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Executive Summary

An important issue of WP2 is the design and peréorce evaluation of the joint controlling modulefieTMaster
Application and the Base Station Controllers aeehitocks in charge of driving the joint optimizatiprocess, based on
cross-layer exchanges of control signals and feddbh@ssages. The purpose of the whole procesohas, tlearly,
the improvement of end-to-end video quality, intbpbint-to-point and point-to-multipoint contexts.

As described in D2.3a, the Master Application Colfer is charged with driving the source encodimgemations, as
well as configuring the main parameters of otheTMAX-aware blocks along the transmission chaingtsas, for
example, the protection mechanism applied at thesport layer. An important task performed by thashr
Application Controller is to send a proper setadfuirements relevant to the (possibly) multipldagie streams to the
Base Station Controller, generally expressed imseof target BER or FER and throughput. Althoughstaf the
functionalities of the Master Application Contrallean be implemented in a centralized unit, in QWK we opted for
the introduction of some additional “distributeditelligence working at the application layer. ThA&aptation
Modules, in fact, can be introduced in differentles of the IPv6 network, as well as in the basiosta In the latter
case, clearly, their interactions with the Baseti®taController would be greatly simplified. The imaask of the
Adaptation Modules is to selectively drop packetkohging to different scalable streams in ordeaidjust the data rate
according to the channel conditions, while keemioberent the video communication on the whole.

Unlike the Master Application Controller, which hmsmaintain a general vision of the state ofladl OPTIMIX users,
the scope of the Base Station Controller is limtiedhe set of users within its cell, including pitde non-OPTIMIX

terminals. Its main task is to schedule the trassions across the radio channel and to manageh#tiedsresources
among the users. As it is described in this docubae Base Station Controller can adopt diffepeaiicies, aimed, for
example, at maximizing the overall data rate ogudranteeing fairness of treatment to the userse®@r, proper
adaptive coding and modulation schemes can be itegblan conjunction with the resource allocatiorogess, to
satisfy the requirements specified by the Mastepligption Controller.

Finally, the role of the Mobile Observer cannotraglected in the optimization process. This modulglaced within
the mobile terminal and its purpose is to collgatistics about performance figures relevant téedint layers in the
protocol stack and to send feedback messages taathteollers correspondently. This feedback infaiora flow
constitute an important input for the iterativeinpzation process.

It is clear that the time scales at which the adlitrg units operate are different: the Master Apgtion Controller
optimization is a long-term process, while the B&ttoller needs to react very quickly to radio amelnvariations. The
Adaptation Modules take their place between the tffering the first level of application-layer pmse to significant
changes in the achieved data rate.

Given the complexity of the considered scenarie, @PTIMIX consortium decided to organize the desigrthe

optimization process in subsequent steps. In teeghase, terminated with the attainment of thetsemediate results,
we focused on developing and testing several solstifor all the controlling units. Strict collabticm among the
partners was necessary, in order to develop cobipatilgorithms and insert them in a common and regotie
simulation framework. In order to carry on our @®h activities in a clear and well-organized witg first phase of
work was particularly devoted to evaluate the penfince of the controlling units separately. Thisistitutes a
necessary step towards the coherent (and workimgjration of the entire OPTIMIX system. The desigaalysis,
implementation and test of the algorithms preseimettiis document is now a valid basis for the neixase of work,
where we will focus on calibrating the interacticm®ong the controllers and the mobile observergraer to put
together their performance achievements in the effistent way. The results of this last phaseeasfaarch activity will
be provided in the documents concerning the fiaealits of the project.
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1 Introduction

This document describes the main structure and imgrphilosophy of the Master Application and Bagatin

Controllers and presents some intermediate resaltging from their application within the communiocat chain. As
highlighted in D2.3a, these modules are of extram@ortance for the purposes of OPTIMIX, since teepstitute the
intelligent elements performing the adaptive optiation tasks aimed at maximizing the end-to-endeaiduality
perceived by the users. As graphically reportedrigure 1, the respective fields of work are didtirtmut strictly

interconnected: the Master Application ControllasHho drive the source encoding process and totket important
transmission parameters for all the video usersqjpty served by different base stations), whilke tiain task of the
Base Station Controller is to manage the shareid radources and to adaptively define all the dovaparameters for
its limited subset of users. Another important efiéihce between the two modules is that the Maspplidation

Controller typically takes into account only the DMIX users in its optimization process, while tBase Station
Controller has to consider the possible presencenaf-OPTIMIX users within its cell when scheduliribe

transmissions and assigning the radio resources.

Figure 1 - Main interactions between the OPTIMIX catrolling units.

The interactions between the controllers are baseiterative exchanges of control signals and faekbnformation.

In particular, the Master Application Controllemsis quality requirements for the different videgeles to the Base
Station Controller. These requirements are geneeadpressed in terms of maximum tolerable valueEER and/or
BER across the radio channel. The Base Stationr@tanrt in its turn, periodically forwards the fdmatk information

coming from the mobile terminals to the Master Apgion Controller, eventually performing some softmessage
aggregation in order to reduce the feedback data Tde performance figures so provided to the Bfa&pplication

Controller constitute the basis which allow to atlagly optimize the main parameters of the soumeoder and, more
generally, of the entire communication chain. Theaelopment of proper mechanisms for these messadmeges are
an object of WP3 and more details (including sonterimediate results) are provided in D3.2b.

In Chapter 2 we describe the main principles agdréghms on which the Master Application Controlietbased. The
Master Application Controller is typically locatedthin the OPTIMIX multimedia server and it is theain driver of
the whole optimization process, directly setting #ource encoding parameters and sending crossdagtrol signals
to other OPTIMIX-aware modules possibly presenth@ communication chain (e.g. the BS Controllethar Packet
Erasure Correcting Code unit at the transport Jaygaveral techniques capable to adapt the compneasd protection
parameters for SVC encoders are developed and zamthlyassuming different levels of the knowledget tite
controller has about the video source (‘full’, ‘pak & try’ and ‘blind’ methods). The proposed d&rgies are based on
the extension of SSIM metrics to the case of séalaldeos and on proper abacus curves.
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Besides the centralized Master Controlling univesal adaptation modules (also working at the &pfibn layer) have
been considered within the IPv6 network and/omim Ibase stations. They constitute a sort of intdiae adaptation
step, capable to adapt the scalable encoded stssdewsively dropping packets while keeping cohetiea information
flows belonging to different video layers and uséiise adaptation modules may be seen as the digtdlcomponent
of the Master Application Controller and their mduction in the communication chain permits to rinéée in good
time in case of congestions or sudden variatiorteérachievable data rates.

Another example of blind approach for the Masteplgation Controller is also described in Chaptem2he context
of medical applications.

The solutions developed for the Base Station Ctatrby the OPTIMIX consortium have been reporie€hapter 3.
After the first period of the project in which wavestigated many multiuser scheduling and resoatioeation
techniques proposed in the literature, we decideddopt an approach based on dual-Lagrangian agiiom at the
Base Station. In particular, we developed and amalyseveral strategies referring to different comigation
scenarios. The performance of (MIMO) OFDMA multipfecess schemes have been compared to other more
traditional solutions, like TDMA, and a solutionrfan adaptive channel coding and modulation cap@btpiarantee
the target quality requirements specified by thestdia Application Controller is proposed. Intermeeithroughput,
delay and quality results obtained with the commiomulation chain are provided.

A technique for frame synchronization exploitingss-layer (PHY-MAC) information exchange is alseganted in
Chapter 3. In particular an optimum metric for feagynchronization in data streams with non-unifgraistributed
symbols is derived and its performance is invegtigighrough simulation.

Finally, the structure of the Mobile Observer, dedbto collecting the performance figures and stiaé obtained at the
mobile receivers, is briefly described in ChapteBdsically its role is to execute triggering ergyoperations, sending
proper feedback information to selected module@OPTIMIX communication chain. Clearly, the mosportant
units subscribing to these information are the BStller and the Master Application Controller, @&sll as the
possible adaptation modules. More information alibatMobile Observer functionalities have been reggbin D2-3
and D3.2b.
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2 Application controller

In this chapter we present our studies on the Magiplication controller and the adaptation modblimre in detail, in
Section 2.1 we present a methodology to seleception and compression parameters for the coding sfalable
stream, by extending to multiple layers the apphoamposed in D2.3a. Moreover, we present in Sec@i@ a Blind
[1] approach for the fulfilment of "medical Qualibf Service", with reference to the case of wirelarasound video
transmissions. This solution, that does not regaiipgiori knowledge of the state transition prolities, nor an explicit
model for the underlying wireless channel nor fog source, consists of an adaptive rate contgaridthm based on
the concept of reinforcement learning, with theldgogointly optimize image quality, frame rate addlay. Finally, in
Section 2.2 we present the proposed solution fo€ SMaptation and its implementation in the joint R&T++

simulator.

2.1 Application controller for scalable video

2.1.1 Context and rationale

In the OPTIMIX project, where we propose to extehé joint source and channel coding (JSCC) apprdach
demonstrating the efficiency of having the applmatvorking as a team with lower layers, we relyabno-ordination
tool, called Master Application Controller, impleniing the controlling strategies ensuring that ¢benpression and
protection functions are decided jointly and e#fidly from the end-user point of view.

The role of the Master application Controller imighto improve the long term average received videality, by
controlling the compression and protection levalsaell as the different modules in the transmisgibain and adapt
their parameters based on the received feedbaakmation on transmission conditions.

We present in this chapter a method to selectahgpcession and protection parameters of a H264/Sx&am.

As proposed in [2], the expression of the averageeted end-to-end distorti0|j3+c after the source coding, the

network packetization, the channel coding operadiot followed by the channel impact model and cose/eperations
can be used as a metric to compare different egiliss of compression/protection choices for thgusace to be
transmitted. In order to have enough data to opeséth, in particular in the case of UEP applicatipbut foremost to
ensure that compressed bitrate prediction is warkimd averaged over several frames, the optimisatioposed in the
following is performed on a GOP rate basis.

We propose as in [2] to work in three different dibions. In the “Full” mode, the controller haswdl knowledge of the
sequence to be transmitted (realistic when corisigetreaming/broadcasting of stored sequenceshthat been pre-
coded at various bitrates, for which the controlldr then choose the most suited to transmissieer the channel). In
the “Partial & Trial” mode, the controller has solvesic knowledge on the video codec itself, typychhsed on abacus
providing statistical information on bitrates anidleo quality curves for given compression paranse(guantization
parameter, spatial resolution, temporal resolutiopy and uses a test and trial approach to reachpiesating point.
This mode is realistic when considering streamiiitf Vimited delay constraints,e. when the buffering time needed to
perform more than once the encoding process isptatuie, and when statistical information has beendetermined
for the video codec. In the “Blind” mode, the catier must work without the full knowledge of thatdire, or the
possibility to test several configurations befoee/ing to choose the used one. Eventually havingdedge of the
previous GOP encoding settings, the blind modéhésléss efficient but also the most simple and lqoice to be
implemented, and will rely heavily on either detaséttings (in particular at the beginning of aussge) or on
previous settings to determine the best encodinmgnpeters to be used. This mode corresponds totinealow
complexity solutions, and is particularly meantlfge data streaming such as video-conferencing.

The algorithm we propose extends the solution prtesein D2.3a [1] for the control of H264/AVC transsion
parameters to scalable streams like the one prddingehe H264/SVC encoder. In OPTIMIX indeed, wegmse to
take advantage of this scalability feature, whiah be represented by several quality levels (arnmf\oesolution), to
use a unique stream for different possible conéiians, corresponding to a scenario where a unigee receives data
in variable conditions or to a scenario where sauvesers receive the same data in heterogeneodgioos.

The goal of designing a Master Application Con&pfor SVC streams is threefold.

1. Adapt the stream to be transmitted to the ndtvemrd channel quality or the device capabilitieseteral
users.

In case of a multicast transmission, the transmisparameters of a scalable video stream have seleeted
by considering the requirements of several receiwdthen several users are interested in the sagansti.e.,
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a multicast diffusion of the multimedia contentrigorogress, the aim is to prepare a stream whittallow to
serve the present users in the best way accordiagcbst function possibly adapted by the systeenatpr. In
this way, a single stream is emitted towards déffitrusers and every user decodes only the padrhesceive
or the part that can give him the best video gyalit

2. Adapt the stream to be transmitted to a unigser wsuffering from big quality variations duringeth
transmission and which could benefit from the traission of a scalable stream.

The aim is, in the case of a single user, to peepastream easily adaptable to the variations efcttannel.
This avoid the need of restarting the coding witfecent compression and protection parameters.ddeogr,
the adaptation should be coherent during the witol@pression period: indeed, the decoding can take
advantage of previous layers (prediction and\orceafiment) at every change of resolution (tempaidce,

quality)
3. Optimise allocation compression and protectiarameters at transport level.

In any case, we aim to allow an adaptation on jierf both contexts above, for a transmission awee or
several hops, the scalable stream can be reducelélbiing a part of one or several layers or whajers
along the path, especially at the base stations Thn be particularly useful to cope with suddeanciel
deteriorations or to adapt to the users of thdtacetream conceived for the transmission towavesé users
experiencing different channel conditions.

The selection of the coding parameters, for that@e of a scalable stream adapted to the multisusentext or to
possible variations of the transmission link, is@after an estimation of the received video qualiven a certain
error probability and data rate. The video quatityaluation in this context is obtained by explgtihe SSIM+ metric
defined in D2.1b [3]: the SSIM+ estimation restittsm the algorithm described in an article publghy Z. Wang and
al in 2004 [4] and from the evolution of this metriin context Reduced Reference as proposed ireguet published
by Martini and Chiani in 2006 [5]. More details tre extension of the SSIM metric to the scalabkeaaan be found
in [3].

Thanks to the SSIM+ definition we can compare stieavith different initial resolutions, as well aseams obtained
after a transmission on a wireless channel affebtedrrors, what strengthens the relevance of elsomade by the
controller. Furthermore, this allow to:

- Validate the choices of compression and distitiubetween the different layers for SVC transnoissj

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

Help in the decision of transcoding operationghanfly, in particular at the Base Station.

The method we propose extends the mono-resolutiatraller defined in D2.3a by allowing: i) the uf® several
simultaneous transmissions experiencing differeanoel conditions and ii) the use of a scalabléengpdith C layers.

The SVC Master Application Controller proceeds with selection of the coding parameters every timevalt by:

- choosing the number C of resolution layers to, asel determining for each scalability layer a ¢drgouple of
bitrate and quality

- for every layer (i.e., for c=1..C), making thesbeompromise in terms of bitrate repartition betweompression
and protection with respect to the establisheddish

- checking if coding criterions (quality, layerdfdrence ...) have been respected and eventuallygduéck to the
first step.

2.1.2 The decision process

The criterion used to select the compression aptegtion settings is based on the estimation ofrdoeived video
quality and exploits the SSIM+ vectorial metriepented in D2.1b [3]. This metric allows to provateestimation of
the distortion perceived by the users on a singgdesalso for streams of variable resolution asothes generated by the
H264/SVC coding. In particular, we propose to use $SIM+ metric at the Master Application Controffer the
calculation of the distortion of every frame andderive the global distortion in a group of SVC oea (GOP) by
estimating the impact of the channel error ratbyPfollowing the formalism proposed in [2], whates the formula:

~ 8 & by ng N R Kl by .n; ! by -n P
Doon,c = O O (L- R)™ ™. D+ OO @ R*™O @& RY™@ {1 PY*™)Dy 1)
i=0 k=1 i=0 k=1 j=0 =1 j=0
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whereN is number of images in the GOR js number of SVC layers in the stream (C=1 for AVI, is the distortion
of the GOP due to the compression operafig; is the average distortion for the GOP due to dss bf thay, frame
(where images of thie, layer from 1 ta-1 are supposed to be correct), is the length of thé, frame of thek, layer
and R} is a corrective empirical factor, set in our tetts.85 for intra frames and to 0.75 for predicfexines as
proposed in [2].

Having identified a method to estimate the distortive have now to determine the most suited vabfidst rate and
compression for a scalable stream vi@itfayers. We assume th@8,.« is the maximum number of layers given by the
system efficiency (e.dCmax = 3 seems the best suited value for the H.264/8dd2r we used). Moreover, we set to
Dnin the minimal acceptable quality for the considesgstem. As an example, considering the quality im&6IM+
the minimum threshold could be set to 0.7.

Finally, we call D, the array with the maximum quality levels wishext &very spatio-temporal resolution (e.qg.
Dinmad QCIF, 15HZz] andDax [QCIF, 15Hz] could be set to 0.9 and 0.95 respebtiusing the SSIM+ metric).

We assume also to hate(bitrate, quality) couple%di : Pq} il (0,K) to represent the quality of the transmission.

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

For every configuration of the coding process (nemtif layers, target resolutions for each layegra@up of abacuses
[1] is established by varying the steps of quatitzaof several reference sequences, representattitree considered
scenario or part of classic references of the vidmaing world. Two types of abacuses are generdtae.first group
gives the quality expressed according to the stemantization of the current layer. Few examplesgven in Figure
2, where a generic video quality metric and diffeérgeneric video sequences are considered, anigumeF3 where the
SSIM+ metric is derived for the MixSequence [3] ahd Akyio sequences on the left hand-side andenight hand-
side of the figure respectively. The second typalzdcus provides the bit rate as a function ofsdrae quantization
parameters.

We shall note that abacuses are valid only forctiging which allowed to generate them: in casesef of more than
encoder, the abacuses of each of these encodetsbegenerated (offline, and once for all of theth)a set of
abacuses created by another encoder is used, adaéign of the performances may be expected.

The values oD,,;, and the vectob,Will be easily deducted from these abacuses.

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

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

Figure 3: SVC abacus using the SSIM+ metric for (aMixSequence 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 phasthé initialization one. In that phase, we chabgemode of prediction
(Full, Partial&Trial or Blind) for every stage dii¢ mono-resolution prediction, as defined in H}.default, we could
use for example the Partial&Trial mode. Then, theresentative parameters of the considered codg¢C8ax Dmin
...) are set. Finally, the compression parameters sateto the default values representative of thesidered
context/scenario. By default we could use for exentbree layers of resolution, with a bit rate 602bps, 1 Mbps
and 2Mbps respectively.

In the classification phase, the K couples are redidy increasing quality, estimated on the videguence with the
initial parameters or with the parameters usecha last seconds of transmission, according to tiadity criterion
defined before.

Moreover, we group together in homogeneous groupsouples with a quality difference lower tharmeeshold (e.g.

5 %) thus obtainingg groups.

If gis equal to 1, we are in the classic case wheret &calable solution is well suited. We can néwadess choose to
use two (C=2) or three (C=3) classes (e.g., ghtfagainst a sudden degradation of the link) océherence with the
rest of the transmission, since the use of a skataaling supposes the interest in the transmigsi@nscalable stream
at least in some interval of times.

If 2EgEC, .. we take Cg classes for our scalable coding. For every cldss, reference user corresponds for

example to the lower of the corresponding group.

If > Chrax We setC=Ca The low resolution will be taken for example e tfirst groupa allowing to reactDy,,
(generally the lowest group except in case of vmag links). The high resolution (cla€s.,,) will be selected for
example by the group obtaining the best score of distortion, and theeoftclasses of resolution will be regularly
distributed between the classesl andg-1. For every class, the reference user correspiamds<ample to the lowest
of the corresponding group.

According to the specific needs of the system, e rivilege certain users or groups of users aod adopt a less
homogeneous distribution.

Optionally, we could test after this phase if tlemstraints on the video quality are met (e.g.,fydhat the choice of
the abacus resolutions does not bring to exceedbtiee D, Values) in order to change scalability configuratif
necessary. In that case, we shall store the besimgders (choice of scalability, identification Gf targets and
classification of the users) for final comparisew aecision.

The second phase corresponds to an iterative tiboca

We perform first the allocation for the layer ofMer resolution (i.e., the base layer or BL in thkofwing): this is done
like in the mono-resolution mode by taking as refiees the abacus of the base layer and as opepingthe
reference of the layer c=1 by means of the Parfialdl algorithm described in [1].

For all the layers with higher resolution (i.eydas c=2..C, where c=2 corresponds to the enhanudmeer EL1, c=3
to EL2,...) we realize the allocation by using agf@mence the abacuses corresponding to that lagefiltered to keep
only the points verifying the conditions selectedthe lower layers.

In the third phase, i.e., the check phase, we asithe choices made by the iterative allocatiahva@ prepare the final
coding phase. In particular, we evaluate the obthwideo quality by using the SSIM+ metric and waleate if the
quality criteria have been met (e.g., the qualityhe basic layer has to be higher than thg, Bhreshold, the distance
between two resolution layers has to be enoughuitifying the use of an additional enhancementlayhe .«
values have to be respected by the choices of @ssion). In case one of the criteria is not vetifiwe go back to the
first phase to select another configuration and tmother abacus.

The last important step is the compression. Theadip@ of compression and of compression additsorealized with

the parameters determined in the second phaseadiddted in the third phase. If needed, i.e., & tdonstraints of data
rate are not met, the data rate can be furthertedap respect them (+/- an accepted margin): #ta thte can be
adapted during the compression phase, either leyting a control of the QP during the coding (iesitte GOP for

example), or by cutting some frames.

NB: we shall note that this algorithm can be apgplmoth if the scalable coding starts to code thgh lor the low
resolution. We shall note that in case the cod@adizes the compression by starting from the hagled, the operations
described in the second phase can be made onhaunching the different compression process crebtedhe
algorithm « Partial and Trial » mode not on thersewsequence, but on a version filtered first atltlw resolution then
at the intermediate resolution (temporal and\orcepfitering). We consider than the results obtdime terms of
prediction for the low layers remain valid for todlowing stages.
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2.1.3 Performance evaluation

In order to evaluate the performance of the SVCtbta&pplication Controller let us consider threensswhose links
are respectively characterized by the conditionsatef and error (d1, Pel), (d2, Pe2), (d3, Pe3)a¥geme that d1, d2
and d3 are quite different and allow to reach aimmih acceptable distortion. We also define thresdality layers, as
presented in Figure 5, corresponding to three tbdiyers: Bronze, Silver and Gold. The Bronze lagethe BL,
corresponding to a QCIF@15Hz, the Silver layerhis first enhancement layer EL1 corresponding tdR@15Hz,
while the Gold layer is the EL2 (CIF@30Hz).

The « Bronze » level is obtained considering th&t bempression for the BL layer assuming the cairgs (d1, Pel).
The « Silver » level is obtained by considering plussible coding parameters of EL1 meeting BL atwiander the
constraints (d2, Pe2).

The « Gold » level is similarly obtained with theZlayer and considering the constraints (d3, Pe3).

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

The different possibilities of prediction for theddze, Silver and Gold levels are reported in Fégéy Figure 7 and
Figure 8.

Figure 6 — Possibilities of prediction at bronze beel
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Figure 7 -Possibilities of prediction at silver leel

Figure 8 —Possibilities of prediction at golden lesf
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Figure 9: Target and achieved bit rate

In Figure 9 we report the achieved bit rate andcasmpare it to the target bit rate, for a video cosgal by the Akiyo
and the Mobile Calendar sequences. Targets fothtlee layers are 256kb/s, 1024kb/s and 2048 kbfsertively. We
can observe that the target bit rate is usuallyexeld even if some oscillations remain. This problegill 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 fldg adaptation of a bitstream. However, an effitisolution for

adaptation to changing streaming conditions espgdma wireless environment is an evolving resgaissue. Several
tools are available for adaptation purposes inclgdiPEG-21 Digital Item Adaptation (DIA), generaldiream syntax
description (gBSD), priority-based dropping (prigrid in SVC standard) etc [8].

The adaptation process of scalable video is conyndimided to several sub-processes as illustratgeigure 10. Two
most important sub-processes are the adaptatiosiaieprocess which defines the adaptation parasetzording the
adaptation decision taking algorithm and the actddptation process of the bitstream. Adaptatioristen taking
algorithm utilises feedback information availablem different system layers together with possiddastraints of the
system or content and makes an adaptation decigiich defines the target parameters for the a@daptation. The
actual adaptation process will perform the bitstrestraction procedure where the portions of thstt@iam which do
not fulfil the adaptation parameters set by thepgataon decision process will be removed from tieteam. In the
OPTIMIX architecture, the Master Application Corleo will perform the adaptation decision takingpess, while the
bitstream adaptation can be performed both at ¢inees (in case of use of pre-coded sequences)tbe 8ase Station.

Figure 10 — The adaptation process of scalable vide
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Adaptation decision taking process

The adaptation decision taking process will perfdine optimization of a given adaptation probleme woal of this

process is to find a set of parameters for the tatiap process which do not violate the constrairitthe system and
content and which achieve a set of objectives giteethe adaptation process. By separating the khbitstream

adaptation and adaptation decision taking processaisles a generic architecture for adaptation evhretadata-driven
(cross-layer feedback, system and content constjaiontrol logic can be performed without the atknowledge of
bitstream syntax.

Bitstream adaptation process

The bitstream adaptation process will perform tbtua adaptation of the bitstream by extractingdoopping the
portions of the bitstream which do not fulfil thelagtation parameters selected by the adaptatioisidlectaking
process. Several different operators for bitstradaptation exist and the most common are listedariollowing [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 dgscbf the adaptation problem together with sonfermation

about the state of the transmission environmertofthis information can be utilised by the addjota decision taking
algorithm which makes the adaptation decision basethe available information. Typically, the ad#jmn process
has a target (e.g. maximum bitrate, maximum videality etc.) and the adaptation decision takingcpss should find
the optimal solution to this problem.

2.2.1.1 Content and environment constraint descripbns

In order to make an adaptation decision, the atlaptasystem needs information about the usage emvient,
constraints of the environment and usage envirohnieformation about the bitstream including itsnstraints and
rate-distortion levels, and of course some objestifor the adaptation process. Several differatinigues to represent
quality-of-service information for the adaptatiommgess are presented in literature and probabliwthenost important
of these are the standardized tools, MPEG-21 DidAAQo0S and SVC SSEI and priority_id.

MPEG-21 DIA and AQoS

MPEG-21 DIA provides a set of normative descriptimols (both syntax and semantics) to describeemdifft
adaptation behaviours and relationships betweenptssible adaptation features and the quality walok these
resources. Basically AQoS can be used to deschibeRtD data of the content properties and adaptd@atures.
Together with AQoS, MPEG-21 DIA defines the objeesi and constraints of the adaptation using urieenstraint
description (UCD). With these tools, the adaptaooblem can be fully described and the contenp&di@n process
can be done in codec-agnostic way.

As MPEG-21 relies on XML metadata format, it regsirgeneration and management of XML files which ban
computationally heavy, especially if XML files aused to describe the whole bitstream (BSD tool}.[This point
does not favour the usage of the full MPEG-21 stathdand especially the usage of gBSD tool for ctagsr
adaptation purposes. However, the concept of MPEGHA where adaptation decision taking process thedactual
adaptation process are separated and tools foriltiegcthe adaptation problem, constraints and esatyironment is a
good candidate for the OPTIMIX architecture.

SVC priority id and SSEI

The scalable extension of H.264/AVC standard, ktsmwvn as H.264/SVC, introduces some tools whichtmansed to
describe the characteristics of SVC bitstream dad the dependency of bitstream portions from eatbler. These
tools can be utilised especially during the achitdtream adaptation process but also during tlaptation decision
taking process. Two most relevant tools for adégtgburposes are the layer and priority informatiociuded inside
SVC NAL header and Scalable Supplemental Enhanceimi@nmation (SSEI) NAL units.
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The basic idea of introducing priority informatiamo the bitstream to describe the priority of egurtion of the
bitstream is realized in SVC by introducing newnedmts into SVC NALU header. These priority and delesmcy
parameters are called dependency_id, temporalualitg id, and priority_id and these parametersdatd the spatial,
temporal, quality and priority layer where each SNBLU belongs to. NALU header with SVC-specific ersions is
presented in Figure 11. As described, dependengciendporal_id and quality_id indicate the layer véheach NALU
belongs to but priority id used to indicate theatigk quality of each NALU. Priority id can be usta set an
adaptation path into the bitstream and by discartNALUs according the priority_id predefined adajma behaviour
can be achieved. The important point when usingrityi id based adaptation is how to assign prioviues to
NALUs using knowledge of QoS information or adajstatbehaviour [8]. Since the priority id is speediin the
header of NALU, simple adaptation can be done ith lapplication and transport layers by checking gherity_id

value. The major drawback of priority id is thatpitovides only one adaptation path which may nobpgmal for

different use cases.

Figure 11 — NALU header with SVC-specific extensian

Scalable SEI (SSEI) NALU described by SVC standamal be used to define bit rates and other charstitsrof SVC
stream and sub-streams. These SSEI NALUs can iacinfbrmation about the contained layers and alasich
information for each layer such as priority_id, degency id, temporal_id and quality_id but also endetailed
information such as average and maximum bitratendrrate and resolution of each layer. This inféionacan be send
by in-band as well as out-of-band transport meamasiand this information can be used by the adaptatgorithm to
make an adaptation decision. Since SVC standaeddyrprovides quite good tools for high-level syn&SEI and
priority_id) it makes sense to use these insteadMf -based MPEG-21 DIA gBSD tool which could mucltora
complex than the tools provided by SVC standard.

2.2.1.2 Rate and congestion control

Based on the content and environment constraintrigiens together with cross-layer feedback infation it is

possible to perform an adaptation decision whidkiesothe adaptation optimisation problem definedthie literature,
different algorithms for solving the multi-criter@ptimisation problems of scalable video streanesmesented [10],
[12], [8], [13].

Since the main target of dynamic adaptation of SWOPTIMIX architecture is to control the data ratedynamically
changing wireless network environment (e.g. van®NR in wireless channel or congestion), the majedative of the
adaptation decision taking algorithm for SVC istmtrol the data rate of the source.

In [10] MPEG-21-based cross-layer streaming apgrdac 802.11 networks is presented. The articlei$es on rate
adaptation in 802.11 networks where throughpuhefwireless link changes due to decreased sigraigth. The main
observations of this article are that the physiase of wireless AP decreases very fast when siginahgth decreases
which indicates that cross-layer feedback infororaghould be send very frequently in order to hatidése situations
at the server side. The other main observatioh®ftticle was that most of the packets did notlagtin the wireless
link but were dropped at wireless AP due to corigesiqueue was full due to retransmission requasts decreased
physical rate). The observations indicate thatdditton to packet loss rate, delay (or jitter) igg@od indicator for
congestion. This indicates that reducing the data at the application layer to reduce the dat aatl congestion in
wireless AP could improve QoS of the system. Thih@g propose to use TCP-friendly rate control (TlFRo cope
with the congestion in the wireless link. TFRC istg popular [14] congestion control protocol fanATCP traffic and
it is proposed to be used especially with telephongtreaming media. TFRC uses a model of TCPsutinput to
control the data rate and the model can be expiesseg the following equation of a simplified T(Reno

Throughput:
T= > ,
R\/Z:_:) +lgro 3\,? p(1+32p2)

where T is the proposed throughpid,is the packet sizeR is round-trip time,p is the loss rate anthro is TCP
retransmission time.
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The drawback of TFRC is the fact that it resporidsver than TCP to changes in available bandwidfihus TFRC

should only be used when the application has ainegent for smooth throughput, in particular, aweid TCP's

halving of the sending rate in response to a sipgleket drop. This together with a common featdr& @P-friendly

rate control algorithms which keeps the data rateally lower than TCP connection using the saméerthrough the
network, does not favour this method for transmissscenarios with fast changes. TFRC does not htilee
transmission rate after a single packet loss, $atso slow to increase the rate in the absenceragfestion. The main
goal of TFRC is to provide a smooth transmissida,rbut not to aggressively make use of availabledividth. When
combining this large-scale application layer radetmol with faster lower layer rate control to copih fast changes
could be a better solution as proposed in IST-PHDENoject [16] and by authors of [15] and this tlavel approach
would be interesting also for OPTIMIX architecture.

2.2.2 Bitstream Adaptation process

SVC standard separates the coding process intsaparate layers, video coding layer (VCL) netwdykteaction layer
(NAL). The actual compression of a frame is don®¥@L and the division of the bitstream into packapgpropriate for
network transmission is done in NAL. NAL units (NB) defined by SVC standard contain four parametgnzh

define the dependency information of each SVC NAldascribed in section 2.2.1.1. These parametertharkey tool
for SVC bitstream adaptation since any part of &ftstream can be simply extracted by removing NALwith

indicated parameters. SVC bitstream adaptation RTI®IIX will also rely on these parameters when atapthe

bitstream according the adaptation decision madédwndaptation decision taking algorithm.

In [9], different techniques for the adaptationsoélable video are compared, mainly MPEG-21 gBS§etdaand SVC-
specific (utilising NALU parameters introduced &l adaptation. The MPEG-21 gBSD-based techniguenare
general adaptation technique which relies on sépanatadata describing the multimedia stream irec@gjnostic way
using XML document. The authors of this article gamed flexibility, capability, adaptability, extehsity and
interoperability of these adaptation techniqueslatdhe strengths and weaknesses of both techraignd their results
are presented in Table 1 [9]. Although gBSD-bastaptation has conceptual advantages like codepémdience and
flexibility, the results indicate that a simple S\éPecific adaptation outperform the gBSD-based tdi@n in a sense
of complexity. In [8], similar comparison betweeX G specific adaptation (priority_id) and MPEG-21skd (AQ0S)
is made. The results of the comparison are simiighn [9] indicating that MPEG-21-based adaptatidfeis higher
flexibility with additional complexity when compateto simple SVC-based adaptation. The drawback BEM-21-
based adaptation is also the utilisation only atapplication layer when SVC-specific adaptation be utilised also
on the transport layer. Together with other stresigthis makes SVC-specific adaptation more intargs$echnique for
OPTIMIX architecture.

SVC-specific adaptation MPEG-21-based adaptation
Strengths - Simple and fast adaptation process witlow | - Codec-agnostic
delay - Semantic annotation/adaptation
- Content can handled in a common way due - Signalling of when and how adaptation
to notion of NAL units should be done is possible, such that QoE |s

- Possibility to use SEI messages for moremaximized
advanced adaptation process

- Utilisation on both application and transport
layers possible

Weaknessey - Is not codec-agnostic and works onbhjthv | - Separate metadata is needed
H.264/SVC - Processing of XML
- Synchronization of media and metadata is
needed

- Only application layer utilisation is possible

Table 1 — A comparison of different adaptation techiques ([9], [8])

2.2.3 SVC adaptation module in the integrated sath chain

The SVC adaptation module used in OMNeT ++ integtatimulation chain works along with SVC parseradticed
in D2.1b. The adaptation will be done accordingthicee different parameters: resolution, frame @atd bit rate.
Considering that SVC allows dropping certain paskeithout the need of error concealment, the S\f€ast is easier
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to adapt in the network, such as in situations wihenavailable channel bandwidth goes down. Fig@reshows the
design of SVC bitstream adapter in the OMNeT++ &ation chain [17].

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

The typical SVC stream has several layers whentalsporal scalability is considered. This can bendieom Table 2,
which has in this case two dependency layers @patihancement layers), but in total seven scalkyers. For
example, dropping out layer #6 will diminish tharfre rate from 30Hz to 15Hz as well as decreasbithiate ~50 kB.
It is essential to know the layer id for each NAdcget 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 intragtlén D2.1b includes bitstream extraction, whiclkalgres SVC

stream to be transmitted and collects each lay#r thieir resolution, frame rate and bit rate. Timplemented parser
identifies the 3-digit DTQ field (see Table 2) bytracting the particular bytes from the NAL unitager (Figure 11). In
this figure, ‘DID’ refers to dependency id (3 bjt&pID’ to quality id (4 bits) and ‘TID’ to tempotad (3 bits). These

three together forms the individual DTQ code focteacalable layer. The standard [18] defines thatrhaximum

number of spatial layers is 8, maximum number alityilayers (levels) is 16 and maximum numbereshporal levels

is 8. By comparing the code that is formatted frthhe dependency, quality and temporal IDs, the |#peas well as

layer frame and bit rates can be easily obtairathéNAL packet.

The actual SVC adapter compares the target resn|utiame rate or bit rate (gained from the adaptatiecision

taking process located in Master Application Coligrd with each packet. The controller parametars @pdated in
certain intervals such as in GOP borders, but tteptation is made along while reading the SVC streln the

example case (Table 2) the adaptation rules tdrgete rate = 30, target_bit_rate = 200 would reisuttropping out

the layers 4, 5 and 6 since their bit rates extedarget bit rate value. After a packet belondmtayer 4, 5 or 6, the
adapter proceeds to the next packet, extractbéicks the rules again and puts it forward if cdl@rqarameters are
fulfilled.

2.2.4 Preliminary results from the simulation chain

The SVC adaptation functionality was tested witmge simulations in the OMNeT++ chain, tested bgrding the
target bit rate at each one second period. Thettdnig) rate was at highest 512 kbits/s and at [0W88 kbits/s. The
original SVC video to be transmitted contained tgpatial layers with 15Hz QCIF base layer and 30HE C
enhancement layer. The future simulations for S\dapgéer will contain streams, where all the scai@dsl are
represented.
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Figure 13 shows how the SVC adapter tries to fireddlosest layer, which has the target bit ratetuAl bit rates’ refer
to the adapted bit rates, which have been detethtigghe adaptation logic. The preliminary simwas prove that the
SVC adapter is capable to decrease and increased® bit rate in situations when it is not possitn send video data
with maximum data rates.

Table 3 presents the statistics collected durimgfitlst 10 seconds of the simulation, the numbedistarded packets
and target vs. actual bit rate diagrams can be falsod from Figure 13. The statistics were colldctsoth from
OMNeT++ data collectors as well as saving usefih da text files during the simulations. The reimgitand adapted
.264 SVC file contained 150 frames. The biggeskeidrop rate in the simulations was between 4e63@s, when all
the spatial enhancement layer packets were distarde

Table 3 — Statistics collected from the simulations

Time period(in Packets processed Received Layers Number of packety  Target bitrate vs.
seconds) # discarded 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 fireddlosest layer, which has the target bit ratetual bit rates’ refer
to the adapted bit rates, which have been detethtigghe adaptation logic. The preliminary simwas prove that the
SVC adapter is capable to decrease and increasede bit rate in situations when it is not possito send video data
with maximum data rates.

Figure 13 — Preliminary simulations from SVC adapte.

The corresponding diagrams for adapted and nonted&)/ C for MAC data rates in the terminal can éensin Figure
14. Similarly as in previous figure, the x-axis ggats time in seconds and y-axis bitrate in kbitBfe MAC bit rate
diagrams were picked up directly from omnetpp.\ikx fvhich was generated during the simulation. &8a observe
that the data rate is reduced when the adaptatipariormed.
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Figure 14 — Simulation statistics from MAC data bitates.

2.3 Application controller for H.264 AVC video

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

Mobile healthcare (m-health) is a new paradigm thaings together the evolution of emerging wireless
communications and network technologies with thecept of ‘connected healthcare' anytime and anya2&] [29].
However, there are two critical issues affecting sluccessful deployment of m-health applicationsfthe wireless
communications perspective. First, wireless conmiggtissues and mobility requirements of real-tirbandwidth
demanding m-health applications. The recent adwaimc®.5G and 4G systems are addressing somes# thallenges
that require advanced and efficient telemedicaltimeldia content delivery. Second, the QoS issums the healthcare
perspective and their required levels to guarardbast and clinically acceptable healthcare sesvittence, the need
to introduce a new sub-category of the traditioQalS that is customized for such medical applicatiand critical
wireless telemedical scenarios. In this sectiorfageis on the concept of m-QoS that can be defisetth@augmented
requirements of critical mobile healthcare applicais with respect to traditional wireless Quality &ervice
requirements Providing end-to-end QoS in real time medicaleaiddelivery in wireless networks is becoming an
increasingly important requirement in mobile commsations and wireless multimedia systems [30] [32][ Medical
QoS issues are also addressed from a differenpeetige in [33] in this special issue.

In particular, supporting robust video communicasioover wireless networks is a significant problgmimarily
because of two factors: low bandwidth and the tiragying characteristics of the transmission chanmikrefore,
adaptation schemes have to be applied in orderdcome these challenges.

The recent deployment and introduction of 3.5G ayst (High Speed Downlink Packet Access (HSDPA)] [84]
represents an enhancement of W-CDMA networks wighdr data transfer speeds, improved spectraliefity and
greater system capacity with a theoretical downtiaka-rate peak of 14.4 Mbps (typically around Mil#ps) and with
uplink data-rate of 384 kbps. Although the downlid&ta rate in 3.5G networks provides improved cotivigy
conditions for robust m-health applications andnsc®s, the uplink data rate still constitutes gamahallenge for
different wireless multimedia telemedical systems.

The main contribution of this section is the prdpos of a novel adaptive rate control algorithnt foedical video
streaming in bandwidth demanding m-health appleceti Such rate-control algorithm - Q-USR - basedhenconcept
of reinforcement learning leads to fulfilment oétm-QoS definition.

To validate the concepts introduced in this sectioe adopt an advanced wireless robotic tele-ultragraphy system
[29] as an example of a bandwidth demanding m-hesjstem with different m-QoS requirements. Theaaded
medical robotic system (mObile Tele-Echography gisin ultra-Light rObot - OTELO) is a fully integeat end-to-end
mobile tele-echography system for population grainas are not served locally, either temporarilypermanently, by
medical ultrasound experts [27]. It comprises & fpbrtable tele-operated robot allowing a spestadonographer to
perform a real-time robotised tele-echography toate patients. Figure 15shows the main operatiblmalks of the
system over a 3.5G communication network. Furtlegaits of this system and related work are desdribg26] and
[27].
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Figure 15: The OTELO mobile robotic system over a 3G (HSDPA) communication network.

2.3.2 Medical Qualiy of Service

The main quality of service metrics in video str@agrenvironments are summarized in the following:

« Utilization;

» Packet Loss;

» End-to-End delay;
* Delay jitter.

These QoS metrics need to be guaranteed by theedeli network in order to provide satisfactoryetirss multimedia
services [44]. We assume that for medical QoS édbnsidered bandwidth demanding m-health applicaixtra
bounds and functional metrics need to be addeaketdraditional QoS metrics outlined above. Tablsotes an example
of m-QoS metrics for teleultrasound streaming i @TELO system. The functional bounds reportedspezified by
previous clinical evaluation studies of such aeysf27], where abdominal ultrasound scan was censid Bounds on
the video quality are reported in terms of the gitzed PSNR metric and in terms of the structuraiilsirity (SSIM)

index, a quality assessment method focusing orstituetural similarity between the original and thistorted image
[56].

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

m-QoS metrics Functional Bounds
Image quality (PSNR) > 36dB (QCIF -144" 176)

> 35dB (CIF - 288 352)
Image quality (SSIM [56]) > 0.9

Frame Rate > 51ps (QCIF -144" 176)
> 7 fps (CIF - 288 352)
End-to-End Delay < 350ms

The relationship between the m-QoS metrics repoirte@iable 4 and the generic wireless QoS metricejmrted
below.

1- Utilization: The main two data types that can be transmitiedil&aneously by the OTELO Patient station
(Figure 15) are the ultrasound streaming data heddbotic control data. However, due to the lowegated
data rate by the robotic control data (5-6 kbp®,censider in this study the ultrasound streamuhg)(data
only. To achieve an optimum utilization within thgailable bandwidth, data need to be within thelabke
bandwidth with good link utilization. This is implil in the image quality index and the frame rateriose
shown in Table 4. In the Q-USR algorithm, we asstimedink utilization factor as the constraint bétextent

we can increase or reduce the image quality anddlevant frame rate to utilise the available baiddhv
optimally.

2- Packet loss Transmission impairments, such as packet log,impact differently on the medical expert's
perception depending on where the loss occursmitte video clip. Measuring the average packetdasmot
predict the impact on an expert viewer's percepgione the same packet loss rate can produce arange of
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different qualities [40]. Therefore, the effect pdcket loss is implied in the image quality indertrics
(PSNR and SSIM) shown in Table 4 .

3- End-to-End delay: this is an important issue that is explicitly mtiéed in Table 4. Streaming video requires
bounded end-to-end delay so that packets arritteeateceiver in a timely fashion, in order to beatied and
displayed correctly. If a video packet does noivarron time, the play out process will pause, whigh
annoying to human eyes. For this robotic m-hegtthlieation the end-to-end delay is the round tepponse
to the hand movement of the expert that contradsrtibot and, in the mean time, is receiving cormtirsu
ultrasound stream in real time. The end-to-endydiglathe OTELO system should be lower than 350anse

4- Delay jitter: This is represented by the arriving frame ratdricge inTable 4. The recommended delay jitter
for normal video streaming applications is withins@c. This is also acceptable for the current naédic
platform. The delay jitter effect has been mitighlg the decoder buffer as it will be shown in fibkowing.

2.3.3 Rate Control for wireless (US) video streagmin

Rate control is an important issue in video stregmRate control attempts to optimally match the & the video
application to the available network bandwidth. Timgportant factors are considered here: maximizirggutilization
of the bottleneck and minimizing the congestiom ofetwork. A class of rate control approaches idehbased or TCP
friendly (TFRC) approach based [49]. In TFRC thePTfdendly rate is determined as a function of gadkss rate,
round-trip time (RTT), and packet size, to mimie flong-term steady performance of TCP algorithm.[B@&r the
estimation of the RTT, in general there is a larggation in end-to-end delay in wireless Interf&]. Sending only a
single acknowledgment to measure the RTT duringelgiined period of time may be inaccurate andatdei
Furthermore, in wireless networks the end-to-enckpaloss can be caused by either congestion losstal buffer
overflow or the bit errors occurred in the wireldsk. Efforts to improve the performance of TFRE wireless
environments include [21][22][53][25][35]. SinceetiT CP-friendly rate calculation depends on the evafipacket loss
reported by the receiver, these approaches eitderénd hosts from packet loss caused by wireleaarel error, or
provide end hosts with the ability to distinguiséteen packet loss caused by congestion and thaeday wireless
channel errors. Therefore there is a need for ssomneof end-to-end packet loss differentiation astimation. Some
examples can be found in [25] and [24]. In suck caintrol approaches (probe and model based rateofameasuring
the packet loss requires this extra stage of pdoketdifferentiation.

The work we present in this section uses the pb@sed approach based on probing the wireless netwaneasure
the available bandwidth instead of measuring thekgiaoss.

We propose a novel technique to estimate the dlailzandwidth based on the linear prediction apghrqaPC) [48].
Linear Prediction is a mathematical operation ifnchifuture values of a discrete-time signal arénestied as linear
functions of current and previous samples. Theeturavailable bandwidth is estimated from previbasdwidth
readings.

In particular, the focus of this work is on ratentol at the application layer for quality maxintisa. From previous
research, rate control algorithms for media trassion optimisation are mainly based on either Lagjen
optimization or dynamic programming (DP) [43][3&lthough the Lagrangian multiplier based optimakeraontrol
methods are less complex than rate control methaded on DP [43], the Lagrangian multiplier methods/ suffer
from two main problems, such as having negative ditd real numbers [37]. In the rate control athamiproposed in
[43], the optimization methods used to solve thee reontrol problem are based on dynamic programnaind
Lagrangian multipliers. This work assumes a twaestdnannel model and it shows the effect of feekiloltay and of
the mismatch between the underlying channel behawind the assumed channel model at the encoderafjiroach
proposed in [38] uses the dynamic programming ntethds based on the rate-distortion optimizedligption-level
retransmission scheme presented in [39]. The dowrgcenario is considered, where the available Watl is not a
major issue as compared to the more problematielegs uplink bandwidth scenario that is addressedii work. The
work in [46], [30] and [32] is based on a networkeaie joint source channel coding and decoding (JBE&pproach,
based on two controller units at the physical dreapplication layers. The two controllers worketthger to provide
control for both the source encoder and the phiag@r parameters to satisfy user requirementsrdss-layer rate
control strategy is adopted.

In this section we focus on the application layeg:assume that the physical layer is addresseldebyireless standard
(HSDPA) and we cannot modify physical layer pararset

We propose a new application layer rate contrabrtigm that adjusts the sending rate of the soarm®der according
to partial knowledge about the mobile link throughand leave the error control issues to the |dasgers.

New directions in the design of wireless systemsidbnecessarily attempt to minimize the errorgatethe system,
but to maximize the end-to-end quality. The nortistary behaviour of the channel is exploited stidt in case of
good channel states significantly higher data isssipported compared to bad channel conditionadffition, reliable
link layer protocols with persistent Automatic RepeeQuest (ARQ) are typically used to guaranteardree delivery.
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For example, in HSDPA systems ARQ, adaptive modraschemes, and multi-user scheduling considetiireg
channel states are combined to significantly enbahe throughput [52]. It should be noted thatetéht network
technologies might implement rate control in diffietr levels, such as hop-to-hop level or networlelleMevertheless,
for IP-based networks involving multiple networkitechnologies, it is common to rely on rate congetformed by
the end-hosts application layer [44].

The approach presented here, targeting at dynamittiobjective rate control optimisation in 3.5Graless medical
video streaming applications, is based on modetliegrate-control problem as a Markov Decision EssqMDP).

We propose a scheme using a form of real timeasieriment learning known as 'Q-Learning' [57]. Q#ag has been
used previously to solve several network contrabpems [47] [36], but it has never been used, ® #thors'
knowledge, for the purpose of optimising rate-cohfior wireless video transmission.

The main advantage of this method is that it alladlsamic adaptation and it does not require a-pkioowledge of
the state transition probabilities, which are véifficult to estimate due to the large fluctuatianghe bandwidth and
channel conditions of mobile networks. Furthermang, method does not require an explicit modeltifier undelying
wireless channel

2.3.4 The Q-USR Control Algorithm

In this section we describe the proposed Q-USRritgoic approach: in order to match the data ratulting from
medical video acquisition with the network availbandwidth, a trade off among the different m-Qe§uirements
described in Section 2.3.2 has to be consideredratedcontrol can be used to control the transmgjttiate of the
ultrasound data in a way that satisfies both thevaidk requirements in terms of available bandwidtid the medical
QoS requirements.

In the Q-USR algorithmic approach, the rate conpalicy of wireless video streaming is regardechatiscrete-time
Markov Decision Process (MDP) problem.

A discrete Markov decision process is a stochgsticess represented by a finite number of st&ed-or each state
sl S a finite set of actionsA is possible. By selecting the actiay | A at the time stegk, we incur a cost

C(§< , ak) A policy p consists of the assignment of an act@nin correspondence of the steg at each time step
k.

In our scenario, we assume the adaptive contriglidgre decision maker, known as agent, that manttoe environment
state and accordingly assigns actions. When thatagalizes this action, the environment's statengks, the agent
receives the new environment's state and signdlamogdiate reward or cost, as a consequence gfrtheous action.

Based on this information the agent updates itsMedge base. The process is repeated until thet agaohes an
optimal policy p that assigns optimal actions leading the envirarirteea state that satisfies the control constsaint

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

The congestion in the network is sensed via theagcbuffer occupancy as shown in Figure 1. Werasstine buffer
occupancy represents the statuf the system. Action® consists of modifying the source encoding pararadte
terms of quantisation step.

We define the system statg at time stepk as the buffer occupancy stabg.

_ . L _ _
We assume the buffer occupany can assume values in a finite &F{b(l),b(z),...,b( b)} . In the simulation set-

up in Section 2.3.5, 10 buffer occupancy percensagges in the range dl0% to 100% are consideredl(, =10).
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Based on the system staxg and on the evaluation of the reward/cost for gaugsible action, the video streaming rate
controller will determine an actiog, , which is defined as the scaling factor that dffdbe quantization parameters

and eventually affects the quality of the comprdsesage. The values used for the scaling actorof@e®|, ) belong to

. L . . ) .
a discrete sefA ={a(1),a‘2),...,a( a)} . In this work 10 values of actions - correspondinden values of the video

encoder quantisation parameters have been chdsgr L0). The value of the action will be either an ineén the
value of QS or a decrease in the value of the @8.video frame rate (variable in our approach) thedvideo quality
are affected by the selection of such an action.

If the state-action paifX,a) has been determined, an immediate cost is defiaed

G- b,O ,max M,O . max F-8&

m W, W

c(x,a) = max{ max 0} ()

where 6 =80%, e, = 36dB (if we use PSNR as quality index) a® = 5fps are the bounds set by the authors
for the buffer occupancy, the quality indexQl and the frame ratd-, respectively. The€, and &; values were

chosen to reflect the m-QoS bounds shown in Tablg/4 W, and W, are positive weights set by the authors; their
values are 0.1, 0.5 and 10 respectively. Such satage been selected with the goal to give a higlegght to buffer
occupancy and a lower weight tq .

In (2), the value ofc(X,a) assesses the immediate cost incurred due to $ignasent of the actior@ at state
X. The basic idea is to assign a lower cost to tiiers resulting in a lower buffer occupancy, higheality (QI )

and higher frame raté-, . We have three objective functions, so it is atimbjective design problem. An approach to

solve a multiobjective design problem is to fornt@lthe problem as set of algebraic inequalities tast be satisfied
for a successful design [58]. In this work we use method of MINMAX [45] in order to combine therd¢le objective
functions together as shown in (2) above. Theative of the learner is then to find an optimalipplresulting in
the actiona for eachX, which satisfies a cumulative measure of the defhed in  (2) over time. An evaluation

function, denoted byQ(X, @) , which is referred as the total expected discalirgturn from the initial state-action pair
(x,a) over an infinite time horizon, is given by [57]:

¥
Qxa)=E  g'c(x.a)|%=xa=2 ©)
k=0
whereE is the expectation operator agd O£ g <1, is a discount factor (in this work we assuge 0.8).

The rate control algorithm consists of determinting optimal action, denoted t@z* , which minimizes the Q-function
represented in (3). The minimization of the Q-fumetrepresents the fulfiiment of the defined m-Qe&uirements.
Based on the Bellman's theory in Dynamic Progrargniiz8], there is at least one optimal policy thatisies the

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

Q(xa)=C(xa)+g P, (@) min{Q(y.b)} @
y
where C(Xx,a) =E{c(x,a)}. Equation (4) indicates that the Q function of tharent state-action pair can be
represented in terms of the expected immediate afotite current state-action pal(X,a) and the minimum Q-
function of the next statey and actionb ny(a) is the state transition probability from staxewith actiona to the
next statey , i.e.:

P,(a) = Prob(y|x,a). (5)
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However, it is hard to find th€(X,a) and P, (@) to solve (4). Based on the Q-learning approachcavefind the

optimal rate control without a priori knowledge &¥(x,a) and P, (@) [57]. To find the optimalQ’ (x,a), the Q-

learning algorithm computes the Q value recursivaling the available informatioi, a,Cc(X,a) . The Q-learning
rule is defined as [36]:

_ Q(x,a)+aDQ(x,a) if a=a
Q0a)= Q(x,a) otherwise ©

wherea , O£ @ £1, is the learning rate. In this work we selected= 0.5.
DQ(x.a’) =C(x.a) +gmin{Q(y.b)} - Qx.&) )

Since only one state-action pair is chosen forwatan in each learning epoch, for the Q-learninig,ronly the Q
value of the chosen action pair is updated, whetbas others are kept unchanged. In (6) the operatib

mina{Q (y,b)} is executed by comparing the Q-values of all thesjble action candidates for staye and then

choosing the desired actidh with minimal Q-value.
Figure 1 shows the state model of the Q-USR algaritlt shows the timing sequence between the Qulegr
controller and the wireless medical video streangingironment in terms of states, actions and releraward/cost.

Figure 17: Implementation and architecture of the QUSR algorithm at the application layer, on the topof a
3.5G mobile network.

Note that, although the controller action consistshe selection of the source coding quantisaiarameters, such
action also results in determining the video fraate at the output of the source encoder and tkiehnéfer status.

The frame rate I, ) estimation is performed using the following eduat

F. =CRFs (8)
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where CR and FS are the channel rate and estimated frame siz&nGhe estimation of the channel rate (performed
through linear predictive coding based on previmeasurements received as feed-back) and the estinatt the
frame size resulting from the selected quantisgimmmeters, the frame rate selected by the ctertisldetermined by
(8).

The encoder buffer model used here to measureuttier mccupancyb is based on the following equation [51]:

_ Fu- (CRF)

b= ——p—*h, ©)

where FS'k and bk are the size of the frame at the input of thedmfi bits and the buffer occupancy respectivddy.

is the buffer size;CR and F, are the channel rate and the frame rates respbctiwith this implementation of

encoder buffer model, we ensure that decoder buffeterflow will not occur, since it occurs when #lle bits
corresponding to a given frame are not preseriiria to be decoded.
At each learning epoch, an action is selected daugto the table of Q-values and the table of Qiesis updated.

2.3.5 Implementation and Results

In order to validate the algorithmic concept inwodd above, a simulated OTELO system set-up waslajgsd to
validate the performance of the proposed Q-USRrobmilgorithm. The relevant algorithmic implemeidat was
carried out using LabVIEW and MATLAB. 3.5G/HSDPAtwerk connectivity using the Vodafone/UK system was
used for the experimental data transmission wiata rate of 1.8 Mbps on the downlink and 384 khphke uplink.

As shown in Figures 1 and 2, the feedback inforamathat the Q-USR controller requires consistshef¢hannel rate

(CR), the Frame RateK. ) and the image Quality IndexXQl ). In this case we use the Peak Signal to NoiséRat

(PSNR  as the quality evaluation index. The feedbackrimition is received by the network feedback amsly®ck
and theCR value is fed to the encoder buffer managementderato calculate the buffer occupanbywhich will be

used as the state of the environment in Q-USR ebatgorithm. TheF, and theQIl parameters are used by the Q-

USR block to calculate the cost function  (2), ldain the resultant optimal actions that will bedivy the encoder
to adapt its rate.

The encoded image streams pass through the engoffier and is then packetized and delivered vialibé# transport
protocol to the lower IP based layers. The ultrasoscanner data stream used is at a rate of l@nfpst a resolution
of (320x240). It has been captured using a vided aad fed to the laptop at the patient statiore Taptured images
are then re-sampled to the QCIF (176X144) formdlt tven encoded using the H.264/AVC JM12.3 AVC videdec
test model [54]. Due to the mismatch between theegded rate at the encoder/decoder and the aleilab
communication bandwidth, we use the encoder/dectuéier management structure shown in Figure 16e Th
experimental tests were carried out at differeat 825G network loading conditions, especially @alp working hours
and the 3.5G testing results reflect these networiditions.

At the stage of UDP packetization shown in Figusedach encoded ultrasound frame is divided imaraber of UDP
packets. Depending on the video codec used, theelud the packet size in video streaming commuitoais a
challenging issue [50]. Choosing small UDP packet sneans generating more packets per frame anteHarger
frame size due to the added headers. On the otlaal, hchoosing large packet size is not feasiblaviieless
communication, as those packets can be droppéd ifvireless link suffers bit errors due to noisd tading. When the
packet size is large, dropping a packet meansdasiarge amount of information that will affecetiecoding process.
In 3.5G wireless communication, one of the uplitiygical channels used to transmit data is the RéglicChannel
(DCH). This channel can have bit rates from a féwskto 384 kbps depending on the maximum link pcamerthe cell
capacity. However selecting the DCH channel fondmaission requires a long setting up time. Thesefother
transmission channels are used for example Forvwacgss Channel (FACH) and Random Access ChanneCHRA
that require less set-up time but can carry lowerdie. The choice between these channels (DCHCIRAACH)
depends on the packet scheduler buffer threshdldeifMedium Access Control (MAC) layer, if the patkize is low
then RACH/FACH is used, otherwise DCH is used [42fe recommended packet size to use in DCH isdmdhge of
(128-512) Bytes [42]. Experimentally in this wotlsing the packet size range above, it was fourthieabest reliable
connectivity in this application can be achievedchgosing a packet size of 300 Bytes.

The Q-USR rate control algorithm described above a@plied. At each decision time step an actiseisected based
on the table of Q-values obtained according tar(%fhie previous step, and the table of Q-valueptated.

Figure 18 shows the comparative performance objls¢éem using the Q-USR algorithm and using the catdrol of
JM12.3 test model. In this test, the same encogm@mmeters have been set in both cases in ordeave a fair
comparison. Only quantization parameters and freateeare modified in our algorithm, by keeping Haene total bit-
rate as in the reference case. The GOP structieetse here is of IPPPP... type with 10 framesgueup. The figure
shows that the proposed algorithm achieves impr&®@&NR with an average gain of 2.5dB. This is atetkgense of a
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variable frame rate: the frame rate is kept constadM12.3 rate-control, whereas with our algaritthe frame rate
varies with time, with the lower constraint givey the mQoS requirements in Table 4. In the examgperted in the
figure, the frame rate is 10fps in the JIMmodel, rglas in our case it varies between 8fps and 1&psn for the cases
where the frame rate for both the Q-USR contrddled the existing JM12.3 rate control algorithm toe same, the
achieved PSNR is still better in the case of Q-WBRtroller. The figure also shows that for the regd rate controller
the achieved PSNR and frame rate for bitrate of ®&@&bps was within the acceptable m-QoS functidominds in

Table 4.

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

Figure 19: 3.5G uplink bandwidth capability measurel during the experiments

Figure 19 indicates that the achieved data rate RBNR of 36dB and frame rate of 5 fps) is withie @available
bandwidth of the 3.5G uplink link of approximated§ 360 kbps. The experiments to test the 3.5G lpdivailable
bandwidth were carried out by uploading files walhge sizes and measuring the average throughpigveed at the
receiver. The proposed algorithm adapts the sendibtg according to the available bandwidth. In tiwsrk the
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available bandwidth was measured based on measinéngverage throughput for the ultrasound streaen time at
the receiver using the bottleneck capacity estmmatiescribed in [55]. The measurement of this agethroughput is
then sent from the expert station to the patieatiast. At the patient station the current averdgeughput is predicted
via Linear Predictive Coding (LPC) [42].

Considerations in terms of delay have been perfdrme order to verify the compliance with the definm-QoS
parameters. The transmitter buffer size has belented in our experiments taking into account tekay requirements
of the described telemedical application. In thsuls shown above, the buffer siZ2 is assumed to be twice the
average frame size.

The performance analysis of the packet delay atBkgert station shows an average packet delta fljpe(time
difference between two consecutive packetsat2 s and standard deviatioh, of 0.063s. The time delay for the

expert side to request the ultrasound ima§jesis measured at 0.07 sec, which is based on thsntiasion of 16 Bytes
robotic control data. The total end-to-end delay ofhe system can be estimated as
T=T,+T,+T,.=(0.12+0.063+0.07)s = 0.253 which is within the acceptable medical requireraeior

robotic diagnostic quality, that are quantified @s35 s. The delay variation (jitter) in this experimemas found as
0.063 sec (which is the standard deviation of the ditte).

[a] [b] [c]

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

2.3.6 Conclusion

In this section we proposed a new rate controlrélyn (Q-USR), based on the Q-learning approacht #atisfies
medical quality of service requirements in bandiidemanding ultrasound video streaming. A comparisbthe
proposed Q-USR controller and the "standard" H.2&é control algorithm is also provided, showing thetter
capability of the proposed scheme to dynamicaltisathe medical QoS requirements. Simulation ltssshow that
the proposed algorithm keeps both the image qu#$NR) and the frame rate above the minimum m-QoS
requirements, also fulfilling delay requirements #nprovement in PSNR is achieved with an average gf 2.5dB.
Real-time 3.5G network and simulation tests wit264. compressed medical ultrasonography video shoav t
successful implementation of the proposed algorithan allows the selection of the suitable raterer to satisfy the
proposed m-QoS metrics. In addition, the end todaidy was 253 msec which is within the m-QoS df 8%. Visual
results of the received images show the bettemdistic image quality of the received image unddd &R controller.
Further work is ongoing to develop a cross layesebdam-QoS control system and to consider next giénarwireless
communications systems like HSUPA and beyond.
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3 Base Station Controller

In this chapter we report the solutions developedife Base Station Controller. In Section 3.1 wespnt a cross-layer
multiuser scheduling strategy for the support deregeneous traffic in the downlink of a MIMO-OFDMgystem,
with the aim to maximize the sum-rate on the razhannel and ensure Quality of Service (QoS) fofedkt traffic
classes. In Section 3.2 we describe an alternatigion for multiuser scheduling and resourcecaton in point-to-
multipoint (downlink) radio communications scenatitncluding an adaptive modulation and coding négple capable
to guarantee the set of quality constraints spetifiy the Master Application Controller for thefdient users and data
streams. In particular, we consider an OFDMA midtipccess scheme and SISO links between the batsensand
each mobile terminal. Finally, in Section 3.3 wesatébe a technique for frame synchronization exiplgicross-layer
(PHY-MAC) information exchange. In particular, apticmum metric for frame synchronization in dateeamns with
non-uniformly distributed symbols is derived arglperformance is investigated through simulation.

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

In the development of fourth generation wirelessvoeks, e.g LTE or WiMax, OFDM and MIMO technologi®iill be
heavily exploited to support the transmission ofltiple users. In fact, Multi-User MIMO (MU-MIMO) sptial
multiplexing schemes are a promising way to in@eastem throughput and there is a growing intereghe topic as
[80],[81] shows. On the other hand, future wirelessworks need to provide connectivity to heteregers users
offering different data traffic types, e.g. voisédeo, web browsing, etc. This poses several caimt and additional
challenges which can be faced within the framewairkhe cross-layer design [79],[83]. In this frantaly a special
attention is devoted here to those schemes thathde to support the QoS requirements of videongsonication.

Our contribution here is to propose and investigateross-layer multiuser scheduling strategy far slupport of
heterogeneous traffic in the downlink of a MIMO-O®B system. The focus of the research is to maxintieesum-
rate on the radio channel and ensure Quality ofiGer(QoS) for different traffic classes. The salied jointly
considers different objectives: maximize the sute-tn the radio channel, ensure a fair allocatioresources among
users belonging to the same traffic class, consiiedynamics of traffic sources by looking at deday of data packets
in the queues, contribute to maximize quality avee figures at the application level. To expl@mporal diversity
and to reduce complexity, the ergodic weighted sat@-is maximized and dual optimization with statia
approximation is applied to derive on-line algamith [82][84]. The numerical results show the capgbibf the
scheduler to allocate physical layer resourcesrdomp to rate constraints imposed for each diffeteaffic class and
with fairness inside each class, even in presehdédferent channels conditions and different netivmads.

3.1.1 Radio interface model

The scenario considered corresponds to a multarassistem, such as OFDMA, witM subcarriers andK single
antenna users. Let us first model the system vdfarence to a fixed time instant or slot; the tivagiable will be

introduced later. Each usdk receives simultaneously up th; signals from the Base Station (BS) wilN;
antennas. Only one of thBl; signals is intended for usét. Each signal is characterized by a spatial sigeaile. a
N, -dimensional beamforming vecthqu, m=1, ,M, g=1, ,N;, and by a transmitted powep, ;-

Subcarriers and beams are shared by all the Wfersise the discrete variable or indugﬁvqT K0 :{0,1, , K} to
indicate the user (i.e. 0 means no user) thathiedided to use bearg on subcarrierm. Note that only one user or

none can be scheduled for each carrier and each. biize whole set of these variables is the matsik Kg’l "

. 1 M"N .. .. .
whereas the whole set of powers is the mafl R~ T . It is implicitly assumed that ifu,, =0 then
Prmg = 0. However, we have separated user scheduling frowepallocation to make the optimal problem easier.

The signal received by thk th user on tham th subcarrier is given by

_hH \/ pmquq Un +nk,m (10)

This also means thd® has an implicit dependence & and vice versa as shown afterwards.
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whereh, . is the N; -dimensional vector of channel gair, , is the additive white Gaussian noise with variance

k,m

Sf and X, is the complex signal transmitted by the usgr, , if not zero. Bothb,, . and X, are assumed to have
m,q !

m,g
unitary average norm. The received sigiygl, includes the useful signal for uskr if one of the values ofJqu is

exactly K .

The fact of incorporating multiantenna transmisgmia multicarrier system may increase the systapacity but adds
more complexity, which is an evident drawback. Ais iexplained in next section, Opportunistic beammiing [23] is
adopted here to keep low the computation compléritire optimization of the PHY layer parameterd smreduce the
feedback to partial Channel State Information atttiansmitter (CSIT). However, the scheduling efggtconsidered
here can be also extended to a more general frarkefigpatial precoding. As introduced, the maimalge to schedule
several users on each carrier efficiently. The sekisection section will explain how to do that.

3.1.2 Radio resource allocation problem

The aim of resource allocation is to dynamicallgigis radio interface resources to the differentrsuse order to
achieve the best tradeoff among different objestive
- to maximize the sum-rate on the radio channel
- to ensure a fair allocation of resources amorgysubelonging to the same traffic class and/or antae a
minimum amount of resources to some users or dasse
- to consider the dynamics of traffic sources andtol the delay of data packets in the queue aiogrto
requirements of specific traffic classes.
- to contribute at the maximization of quality efrgice figures at the application level.

Following the approach in [28], we consider thexfeavork of ergodic sum-rate maximization for contine (capacity
based) rates extended to the more complex caseultiantenna transmission. Ergodic framework aldoved the

optimization in the time domain. In fact,[L, , N] is the time interval of the optimization, for aggneric system or
user metric, RIN], under ergodic assumption for random processesthim system, the approximation

(IN)  Rn]» E{R[n]} = E{R} =R holds, whereR does not depend on tinfe. Hence, optimizingR means

optimizing R[N] over time interval[1, ,N]. Moreover, in real scenarios, there exists sevieadfic classes to
multiplex voice and video, for example, and buffare limited. To prioritize users according to #evice class and
status of the queue buffers, the weights are introduced; they are not fixed constants,avatrandomly changing

parameters.

The aim of resource allocation is to dynamicallgigs radio interface resources to the differentsisee. to determine
optimal values ofU and P. The problem can be formulated as follows by idtiing the weighted sum-rate
maximization and differentiated constraints

K
max E{wR (U,P}
UP 1 o
st. P(UP)EP
R,(U,P)=R,., KEK, (11)
K
R, (U,P)3 7, R.(U,P), k>K,,
S:K0+l
where
M Np u
R, (U,P)=E{R, (U,P} = E{dk ™ |og, (1+ Gemg (P))} (12)
m=1g=1
is the rate provided to usér and
M Nr
PUP) = E{pn.} (13)
m=1g=1
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is the total average power assigned to users.Ifinal

pm,qck,m,q

gk,m,q (P) = (14)

Ny
1+ pm,sck,m,s

s=1,st q

is the SINR of useK at frequencym, beamd], @} is the Kronecker's deftand ¢, ,, =|h} b I /57 are the
equivalent channel gains for uskr at mth carrier throughgth beam. The first constraint refers to the totaler
used which must be less than a maximum amd®ntThe second and third constraints tell us thatitise Ko <K

users achieve a fixed average rétg, whereas the otheK - K, users share the remaining sum-rate, achieving at
least thefk proportional part of it. Therefore, must satisfy the condition k:1fk =1. To simplify the notation, we

assume thaf, =0,k £ K. We assume thag , ,(P) are known by the BS. In order to reduce compleaipartial
CSIT design is considered. The optimization problesnld be enlarged in order to incorporate the Heaming
design, bqu. However, if the goal is to reduce complexity imetcomputation and in the feedback load, an

opportunistic beamforming design can employed. vhdam opportunistic design just requires parti@l T Each
orthogonal beam is randomly generated for eachastibc, where each user estimates the channelerds sa partial

CSIT report to the transmitter. This CSIT shouldtedn the channel gaing, ,, ;-
It is important to underline that in this problemta and power constraints are referred to averafiges. These

constraints relax the instantaneous constraindingato a reduction in the complexity of the resgtoptimization
algorithm.

3.1.3 Dual optimization and adaptive algorithms

The optimization problem to solve is non convexhia BC. Although the equivalent convex problemha tdual MAC
can be stated, we propose here an alternativeitilgoof lower complexity by exploiting Lagrangianality, that
enables each user to adapt their resources logahythe aid of limited information exchange.

Before introducing the dual problem, the Lagrandgs&acomputed as follows

L(U,P,/, )=/P
K

+ _O(E{(Wk + nz)Rk(U,P)} - /P (U,P)- ”ZROk) (15)
Y Eerm T ROA- m0P)

where the dual variable5, relax the cost function and
M Nyt "
P.(U,P) = Elg,™ Prng (16)
m=1qg=1

is the power assigned to udeér
The dual objective of problem (11) is defined as

a(/, ):rUa;xL(U,P,/, Y=L(U",P",/, ) (17)

where U’ , P* are the optimal solutions which maximize the Lagian for each feasible value df, . Hence, the
dual problem becomes

2@ =1if u=Kk andO otherwise.
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min g(/! )
/>0, 30 (18)

It is important to remark that while the primal ptem is a non-concave maximization, the dual pnobleecomes a
convex optimization. However, the dual problem @ differentiable and an iterative subgradient rodtlis used to

update theK +1 solutions of the dual problem at each discrete fimstant. Starting from initial solution8® and °,

the update equations at théh iteration are

/=l -agl]
i+1 i dgi * (19)

where g is the subgradient of functiog() with respect to/ , i.e.

g) =P-PU",P"), (20)
g' is the subgradient of functiog() with respectto |, i.e.
R, (U",P")- Ry, kE£K,
- o K v
967 R(U"PY-F, R, U",P"), k>Kj @)
s=Kp+l

where [X]Z = max(e,x),0<e=1 and d,, d are positive step-size parametetd.',P"" indicate the optimal

solutions of the Lagrangian at tiéh iteration, i.e. those which maximiig(U, P,/ i).

Concerning the global convergence of the proposgarithm, the system utility in (11) is non-concavéerefore, it
may appear that the proposed algorithm will notveoge or will converge to only a locally optimal vpex/rate
allocation, because it is based on solving the guatblem and yet the duality gap may be strictlgifpee. Note that
spatial power allocation for downlink sum-rate agtiation is a non-convex problem and its solut®still open in the
literature

However, the convergence of the dual optimizatimm@FDMA is well-known in the literature where & proved that
the duality gap is zero if cumulative density fuont(CDF) of channel response is continuous. MésRayleigh and
Ricean scenarios have it but OFDMA breaks this itamd Since each channel in each carrier is apprated by a flat

amplitude andM is a finite scalar, CDF may not be continuous. €fsure the continuityM must tend to¥ ,
M ® ¥ . That means there should be infinity carriers witii bandwidth, unrealizable in practice.

The evaluation of the statistical averages requioedpdate the subgradients of dual varia@sand gi in the dual

framework described in Section IV is not suitatde dn-line implementation. In the practical appiicas, the adaptive
implementation is suggested, where the iteratiorsparformed along timei (becomes the time indeR), and the

evaluation of the average power and rate can be ttonugh a stochastic approximation [28]:fh{“] (U* ,P*) is the
generic rate or power at tima, its averageE{f [“](U*,P* )} can be approximated with the current value of
f [ (U* ,P*) . Hence, in the adaptive implementation, subgrasgiand dual variables are updated along timéy

using the following approximations for averagesrahd power:

m Np

Pl = prolnl
m=1g=1
g M NT U* *
R(n= " d"log, 1+g,  (P'[n)
m=1q=1 mq”

FP7 ICT Call 1 Key line 1.5 “Networked Media” Page 32/60



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

3.1.4 Allocation algorithms

This section presents and discusses optimal andpsiotal solutions of the dual objective in (17k.ithe ways to

derive the solutiond)”,P” given /, . Let us considet, =[u

m1 o Umng ]T as a row ofU that contains for

mth carrier at each scheduling period timethe N user indexes, anpp . =[P, P,y 1" as a row ofP

that containsN; power values. The optimal power and beamformingtisms are difficult in that case due to the cross
dependence among spatial and power allocation.€efdrey, we exploit the exclusive subcarrier and slitdcation
constraints, the separability of rates and poweosacsubcarriers and time slots and the fact thahmel gains are
identically distributed across subcarriers and tghogs to present the dual objective as follows:

a(/, )= rU%xL(U,P,/, )= /P +ME max mac>)<|\/|(um,|0m) (22)
! um pm3
with
NT Ko+l
M(um’pm) = Dumq Iogz(1+gumq,m,q(pm))- InROki ko /M - /pm,q (23)
=1 '

whereD, =m +w, - T j kKO is the state of the multipliers fd¢th user andj > =1 if b>a (0 otherwise) is

the Heaviside step function. The optimal solutigiwen /, , becomes, for each frequenty,

u;, = arg maxM’ (u,,) (24)
with
M (u,,) = maxM(U;,. P (25)
P’

Here, we remind that the argument of maximizatias the implicit constrain,, =0 if u,, =0, and that the

optimal solutionp’;n is the argument that finally leads M (um) . The derivation of the optimal solution highlights

the interdependency of two problems: the spatlatation problem in (24) and the power allocatisolgpem (25). As
we commented, power allocation does not appear esneex optimization. Spatial allocation in (24presents a

discrete optimization problem which requires in gyah an exhaustive search in the space of all plessectorsu .
We may describe this space by using the nun@&r{l, ,NT} of allocated beams (those Wilh\nq 1.0), the
disposition index jT {1, ,N;!/((N; - Q)!Q)} (there are up toN,!/((N; - Q)!Q!) dispositions of Q
activated beams out oN; ), the combination indexhl {1, ,K!/(K- Q)!} (there are up toK!/(K - Q)!

combinations ofQ users over each disposition Qf allocated beams). This huge search space carmlbee by using

by using suboptimal heuristic algorithms. Note t#uateach element of this search space the pouaration solution,
i.e. (25), has to be computed.

By keeping in mind the main task of achieving lomnmplexity solutions, one suboptimal solution canolained by
simplifying power allocation with the water-fillingolution evaluated assuming constant uniform pofeerthe
interfering beams, i.e.

(26)
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u
where the components of , are Vima) =Vj Om’q and the powelN is a parameter which estimates the power of
interfering beams. In this way, in the spatial slthimg, the simplified solution becomes

U, =arg maxM(U,,,p,,)- (27)

m

Further simplification can be derived by decouplisgatial allocation and power allocation by makitigem
independent through the replacemenifu ,,,p,,) with M(u,,,V,,) . i.e.

U, =agmaxMu,,,V,) (28)

m
and by evaluating (26) or (25), after spatial akban, using this approximation af . It is expected that when the

number of userK is very large, the selected combination of uselisbe probably spatially orthogonal, i.e with very
low interference, which makes the solution of (8pjproaching the exact solution.

Concerning spatial allocation, the main issue igethuce the search space. This issue can be fgoesinyg suboptimal
greedy selection procedures. The simplest among ieethe opportunistic selection which also simeéffeedback
requirements. In classical opportunistic beamfognieach user selects the best beam by assuminglthmegams are
active with a preassigned power and feeds backdleeted beam with its SINR, while the base staitotates each
beam to the best user selected among those comdetirthat beam. This opportunistic allocation iswboptimal
solution of problem (28) and would be attractiveeda the reduced feedback requirements, but, orotier hand,
present losses when the number of users is modaréie” .

One of these algorithms is the one considered2h\i$ich can be applied whep,, is replaced withV . A slightly

different formulation which emphasizes the rolaafcheduler as an entity that selects users aogptalia given metric
is summarized here. It iterates the following ofierss until all the availabl&N; space-frequency resources have been
allocated:

- for each usek find the best resourcer; q) which maximizesg, , , (P)
- for each usek find the best other-user combination able to sifi@guencymy with userk. This requires the
evaluation, for each candidate combination of ushkaring frequencyn,, of the metricM(uw ,Vm‘). A

suboptimal greedy search is implemented.
- (*) select for allocation the user combinatiom@ng theK evaluated before, one for each user) with the best
metric andmark the just allocated frequency as unavailable.

The step marked with (*), as discussed later, @aaxecuted by an entity denoted as scheduler, ahé¢he other steps
are executed iteratively by an entity denoted asurce allocator (these steps need only, at eacdtidn, a simple
update which takes into account the new statuseo@tvailable resources).

3.1.5 System architecture

This section discusses the main architectural edtsnaf a system that applies the proposed schegstmategy to the
transmission of multi-user heterogeneous traffievll in the downlink of a wireless system. In thiscdssion we refer
to the scheme in Fig. 1 and the cross-layer aspeetsmphasized.

* Application managerWe consider applications that generate heterogengaffic, e.g. VolIP traffic, streaming
video traffic, FTP data traffic. The VolP sourceyrzave active periods where constant bit-rate @atia stringent

delay requirements is generated and silence peribdsminimum rateR, is set toR,, in the active periods and 0

during silence period. The video source generadégabhie rate data with delay requirements and tiadity is related to
the amount of data arriving at the decoder withim deadline and to their importance in video rettangon. For this

traffic the available rate is shared with fairnassong users of the same class by tuning the paeesrfe;;. The queue

manager can further adapt packet flow to availahle, by using a buffer management polldP, . FTP traffic has not

%When the number of users is not very large sumisateaximized by allocating a number of beams ugishaller
than N; .
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delay requirements and the portion of rate assigoethis class can be shared with fairness by gmfp. The
applications provides the lower layers with theapagetersR,, and fk, the maximum tolerable delay,,, , and the

policy MP, .

*Queue manageiData packets coming from the application are pldnea queue. There is a queue for each traffic
flow. The queue manager provides the scheduler tviétweightsiy, which are dynamically set up to make scheduling

decision dependent on the status of the queuegiitgetan be a function of queue length or waitingetof the head-
of-line (HOL) packet and the choice of this functibas impact on queue stability. Here, as an exantpt following
rule is considered for real time traffic:

W, =1+ b e K Mk (29)
where parametera and bk are used to suitably shape this function of theeito-deadlinel D, (of the HOL packet)
and Z,, is the maximum tolerable delay of the applicatidine weight I/, increases exponentially as theD,

decreases. The queue manager also implements ticg fdP, at each buffer. For example, dropping of expired

packets (DXP) can be applied to voice traffic: pskwith expired deadline are dropped to avoid evadtradio

resource. Dropping based on packet priority ancedépncy (DPD) can be applied to video traffic tevent packet
loss for late delivery in case of peaks in the seuate: low priority packets are dropped from lthéer when the size
of the queue is too large.

« SchedulerThis is the entity that decides which user orcfaisers is scheduled for transmission on the alvksl
radio resources, i.e. subcarriers and beams. Tisidn is based on the comparison of the metktfai ,V ).
Differently from methods providing a QoS resourtlecation scheme, we present a framework that ¢htce metrics
based on the rate providing system which depentherweightsiy, and on the resources available at the resource

allocator. The scheduler, by using the parameljgs and 7, , the weightsi¥, and the information on available rate
elementsr, ., = log, (1+ Gima (Vm)) provided for each subcarridin by the resource allocator, takes decision,

keeps track of rate constraints and updates theesabf dual variable/7}. This entity does not interact with the

physical layer. This architecture also supportesws based on classical opportunistic beamforniintis case, part
of the decisions are taken for each user in theures allocator.

« Resource allocatorThis is the entity that handles resources (spieguency and power). It evaluates the rate
made available by each resource element and a®patwer, based on the CSI provided by the phykgal, and the

information provided by the scheduler. More speaily, it first evaluates the rate elememp;%q and send them to the

scheduler; when the scheduler sends back the $mapeency allocation matrixJ , it generates the power matrfR
and evaluates the ratd?, (U,P) achievable with the assigned resources. At the adrttie process, the resource

allocator also sends to physical layer the modutedind coding formaMCmeq compliant to the rate assigned to each

radio resource element. The resource allocatdr-isterface aware, but does not interact with dneues. The resource
allocator also keeps track of power constraint @pdates the value of .

* Physical layer.Performs the transmission of scheduled data, doupto the resources assigned by the resource
allocator. It also handles CSI feedback, whicholiected and periodically sent to resource allocato
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Figure 21 - Architectural elements of the system it implements the proposed scheduling strategy: Apigcation
Manager (AM), Queue Manager (QM), Scheduler (SC), Bsource Allocator (RA), Physical layer (PHY).

3.1.6 Numerical Results

Here, we consider a realistic scenario which inooates video, voice and data traffic and systemampeters close to
those used in next generation wireless systemsultResill refer to a single cell of the downlink @nh OFDMA

wireless system withM =128 subcarriers working on a bandwidth 425 MHz. The system is TDD and it is
assumed thaR/5 of frame interval is used for downlink transmissi@ven if in real systems a lager portion of the

frame is dedicated to the downlink, here this agunfation has been selected to easily reach theasiatu of the
available band, without the need to increase th@icgiion data rate). The CSI coming from usersipslated every

10ms and for rate assignment a SNR ga30oB is adopted. The users have a position which i®tmly distributed
in circular area of radiu500m. The simulation time i400s.
Channel model includes path loss, correlated shampand time-frequency correlated fast fading. Pagls is modeled

as a function of distance ds(dB) = k, + k; log(d) (k; =40, k, =15.2 for results). Shadowing has a classical

lognormal model (std. deviatio®dB) and exponential correlation in space (correlatimance equal t20m). Fast
fading on each link of the MIMO broadcast chansetomplex Gaussian, independent across antennds aratieled
according to a 3GPP Pedestrian model. This modekhinite number of complex multipath componenith ixed

delay (delay spread d2.3/7S) and power (average normalizedlth Time correlation is obtained according to a 3ake
model with given Doppler bandwidtil6Hz in the results). At the base station orthogonanferming is adopted,
where beam vectors change randomly at each franthelsimulated system the total average poweni@nsis fixed

to W, whereas noise power density2sd 0 2% \W/Hz. To obtain the results we also assume thatieél variations in
time due to Doppler effects have a negligible inipacthe feedback quality. The effects of outddestiback would
require a proper investigation which is out of itepe of the paper.

The first two Tables 1 and 2 have the aim of ingasing the behavior of the scheduling algorithmhwiespect to

different design options for the weight%, , the step sized and the update of variablg®) for voice users, the use of

buffer managements strategies. The performanceefigeonsidered are the average rate assignedrio (e$éciency at
the physical layer), the achieved PSNR for videmgmission and the drop-rate for VolP transmiséiuality at the

application). The fixed parameters af;, = 64kbit/s, f, =1/12, d, =0.01, d =0.00005 The first remark
is the substantial fairness achieved among thereift video users in spite of the very differerdaraiel conditions. We
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also found the following elements. First, the uSeveights 1/ * 1 as in (29), which exploits information on packet
deadline to prioritize in the short term packetprapching deadlines, is important to improve theligy for variable-
rate traffic flows. Concerning the parameters &)(3etting bk as proportional to/7} tends to preserve the fairness.

Second, the periodical update of variabl@g during the silence periods of voice transmiss®mmportant to avoid
data droppingin the first part of voice talk periods where siauijent algorithms needs some time to convergéeo t
new values of/7}. The update of variablegr] requires a virtual assignment of rate which is nstd in silence

periods. Third, the use of suitable packet dropsingtegies at buffer level is important to impraahieved quality at
the application level: dropping packets that wil bseless if transmitted avoids waste of resouacepntent-aware
dropping of selected packets in a video streamadngs the quality at the decoder.

Fig. 7 explores the dynamic behavior of the schadulgorithm for the system configuration corresgiog to the last

line of Table 2. It shows, for one video user, tlebavior of variable/7} and of weighthy, according to the state of the
channel and to the status of the queue (whichustibited through the graph of the normalized timeeadline of the
HOL packet) It is interesting to note thaw, reacts to the state of the queue in favor of 8dna where packets

approach the deadline, where&g follows the state of the entire system with isnskchannel variations (fast fading is
handled by the space-frequency scheduler), tryirmctommodate average rate constraints.

Figure 22 - Dynamic behavior of normalized time-todeadline of the HOL packet in the queue, the dualariable
/m and weight i, for one video user. Scenario with 12 video usersid 3 voice users, parameters as in the last
line of Tab.lIl.

Table 1: Scenario with 12 video users. Rate assigghby the scheduler and PSNR for different choicesf weights
W, . The results in the lower part of the table refetto the use of DPD in the buffer.

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

W, =1, 2035 160-175 311 25

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

b, =4m,a=2 2069 167-177 32.3 2

W, =1, 2030 160-175 33.3 1.8

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

b, =4m,a=2 2067 165-178 34.1 1.8

“The residual dropping rate of one voice user is $iit of results is due to a deep shadowing lagingearly10s.
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Table 1: Scenario with 12 video users and 3 voicsers. Rate assigned by the scheduler and qualitp SNR for
video and drop-rate for voice) for different choice of weights I , parameters bk and d , use of the update

(UP) of dual variables /7} in silence periods of voice transmission.

param. Rate video Rate voice PSNR drop-rate
[Kbit/s] [kbit/s] [dB] [%]
w, =1,d =0.0002 155-171 40, 63, 75 31.4-34.4 64, 40, 19
w, =1,d =0.001 145-168 58, 60, 70 31.4-34.4 48, 27, 18
b, =2,d =0.0002 160-181 44,61, 77 31.9-35.3 53, 20, 16
b, =4m,d =0.0002 153-170 48, 61, 75 32.8-34.8 42,14, 2.6
b, =4m.,d =0.001 149-165 62, 62, 68 32.6-34.7 25,51,4.1
b, =4m,d =0.0002 152-165 73, 87, 102 32.7-34.9 34,1.6,0.1
UP: 4 frames
b, =4m.,d =0.001 146-159 79, 88, 93 32.4-34.4 19,0,0
UP: 4 frames
b, =4m.,d =0.001 143-158 80, 81, 95 32.5-34.2 17,04, 0
UP: 10 frames

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

In this section we describe an alternative solutfon multiuser scheduling and resource allocatianpbint-to-
multipoint (downlink) radio communications scenatidn particular, we consider an OFDMA multiple ess scheme
and SISO links between the base station and eablerterminal, but the extension of the proposedtsgy to the case
of multiple antennas can be done following the @arations of the previous section. Our resourtation algorithm
includes an adaptive modulation and coding techaicppable to guarantee the set of quality conssraipecified by
the Master Application Controller for the differamers and data streams. These requirements gemémal expressed
in terms of target FER/BER and may be differentt@nbasis of the destination user or video layecaise of scalable
video coding. The approach we follow in OPTIMIX tig let the Master Application Controller decide ttagget
performance figures capable to maximize the enerb-video quality, for example through the appiaratof proper
distortion prediction models (see section 2), wtiike BS Controller has the possibility to founddfgimization process
only on the control information provided by the MasApplication Controller. As already highlightettijs two-levels
decision architecture is kept coherent by crosstflagxchanges of control and feedback informatiotwéen the
controllers. In this section we present also sopmults obtained with the common simulation chahgveng the
improvements that our multiuser scheduling and ues® allocation algorithms allow to reach with respof more
classical transmission techniques.

In the considered scenario, the BS has to trangiséto and data packets ¥ users, assigning the available radio
resources and deciding the transmission parameteerfect knowledge of the radio channels is asshiat both the
receiver and the transmitter side. This can beraptished by channel estimation at the receivelgved by proper
mechanisms to feedback the CSI at the base stdtic@iternative, in case of time division duplexifitbD) schemes
the base station may be able to estimatekihadio channels from training symbols in the uplirdkmes. We consider
downlink intervals of fixed duration and in eachtieém the BS can transmit a single frame. Cle&ejore transmitting
a frame, the BS Controller performs multiuser scitied and resource allocation algorithms. Therhatphysical layer
the correspondent time-frequency frame is built amtlulated through classical IFFT processing ardicyrefix
insertion.

In general, optimal scheduling and allocation sfas would require to jointly assign radio resesrdransmission
power, modulation schemes and channel code rateshfo different users within each frame. Howevdre t
computational complexity of such an approach iseemely high and makes it unfeasible from a pratpo@nt of view
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in most communications scenarios. Thus, followangapproach quite common in the literature anchdftend in real
communication systems, we opted for a suboptintdirigue consisting in two successive steps:

1. assignment of radio resources and corresporicergmission power to different destination usacsording
to their priority class;

2. joint selection of code rate and modulation soée

Similarly to what proposed in Section 3.1, steps Imiodelled as a weighted sum-rate maximization Ipmpand its
near-optimal solution is found through the dual laanggian optimization. Based on the output of thevimus step and
on the specific modulation and channel coding s&seivailable, step 2 determines the transmissiocanpsgers
capable to guarantee the target performance reqeires. In the following we will describe the propdgechniques in
major detalil.

3.2.1 Multiuser scheduling and resource allocasilgorithm

Let's consider a time-frequency frame composedNby OFDM symbols with N, subcarriers each. The frame is
subdivided in several resource blocks (RB), camstity the minimum amount of radio resources whiagh be assigned
by the algorithm. Each RB is formed by a setMf,, adjacent subcarriers withiM  successive OFDM symbols.

Let's define alsoN_,@N,/M

frame respectively. Then, the number of RB thataigerithm needs to assign Nz = N, XN, . In the following

and N @N /M the number of frequency subchannels and time &tosach

sC

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

Figure 23 — Time-frequency structure of a transmisisn frame.

Clearly, in real transmissions the RB size showdchosen taking into account a proper tradeoff betwthe target
performance in terms of efficiency of the resoualiecation and computational complexity of the optiation process.

As in [78], we assume that the radio channel betvibe BS and each receiver can be modeled asod $ét, parallel

AWGN channels characterized by different signahtise power ratios (SNR). Since we consider sloglyying radio
channels, characterized by coherence bandwidtlerddhgn the bandwidth occupied by a single frequesubchannel,
the SNR for each subcarrier of a RB is approxinyaeé same and its value does not change withiarad. Thus, we

can indicate withg, (n) the normalized SNR for the subcarriers belongmgubchannen at receiverk, i.e. the
SNR correspondent to unitary transmission powensitering them -th time slot in the frame, the number of bits that
can be reliably transmitted to uskrthrough RB(m, n) is then
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¢, (n, (M) =M M log, (1+g,(Mp,(n)  [bits/RB] (30)
where P, (n) is the power allocated on each subcarrier of tBe ®onsidering a given time slot, we calbwer
allocation strategya set{ p, (n)} with p,(n)2 0 for k=1 K andn=1 N Moreover, a power allocation
strategy is saideasibleif each RB is assigned at most to one user,fi.g,i(n) xp, () =0 for kK * |. We indicate

with D the set of all admissible power allocation straeg
For each transmission frame, the scheduling antation tasks are executed iteratively, on a titoekssis. For time

slot m, with m=1 N, the process of resource and power assignmenbiellad as the weighted sum rate
maximization problem:

ts?

K

maximize M r(n, p.(n)
{PiD o s

subjectto  r,(n, p (n)) £ B{™ k=1 K
nl s,
K
M, n) £ P,
k:prk( ) £ P 31)
p (N2 0 "nl S, "k=1 K

Ea Sl {12, Ny

where we have used the following notation:
- §  is the set of subchannels assigned to Usem the current time slot (clearly, for a feasiewer

allocation strategy it will béS, C § = A& for k* I);

B,ﬁm) is the amount of bits present in the transmissiofier of userk after the previousm- 1 time slot
allocations;

- /M is the weight currently assigned to uder basically dependent on its priority class andrentime spent
in queue by its head-of-line (HOL) packet;

S ) (n, P, (n)) is the rate achievable assignif§B(m,n) to userk and allocating powerp, (n) on the

correspondent subcarriers. In this work we havesicemed a slightly modified version of (30), asa#®ed in

more details in [85][86];
P, represents the total transmission power availtasleach OFDM symbol.

Following the approach also adopted in the preveedion, we solved the maximization problem (3ttptigh dual
Lagrangian optimization. In fact, although (31)nist a convex maximization, it is well known thaetHuality gap

vanishes if the number of frequency subchannetdi¢écate tends to infinity [78]. In particular, N, 3 8, the power
allocation strategy optimizing the solution of tth@al problem is almost identical to the optimalusioin of the primal
problem [78]. Clearly, the main advantage of wogkiwith the dual case is that it is represented bgoavex

optimization problem and many numerical methodshmnsed to solve it.
The Lagrangian function of problem (31) is:
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L{p.(n), re(n, pe(n), 7, G} =

K K K
= m r.k(n! pk(n)) -/ Msc pk(n) - I:1ot - g« Ie (n! pk(n)) - Blim)
k=1 S k=1nl S k=1 nl S
K K (32)
= ((m - gIr(n, p(M) - /M p (M) +/Py +  qB™
k:lnTSk k=1
K K
= f(pk(n)’/’qli ’qK)+/Ptot+ quIEm)
k:1niq< k=1
where/ and g, (with k=1 K) are the dual Lagrangian variables and we havieetf
f(p(n)./.q,, .q)@m - g)r.(n, p(n))- /Mg pc(n) (33)
Let's introduce the function
9(/.q. .q¢) =, max L{p,(n),r,(n, p,()./.q} (34)

{ P (W} D

defined for" / >0 and" g, 3 O, with K=1 K. The dual optimization can be stated as the cooptirization
problem:

minimize 9(/.¢., .Gx)
R TIY

subjectto / >0 (35)

9,20 "k=1 K.

Thus, if we are able to computg(/ Ny ,qK), we can solve this problem applying some techrsquedid for

convex optimization. In this work, we adopted agiem algorithm, to which we applied some minor nficdtions in
order to take into account the non-negativity & Liagrange variables and to avoid the numericaéhlilgty occurring
when the constraint on the total power becomediireac

Now, let's see how we can compu®/,q,, ,q,). If we fix a set of values for the Lagrangian ehies, the

maximization (34) is obtained by finding the fedsilsubchannel and power allocation maximizing tingt double
summation in equation (32). This operation can &&le accomplished with the technique suggesteld@@h First of

all, we observe that, if subchannlis assigned to usd¢, no other user can transmit on that subchanrtéecurrent
time slot and the correspondent contribution todbeble summation of (32) is maximized by a powaug satisfying

d
dpy (n)

((m - gJr(n, p () - /Mp,(n) =0 (36)

or the null one, i.e., assuming (30) as the expadsr the achievable ratk, (n, Py (n)):

0 MS(”Z - g ) 1
pt - k7 _
P /2 g
(37)
= max MS(”Z - qk) _ 1 '
/1In2 g.(n)

In the computation oQ(/ ,q,, ,gy ), the user and power allocation for each subchasrperformed independently

from the others. To assign the generic subchaimelve first computep;™ (n) and then we select the uskf™
satisfying:
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opt

k™ = argmax f (p"(N), /.4, Gi). 38)

We observe here that, in general, it is not necgdsaiteratively execute the described procedworeefich time slot
within a frame. In fact, the only parameter whichynthange from one time slot allocation to the rené is Blgm) .

After the optimization of the first time slot infaame, we simply have to evaluate if the same atioa strategy would
empty some transmission buffer. If not, we canicepd the previous allocation also for the curigat, otherwise we

should repeat the process, because one or moréraatss relevant to the vaIueBIEm) may become active in

correspondence of the optimal solution of probl&d) (
The output of the multiuser scheduling and powkercation algorithm constitutes the basis for thapive selection of
modulation schemes and channel code rates thawll

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

In Figure 24, we report a performance example eftoposed multiuser scheduling process. In thedigve report the
achievable rate provided by the described algorithmparticular, we have considered a single-ingingle-output

(SISO) architecture, OFDM modulation withl =256 subcarriers and OFDMA/TDMA as multiple acceskemes.
Each transmission frame is composed My =20 ofdm symbols, grouped ilN,=2 time slots, while the number of

frequency subchannels iBl =8. The radio channel has been modelled as a Raylelock fading channel. We
simulated the transmission of an H.264-encodeceRan’ sequence (155kbps) to 5 users characterizetiffbrent
signal-to-noise rati(ES/NO, where E is the energy per OFDM symbol ad, is the one-sided noise power spectral

density. An additional user with non-real time (NRiata traffic generated at a rate of 250kpbs s liaken into
account. As it can be noted from the figure, theppsed WSR maximization algorithm applied in theDOFA
scenario guarantees high throughput to all the-piggrity real-time users, leaving the remainingiaidth to the low-

priority NRT data. The SR maximization, on the cant, tends to favour the users with hidES/NO. As a

consequence, in the considered situation usersl 2 @o not receive sufficient data rates. The perémce of a simple
TDMA scheme with multiuser scheduling based on dotobin policy has been reported as a reference.

Figure 24 — Above: performance comparison of multiser scheduling and bit allocation process. The cues refer
to the overall number of bits which can be reliablytransmitted over the radio channel at the differen scheduling
instants. Below: average throughput achieved for th different users.
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3.2.2 Adaptive modulation and coding algorithm

In this work, we considered RB-dependant modulasiod power allocation, while the selection of tharmel coding
rate is adaptive, but RB-common [85][86]. In otheords, the RB's assigned to a given user can Wereliftly
modulated, but a single code rate is applied toeptall the user data within the frame. The inpiuthe algorithm is

constituted by the set oN,, feasible power allocation strategies provided lgy optimization task described above.
Since in this paragraph we work on a whole transimisframe and not on a time slot basis, we skghtbdify our
notation, indicating with p, (m,n) the power allocated for usd¢ on frequency subchannél in time slot m.

Clearly, if RB(m,n) is not assigned to usdt, we will have p, (M, n) = 0. Moreover, we denote wittN,, (M, n)
the number of bits per dimension allocated to useon each subcarrier dRB(m, n). Again, if the correspondent

resource block has not been assigned to Ksere haveN,, (m,n) = 0.

The output of the AMC algorithm is given by theet sf selected constellations and a single chacod rate value for
each user having one or more RB's allocated irctingent frame. This AMC process is based on themiasion that
with powerful channel codes, like Turbo or LDPC esdthe FER or BER performance correspondent tiveng
average mutual information per bit do not dependhenconstellation size [85][86]. In the followingge clarify this

aspect.

If we indicate with | , (P, (M, N)) the mutual information for usek on the generic subcarrier 8B(mM, n) reached

with transmission powei, (m,n), we can compute the average mutual informatiorcpded bit as:

_ et (p(mn)) =1 K.

= (39)
m=1n=1 ka (m’ n)

bk

As it can be noted from Figure 25, the target penémce of the channel code does not depend significon the
constellation size chosen for the different resetocks, once we have fixed the finh|, . Thus, for each user the

AMC algorithm [85][86] selects a channel code redenpatible with the target performance in term&BR (or BER)
and, jointly, assigns the constellation size farhesesource block. As reported in Figure 25, thiecmte compatibility

is verified comparing the resulting,, with a proper set of thresholdsl,;, T,, T,,T,, T} . In the Figure we have
reported an example corresponding to the requirésradriarget FER=1.0E-2.
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Figure 25 — Example of FER performance of an LDPCade family (see section 3.2.3 for more details abioilne
considered code) with different modulation schemes.

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

In this paragraph we present some results obtaividd the proposed scheduling, allocation and AM@osgthms
obtained with the OPTIMIX common simulation chaiteveloped over the OMNeT++ platform.. The scenario
considered has been depicted in Figure 26. The T kerver transmits an H.264 video sequence toSthesers
connected to the base station number 0. The trasgmi of video contents from the server to the 88cicomplished
through a multicast mechanism. Then, within the B&h IPv6 packet is replicated and sent to distianismission
buffers, one for each user. No stream adaptatisrbban considered within the server nor the BSodlgh not directly
visible from Figure 26, an additional non-real tifNRT) user is served by BS 0 with low priority.i$INRT user has
been inserted to consider the presence of “non-BIPT terminals” in the area covered by the BS, geligrinterested

in NRT services. From a practical point of viewe tNRT data packets are generated directly withen Bi$ and
processed by the BC Controller together with tlikwipackets for the “OPTIMIX users”.

In this scenario, either the BS and the mobile teafs are single-antenna systems. The modulatidrased on an
OFDM scheme, withN .= 256 data subcarriers (divided N, = 8 frequency subchannels) and 1/16 cyclic prefix.

Each physical transmission frame is composed\y= 72 OFDM symbols, divided ifN, = 6 distinct time slots. Thus

the overall number of resource blocks allocatecerh frame isNzz= 48. The constellation size of each subcarrier is
chosen among 4, 16 and 64-QAM.

The radio channels are modelled as Rayleigh blading channels, with the same channel coherenee dfim 00 ms
for each user, but with different signal-to-noisever ratios Es/NO, where Es is the energy per OFYMbol and NO
is the one-sided noise power spectral density. cFtamnel coherence bandwidth is approximately 20@,Kihile the
total bandwidth available for transmission is abbét MHz.

At the BS, the size of each user buffer in the Dias been fixed to 40 KB and the video transmissarharacterized
by an average data rate of 155kbps. On the contilaeypackets for the NRT user are generated ateaof 200kpbs.
Packet drops occur at the arrival of new packetseifcorrespondent buffer is full.
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Figure 26: Point-to-multipoint downlink scenario.

At the physical layer, the considered channel dede systematic rate-compatible punctured IRA LDé®@e, where
different code rates can be obtained through prgpercturing and shortening of the same mother dddleAs
indicated in Table 5, the considered LDPCC perthiéschoice of the final code rate within 5 optioh& (denoted as
scheme )) 1/2 Gcheme ). 2/3 scheme P 3/4 scheme Band 5/6 §cheme ¥ The code family keeps the codeword
length constanti.¢., nis constant, while the code rate adaptation isinbthby a proper choice of the information block
length,k). In our implementation, the code has been dedigheosingn=4200 The encoding procedure realises both
puncturing and shortening of a (10500, 356®)thercodeto achieve the desired code rates and block lengths
belief propagation (BP) algorithm is based on thmatiite graph of the mother code, with a propdialization of the
channel inputs for the punctured and shortene@btrinodes.

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

We compared the performance obtained applyingréiffiescheduling and allocation techniques in cartjon with the
adaptive modulation and coding scheme describedealio particular we considered 4 transmissiongiesi (but other
approaches are currently under investigation):

1.

2.

TDMA — The multiuser scheduling strategy ismpdie round-robin policy among the users with sorat dn

the transmisson buffer. The described AMC technliagbeen applied.

TDMA WF — The multiuser scheduling is the samseirathe TDMA case, but the power for each user is
optimally distributed across the subcarriers bazedhe Water-Filling (WF) principle. The describAC
technique has been applied.

OFDMA (SR) — The multiuser scheduling is perfedrapplying the same priority77=1 to all the users,

either RT and NRT. The optimization process basedual Lagrangian optimization is performed by B
Controller and the described AMC technique has lagglied.
OFDMA (WSR) — The multiuser scheduling policytie same as in the OFDMA SR case, but the RT users

at+

are given a different priority through the assigninef weights /1 = € b, wheret, is the time spent in
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buffer k by the correspondent HOL packet afiddand O are proper constants. The priority for the NRTruse

is always kept the lowest one. Again, the BS Cdietrgprocessing is based on dual Lagrangian opétion
and the described AMC technique has been applied.

As it can be noted from Figure 27, the possibiiityexploit the intrinsic multiuser diversity of tlsgstem, together
with an intelligent allocation of the available dreency and time radio resources among the uséogsato reach
very high throughputs, while respecting the setegfuirements specified by the Master Applicatiomttaller. In
the simulation results here reported, almost nieifice can be noticed between the WSR and thep8iRipation
policies. Clearly, the WSR scheme may easily alownbalance the throughput for the different userase they
belong to different priority classes. Moreovergcase of heavy loaded systems, the SR strategyahidlys favour
the users with a better SNR, while the WSR mechaténds to guarantee more fairness among the users.

Figure 27 - Above: overall number of bits allocatedor every frame with the different methods. AMC with real
modulation and coding schemes has been considereddressing a target FER<1.0E-2. Below: average
throughput achieved with the different schemes.

Similar considerations hold also for the averageQd-MAC delivery delay affecting the received patsk Note that
in the considered simulations, several packets bhaen discarded before transmission in case of Tividh TDMA
with WF, because at their arrival at the BS soméhefcorrespondent transmission buffers were ajréaltl Clearly,
the values reported in Figure 28 refer just topthekets entirely delivered to the terminal MAC.

Figure 28: Delivery delay for the received packetsThe TDMA and TDMA with WF schemes here considered
cannot reach the desired throughput with low-SNR usrs.
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Finally, in Figure 29 we report the total numberetoded frames that the OPTIMIX robust H.264 decedhs able to
provide with the received data. In the considemharios, if no dual optimization is performed fetiént final video

qualities are experienced by users with differeNiRS. On the contrary, applying the scheduling aldcation

technique described in this section, good perfooaare guaranteed to all the users. We underlatethie difference
in the PSNR values here reported are mostly detexrioy different packet loss rates before the sodecoder (due to
the different achieved throughput across the ratiemnel), more than by the presence of errorharbttstream. The
reason is that, in order to provide a fair commariamong the methods, the same AMC technique has dgplied in

all the cases, guaranteeing approximately the $&feand BER values for the received packets.

Figure 29: Average PSNR and total number of decodefllames after 15 seconds of simulation obtatined wi
different scheduling and allocation methods.

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

3.3.1 Introduction

Frame synchronization is one of the key issuesgital communication systems [60][75] [74] [66]. & most widely
used method for providing frame synchronizatiortasinsert a fixed symbol pattern or “sync word”danthe data
stream. Assuming that symbol synchronization hesadly been obtained, the receiver obtains framehsgnization
by locating the position of the sync word in theaiwed data stream. In some applications FS cawebg critical.
Important examples include the transmission of tataugh wireless links where, due e.g. to theafggowerful error
correcting codes, the receiver is designed to wottk very low signal to noise ratios.

A first, intuitive approach to FS consists of cdaitimg, within a window where we are sure thereng and only one
inserted SW, the received signal with the expe&®@d looking for the position where this correlatisnmaximum.
This can be done only for the periodically embeddask, i.e. with sync words equally spaced (ootler words, for
constant, known, frame lengths).

In the binary symmetric channel (i.e. hard decisiprovided to the synchronizer) this detection dlgio correlation is
optimal, whereas in the AWGN channel this is noetras demonstrated in [10]. Regardless of itsamiimrality,
detection through correlation has become a commgimeering practice.

The problem of frame synchronization has been widsgldied in the literature in the case of equiplub data
symbols: the performance evaluation for frame symwization with periodically embedded sync wordsirsked
through correlation in BSC has been studied in ,[&@fhere also synchronization sequences with gocati@gic
autocorrelation properties have been identified[4d4] a basic theory of frame synchronization i®ganted and
considerations on the marker design are made. Tdidgm of optimum frame synchronization has bedardéd in
[10] on AWGN; the optimal metric for AWGN channead been identified for the considered case of fileedjth
frames and equiprobable data symbols. In [73] fopmance evaluation through simulation of theseritetas been
presented. In [68] an extension of Massey's wortteigve the optimum maximum likelihood decisionertibr general
M-ary phase-coherent and phase-noncoherent signaliar the additive white Gaussian noise channptasided. A
union lower bound on synchronization probability flee correlation rule on AWGN channels is alsedeined. In the
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same paper, the performance evaluation of the aptinetric [10] is studied via simulation, also hetgeneral case of
M-ary signaling. Synchronization for unknown frateagths is studied by the authors in [64] [65] [63]

In many practical situations the assumption of emif data distribution is not realistic: it is shown[61] that non-
equiprobable signaling is of interest in Gaussiannels when the aim is to minimize the averagestrétted power.
Similarly, in [67] variable-rate data transmissischemes, in which constellation points are seleammbrding to a
nonuniform probability distribution, are investigdt When frame synchronization is performed atpihgsical layer,
the case of non-equiprobable data symbols is tlisterest. On the other side, also when frame Isyorization is
performed at the application layer, i.e. in theecabvideo streams, it may happen that bits areegatprobable, since
current source coding schemes produce a bitstreashe wf non-necessarily equiprobable data.

In [62] the authors studied the performance of &asynchronization for non equiprobable data symbéth the
metrics derived in [65] [63]. In this section weride the optimal metric in this case.

An optimum metric for frame synchronization in dateeams with non-uniformly distributed data synstislderived in
this section and its performance is investigatedugh simulation. A performance comparison with itigtric which is
optimal for equiprobable data symbols is also medi Results show that the derived optimum metsults in an
evident gain, at the expense of a small additicoaiplexity.

Such a metric exploits the cross-layer (PHY-MA@)adigm for the purpose of frame synchronization.

The section is organized as follows: in Section.B.the problem of frame synchronization is presgnémd
mathematically formulated. The optimum metric isidled in Section 3.3.3 and its performance is eaad through
simulation in Section 3.3.4.

3.3.2 Problem statement

We will use the notation in [63], in the followirgiportly reviewed and specialized to the case uimdestigation. In the
case of binary signalling we consider data symbdsl {+1,-1}, with probabilites Pr(d, =1)= p,,
Pr(d,=-1)=1- p,, SW symbolsC I {+1,- 1} and i.i.d. noise sample . The demodulator output consists of a
sequence of N symbols, the sampled matched filigsuts. Let this sequence (a random variable) neteéd by R ;

the actual value of the received vector is the eagar = (I ,...,rN), and is composed of either SW symbols and

noise or the sum of data symbols and noise. Trazssom is over an additive white Gaussian noise nblaAWGN)
whose samples are i.i.d with zero mean and varing,&, with N, the one-sided power spectral density.

In the case of binary modulation, th& transmitted bithi {0,1} qgives rise, after binary antipodal modulation,

transmission through the AWGN channel, matchedrfileception and perfect sampling, to a sanpke (- 1)b' +n,
where N, are independent, identically distributed (i.i.Gpussian random variables (r.v.'s), with zero maad
variance S . This model is also valid for BPSK systems, foriakhthe signal-to-noise ratio iE /N, =1/(25?),
where E; is the energy per symbol.

We assume that a sync word composedNf symbols, (Cl,...,CN), is aperiodically inserted in the data stream,

composed of symbolsl; .

Figure 30: Frame Structure.

The acquisition algorithm we consider is as follostarting from a positiork , the synchronizer observes a vector of
N subsequent samples; based on a suitable metticagee from this vector it decides if the SW ispiosition K ; if
not, it moves to positiork +1, repeating the steps until the sync word is detecte afford here the problem of
deciding at each positioK of the bitstream whether a sync word is presemtodr The relation between this problem
and other performance indicators such as, e.g.pthleability of correct acquisition in one passaddressed in [74]
72].

,[As ]in our previous work, we assume that the stegisproperties of the metric do not depend ongbsition in the
bitstream. We thus avoid considering the effedhefaperiodic autocorrelation around SW's. We leaaduated in fact
that, if the SW is properly chosen as a sequendb wptimized aperiodic autocorrelation propertyg(eBarker
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sequences [60], or those in [70] [71] [74]) its &pis should mimic random data, with, moreover, ddelitional
property that some configurations can be avoided.ths neglect in the design of the frame synchkmsrthe case of
"mixed data", i.e., when both data and SW symbmdspaesent in the metric evaluation window. Simatatresults are
provided in [63] for the case of "mixed data" t@part this approximation. In particular we will shehat if the SW is
properly designed the case of purely random dateesents generally a worst case in terms of prdibabf false sync
word detection respect to the "mixed data" case.

As in [63] we study the problem through the stat#ttheory of hypothesis testing. After observif subsequent
samples, the synchronizer must choose betweenagsilge situations

d+n,i=1, ,N (40)

Hy:r =
H:r=c+n,i=1, ,N

the first hypothesis representing the case whereetts no sync word, the second correspondingdacéise the sync
word is present. Decisions are indicatedBy, D, , corresponding to the "true" hypotheddg, H, , respectively.

Differently from previous studies, we assume hba the data symbolsli are not necessarily equiprobable and that
their probabilities of occurrence in the data streae known.

3.3.3 Derivation of the optimal metric

Assuming AWGN and soft values available, the likebd ratio test (LRT) [77] is considered for theidation of the
optimal detection metric. In the following we usspital letters to indicate random variables andllfol vectors.

By indicating with R = (R,,...,Ry) the r.v. corresponding to the vectdr= (I;,...,Iy) of received samples, the
LRT is

D,
leHO (r |Ho) >

<
fR|Hl (r|H) D,

L&) =

(41)

where fg,, (r [H;) is the probability density function (p.d.f.) & under hypothesitl;, j=0,1, and/ Cis the
i

selected threshold. Thus, according to the ted(r) < / ¢ corresponds to the decisidd,, i.e. we decide we are in

presence of a sync word; otherwise, the decisiddjs Since the channel is memoryless, we have also

N
fR|Hj(r|Hj):_(_)lf%|Hj(ri|Hj)- (42)

We now consider the first equation in (40) vdtta symbolsdi ) {+1,- ]} The LRT
is then obtained following the method in [63], biserving that R |H1 is Gaussian with mean value and

R |(H,,d,) are Gaussian r.v.s with variansg’ and meard, .
We can substitute the numerator in (41) with:

meO (r [Ho) = (43)
(- 1)2 G +1)2

p.e 20 +(1' pl)e o

1
J2ps

Since R | H; is complex Gaussian with meaﬁ and variances *, we obtain:
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(r,-1)2 (r, +1)?
N ! 252 +(1- ! 252
Lgy=0Q P |(1 lzpl)e (44)
= o 22
Since in the binary case we ha\@, |=|cC |:
2r.C: DO
N _ |2| S
L&r)= (_)1 Pr(d, =c)+Pr(d * ¢)e < /¢ (45)
i= Dl
From this, by applying the logarithm operator, virtain:
. 25 Do
L(r)= log Pr(d, =c)+Pr(d,* ¢)e =* 2 / (46)
i=1
D

1

We thus decidd; (the start code is present) if((r) </, D, otherwise. The threshold is chosen according ¢o th
Neyman-Pearson criterion, i.e. by fixing the maxmmtolerable probability of false alarm (emulatioWe should note

that the obtained metric, similar as the one fer¢luiprobable case, depends on channel conditiooggh S % and
thus the synchronizer requires the instantaneoosvlietige of the signal to noise ratio in order tofgen optimum
detection. Furthermore, the evaluation of a noadirfunction is required.

3.3.4 Performance evaluation

We report in this section numerical results obtdiméth the optimum metric derived, also in companisvith results
obtained with the metric obtained in the hypothesisquiprobable data symbols (LRTU).

Results are presented in terms of probability ofiletion, Py, , or false start code detection, and of probabiity
missed detectionB,,; .

The probability of emulationP,, , or false start code detection, of choosing hypsigH, whenH, is true is
Pay = P{D, [Ho} (47)

Note that here the false start code detectionéstdihe case where random data plus noise ipieted as a SW. This
can occur either in the case data symbols are ideintwith the SW pattern or, due to noise, evetaifa symbols are
different from the SW pattern.

The probability of missed detectioR, , of choosingH, whenH, is true, is
Ruo = Pr{D, [H,} 48)
and the probability of correct detection is
B, =1- Byp. oj4

By analyzing such probabilities for different vasuaf the threshold , we can draw a ROC curve, reportif}y versus
Py -
In the following figures, we report in the same tpthfferent ROC curves, each related to a spegifigbability

distribution of data symbols.
For comparison, the ROC curves obtained for the URTetric are reported in Figure 31, also for diferprobabilities

of data symbols. The considered SW is the Turyi [[R6=32 SW. This SW is composed of 19 symbols equal to 1
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and 13 symbols equal to -1. Given the prevalencgyoibols equal to one, the cases V\]F?Iﬁ(di =1)< 0.5 provide

better results. AWGN withE /N, = - 5dB is here considered. Such curves have been desivelytically [62] and

numerical results have also been confirmed thraiglulation.

Figure 32 reports results obtained with the metedved in this section, in the same conditionsd&gure 31. Results
are obtained here through simulation.

We can observe that, as expected, for any considiata distribution the metric proposed in thistisecoutperforms
the metric derived under the assumption of equigltd data symbols. The gain is in particular high gtrongly

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

of the performance on the prevalence of symbolslegut1 or - 1 in the synchronization word. Note that in the case
reported in Figure 3 the worst results are achievieen Pr(d, =1) = 0.6, which approximates the distribution of 1's
in the SW.

3.3.5 Conclusion

The optimal metric for frame synchronization witbnrequiprobable data symbols with known distributi® derived in

this section, considering transmission over an AWeiEnnel. The performance of the optimal metriseblaon LRT,

is evaluated via simulation and compared with tleefggmance of the metric obtained with the assuomptbf

equiprobable data symbols (LRTU). Results show thatgap between the two metrics is evident ini@adr in the

case of very unbalanced data distributions. Incts® the distribution of the data symbols is knave,performance of
frame synchronization improves remarkably with tise of the proposed metric. Furthermore, a propeice of the

SW can further improve the performance, since thé @& practical use have been derived with the agsiom of

equiprobable data or of absence of a-priori knogdedf the data distribution. In this work we assdnae given

synchronization word and we did not focus on itea®n. Future work will consist of an analytiga¢rformance
evaluation of such a metric.

Figure 31: Receiver Operating Characteristic (ROC)curves. LRTU metric; Turyn [76] sync word of N =32
bits. 5 = 2dB; E//N, = - 5dB.
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Figure 32: Receiver Operating Characteristic (ROC)curves. Optimal metric; Turyn [76] sync word of N = 32
bits. 5 = 2dB; E//N, = - 5dB.
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4 Mobile Observer

4.1 Mobile observer module in the integrated simtiben chain

Mobile Observer is a central module in the terngrt@@ndling cross-layer signaling between diffemantules locally
and remotely over the network alike. Its schemigtitlustrated in Figure 33. The main task of MebDbserver is to
run triggering engine (TRG) operations. Local medu(e.g. application layer) can use TRG servicesd(re and
receive triggers) locally between other modulesthia entity and also over the network through casda@iRG
operations between two TRGs.

Mobile Observer keeps track on the trigger subsionp (ID, type, and possible filters for the vaueand trigger
registrations (ID). Also, Mobile Observes offerggeggated trigger service in order to decrease itfrakng message
overhead in the network. Trigger aggregation bundbaltiple triggers collected from some specifiodi period into a
single trigger. Mobile Observer stores the triggerde included in some of the aggregated triggepsovides to its
trigger repository. More detailed description ofggering framework is introduced in deliverables .28 and
aggregated triggers used in OPTIMIX are introducedeliverables D2-3 and D3.2b.

Mobile Observer also supports IEEE 802.21 functidtssMedia Independent Handover User (MIHU) entibnverts
received IEEE 802.21 events to corresponding triggehese triggers are handled similarly to theottiggers.

Figure 33 — Schematic of Mobile Observer
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5 Conclusion

In this document we reported several solutionstf@ controlling units included in the OPTIMIX commication
scenarios. Intermediate results have been alsddeayshowing the improvements that can be obtathemligh our
optimization approach.

Multiple strategies for the Master Application Canlier in case of SVC videos have been proposeskdan abacus
curves and admitting different levels of knowledgfethe video sequence characteristics. We haverilegcalso a
blind technique for rate adaptive H.264/AVC videegploiting the concept of reinforcement learnitigfocuses in

particular on the fulfilment of "medical Quality &ervice", with reference to the case of wirelebsasound video

transmission. Structure and functionalities of Ataptation Module have been also reported in theudwnt, together
with some intermediate performance results.

Multiple strategies for the Base Station Controlewe been described and the corresponding resytsted. The
considered scenario is a (MIMO) OFDMA point-to-nijpdint communication system. Different optimization
algorithms based on dual Lagrangian optimizatiovehlzeen developed and adaptive modulation and gastihemes
have been applied in order to guarantee the taegeirements imposed by the Master Application @ulr. Finally,
an optimal frame synchronization technique in caS@on-uniform data symbols has been provided, atipy the
cross-layer communications MAC-PHY.

For most of the optimization strategies, we havygoreed promising results obtained with the commdiN@T++
simulation chain, showing the advanced state okwelevant to the simulator.

Compatibility issues and overall coherence of tlystesn have been constantly taken into account gutire
development of the optimization strategies withia tontrollers. Thus, the next phase of researttbeifocused on
calibrating the interactions and control/feedbackssage exchanges among the OPTIMIX joint contsoléerd 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

Csl 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- Wideband Code Division Multiple Access

CDMA

WF Water Filling

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

WSR Weighted Sum Rate
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