follows the state of the entire system with its slow channel variations (fast fading is 

handled by the space-frequency scheduler), trying to accommodate average rate constraints. 
 

 

Figure 22 - Dynamic behavior of normalized time-to-deadline of the HOL packet in the queue, the dual variable 

km  and weight kw  for one video user. Scenario with 12 video users and 3 voice users, parameters as in the last 

line of Tab.II. 

 
   

Table  1: Scenario with 12 video users. Rate assigned by the scheduler and PSNR for different choices of weights 

kw . The results in the lower part of the table refer to the use of DPD in the buffer. 

  param.   Tot. rate   Rate   av. PSNR   PSNR range  
  [kbit/s]   [kbit/s]   [dB]  [dB]  

 kw =1,   2035   160-175   31.1   2.5 

2=kb , 2=a    2240   170-210   33.3   6 

kk mb 4= , 2=a    2069   167-177   32.3   2 

 kw =1,   2030   160-175   33.3   1.8 

2=kb , 2=a    2175   168-198   34.8   3.3 

kk mb 4= , 2=a    2067   165-178   34.1   1.8 

  

                                                           
4The residual dropping rate of one voice user in this set of results is due to a deep shadowing lasting for nearly s10 . 
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Table  1: Scenario with 12 video users and 3 voice users. Rate assigned by the scheduler and quality (PSNR for 
video and drop-rate for voice) for different choices of weights kw , parameters kb  and �d , use of the update 

(UP) of dual variables km  in silence periods of voice transmission. 

param. Rate video Rate voice PSNR drop-rate 
 [kbit/s] [kbit/s] [dB] [%] 

0.0002=1,= �dwk  155-171 40, 63, 75 31.4-34.4 64, 40, 19 

0.001=1,= �dwk  145-168 58, 60, 70 31.4-34.4 48, 27, 18 

0.0002=2,= �dbk  160-181 44, 61, 77 31.9-35.3 53, 20, 16 

0.0002=,4= �dmb kk  153-170 48, 61, 75 32.8-34.8 42, 14, 2.6 

0.001=,4= �dmb kk  149-165 62, 62, 68 32.6-34.7 25, 5.1, 4.1 

0.0002=,4= �dmb kk , 

UP: 4 frames 

152-165 73, 87, 102 32.7-34.9 34, 1.6, 0.1 

0.001=,4= �dmb kk  

UP: 4 frames 

146-159 79, 88, 93 32.4-34.4 19, 0, 0 

0.001=,4= �dmb kk  

UP: 10 frames 

143-158 80, 81, 95 32.5-34.2 17, 0.4, 0 

 
 
 

3.2 Multiuser scheduling, resource allocation and adaptive modulation and coding techniques 
for the BS Controller in OFDMA scenarios 

 
In this section we describe an alternative solution for multiuser scheduling and resource allocation in point-to-
multipoint (downlink) radio communications scenarios. In particular, we consider an OFDMA multiple access scheme 
and SISO links between the base station and each mobile terminal, but the extension of the proposed strategy to the case 
of multiple antennas can be done following the considerations of the previous section. Our resource allocation algorithm 
includes an adaptive modulation and coding technique capable to guarantee the set of quality constraints specified by 
the Master Application Controller for the different users and data streams. These requirements are in general expressed 
in terms of target FER/BER and may be different on the basis of the destination user or video layer, in case of scalable 
video coding. The approach we follow in OPTIMIX is to let the Master Application Controller decide the target 
performance figures capable to maximize the end-to-end video quality, for example through the application of proper 
distortion prediction models (see section 2), while the BS Controller has the possibility to found its optimization process 
only on the control information provided by the Master Application Controller. As already highlighted, this two-levels 
decision architecture is kept coherent by cross-layer exchanges of control and feedback information between the 
controllers. In this section we present also some results obtained with the common simulation chain, showing the 
improvements that our multiuser scheduling and resource allocation algorithms allow to reach with respect of more 
classical transmission techniques. 
 
In the considered scenario, the BS has to transmit video and data packets to K users, assigning the available radio 
resources and deciding the transmission parameters. A perfect knowledge of the radio channels is assumed at both the 
receiver and the transmitter side. This can be accomplished by channel estimation at the receivers, followed by proper 
mechanisms to feedback the CSI at the base station. In alternative, in case of time division duplexing (TDD) schemes 
the base station may be able to estimate the K radio channels from training symbols in the uplink frames. We consider 
downlink intervals of fixed duration and in each of them the BS can transmit a single frame. Clearly, before transmitting 
a frame, the BS Controller performs multiuser scheduling and resource allocation algorithms. Then, at the physical layer 
the correspondent time-frequency frame is built and modulated through classical IFFT processing and cyclic prefix 
insertion.  
In general, optimal scheduling and allocation strategies would require to jointly assign radio resources, transmission 
power, modulation schemes and channel code rates for the different users within each frame. However, the 
computational complexity of such an approach is extremely high and makes it unfeasible from a practical point of view 
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in most  communications scenarios. Thus, following an approach quite common in the literature and often found  in real 
communication systems, we opted for a suboptimal technique consisting in two successive steps: 
 

1. assignment of radio resources and correspondent transmission power to different destination users, according 
to their priority class; 

 
2. joint selection of code rate and modulation schemes. 

 
Similarly to what proposed in Section 3.1, step 1 is modelled as a weighted sum-rate maximization problem, and its 
near-optimal solution is found through the dual Lagrangian optimization. Based on the output of the previous step and 
on the specific modulation and channel coding schemes available, step 2 determines the transmission parameters 
capable to guarantee the target performance requirements. In the following we will describe the proposed techniques in 
major detail. 
     
 

3.2.1 Multiuser scheduling and resource allocation algorithm 
  

Let's consider a time-frequency frame composed by sN  OFDM symbols with scN  subcarriers each. The frame is 

subdivided in several resource blocks (RB), constituting the minimum amount of radio resources which can be assigned 

by the algorithm. Each RB is formed by a set of scM  adjacent subcarriers within sM  successive OFDM symbols. 

Let's define also scscch MNN /@  and ssts MNN /@  the number of frequency subchannels and time slots in each 

frame respectively. Then, the number of RB that the algorithm needs to assign is tschRB NNN ×= . In the following 

),(RB nm  will denote the RB correspondent to time slot m  and subchannel n . The frame structure has been depicted 
in Figure 23. 
 
 

 

Figure 23 – Time-frequency structure of a transmission frame. 

 
Clearly, in real transmissions the RB size should be chosen taking into account a proper tradeoff between the target 
performance in terms of efficiency of the resource allocation and computational complexity of the optimization process. 

As in [78], we assume that the radio channel between the BS and each receiver can be modeled as a set of scN  parallel 

AWGN channels characterized by different signal-to-noise power ratios (SNR). Since we consider slowly varying radio 
channels, characterized by coherence bandwidth larger than the bandwidth occupied by a single frequency subchannel, 
the SNR for each subcarrier of a RB is approximately the same and its value does not change within a frame. Thus, we 

can indicate with )(nkg  the normalized SNR for the subcarriers belonging to subchannel n  at receiver k , i.e. the 

SNR correspondent to unitary transmission power. Considering the m -th time slot in the frame, the number of bits that 
can be reliably transmitted to user k  through ),(RB nm  is then  
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  ( ) ( ) [bits/RB])()(1log=)(, 2 npnMMnpnc kkssckk g+           (30) 

where )(npk  is the power allocated on each subcarrier of the RB. Considering a given time slot, we call power 

allocation strategy a set )}({ npk  with 0)( ³npk  for Kk �1=  and chNn �1= . Moreover, a power allocation 

strategy is said feasible if each RB is assigned at most to one user, i.e. if 0=)()( npnp lk ×  for lk ¹ . We indicate 

with D  the set of all admissible power allocation strategies. 
For each transmission frame, the scheduling and allocation tasks are executed iteratively, on a time slot basis. For time 

slot m , with tsNm �1= , the process of resource and power assignment is modelled as the weighted sum rate 

maximization problem:  
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where we have used the following notation: 

- kS  is the set of subchannels assigned to user k  in the current time slot (clearly, for a feasible power 

allocation strategy it will be ÆÇ =lk SS  for lk ¹ ); 

- )(m
kB  is the amount of bits present in the transmission buffer of user k  after the previous 1-m  time slot 

allocations; 

- km  is the weight currently assigned to user k , basically dependent on its priority class and on the time spent 

in queue by its head-of-line (HOL) packet; 

- ( ))(, npnr kk  is the rate achievable assigning ),(RB nm  to user k  and allocating power )(npk  on the 

correspondent subcarriers. In this work we have considered a slightly modified version of (30), as described in 
more details in [85][86]; 

- totP  represents the total transmission power available for each OFDM symbol. 

 
Following the approach also adopted in the previous section, we solved the maximization problem (31) through dual 
Lagrangian optimization. In fact, although (31) is not a convex maximization, it is well known that the duality gap 

vanishes if the number of frequency subchannels to allocate tends to infinity [78]. In particular, if 8³chN , the power 

allocation strategy optimizing the solution of the dual problem is almost identical to the optimal solution of the primal 
problem [78]. Clearly, the main advantage of working with the dual case is that it is represented by a convex 
optimization problem and many numerical methods can be used to solve it. 
The Lagrangian function of problem (31) is: 
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 where l  and kq  (with Kk �1= ) are the dual Lagrangian variables and we have defined:  

 

  )())(,()(),,,),(( 1 npMnpnrnpf ksckkkkKk lqmqql --@�                    (33) 

 
Let's introduce the function  

  { }kkkknkpK npnrnpg qlqql ,)),(,(),(max=),,,(
)}({1 L
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�       (34) 

defined for 0>l"  and 0³" kq , with Kk �1= . The dual optimization can be stated as the convex optimization 

problem: 
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Thus, if we are able to compute ),,,( 1 Kg qql � , we can solve this problem applying some techniques valid for 
convex optimization. In this work, we adopted a simplex algorithm, to which we applied some minor modifications in 
order to take into account the non-negativity of the Lagrange variables and to avoid the numerical instability occurring 
when the constraint on the total power becomes inactive. 

Now, let's see how we can compute ),,,( 1 Kg qql � . If we fix a set of values for the Lagrangian variables, the 
maximization (34) is obtained by finding the feasible subchannel and power allocation maximizing the first double 
summation in equation (32). This operation can be easily accomplished with the technique suggested in [78]. First of 
all, we observe that, if subchannel n  is assigned to user k , no other user can transmit on that subchannel in the current 
time slot and the correspondent contribution to the double summation of (32) is maximized by a power value satisfying  
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or the null one, i.e., assuming (30) as the expression for the achievable rate ( ))(, npnr kk :  
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In the computation of ),,,( 1 Kg qql � , the user and power allocation for each subchannel is performed independently 

from the others. To assign the generic subchannel n , we first compute )(opt npk  and then we select the user optk  

satisfying:  
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       (38) 

 
We observe here that, in general, it is not necessary to iteratively execute the described procedure for each time slot 

within a frame. In fact, the only parameter which may change from one time slot allocation to the next one is )(m
kB . 

After the optimization of the first time slot in a frame, we simply have to evaluate if the same allocation strategy would 
empty some transmission buffer. If not, we can replicate the previous allocation also for the current slot, otherwise we 

should repeat the process, because one or more constraints relevant to the values )(m
kB  may become active in 

correspondence of the optimal solution of problem (31). 
The output of the multiuser scheduling and power allocation algorithm constitutes the basis for the adaptive selection of 
modulation schemes and channel code rates that follows. 
 

3.2.1.1 Performance evaluation of the scheduling and resource allocation algorithm with the 
OMNeT simulation chain 

 
In Figure 24, we report a performance example of the proposed multiuser scheduling process. In the figure we report the 
achievable rate provided by the described algorithm. In particular, we have considered a single-input single-output 

(SISO) architecture, OFDM modulation with scN =256 subcarriers and OFDMA/TDMA as multiple access schemes. 

Each transmission frame is composed by sN =20 ofdm symbols, grouped in tsN =2 time slots, while the number of 

frequency subchannels is chN =8. The radio channel has been modelled as a Rayleigh block fading channel. We 

simulated the transmission of an H.264-encoded 'Foreman' sequence (155kbps) to 5 users characterized by different 

signal-to-noise ratio 0/NEs , where sE  is the energy per OFDM symbol and 0N  is the one-sided noise power spectral 

density. An additional user with non-real time (NRT) data traffic generated at a rate of 250kpbs has been taken into 
account. As it can be noted from the figure, the proposed WSR maximization algorithm applied in the OFDMA 
scenario guarantees high throughput to all the high-priority real-time users, leaving the remaining bandwidth to the low-

priority NRT data. The SR maximization, on the contrary, tends to favour the users with high 0/NEs . As a 

consequence, in the considered situation users 1 and 2 do not receive sufficient data rates. The performance of a simple 
TDMA scheme with multiuser scheduling based on round-robin policy has been reported as a reference.  
 

 

Figure 24 – Above: performance comparison of multiuser scheduling and bit allocation process. The curves refer 
to the overall number of bits which can be reliably transmitted over the radio channel at the different scheduling 

instants. Below: average throughput achieved for the different users. 
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3.2.2 Adaptive modulation and coding algorithm 
 
In this work, we considered RB-dependant modulation and power allocation, while the selection of the channel coding 
rate is adaptive, but RB-common [85][86]. In other words, the RB's assigned to a given user can be differently 
modulated, but a single code rate is applied to protect all the user data within the frame. The input of the algorithm is 

constituted by the set of tsN  feasible power allocation strategies provided by the optimization task described above. 

Since in this paragraph we work on a whole transmission frame and not on a time slot basis, we slightly modify our 

notation, indicating with ),( nmpk  the power allocated for user k  on frequency subchannel n  in time slot m . 

Clearly, if ),(RB nm  is not assigned to user k , we will have 0=),( nmpk . Moreover, we denote with ),( nmNbk  

the number of bits per dimension allocated to user k  on each subcarrier of ),(RB nm . Again, if the correspondent 

resource block has not been assigned to user k  we have 0=),( nmNbk . 

The output of the AMC algorithm is given by the a set of selected constellations and a single channel code rate value for 
each user having one or more RB's allocated in the current frame. This AMC process is based on the observation that 
with powerful channel codes, like Turbo or LDPC codes, the FER or BER performance correspondent to a given 
average mutual information per bit do not depend on the constellation size [85][86]. In the following, we clarify this 
aspect.  
 

If we indicate with )),(( nmpI kk  the mutual information for user k  on the generic subcarrier of ),(RB nm  reached 

with transmission power ),( nmpk , we can compute the average mutual information per coded bit as: 

 

  ....1
),(
)),((

=
1=1=

Kk
nmN
nmpI

I
bk

kk
chN

n

tsN

m
bk =��        (39) 

 
As it can be noted from Figure 25, the target performance of the channel code does not depend significantly on the 

constellation size chosen for the different resource blocks, once we have fixed the final bkI . Thus, for each user the 

AMC algorithm [85][86] selects a channel code rate compatible with the target performance in terms of FER (or BER) 
and, jointly, assigns the constellation size for each resource block. As reported in Figure 25, the code rate compatibility  

is verified comparing the resulting bkI  with a proper set of thresholds }T,T,T,T,T{ 54321 . In the Figure we have 

reported an example corresponding to the requirements of target FER=1.0E-2.   
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Figure 25 – Example of FER performance of an LDPC code family (see section 3.2.3 for more details about the 
considered code) with different modulation schemes. 

 
 

3.2.3 Some results on the scheduling, allocation and AMC algorithms performed by the BS 
Controller  

In this paragraph we present some results obtained with the proposed scheduling, allocation and AMC algorithms 
obtained with the OPTIMIX common simulation chain, developed over the OMNeT++ platform.. The scenario 
considered has been depicted in Figure 26. The OPTIMIX server transmits an H.264 video sequence to the 5 users 
connected to the base station number 0. The transmission of video contents from the server to the BS is accomplished 
through a multicast mechanism. Then, within the BS, each IPv6 packet is replicated and sent to distinct transmission 
buffers, one for each user. No stream adaptation has been considered within the server nor the BS. Although not directly 
visible from Figure 26, an additional non-real time (NRT) user is served by BS 0 with low priority. This NRT user has 
been inserted to consider the presence of “non-OPTIMIX terminals” in the area covered by the BS, generally interested 
in NRT services. From a practical point of view, the NRT data packets are generated directly within the BS and 
processed by the BC Controller together with the video packets for the “OPTIMIX users”.  
   
In this scenario, either the BS and the mobile terminals are single-antenna systems. The modulation is based on an 

OFDM scheme, with scN = 256 data subcarriers (divided in chN = 8 frequency subchannels) and 1/16 cyclic prefix. 

Each physical transmission frame is composed by sN = 72 OFDM symbols, divided in tsN = 6 distinct time slots. Thus 

the overall number of resource blocks allocated for each frame is RBN = 48. The constellation size of each subcarrier is 
chosen among 4, 16 and 64-QAM. 
  
The radio channels are modelled as Rayleigh block fading channels, with the same channel coherence time of 100 ms 
for each user, but with different signal-to-noise power ratios Es/N0, where Es is the energy per OFDM symbol and N0 
is the one-sided noise power spectral density. The channel coherence bandwidth is approximately 200 KHz, while the 
total bandwidth available for transmission is about 1.6 MHz.   
 
At the BS, the size of each user buffer in the DLL has been fixed to 40 KB and the video transmission is characterized 
by an average data rate of 155kbps. On the contrary, the packets for the NRT user are generated at a rate of 200kpbs. 
Packet drops occur at the arrival of new packets if the correspondent buffer is full.  
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Figure 26: Point-to-multipoint downlink scenario. 

 
At the physical layer, the considered channel code is a systematic rate-compatible punctured IRA LDPC code, where 
different code rates can be obtained through proper puncturing and shortening of the same mother code [1]. As 
indicated in Table 5, the considered LDPCC permits the choice of the final code rate within 5 options: 1/3 (denoted as 
scheme 0), 1/2 (scheme 1), 2/3 (scheme 2), 3/4 (scheme 3) and 5/6 (scheme 4). The code family keeps the codeword 
length constant (i.e., n is constant, while the code rate adaptation is obtained by a proper choice of the information block 
length, k). In our implementation, the code has been designed choosing n=4200. The encoding procedure realises both 
puncturing and shortening of a (10500, 3500) mothercode to achieve the desired code rates and block lengths. The 
belief propagation (BP) algorithm is based on the bipartite graph of the mother code, with a proper initialization of the 
channel inputs for the punctured and shortened variable nodes. 
 

Table 5: LDPCC puncturing and shortening to obtain the different coding schemes. 
 

 
 
 
We compared the performance obtained applying different scheduling and allocation techniques in conjunction with the 
adaptive modulation and coding scheme described above. In particular we considered 4 transmission policies (but other 
approaches are currently under investigation): 

1. TDMA – The multiuser scheduling strategy is a simple round-robin policy among the users with some data in 
the transmisson buffer. The described AMC technique has been applied. 

2. TDMA WF – The multiuser scheduling is the same as in the TDMA case, but the power for each user is 
optimally distributed across the subcarriers based on the Water-Filling (WF) principle. The described AMC 
technique has been applied. 

3. OFDMA (SR) – The multiuser scheduling is performed applying the same priority km =1 to all the users, 

either RT and NRT. The optimization process based on dual Lagrangian optimization is performed by the BS 
Controller and the described AMC technique has been applied. 

4. OFDMA (WSR) – The multiuser scheduling policy is the same as in the OFDMA SR case, but the RT users 

are given a different priority through the assignment of weights bam += kt
k e , where kt  is the time spent in 
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buffer k by the correspondent HOL packet and a  and b  are proper constants. The priority for the NRT user 
is always kept the lowest one. Again, the BS Controller processing is based on dual Lagrangian optimization 
and the described AMC technique has been applied.  

 
As it can be noted from Figure 27, the possibility to exploit the intrinsic multiuser diversity of the system, together 
with an intelligent allocation of the available frequency and time radio resources among the users, allows to reach 
very high throughputs, while respecting the set of requirements specified by the Master Application Controller. In 
the simulation results here reported, almost no difference can be noticed between the WSR and the SR optimization 
policies. Clearly, the WSR scheme may easily allow to unbalance the throughput for the different user in case they 
belong to different priority classes. Moreover, in case of heavy loaded systems, the SR strategy will always favour 
the users with a better SNR, while the WSR mechanism tends to guarantee more fairness among the users.  
 

 

Figure 27 - Above: overall number of bits allocated for every frame with the different methods. AMC with real 
modulation and coding schemes has been considered, addressing a target FER<1.0E-2.  Below: average 

throughput achieved with the different schemes. 

 
Similar considerations hold also for the average MAC-to-MAC delivery delay affecting the received packets. Note that 
in the considered simulations, several packets have been discarded before transmission in case of TDMA and TDMA 
with WF, because at their arrival at the BS some of the correspondent transmission buffers were already full. Clearly, 
the values reported in Figure 28 refer just to the packets entirely  delivered to the terminal MAC.    
 

 

Figure 28: Delivery delay for the received packets. The TDMA and TDMA with WF schemes here considered 
cannot reach the desired throughput with low-SNR users. 
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Finally, in Figure 29 we report the total number of decoded frames that the OPTIMIX robust H.264 decoder was able to 
provide with the received data. In the considered scenarios, if no dual optimization is performed, different final video 
qualities are experienced by users with different SNR’s. On the contrary, applying the scheduling and allocation 
technique described in this section, good performance are guaranteed to all the users. We underline that the difference 
in the PSNR values here reported are mostly determined by different packet loss rates before the source decoder (due to 
the different achieved  throughput across the radio channel), more than by the presence of errors in the bitstream. The 
reason is that, in order to provide a fair comparison among the methods, the same AMC technique has been applied in 
all the cases, guaranteeing approximately the same FER and BER values for the received packets.  
 
 

 

Figure 29: Average PSNR and total number of decoded frames after 15 seconds of simulation obtatined with 
different scheduling and allocation methods. 

 
 
 

3.3 Optimum Metric for Frame Synchronization with Gaussian Noise and Unequally 
Distributed Data Symbols 

3.3.1 Introduction 
Frame synchronization is one of the key issues in digital communication systems [60][75] [74] [66]. The most widely 
used method for providing frame synchronization is to insert a fixed symbol pattern or “sync word” into the data 
stream. Assuming that symbol synchronization has already been obtained, the receiver obtains frame synchronization 
by locating the position of the sync word in the received data stream. In some applications FS can be very critical. 
Important examples include the transmission of data through wireless links where, due e.g. to the use of powerful error 
correcting codes, the receiver is designed to work with very low signal to noise ratios. 
A first, intuitive approach to FS consists of correlating, within a window where we are sure there is one and only one 
inserted SW, the received signal with the expected SW, looking for the position where this correlation is maximum. 
This can be done only for the periodically embedded case, i.e. with sync words equally spaced (or, in other words, for 
constant, known, frame lengths). 
In the binary symmetric channel (i.e. hard decisions provided to the synchronizer) this detection through correlation is 
optimal, whereas in the AWGN channel this is not true, as demonstrated in [10]. Regardless of its sub-optimality, 
detection through correlation has become a common engineering practice. 
The problem of frame synchronization has been widely studied in the literature in the case of equiprobable data 
symbols: the performance evaluation for frame synchronization with periodically embedded sync words searched 
through correlation in BSC has been studied in [60], where also synchronization sequences with good aperiodic 
autocorrelation properties have been identified; in [74] a basic theory of frame synchronization is presented and 
considerations on the marker design are made. The problem of optimum frame synchronization has been afforded in 
[10] on AWGN; the optimal metric for AWGN channel has been identified for the considered case of fixed length 
frames and equiprobable data symbols. In [73] a performance evaluation through simulation of these metrics has been 
presented. In [68] an extension of Massey's work to derive the optimum maximum likelihood decision rule for general 
M-ary phase-coherent and phase-noncoherent signaling over the additive white Gaussian noise channel is provided. A 
union lower bound on synchronization probability for the correlation rule on AWGN channels is also determined. In the 
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same paper, the performance evaluation of the optimal metric [10] is studied via simulation, also in the general case of 
M-ary signaling. Synchronization for unknown frame lengths is studied by the authors in [64] [65] [63]. 
In many practical situations the assumption of uniform data distribution is not realistic: it is shown in [61] that non-
equiprobable signaling is of interest in Gaussian channels when the aim is to minimize the average transmitted power. 
Similarly, in [67] variable-rate data transmission schemes, in which constellation points are selected according to a 
nonuniform probability distribution, are investigated. When frame synchronization is performed at the physical layer, 
the case of non-equiprobable data symbols is thus of interest. On the other side, also when frame synchronization is 
performed at the application layer, i.e. in the case of video streams, it may happen that bits are not equiprobable, since 
current source coding schemes produce a bitstream made of non-necessarily equiprobable data. 
In [62] the authors studied the performance of frame synchronization for non equiprobable data symbols with the 
metrics derived in [65] [63]. In this section we derive the optimal metric in this case. 
An optimum metric for frame synchronization in data streams with non-uniformly distributed data symbols is derived in 
this section and its performance is investigated through simulation. A performance comparison with the metric which is 
optimal for equiprobable data symbols is also provided. Results show that the derived optimum metric results in an 
evident gain, at the expense of a small additional complexity.  
Such a metric exploits  the  cross-layer (PHY-MAC) paradigm for the purpose of  frame synchronization. 
The section is organized as follows: in Section 3.3.2 the problem of frame synchronization is presented and 
mathematically formulated. The optimum metric is derived in Section 3.3.3 and its performance is evaluated through 
simulation in Section 3.3.4. 

 

3.3.2 Problem statement 
  

We will use the notation in [63], in the following shortly reviewed and specialized to the case under investigation. In the 

case of binary signalling we consider data symbols 1}1,{ -+Îid , with probabilities 1=1)=( pdPr i , 

11 1=1)=( pdPr -- , SW symbols 1}1,{ -+Îic  and i.i.d. noise samples in . The demodulator output consists of a 

sequence of N symbols, the sampled matched filter outputs. Let this sequence (a random variable) be denoted by R ; 

the actual value of the received vector is the sequence ),...,(= 1 Nrrr , and is composed of either SW symbols and 

noise or the sum of data symbols and noise. Transmission is over an additive white Gaussian noise channel (AWGN) 

whose samples are i.i.d with zero mean and variance /20N , with 0N  the one-sided power spectral density. 

In the case of binary modulation, the thi  transmitted bit {0,1}Îib  gives rise, after binary antipodal modulation, 

transmission through the AWGN channel, matched filter reception and perfect sampling, to a sample i
ib

i nr +- 1)(= , 

where in  are independent, identically distributed (i.i.d.) Gaussian random variables (r.v.'s), with zero mean and 

variance 2s . This model is also valid for BPSK systems, for which the signal-to-noise ratio is )1/(2=/ 2
0 sNEs , 

where sE  is the energy per symbol. 

We assume that a sync word composed of N  symbols, ),...,( 1 Ncc , is aperiodically inserted in the data stream, 

composed of symbols id . 

 

 

Figure 30: Frame Structure. 

   
The acquisition algorithm we consider is as follows: starting from a position k , the synchronizer observes a vector of 
N  subsequent samples; based on a suitable metric evaluated from this vector it decides if the SW is in position k ; if 
not, it moves to position 1+k , repeating the steps until the sync word is detected. We afford here the problem of 
deciding at each position k  of the bitstream whether a sync word is present or not. The relation between this problem 
and other performance indicators such as, e.g., the probability of correct acquisition in one pass, is addressed in [74] 
[72]. 
As in our previous work, we assume that the statistical properties of the metric do not depend on the position in the 
bitstream. We thus avoid considering the effect of the aperiodic autocorrelation around SW's. We have evaluated in fact 
that, if the SW is properly chosen as a sequence with optimized aperiodic autocorrelation property (e.g. Barker 
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sequences [60], or those in [70] [71] [74]) its symbols should mimic random data, with, moreover, the additional 
property that some configurations can be avoided. We thus neglect in the design of the frame synchronizer the case of 
"mixed data", i.e., when both data and SW symbols are present in the metric evaluation window. Simulation results are 
provided in [63] for the case of "mixed data" to support this approximation. In particular we will show that if the SW is 
properly designed the case of purely random data represents generally a worst case in terms of probability of false sync 
word detection respect to the "mixed data" case. 
As in [63] we study the problem through the statistical theory of hypothesis testing. After observing N  subsequent 
samples, the synchronizer must choose between two possible situations  

 
 

  Nindr iii ,1,=,=:0 �+H      (40) 

 Nincr iii ,1,=,=:1 �+H     

         
 
the first hypothesis representing the case where there is no sync word, the second corresponding to the case the sync 

word is present. Decisions are indicated by 10,DD , corresponding to the "true" hypotheses 10,HH , respectively. 

Differently from previous studies, we assume here that the data symbols id  are not necessarily equiprobable and that 

their probabilities of occurrence in the data stream are known. 
 

3.3.3 Derivation of the optimal metric 
  

Assuming AWGN and soft values available, the likelihood ratio test (LRT) [77] is considered for the derivation of the 
optimal detection metric. In the following we use capital letters to indicate random variables and bold for vectors. 

By indicating with ),...,(= 1 NRRR  the r.v. corresponding to the vector ),...,(= 1 Nrrr  of received samples, the 

LRT is  
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where )|(| jj
f HH rR  is the probability density function (p.d.f.) of R  under hypothesis jH , 0,1=j , and l ¢ is the 

selected threshold. Thus, according to the test, l ¢L ¢ <)(r  corresponds to the decision 1D , i.e. we decide we are in 

presence of a sync word; otherwise, the decision is 0D . Since the channel is memoryless, we have also  

 

 ).|(=)|( |
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rff HH HH ÕrR     (42) 

 

We now consider the first equation in     (40) with data symbols { }11,-+Îid . The LRT 

is then obtained following the method in [63], by observing that 1|HiR  is Gaussian with mean value ic  and 

),(| 1 ii dR H  are Gaussian r.v.s with variance 2s  and mean id . 

We can substitute the numerator in      (41) with: 
 

 =)|( 00| HH iiR rf       (43) 
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Since 1| HRi  is complex Gaussian with mean 2
ic  and variance 2s , we obtain: 
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Since in the binary case we have ||=|| ii cd :  
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From this, by applying the logarithm operator, we obtain: 
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We thus decide 1D  (the start code is present) if l<)(rL ¢¢ , 0D  otherwise. The threshold is chosen according to the 

Neyman-Pearson criterion, i.e. by fixing the maximum tolerable probability of false alarm (emulation). We should note 

that the obtained metric, similar as the one for the equiprobable case, depends on channel conditions through 2s  and 
thus the synchronizer requires the instantaneous knowledge of the signal to noise ratio in order to perform optimum 
detection. Furthermore, the evaluation of a non-linear function is required. 

 

3.3.4 Performance evaluation 
We report in this section numerical results obtained with the optimum metric derived, also in comparison with results 
obtained with the metric obtained in the hypothesis of equiprobable data symbols (LRTU). 

Results are presented in terms of probability of emulation, EMP , or false start code detection, and of probability of 

missed detection, MDP . 

The probability of emulation, EMP , or false start code detection, of choosing hypothesis 1H  when 0H  is true is  

 

 { }.|Pr= 01 HDEMP       (47) 

 
Note that here the false start code detection is due to the case where random data plus noise is interpreted as a SW. This 
can occur either in the case data symbols are coincident with the SW pattern or, due to noise, even if data symbols are 
different from the SW pattern. 

The probability of missed detection, MDP , of choosing 0H  when 1H  is true, is  

 

 { }10 |Pr= HDMDP       (48) 

 
 and the probability of correct detection is  
 

 .1= MDD PP -                                                  (49) 
 

By analyzing such probabilities for different values of the threshold l , we can draw a ROC curve, reporting DP  versus 

EMP . 
In the following figures, we report in the same plot different ROC curves, each related to a specific probability 
distribution of data symbols. 
For comparison, the ROC curves obtained for the LRTU metric are reported in Figure 31, also for different probabilities 
of data symbols. The considered SW is the Turyn [76] 32=N  SW. This SW is composed of 19 symbols equal to 1 
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and 13 symbols equal to -1. Given the prevalence of symbols equal to one, the cases with 0.5<1)=( idPr  provide 

better results. AWGN with dBNEs 5=/ 0 -  is here considered. Such curves have been derived analytically [62] and 

numerical results have also been confirmed through simulation. 
Figure 32 reports results obtained with the metric derived in this section, in the same conditions as in Figure 31. Results 
are obtained here through simulation. 
We can observe that, as expected, for any considered data distribution the metric proposed in this section outperforms 
the metric derived under the assumption of equiprobable data symbols. The gain is in particular high for strongly 

unbalanced data distributions (e.g., 0.1=1)=( idPr  and 0.9=1)=( idPr ). We also observe a strong dependency 

of the performance on the prevalence of symbols equal to 1+  or 1-  in the synchronization word. Note that in the case 

reported in Figure 3 the worst results are achieved when 0.6=1)=( idPr , which approximates the distribution of 1's 

in the SW. 
 

3.3.5 Conclusion 
The optimal metric for frame synchronization with non-equiprobable data symbols with known distribution is derived in 
this section, considering transmission over an AWGN channel. The performance of the optimal metric, based on LRT, 
is evaluated via simulation and compared with the performance of the metric obtained with the assumption of 
equiprobable data symbols (LRTU). Results show that the gap between the two metrics is evident in particular in the 
case of very unbalanced data distributions. In the case the distribution of the data symbols is known, the performance of 
frame synchronization improves remarkably with the use of the proposed metric. Furthermore, a proper choice of the 
SW can further improve the performance, since the SW of practical use have been derived with the assumption of 
equiprobable data or of absence of a-priori knowledge of the data distribution. In this work we assumed a given 
synchronization word and we did not focus on its selection. Future work will consist of an analytical performance 
evaluation of such a metric. 

 
 

 

Figure 31: Receiver Operating Characteristic (ROC) curves. LRTU metric; Turyn [76] sync word of 32=N  

bits. dBNEdB s 5=/;2= 0
2 -s . 
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Figure 32: Receiver Operating Characteristic (ROC) curves. Optimal metric; Turyn [76] sync word of 32=N  

bits. dBNEdB s 5=/;2= 0
2 -s . 
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4 Mobile Observer 

4.1 Mobile observer module in the integrated simulation chain 
Mobile Observer is a central module in the terminals handling cross-layer signaling between different modules locally 
and remotely over the network alike.  Its schematic is illustrated in Figure 33. The main task of Mobile Observer is to 
run triggering engine (TRG) operations. Local modules (e.g. application layer) can use TRG services (produce and 
receive triggers) locally between other modules in the entity and also over the network through cascaded TRG 
operations between two TRGs.  
 
Mobile Observer keeps track on the trigger subscriptions (ID, type, and possible filters for the values) and trigger 
registrations (ID). Also, Mobile Observes offers aggregated trigger service in order to decrease the signaling message 
overhead in the network. Trigger aggregation bundles multiple triggers collected from some specific time period into a 
single trigger. Mobile Observer stores the triggers to be included in some of the aggregated triggers it provides to its 
trigger repository. More detailed description of triggering framework is introduced in deliverables D3.2a and 
aggregated triggers used in OPTIMIX are introduced in deliverables D2-3 and D3.2b. 
 
Mobile Observer also supports IEEE 802.21 functions. Its Media Independent Handover User (MIHU) entity converts 
received IEEE 802.21 events to corresponding triggers. These triggers are handled similarly to the other triggers.  
 

 

Figure 33 – Schematic of Mobile Observer 
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5 Conclusion 
In this document we reported several solutions for the controlling units included in the OPTIMIX communication 
scenarios. Intermediate results have been also provided, showing the improvements that can be obtained through our 
optimization approach.  
 
Multiple strategies for the Master Application Controller in case of SVC videos have been proposed, based on abacus 
curves and admitting different levels of knowledge of the video sequence characteristics. We have described also a 
blind technique for rate adaptive H.264/AVC videos, exploiting the concept of reinforcement learning. It focuses in 
particular on the fulfilment of "medical Quality of Service", with reference to the case of wireless ultrasound video 
transmission. Structure and functionalities of the Adaptation Module have been also reported in the document, together 
with some intermediate performance results. 
 
Multiple strategies for the Base Station Controller have been described and the corresponding results reported. The 
considered scenario is a (MIMO) OFDMA point-to-multipoint communication system. Different optimization 
algorithms based on dual Lagrangian optimization have been developed and adaptive modulation and coding schemes 
have been applied in order to guarantee the target requirements imposed by the Master Application Controller. Finally, 
an optimal frame synchronization technique in case of non-uniform data symbols has been provided, exploiting the 
cross-layer communications MAC-PHY. 
 
For most of the optimization strategies, we have reported promising results obtained with the common OMNeT++ 
simulation chain, showing the advanced state of work relevant to the simulator. 
 
Compatibility issues and overall coherence of the system have been constantly taken into account during the 
development of the optimization strategies within the controllers. Thus, the next phase of research will be focused on 
calibrating the interactions and control/feedback message exchanges among the OPTIMIX joint controllers and the 
Mobile Observers. 
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6.2 Glossary 
 
AMC Adaptive Modulation and Coding  
ARQ Automatic Repeat Request Error-control method 
AVC Advanced Video Coding  
AWGN Additive white Gaussian noise  
BC Broadcast Channel  
BER Bit Error Rate  
BL Base Layer  
BP Belief Propagation  
BS Base Station  
BSC Binary symmetric channel  
CDF Cumulative Density Function  
CSI Channel State Information  
CSIT Channel State Information at the Transmitter  
CRC Cyclic RedundancyCheck A hash function 
DCH Dedicated Channel  
DIA Digital Item Adaptation  
EL Enhancement Layer  
FACH Forward Access Channel  
FCS Frame Check Sequence CRC field in IEEE 802.11 

frame 
FER Frame Error Rate  
FS Frame synchronization  
gBSD General Syntax Bitstream Description  
GOP Group of pictures  
HOL Head Of Line  
HSDPA High Speed Downlink Packet Access  
IFFT Inverse Fast Fourier Transform  
IRA Irregular Repeat-Accumulate  
JSCC Joint Source and Channel Coding  
LDPC Low Density Parity Check  
LDPCC Low Density Parity Check Code  
LPC Linear Prediction Coding  
LRT Likelihood ratio test  
LTE Long Term Evolution  
MAC Medium Access Control  
MAC Multiple Access Channel  
MAP Maximum A Posteriori A good reference for MAP 

decoding is [20] 
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MDP Markov Decision Process  
MIMO Multiple-Input Multiple-Output  
m-QoS Medical Quality of Service  
MU Multi-User  
NAL Network Abstraction Layer  
NRT Non Real Time  
OFDMA Orthogonal Frequency Division Multiple Access  
PEC Packet Erasure Correction  
PECC Packet Erasure Correction Code  
PSNR Peak signal-to-noise ratio  
QAM Quadrature Amplitude Modulation  
QoS Quality of Service  
QP Quantization Parameter  
QS  Quantisation step  
Q-USR Ultrasound Streaming Rate Control 

 
 

RACH Random Access Channel  
RB Resource Block  
ROC Receiver Operating Characteristic  
RT Real Time  
RTT Round Trip Time  
SSIM Structure Similarity Index   
UEP Unequal Error Protection  
SINR Signal-to-Interference and Noise power Ratio  
SISO Single-Input Single-Output  
SNR Signal-to-Noise power Ratio  
SR Sum Rate  
SVC Scalable Video Coding  
SW Sync word  
TDD Time Division Duplexing  
TDMA Time Division Multiple Access  
W-
CDMA 

Wideband Code Division Multiple Access  

WF Water Filling  
WLAN Wireless local area network WiFi is a commercial name for 

a WLAN realization. 
WSR Weighted Sum Rate  
   

  
 


