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1. 
Introduction 

The purpose of the GCAP experiments is to demonstrate the feasibility of the technological approach investigated by GCAP.

The global GCAP approach has been proposed because, in particular, the currently available infrastructures and supports provided by the present Internet are far from coping with the new challenges and requirements of future advanced applications, as real time multimedia and that, as a consequence, more adapted and sophisticated communication services and protocols have to be defined and evaluated.

It is important to emphasise that GCAP is defining an architecture that is quite general, and that the protocols and the services designed and built by the project are quite new and innovative; of course, GCAP will not provide the final fully optimised solution in all cases (remember that the TCP protocol has needed 15 years to be optimised) but the project will provide a complete and coherent framework for easily providing, deploying and evaluating later these optimisations. Of course, the present GCAP solutions will still have to be extended by some follow-up efforts to reach a general and integrated solution.

As a consequence, GCAP aim is to provide a set of basic protocols and services, and to deploy and test these protocols using two experiments.

This deliverable gives the present status of the GCAP Experiment 1 and defines the global environment that has been used to implement this experiment.

It describes the experiment which has been defined as the implementation of a time-constrained multimedia server accessed by a remote client. Every phase of the experiment will be explained and the results will be discussed. In the last part, the conclusions will be presented and some perspectives proposed. 

2. Experiment I: Time-constrained multimedia server 

This experiment has to demonstrate:

· The multimedia capability of the GCAP architecture, providing a client-server interaction of a set of multimedia flows having guaranteed QoS. The QoS has been defined in terms of maximum time for each monomedia flows and for the multiflow synchronization.

· The remote loading and the remote execution of the GCAP new FPTP protocol in a active network environment.

The complete multimedia object constituting the application has been defined by considering that it is composed of different monomedia sub-objects having different QoS, each being related to a different connection, and by considering its well-defined synchronization/orchestration requirements. 

The synchronization model of the required intraflow and interflow synchronization is based on the use of a formal model, here one of the most recent Petri net based model extensions that is able to handle time requirements. 

The experiment is made of three phases:

· Phase I: Image server (monomedia server): The multimedia objects involved are: one text and one logo.
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· Phase II: Video server (only video): The multimedia object involved is a video (MJPEG) about an Airbus flying. 
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The video has a duration of 30 seconds. The user is able to specify QoS parameters (images per second, bandwidth, losses).

· Phase III: Video/Audio server:  Time synchronized flows of audio and video.
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2.1 Phase I.

This experiment aims to evaluate the gain obtained by using the GCAP partial order protocol in a non-reliable network environment emulated by a GCAP test bed platform.

This phase consists in testing the contribution of the FPTP protocol for transferring simple JPEG still images between an image server (multimedia server) and a remote image player. These applications are able to send and receive segments of an image in form of macro-blocks of independent data. 

For comparison purpose, the applications will use the traditional services offered by the UDP and TCP protocols and the partial order service provided by the FPTP protocol. The TCP protocol has been emulated using an instance of FPTP with full reliability and total order services and will be referred as TCP*. This emulation aims to reproduce the TCP behaviour without its congestion control mechanisms.

Figure 1 graphically illustrates the end to end transmission delay required for a 218 Kbytes image. UDP (i.e. no order no loss), FPTP with full reliability and no order, and TCP* (i.e. full reliability and order) are respectively used on top of a network services that induces 0, 5, 10, 15 and 20 percent of losses. 

The results shows that FPTP, though instantiated for delivering a fully reliable service, requires almost the same duration than UDP to transmit the data. In contrast, from 10 % of losses, TCP* exhibits a dramatic increase of its transmission duration. 
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Figure 1: Comparison between UDP, TCP (emulated by FPTP) and FPTP 

end to end transfer delay for a JPEG image

2.2 Phase II.

For this phase, we have developed an application able to produce the MJPEG video flow in the sender side. At the receiver side a Java application presents the video like a set of image sequences. 

The main problem found in the sender side was the replacement of the RTP protocol used by the JMF support by the FPTP protocol. 

The implementation of a FPTP media module compatible with JMF allowed solving this problem. This module was inserted in the production chain of JMF to access the media data. The media data recovered was stored and sent using a FPTP socket.

For this experiment, a MJPEG video of 1.6 Mbytes (411 frames, 15 frames per second) was sent from the sender side. FPTP service was instantiated for a reliability of 50 % (7-8 frames per second). 

Figure 2 shows a comparison between FPTP and TCP.  While FPTP was able to transfer the data at time, TCP required 18 seconds more than FPTP to transmit the multimedia data.
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Figure 2: Comparison between FPTP and TCP* 

During this experiment we realized that important changes were needed in the client and server applications using the FPTP protocol. 

For this reason we propose an architecture formed by FPTP proxies placed over the edge routers as an interface between the LAN containing the clients and the server over the Internet.

 In the server or transmitter side, the proxy works as an adaptor that controls the flow, the bandwidth and the multimedia congestion. In the client or receiver side, the proxy has to detect the errors to administrate the partial reliability and to demand the error correction if there is enough time.

Beside this, in agreement with the FPTP approach, the proxy receiver has to be able to administrate the order, synchronization and temporal constraints over the multimedia flows (see figure 3).
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Figure 3: Proxies architecture

The protocol translation from RTP to FPTP is done taking in account the QoS semantic into the RTP packet. This process is done “on the fly” and in a transparent way (we can note here that the filtering and analysis of the RTP packets have a negligible delay in a router).
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Figure 4: Proxy architecture deployment

Figure 4 shows the proxy architecture deployment. In this example, a multimedia client demands a video flow from a server placed in the other side of the network. The server answers and starts to emit over RTP. 

The sender proxy is able to recognize the flow QoS and to adapt the flow to the network characteristics offering the quality of service QoS2. So, for example, if the video flow is produced at 30 images per second and QoS2 is only 5 images per second, the sender proxy adapts the flow to the link requirements. 

The adapted flow will be transmitted to the proxy receiver through the tunnel granting the QoS created by the FPTP connection. Here, it is possible to create a buffer to reduce the possible flow interruptions to the client even if the network conditions are not favorable. Finally, the multimedia flow will be restored and sent to the client.

To validate this approach we have started doing some tests locally using an emulation environment based on the Dummynet emulator. 

In this local phase, the proxies have been deployed statically on two industrial border routers (6WIND edge devices). Between these two machines we have placed a third one using FreeBSD, routing the packets among the two others and emulating a real network. 

This configuration (figure 5) allows dynamically modifying, in a simple and efficient way, the quality of service parameters within the network, i.e. the bandwidth, the end-to-end delay and the losses percentage.
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Figure 5: Local platform 

The experiments have consisted in the transmission of MJPEG flows during almost 5 minutes by a real time source using a frequency of 1 frame per second. 

First we have emulated a UDP service using a FPTP connection with 0% of reliability and not applicative data unit sequence control. This test has been done using a completely reliable network and a not reliable one (between 10 and 30 % of losses). These results have been compared with a FPTP connection offering a 70 % reliable service. 

The results, resumed in graphic 1, show that FPTP can provide, in the requested time deadline, a more important data unit percentage than UDP, taking in account the subjacent synchronization constraints.
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Graphic 1: Comparison of reliable service on UDP and FPTP

Traditionally, the multimedia applications use UDP because the flow continuity deliverance constraints are generally not compatible with the discontinuities created by the reliable transport services. 

Graphic 2 shows that the partially reliable service provided by FPTP satisfies the video flow continuity constraints and ensures a better QoS for the application through its reliability control. In these graphics we realize that in the best network conditions (case a), FPTP and UDP have a similar behavior in relation with the flow continuity. In case of network congestion (cases b, c, and d), FPTP delivers in time a much bigger number of frames per time unit (milliseconds).
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Graphic 2: Multimedia flow continuous service on UDP and FPTP.

In a second time, we have compared the temporal validity of the multimedia data delivered by the proxy using the same FPTP connection in a 70% reliable service and a TCP connection. 

This comparison allows to demonstrate that in any network conditions, the service provided by FPTP offers an optimal compromise (i.e., in conformity with the applicative requirements) between the continuity constraints satisfied by UDP and the reliability constraint satisfied by TCP. 

For fairness reduce the TCP congestion control negative effect on the experiments, we have emulated TCP by a completely reliable and ordered FPTP service. 

Graphic 3 shows that in a 10% losses condition at the network level, the partial reliability provided by FPTP permits to deliver all the multimedia data into a time interval in conformity with the time constraints. In contrast, the use of TCP in the same network conditions generates a discontinuous service of deliverance due to retransmissions and the non respect of the data temporal constraints. In graphic 3.b the negative time values in milliseconds represent the delayed arrival of the media data. 

It is important to note that a real TCP implementation in congestion conditions would have produce a transport QoS differential much more important in favor of FPTP.
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Graphic 3: Full reliability effects over data with time constraints

FPTP vs TCP

Using the Internet, a second test set has been done over the Research European Network between Toulouse (LAAS/CNRS) and Madrid (Carlos III University). In these experiments the multimedia proxy server and application have been placed at Toulouse. The SARA active platform associated to the Telebit router and the receiver application have been placed in Madrid (see figure 6).
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Figure 6: Active deployment over SARA platform (Toulouse-Madrid)

The receiving proxy has been adapted to be actively deployed over the SARA architecture. 

The code containing the proxy receiver and the FPTP has been placed on a FTP server working as a repository server. So, after the access demand to the video flow from the client, the proxy server detects the RTP flows coming from the multimedia server and produces an active packet to be sent the client. 

This packet is filtered by the active node placed between the proxy transmitter and the client (i.e., the Telebit router) who redirects it to the SARA Assistant. The packet is decoded by the assistant who checks whether the corresponding active application is available or whether it is necessary to remotely load it. 

After the loading and execution of the application done, the proxy receiver is instantiated and the FPTP connection is established with the proxy transmitter. 

The multimedia flow is so transmitted through the FPTP tunnel and finally directed to the receiver application. 
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Figure 7:  Active deployment architecture

Figure 7 resumes the deployment methodology. 

First, a connection request is received and answered by the multimedia server. As a consequence of this acknowledgement, the multimedia flow is sent to the client and intercepted by the server proxy who identifies the sub-network destination. 

The server proxy sends an active packet to the destination sub-network. If an active node is found between the sender and the destination sub-network, the packet is intercepted and the proxy client is configured and a FPTP connection is opened to ensure the QoS. It is convenient to note that the limit of this approach is based on the necessity to have an active router at the LAN border in the client side. 

If none active node is found in the path from the server proxy to the multimedia client, the sender proxy can just perform a QoS control delivered to the client by monitoring the network QoS and the RTT from the RTCP packets sent by the client.

After many tests, the results show that the required average time since the active packet is transmitted by the proxy server till the connection is established with one active node is about of 295 milliseconds, if the code is locally available, i.e. if the FPTP protocol code is available in the receiving LAN. 

In the other case, the additional time will correspond to transmitting 42kB, i.e., the compressed p-code associated to the FPTP code (this time is negligible when the repository is placed within the LAN).

2.3 Phase III.

For this experiment, we have used the FPTP multimedia protocol to synchronize the audio and video flows. 

The server and receiver applications were developed in JAVA and JMF. The GSM and DVI audio formats and MJPEG video format were used. 

The proxy server and receiver multimedia were placed in the edge devices. This experiment was deployed over IPv4 and IPv6. 

Graphic 4 shows the synchronization between the two flows. The audio flow was selected to be the master flow and it was always presented to the receiver application before the corresponding video data. 
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Graphic 4: Synchronization between Audio and Video data.

3. Conclusions and perspectives.

With this experiment we have demonstrated that FPTP is able to offer a better transport point-to-point service to the multimedia applications, doing an efficient adaptation between the needs of QoS and the services available in the network layer, in particular for a Best Effort context. 

We have also shown how a new generation transport service can be transparently and efficiently deployed in an active network infrastructure. This active deployment represents an efficient and economic approach to implement advanced network services oriented to many applications, as multimedia applications with requirements of QoS.

Some studies should still be done to analyse the contribution of this approach in a multi domain network context with different QoS. Additionally, some studies are being done to propose control congestion mechanisms oriented not only to the network service offered but to the application requirements. 

The integration of temporal constraints in the error control, flow control, congestion control and even in the order control mechanisms implemented in the routers or active nodes represents another interesting research field. 

Some more experiments over the new generation of Internet and the network differentiated services should also be done.
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