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 Introduction

New communication systems are leading to the multiplication of new technologies. There is now a very wide range of different networks from copper lines to high speed fibres, including satellite and wireless mobile networks.

Because of the introduction in many places in the Internet of these new communication networks, it becomes quite necessary to be able to use all of them, not in the present simple best effort way but in a much more optimal way, to account for the different capabilities of these different networks. We call this domain “multinetworking”, whose general problematic is twofold :

· First, as an example, one may like to have access from a computer to several (more than one) different networks, in order to use any (the most appropriate) of them in parallel. For instance in the case of digital and interactive TV, this could mean the use of a digital satellite channel for broadcasting, and of the wired Internet or of the ISDN to send data. This will be called “parallel multinetworking”. 

· Second, the transfers may need to cross several networks or domains to go from one user to another, specially with firewalls or NAT servers (then the two later cases break the end to end TCP model). Also, we have seen that the introduction of wireless or satellite links (having high losses or high delays) in a normal TCP connection can lead to important QoS (Quality of Service) degradation, as the usual TCP Internet protocol mechanisms are not efficient on wireless and satellite links. To optimise the resulting QoS in such cases, the considered problem will be called “serial multinetworking”.

Note that this second serial case has been much more addressed in a recent past than the first one. It has led to specific solutions, as caching for web application. For instance, Deliverable 1.1.1 has presented in particular that in order to cope with the introduction of satellite links in the Internet, proxies need to be designed to handle in an adequate way the data flows before entering a satellite link, the proxy being in charge of performing spoofing or splitting.

Now, this deliverable aims to propose a new global solution relying on new protocols and architecture to cope with multimedia, multicast and multinetworking. 

The solution for parallel multimedia multinetworking will be handled by using and extending the FPTP multimedia protocol. The FPTP protocol is based on partially ordered and reliable communications that allow the protocol to reduce the end to end delay and to enforce the requested synchronisation between parallel flows. This protocol can then be tuned very precisely in order to be the optimal transmission protocol related to application requirements and network constraints. 

To handle serial multimedia multinetworking, the multimedia FPTP and the GCAP architecture will be extended in this deliverable. The new general (parallel and serial) multimedia multinetworking protocol will be called MNP (MultiNetwork Protocol). 

It is based on the concept of splitting an end to end connection into several trunks, each trunk being related to a single network domain, and each domain being supported by a single coherent technology. 

Then, the best suited parameters are used on each trunk, and the most suited algorithms are applied on the data streams of this trunk depending on the application requirement models. 

The extension of this architecture and of this protocol to the global GCAP multicast multimedia multinetworking architecture will then be considered. 

It will be shown that the solution developed by GCAP for the multimedia multicast protocol, between the core networks and the edge networks, instantiated through the use of the edge routers, has in fact a quite general structure. 

This is because the proposed solution is based on a tree, and that rather easily in the global design, such a tree can be extended to a set of different levels, leading to handling the general multinetwork case. 

Finally, the corresponding API implemented in GCAP project is presented.

What is called here “multinetworking” is certainly a new way to qualify an operation domain not yet made well precise by any definition or standardisation working group. 

As it has been said, this domain is looking for architectures and protocols to cope with the use of multiple different networks as satellite or wireless networks having very different capabilities and parameters compared to traditional fiber networks, which, as a consequence, lead to different solutions, that finally need to be merged in global quite heterogeneous networks.

This domain is also looking for other ways to allow data connections to serially cross several networks or administrative domains. This problem is difficult because it has to take into account and integrate the arrival of some equipment or software in the network as firewalls or NAT servers that break the normal end to end TCP model, and thus require mechanisms to enforce service continuity. Quite importantly, a lot of work is being done in these new specific topics, but with very few correlation between all of them. 

This deliverable aims to identify the main families of a new transport end-to-end model and protocol that would be able to solve this general problem, including what kind of multimedia multicast “multinetworking” solutions can be used. 

It also aims to propose a way to federate these solutions and to classify them. 

Finally the proposed work and solution on this topic has proposed at the end of GCAP an easy way to deploy such new protocols.

What has to be understood is that what we call “multinetworking” is actually related to the use of several “very different” kinds of networking technologies (being quite often related to OSI layers 1 and 2), and to the proposition of new mechanisms providing the best possible global (internetworking) QoS by a new end to end layer. 

However, we have also to remember that part of the problem is handled by the lower layers of the protocol stack. Note that typically the function of the OSI layer 3 and of the IP protocol solves the first basic problem, i.e. accessibility. In fact, the IP protocol has exactly been designed for providing accessibility, i.e. to hide the layers 1 and 2 of the underlying networks and their complexity, but for homogeneous networks, and without any optimization of the provided QoS. IP is only in charge of all operations and decisions to implement the end to end forwarding of data packets between two users connected in two different networks, but without any other capability, for instance without the capability of recovering the errors occurring during the transmissions.

To overcome these IP problems, TCP has been designed for error control and for congestion control, and recovery, but at a time where the notion of QoS was not really considered, with no requirements in terms of bandwidth and delay.

In addition, at that time, most networks were wired networks and even if they had not exactly the same technology, their capabilities were not very different and so the services they were providing were also not very different. 

TCP and IP were at that time an efficient solution to handle all these (not too much) different networks and to offer to users a universal service, totally flat. 

Today, new very different networks become components of the global Internet. In particular wireless and satellite networks have appeared, and the most significant result of the introduction of such networks in the Internet is certainly the introduction of a new wide range of new features. 

For example, wireless and satellite networks do introduce very different capabilities, as long delays in communications and high loss and error ratios.

As IP and its related transport protocol TCP have been designed and optimised for low delays and low loss ratios, they appear now to be not efficient for instance on wireless and satellite links. 

Also, as the new wireless networks are providing different services, it becomes quite difficult to use without modification the present global Internet architecture in such environments.

On one side, this deliverable deals with improving the current Internet architecture to make it capable of taking advantage in a much more optimised way of all these new heterogeneous networks, including ATM, mobile, ISDN, satellite, etc., each of them providing different services with different capabilities and different QoS.

On other side, since current applications use more and more multimedia data streams having very different requirements in term of QoS, the deliverable will show how they can be handled by the proposed architecture and protocols. It has to take advantage in the best way of the many different services provided by all part (sub-networks) of these new heterogeneous global networks. 

For instance, let us take as an example a given Video on Demand (VoD) application. This application has been designed to take advantage of an ISDN network for dedicated application signalling (sent to a user) and of a satellite network for broadcasting the audio and video  media, and these or one of these broadcasted media is being delivered (first) to the broadcasting support using a high speed fibber sub-network.

In such an application, we have to handle at the same time :

a) the broadcasting media and the ISDN media in parallel and 

b) the high-speed fibber media and the broadcasting media in sequence, serially.

In the general case related to a), the purpose is to handle more than one network that are accessible from one general communication entity ; this is what we called “parallel multinetworking”.

Of course, such a general entity should be able of carrying out automatically the choice of the most appropriate network, according to :

a) the QoS characteristics provided by the various accessible networks and 

b) the QoS required by the applications.

In the general case related to b), connections may have to serially cross several networks as a terrestrial wired network, a satellite link and a wireless mobile network, each of their communication supports having quite different capacities, delays and loss ratios. Handling a set of different networks in sequence, in the path from the sender to the receiver, is what we called “serial multinetworking”.

The corresponding entities that have to handle the transfers have then to optimise these transfers and to select the best protocol for each of these different serial networks. It follows that these entities are located in all the border routers, i.e. in the routers that are at the border between the different quite heterogeneous networks. 

More generally, when multicast is considered, it appears that multicast can be supported by satellite networks when the number of addressed users is quite important but also by terrestrial networks when the number of these (or of part of these) addressed users is not high in a given sub-network, or by both of them.

As a consequence, the corresponding general solution of the architecture and of the protocols has to handle all of these possibilities, coming again to the multinetwork case. Let us emphasise that now the difference in the solution needed is that multicast implies that when a message is being sent, the message is not being sent to only one user but to a set of users, so not to one network, but to a set of these networks.

Hence, this deliverable aims to propose a new solution relying on new protocols and architecture to cope with multimedia and multicast in the general case of multinetworking, and in particular using parallel multinetworking and serial multinetworking.

It will be shown first that multimedia in parallel multinetworking will be addressed using an extension of FPTP (the Fully Programmable Transport Protocol).

Let us remember that FPTP, presented in Deliverable 2.2.1 about Multimedia, takes into account the application requirements in terms of QoS and the networks features in terms of capabilities. 

FPTP relies on a new definition of the connection in the new end-to-end transport entity called POC (Partial Order Connection), based on partial order between the media and on partial reliability mechanisms for each media, and aiming at improving the performances of the end-to-end  communication for transferring multimedia data. 

This transport protocol has been designed from the following observation : 

· applications have to transmit their multimedia streams with respect to their required QoS that can be rather different depending on the applications,

· TCP and UDP are not suited for multimedia data, as audio and video for example : they provide either fully reliable and fully ordered, or unreliable and unordered services, whereas it has been shown in the previous deliverables that general multimedia data requires partially reliable and partially ordered services.

FPTP is then using both order and reliability parameters as the QoS specification and to improve data transmission. 

In particular, it has been shown that such a transport protocol can reduce the end to end delay for multimedia applications. 

FPTP is also able to enforce the requested synchronisation between the parallel multimedia streams, even if they are sent on separate networks. 

To cope also with serial multinetworks, it will be shown that this FPTP  protocol architecture has been extended to lead to a new general multinetworking protocol – including both parallel and serial aspects – called MNP (Multinetwork Protocol).

MNP is based on the concept of splitting the end to end connection in several sub-connections, or trunks, (the end-to-end connection being a sequence of these trunks), each trunk being supported by a single network domain, and each domain being supported by a single technology. 

Then, the best suited parameters for the selected protocols are used on each trunk, and the most suited algorithms are applied to the data streams depending on the application requirement model.

Then, it will be shown that this solution is quite coherent and can be extended to handle the multicast communications and, finally, the corresponding API will be given.

As a consequence, this deliverable is structured as follows. 

First, the problems related to multimedia communications, including their needs when using several networks, are exposed in section 2. 

Section 3 then gives a state of the art in multinetworking, especially showing how this is related to the problems expressed in section 2. 

Section 4 presents our protocol and architecture for multinetworking : FPTP and MNP respectively. 

In this section, three points are addressed: 

· (1) how POC provides a solution for multimedia communications, 

· (2) how FPTP can take advantage of multiple parallel networks, and 
· (3) how MNP can split an end to end connection into several connection trunks and perform requested operations at the edges of each trunk. 
Section 5 describes how the previous protocols can be extended to provide a multicast services. It will also present the solution developed by GCAP and relate it to the experiments and to the general case of the Internet.

Section 6 describes the implementation of FPTP, all used mechanisms and principles, and gives some performance measurements for these protocols in the multinetwork case. These measurements have been made using a simulation software and a FPTP prototype. 

Section 7 gives the API that will have to be used by the application layer to use the services provided by the protocols.

Finally section 8 concludes this deliverable.

1. Multinetworking overview

Multimedia applications require different kinds of QoS according to the types of data streams considered and to the type of use these applications are involved in. 

This QoS is impacted by many parameters, such as reliability, throughput, end to end delay, etc. For example, let us assume that a videoconference application has to open 3 connections: one for transmitting audio, one for video and one for signalling. 

Typically, the audio stream is a CBR stream (Constant Bit Rate) with an almost perfect reliability, and a very low end-to-end delay to favor a high interactivity level. 

The video stream is a VBR stream (Variable Bit Rate) with a peak and mean rate, a minimum reliability level, the suited image definition depending on the video quality required by users (for instance a very high quality for medical imaging, and a medium or poor one for teleteaching, etc.), and also a low end-to-end delay. 

On the other hand, the signalling connection has to be fully reliable, with a low throughput, and can accept a much longer end-to-end delay than audio and video.

As a response to all these various QoS requirements, many network infrastructures using very different technologies have appeared, and will have to be selected by applications depending on their requirements and on the QoS provided by each network. 

It is now obvious that computers will eventually own several networks interfaces, to be able to use these networks, as ATM, Mobile, satellite (LEO, GEO), ISDN, etc.

In the videoconference example, we can assume that the audio stream takes advantage of an ISDN connection, the video can use a broadband VBR ATM channel and the signalling a classical TCP/IP connection over the classical Internet. 

These networks match well the videoconference QoS requirements : 

- ISDN is a synchronous network ensuring a CBR throughput, reliability and end to end delay with almost no jitter ; 

- ATM is a broadband network providing high throughput eventually in a VBR mode, low end to end delay, and a good reliability ; 

- TCP/IP over the Internet provides a reliable service with no bandwidth reservation and no control of the end to end delay.
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Figure 1 – Parallel multinetworking

To take advantage of all these available networks having various characteristics, a communication protocol has to be able to separate the application data streams depending on their types, and to send them on the most suited support, i.e. on the most suited network or set of networks. 

Assuming the case of a VoD application (that is very similar to videoconferencing, except that the end to end delay constraint is looser), Figure 1 shows that the audio stream takes advantage of an ISDN link, the video of an ATM satellite link (having longer delay than the terrestrial network), while the signalling connection uses the Internet.

It will be shown that the FPTP protocol will be able by definition to handle such three connections, on different networks, as FPTP is able to handle a set of monomedia connections, this independently of the paths (in the networks) taken by the streams, i.e. of the used supporting networks. 

As a consequence, FPTP should be able, at a later stage, to achieve dynamically this handling, depending on the QoS requirements of the applications and on the characteristics of the accessible support networks. 

In addition to the choice of the networks, the second important problem FPTP has to solve concerns the (re-)synchronisation of the 3 streams at the receiving site, which as a consequence can have been in the general case sent on different physical and logical support networks. 

In other words, this means typically to solve the question about how to manage parallel multinetworking.

Also, another topological case appear, the sequential one, where it is possible that, to reach a remote user, data streams have to serially cross several heterogeneous networks, each of them  having their own different QoS characteristics.

Depending on the type of network crossed, the optimised implementations of the protocols being used has to take into account the capabilities of the supporting network. 

Then the used protocol :

· can be different in each network, depending on this underlying network, to use its capabilities in the most appropriate way, or 

· can be the same (for instance TCP), and then has to be tuned the most appropriate way, using different parameters or different configurations, those being set specifically for each of the different underlying networks.

For example, considering the previous VoD application using a TCP service that crosses a terrestrial ATM network, a GEO link and a terrestrial MAN (Metropolitan Area Network), in Figure 2, the TCP implementation and configurations for reaching an optimal performance have to be different on each link. 

We can understand that it will then be rather difficult to ensure the most optimised QoS through all these networks. 

In other words, this means typically to solve the question about how to manage serial multinetworking. 

Let us note that this serial multinetworking problem is certainly one of the problems that is now leading to the most important efforts in the Internet community. 

Actually, at the network layer, the IP protocol has been designed to unify all communications between all kinds of physical networks in the Internet. Hence, Internet has been managed up to now, during a long time, as a flat network, the IP layer and protocol hides the underlying network heterogeneity (for addressing, QoS, Media access, etc.). 

This flat management of the network has been efficient since the beginning of the Internet, as the networks (wired networks) were quite similar, but it is now far from the optimal solution that can be reached and that the users would like to have. 

Currently, cable or fiber networks are not the only kinds of infrastructure that exists in the Internet, wireless and even more generally satellite networks are now becoming new links in the Internet. 

Wireless and satellite networks are quite different from wired networks as they have quite different transmissions delays, capacities, and loss ratios.

As a consequence, the user-to-user protocols, and in particular the transport protocols, have to be designed, or at least tuned, to maximize the use of all of such new links. 

For instance, we have seen in Deliverable 1.1.1 that a new version of TCP was specifically designed to be used over satellite links [ALL98]. 

In our VoD example, in order to optimize the use of the satellite segment, the best solution would be to translate the transport protocol used on the wired support networks into a protocol specifically tuned for satellite links, and then to become able to provide a much better QoS to the requesting applications. 

From similar reasons, it appears that, more and more often, such new components are inserted in the network, providing new mechanisms as splitting, translating or spoofing data traffic, in the end-to-end path, between a set of sub-connections or of sub-paths. 

Such components are said to do caching as long as they handle very asynchronous traffic, and they are now more and more called “proxies”. 

Proxies are normally in charge of translating protocols or of spoofing traffic. More generally, their current trend is to make them capable of handling streaming traffic with real time or near real time traffic, which are traffics of growing importance in the Internet [MCC00].

Another problem that arrives against the flat way of managing the Internet is related to the insertion in the network of firewalls, for security reasons. 

Finally, in the same way, IPv4 addressing for all new applications and networks leads to new difficulties. Introducing NAT (address) servers has been proposed to cope with the limited amount of IPv4 addresses, and it follows that NAT servers do not allow any more to manage the connections between two users as a simple end-to-end connection. 

As a consequence, NAT and firewalls, introducing new equipment in the connection, do modify the QoS features of the data streams and of their temporal properties, as they break the old direct end-to-end, direct user to user, TCP/IP model. 

Serial multinetworking, to cope with all kinds of these new problems, imply that we cannot any more to consider the network as a flat infrastructure.
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Figure 2 - Serial multinetworking

Another example showing the need of not considering the Internet as a flat network is given by the DiffServ architecture [BLA98] whose aim is to provide in the network some service differentiation, at least statistically guaranteed. 

The starting hypothesis in DiffServ consists in considering that QoS is easy to achieve inside a single domain, that can be easily globally managed (by an ISP or a carrier network). 

The problem then deals with enforcing the QoS guarantees for a set of domains, and so between all domains that are crossed by packets and streams during a data transfer. 

[image: image9.wmf]Furthermore, a general VoD application can also need to cross serial and parallel composition of different networks as shown in Figure 3. 

Figure 3 - Parallel & Serial Multinetworking

On this Figure, the audio stream uses an ISDN link, the video stream crosses a terrestrial ATM link, a geosynchronous satellite channel and then a metropolitan intranet, while the signalling stream takes advantage of the classical Internet.

2. State of the art in multinetworking

The previous sections showed that many real applications are more or less closely related to multinetworking issues, and this is even more true in the case of serial multinetworking. 

This section then aims to describe the related work currently in progress. 

For shake of readability, parallel aspects are discussed first, then followed by considering the serial cases.

2.1 Parallel multinetworking

On one side, today, only few architectures exist that allow the use of several different networks in an integrated way. 

Nevertheless, such a concept appears, for example, in some distance learning environments that use analogical communications for audio and video, and digital communications for data exchange and for control sessions, but these environments are limited and ad-hoc. 

Some work is also performed in the domain of mobile communications, whose aim consists in selecting a new network if the one the application was using is temporary no more available (because of a handoff problem for instance) [STE98]. 

This is also related to environments allowing the selection of the network interface the users want to explicitly use for sending data [INO97][LAN98].

Nevertheless, all these environments do not take into account the general QoS parameters required by new multimedia applications, but are only focussed on a few ones (quality of the received signal, cost, etc.). Moreover, most of them are limited to the use of a single network interface at a given time.

As a consequence, it appears that only very few work dealing with parallel multinetworking has been done up to now, probably because most of the users do not yet have multiple network accesses.

2.2 Serial multinetworking

On the other side, much more work has been done to deal with serial multinetworking, even if there was almost no coordination between all the corresponding results. 

Thus, many specific solutions have appeared in the field of cache and proxy design. A few year ago, an IETF working group started its work in this area. This group then wrote a proposal draft where it recommends some methods for splitting end-to-end connections and some mechanisms for designing proxies. 

It is worth noting that this group is considering an approach that is coherent with our previous work on FPTP and MNP. The next sub-section will describe the proposal that has been produced by this working group. 

Another example of a solution that deals with serial multinetworking and the Internet architecture is provided by all newly proposed caching mechanisms, for instance in CDN Content Delivery Network, that constitute a new approach of the Internet, no more based on the "only routers in the Internet" design principle. This solution, including high layer equipment in the core of the Internet, will be described in sub-section 3.2.2.

The last part of this sub-section will also detail the firewalls and NAT problematic. Of course, our FPTP / MNP solution described in section 4 will able to cope with such devices, as it will be demonstrated later. 

2.2.1 ITEF WG “pilc” proposition: Performance Enhancing Proxies (PEP) and other tracks recommendations.

Performance Enhancing Proxies (PEPs) are often employed to improve degraded TCP performance caused by the different characteristics of some specific link environments, for example, in satellite, wireless WAN and wireless LAN. 

Different types of PEPs have been described as well as the mechanisms used to improve their performance in [BOR01], including a dedicated study concerning proxies operating with TCP. 

In addition, motivations for their development and use are described along with some of the consequences of using them, especially in the context of the Internet.

Note that this draft does not make any recommendation, for or against, with respect to introducing PEPs in a given architecture by the Performance Implications of Link Characteristics (PILC) WG [PILC]. Only standard track recommendations are developed for handling specific individual links, [e.g. links with high error rates, links with low bandwidth, links with asymmetric bandwidth, etc].

The main mechanisms studied, in particular in [BOR01], are developed for improving the TCP Ack handling for error control. This is because they are crucial for improving the overall performance of the protocol.

These ACK handling mechanisms which may be used separately or together are:

· TCP ACK Spacing (described in [BPK97]) to avoid TCP bursts of data segments starting when the sender receives a burst of TCP ACKs;

· Local TCP Acknowledgements sent back locally by PEP that are very useful when the underlying network has a high product bandwidth ( delay;

· Local TCP Retransmissions done by PEP when the data is lost on the final path between PEP and the receiving end system;

· TCP ACK Filtering and Reconstruction used to avoid congestion problems that may appear when the back stream of TCP ACKs grows up on a highly asymmetric link so that congestion may arise.

Of these mechanisms, one is rather important, local TCP ACKs and retransmissions, as they must be used when the end to end TCP connection is splitted into more than one. 

On a splitted connection, that includes transport layer hops, the most negative effect is the break of the end to end semantics, which is one of the main architectural Internet principle [SRC84, CAR96]. 

Nevertheless, this approach is very useful for GCAP and in general for satellites, as it as been said in Deliverable 1.1.1, in particular because such a Transport protocol, used between each hop, cannot be restricted to TCP (because of the TCP low capability in term of QoS) and so can use more appropriate protocols than TCP.

2.2.2 Caching and address translation

As it has been said in section 2, several well known functions in the Internet deal with serial multinetworking issues. 

This is the case for caching mechanisms, that have been contributing to the Internet performances improvements. 

Caching is a twofold activity :

· Network capacity is used to download in caches a large number of web pages during night hours (when bandwidth availability is maximized) starting with the ones that received the greatest number of hits. 

· To cope with the high rate of information published on the web, caching is also used to record web pages that are interactively downloaded on user request.

The choice of the downloaded pages is then most of the time based on long range statistics related to the networks or to the users.

The method chosen by caching to cope with multinetworking issues is to locate the information as close as possible from the users. Cache servers are located on the same network as the final users.

This caching mechanism fulfils its requirements as long as web pages do not change several times per day. Otherwise, it can happen frequently that the pages stored in the caches are not rightly updated. 

Nevertheless, the idea under the caching approach consists in reducing the traffic in the networks, it leads to changing the initial Internet architecture, mainly to avoid to cross peering links that are generally part of the bottlenecks in the global network. 

In fact, this approach is part of the multinetworking problem as it cancels all direct user-to-user multinetwork connections. 

Of course, such an approach only works for asynchronous traffic. It cannot be used for real time or near real time traffic requirements because caching means loading into a memory and so means high delays in the general case.

Note that CDNs as Akamai use a similar approach, except that they can also locate the application web servers in the edge and in the core network to avoid all known bottlenecks related to the limited capacity of the networks.

As a consequence, it should be clear that even if such techniques have a strong impact on the traffic reduction of the global Internet, they are modifying the classical old architecture of the Internet. 

Some other components in the Internet as NAT servers as well as firewalls can also be related to multinetworking issues. 

NAT is in charge of data packets from one network to another network that does not work with the same addressing policy. 

In the same way, firewalls are in charge of enforcing secure access from a public to a private network having different security policies. 

Both are examples of the new coming wide range of functions that appear in the Internet and that are related to multinetworking. 

They are good examples that show that the QoS of data streams is disturbed by new components breaking the end to end IP model. For instance, it is well known that it is now not possible to use a high quality videoconferencing session between users that are located behind a firewall.

Let us know consider the proposed multinetwortking protocol.

MNP: a Multinetwork Protocol

Given these new needs in terms of multiple networks and given the very limited contribution done until now in this area, GCAP has been working on the extension of a multimedia transport protocol towards a communication protocol suited for taking advantage of multiple networks.

In this section, the new protocol is first defined, and then the two main cases of multinetworking solutions are described. 

The benefits of these two cases are illustrated in section 6 thanks to simulation results obtained using the OPNET modelling tool.

2.3 General presentation

According to the multinetworking problematic, described in section 2, the communication protocol has to be able to adapt itself to the various kind of QoS provided by the underlying networks. 

Our proposal is focused on end to end communications, and also on the features of each protocol hop in a not direct end-to-end connection. 

This is because each hop has to take maximal benefit from the service provided by its underlying network, of a given technology. 

TCP tried to answer the following very challenging question : is there one protocol that may be able to fit all networks; i.e. a wired optical fiber network as well as a wireless link or a satellite channel, while guarantee a given end to end QoS ? 

Closely related to this question, two problems must be solved:

- the multinetwork protocol must be able to choose the best available network, mapping the required application QoS and the provided network QoS;

- the multinetwork protocol must be able to guarantee the end to end behaviour, using several consecutive different connections, each hop using a different instance of the network QoS ;

Of course in this case, an additional global mechanism must be available to control the transfers from the senders to the receivers, i.e. from each (previous) local connection to the next one.

All these problems will be considered in our Multinetwork protocol (MNP). This protocol will be first seen as a basic communication protocol for multimedia data with the enhancements needed to address multinetworking communication, and then extended to multicast. 

As described in [BOR01], in terms of layering, the needed MNP specific mechanisms added to the protocol can be located either at the Transport layer or at the Application Layer. 

In our global architecture proposal, the end-to-end semantics of the classical TCP/IP layer is broken and a new protocol function is located at the edges of the different network (networks domains having the same technology). 

This function and its software will have as a goal to be able to send, to receive and to relay data packets from the sender to the receiver, and from one domain to the next domain until the final user is reached. 

For a parallel MNP connection, it will be seen that a set of parallel connections, based on FPTP, is set up from one end user to the other. The new MNP protocol must then be able to select, between the available reachable networks, the one that, depending on the application streams, better fits the application requirements, as in Figure 4. 

For sequential multinetworking, the new function, i.e. the relay software, will be implemented using a new layer, in the simple way on top of the IP layer of an IP router. This new functions and software, linking to sub-connection to constitute the end-to-end one, will relay, decode, transform and encode the information, and will be located inside a new, extended, more sophisticated Transport layer, as shown in Figure 5. 

Figure 5 gives the case of a machine that is used as a relay between two networks, Net1 and Net2, and the two end application. 

Here MNP can select the network in the left and right machines, but can also do the relay and the data transformation in the machine located somewhere between the two end users, i.e. somewhere in the network.

[image: image10.wmf]
Figure 4 – MNP architecture for parallel multinetworking
Applied to multimedia communication, it will appear and it will be seen later easily that as FPTP allows the use separate connections, each of these connection can be established on a given network, while another may use another one, with different capabilities, depending on the application requirements.

 Now, using such a set of networks, will lead in the general case to a probable desynchronisation between the different media and streams, and so will require the resynchronisation at the receiving side, of the monomedia streams before their delivery to the upper layer, i.e. to the application user. 
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Figure 5 – MNP architecture for serial multinetworking
It clearly appears in Figure 5 that, along a serial MNP connection, transport sub-connections appear inside each of the networks, leading :

· to the end of the classical Internet model where only one TCP connection from the sender to the receiver,

· to the requirement of this new sub-layer that has to define and established the new relationships between the two (Net1 and Net2) sub-connections in terms of flow continuity, error control, etc.

We are going now to show that one adequate solution can be provided by using, as a basis  inside each of these end or hop machines, the FPTP protocol, that will constitute the GCAP multimedia transport protocol, based on partial order and partial reliability, on top of which the overall architecture will be built. 

Let us first recalled the FPTP principles, based on a multimedia POC connection, in the next subsection. 

Then it will be seen that the end to end argument is preserved by its extension, MNP, and that the MNP functionality keeps the end to end QoS guaranty. 

2.4 POC and FPTP : A multimedia transport protocol based on partial order and partial reliability

It is now well known that the famous TCP and UDP Internet transport protocols are not suited for multimedia data streams applications, because they cannot support the various multimedia QoS required. 

In fact, TCP only provides a fully ordered and reliable service, UDP an unordered and unreliable service, while multimedia data streams require a partially reliable (in fact it is not troublesome if an image of a 25 images/s video stream is lost or damaged), and a partially ordered service (because multimedia applications have to handle several serial and/or parallel compositions of data streams). 

As a solution, a partial order transport connection (POC) [AME94][DIA95] is a transport that delivers data units sent on one or several connections, following a given (partial) order. This order is any order between the total order (as TCP) or no order (as UDP). It can be expressed as a serial/parallel composition of sub-objects or data units. 

Note that this order can be for instance described by a classical Petri Net, or better, if one wants to include time requirements, by a Time Stream Petri Net – TSPN (a temporal extension of the general Petri Net model) [OWE98].

As an example, Figure 6 that represents the not timed serial/parallel composition, using classical Petri nets, of sounds and images of a videoconferencing application. 

In this case, this delivery order can be seen as the logical synchronisation of multimedia objects, synchronisation being one of the essential features of multimedia systems.

Furthermore, the possibility of losses in networks leads to the interesting notion of partial reliability. This notion is tightly related to the transport QoS : it defines a nominal QoS and a minimal QoS under which the user requested service is no more ensured. 

This minimal QoS can be expressed by defining a set of acceptable losses, for instance a maximum number of losses inside a sequence, a maximum number of consecutive losses,… 

When an acceptable loss can be detected (i.e. when a received object has a numbering higher than the expected one, but in agreement with the losses defines as tolerable), the missing object can instantaneously be declared as lost (i.e. leading to earliest indications of losses), and the (next) data already received can be delivered at once to the application (i.e. leading to earliest deliveries). If the loss cannot be accepted in terms of requested reliability, retransmission will occur.

The required partial reliability, defined in the partial order transport service and resulting in earliest loss indications and deliveries, is deduced from the application requirements [OWE98].

In fact, two approaches exist for managing partial reliability: media per media and per groups of media. 

Media per media means that the receiving stream entity can only handle the partial reliability on the stream it manages, and not on the other streams of the multimedia connection. 

In the per group of media management, the receiving entity can declare losses on other streams of the same multimedia connection, which leads to a more interactive behaviour, as we will see now.
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Figure 6 - Partial order example

Let us consider Figure 6 that represents a Petri Net of a serial / parallel composition of a multimedia connection (audio and video of a videoconference application for example). 

Let us assume that the maximum allowed number of losses on each stream of a synchronisation period (V1-V4, A1-A4) is one. Let us also assume that data V1, V2, A1, A2, and A3 have been received by the receiving entity and delivered to the application.

Let us then assume that the remote entity receives V4 ; the strong fulfilment of the partial order on the video connection says that V4 cannot be delivered to the application : this is because it is logically located after V3 and V3 has not been received yet. 

Now, in fact V4 can be delivered if V3 has been lost, because of the selected reliability (one data loss allowed by period) ; this is the principle of partial reliability.

 As one loss is acceptable on each period for each stream, and in order to deliver V4 as soon as possible, V3 will be declared as lost, and V4 is delivered. This is the principle of earliest losses and deliveries.

Let us now assume that, after receiving V4, V5 is received. Regarding the partial order, this object cannot be delivered, because it is logically after A4 (because of the inter-streams synchronisation following A4 and V4). With a media per media management of the partial order, V5 has to be stored until A4 is received or is declared lost. 
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Figure 7 - Architecture of a partial order transport

However, with the per group of media solution, the manager of the video connection becomes able to create losses on the audio connection. 

In this case, as one loss is acceptable on the audio stream (during a period), it declares A4 as lost and delivers V5 to the application as soon as it receives it. 

This by group of media partial reliability management leads to the design of the highly interactive architecture given in Figure 7, which also shows the multi-connections management.

So, if multiple accesses to various networks providing different QoS are available from the sender entity, Figure 7 shows that using POC allows us to easily set up all needed monomedia connections. Then they can use the most convenient network with respect to each of the considered media, can handle at the lower sub-layer each intra-stream synchronisation and finally provide at the sub-layer above the inter-stream synchronisation. 

The synchronisation mechanism provided by POC of course easily works at the receiver side, even if several networks and several network accesses are used, because each monomedia connection is received by its monomedia partial reliability, and POC handle the global inter-stream synchronisation. 

A new enhanced version of our first proposal POC, called FPTP, has already been described in previous GCAP deliverables. POC has been redesigned to be implemented in Java, leading to FPTP, the multimedia prototype for GCAP.

This architecture will be extended now in this deliverable for handling at the same time multinetworking and multimedia. The protocol for multimedia parallel multinetworking will still be called FPTP. 

It will be extended here later to handle multicast also and so to lead to the first approach that is able to provide a completely integrated solution.

To show the resulting interest, consider that if the general end to end connection is broken in consecutive hops into consecutive sub-connections, then benefits can surely be gained by using a different protocol between each pair of hops, this protocol being optimized or tuned to maximize its performance on each network. 

From this starting basis, FPTP is described in the following section 4.3. Here QoS will be defined hop by hop, or network by network, and will mean mapping the local FPTP software on each hop on the QoS of the local networks connected to this hop.

This will be detailed in the following subsections. The complete multinetworking solution will be given, that involves both serial and parallel configurations. 

Then, of course, it will follow that the hop machine, software and layer will become more complex. They will be addressed to provide parallel and sequential multinetworking, i.e. handling all the connections to give the best possible end to end semantics. 

2.5 Parallel multinetworking : the architecture

In order to provide a solution to dynamically select the most suited network related to the QoS required by a given application, i.e. by each stream, FPTP, extension of the Flat FPTP architecture, has been proposed. 

This new protocol will allow, depending

· on the QoS requested by the application data streams and 

· on the knowledge of the accessible networks (from the sender but also from the receiver) the selection of the most suited network for the transmission of each data stream.
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Figure 8 - FPTP architecture

The main problem in such an architecture consists in selecting the right network, i.e. how to define and collect the adequate information needed to make this selection. 

For that it is first needed to determine the QoS parameters of each network that is accessible by a given sending machine.

For this, a qualitative study has been conducted in GCAP and in other projects on communication networks and in particular on new ones as GEO/LEO satellites, Mobiles, etc. 

It appears that some sets of generic parameters can be defined for the characterization of the QoS provided by these networks. 

One of them is given in Table 1, where “-“ mean not defined.


Throughput
RTT
Jitter
BER
Security
Broadcasting
Cost

ATM/CBR
Guaranteed
Small
Small
Small
Yes
No
High

ATM/UBR
-
Small
Small
Small
Yes
No
High

ISDN
64 Kb
Small
Small
Small
Yes
No
Low

Satellite
> 64 kb
High
Small
High
No
Yes
Middle

Mobile
< 64 Kb
Small
Small
Very-High
No
No
Middle

Internet
-
-
High
High
No
No
Low

Table 1 - QoS provided by some network services

It then first clearly appears that some of the parameters are not significant for some of the considered networks. For example, the bandwidth related to a best effort network, as an IP network, cannot be really  defined, as it can widely change, depending on the traffic existing at a given time in the network. 

Nevertheless, such an information is of general interest and can be used by an FPTP based solution in its network selection as a general basis or if nothing more exists.

For instance, it follows that an IP network is not suited for a data stream (video or audio) requiring a guaranteed throughput.

All these parameters easily allow to start building a data base that contains all the characteristics of available and accessible networks from a given machine. Of course, such data base will need to be updated during the life of the system, and if possible as frequently as new communications with new sites are established. 

Then, if more sophisticated solutions are implemented, in addition to what is described in Table 1, the network data base may be enriched to indicate much more precise values for all or some of the different parameters. 

Note these QoS characteristics belong to two distinct categories : 

the first concerns the characteristics provided by the system that support the network drivers, while 

the second consists of the parameters that have to be measured (as the end to end delay for example) in an metrology phase. 

The network selection can then be done depending on general network characteristics, but also depending on much more precise knowledge of the state of (part of) the network.

Then, today, in the current design, FPTP will select the most suited real time network for a data stream by using a pre-defined simple metrics. This metrics measures the distance between the data stream requested QoS and the one provided by each accessible network, and then select the one with the lowest distance.

Let us now extend it to the sequential case

2.6 Serial multinetworking

2.6.1 Present normal use of networks providing different QoSs

Let us first remember that if the present IP Internet is currently deployed on the top of various kinds of heterogeneous networks and links, it is always transparent for the upper layer, and in particular  to the protocols on top of IP.

End to end communication usually involves TCP or UDP, whatever kind of underlying network is used, and by definition, TCP and UDP uses their mechanisms and controls in only one way, i.e. in the same way whatever the heterogeneity of the underlying networks.

It follows that such an approach is quite restrictive. 

For instance, TCP relies on the RTT values to control the sending window size, one important parameter for performance. 

Now, if a satellite link is involved in the connection, it introduces a high product 
“bandwidth ( delay”. 

For one hop to hop only, from earth to satellite and then back to earth, the global delay is around 250 ms. 

So it has been shown in Deliverable 1.1.1 that TCP leads to a very poor performance in such a configuration. 

Nevertheless, the main advantage of using TCP for distributed applications is that their programmers do not need any knowledge of underlying networks.

To improve the performances of TCP for satellite, the idea has been to split the end to end connection in several hop-by-hop connections. 

As it has been said, the resulting goal is to map the selected hop-by-hop transport protocol to fit as much as possible the parameters of the underlying network connecting these two hops, depending on the real capabilities of this network. 

This proposal has also been included in PEP [BOR01], only for TCP users.

2.6.2 MNP serial architecture
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Figure 9 – Serial multinetworking configuration

Let us consider now the configuration given on Figure 9.

Furthermore, let us recall that, as said before in section 3.2.3 devoted to PEP, the main mechanisms are related to TCP ACK handling, including :

TCP ACK Spacing;

Local TCP Acknowledgements; 

· Local TCP Retransmissions;

· TCP ACK Filtering and Reconstruction.

We also know that using one end to end TCP connection is not well adapted to the case of multinetwortking in general, as shown previously. 

On one hand, nevertheless, if TCP is used somewhere in for instance one of the networks, local TCP ACKs and retransmissions, i.e. ACKs local to a given network, can be used to improve the communication performance. 

On the other hand, MNP, the extension of the parallel multinetwork FPTP to serial multinetwork, as a multinetwork protocol, does not necessarily use TCP, in the sense that it is conceptually able to handle a set of protocols for monomedia data or streams, and at the limit one protocol for each of its data.

In GCAP, MNP will be using FPTP, and furthermore TCP can be seen as a specific case of FPTP where TCP :

only one parallel connection, with total order and reliability, and 

also is used on for one network support, optimized for this network. 

So, to design our Multinetwork serial protocol, we have only to address the main problems induced by:

- breaking the end to end multinetwork semantics (a MNP problem)

- trying to improve protocol performance (a FPTP problem).

Let us consider first the consequence of breaking the end to end semantics. 

Let us consider what will happen in the configuration given in Figure 9 if one message is lost on the last (green) sub-connection ? 

This message has already been acknowledged by the previous hops, at the end of networks 1 and 2, and the initial sender has deleted its copy from its sending buffer. 

Now, if a slow link exists in this connection, then the end to end ACK is delayed, even if the other links are very fast. 

If the retransmission has to be done from the source, re-crossing the slow link; the total delay is heavily increased each time the slow link is crossed.

For this retransmission to be transparent to the initial sender it follows that the last gateway crossed by the message must have kept a copy of it.

Then it becomes obvious that a proxy/cache mechanism is needed there, to guarantee an end to end behaviour of the global (now splitted) end-to-end connection.

As a consequence, the solution to improve the global performance of such an end-to-end connection is to split this connection, setting one hop to hop (sub-)connection (often called only hop connection) on top of each of the crossed networks. 

The gained benefits in error control and recovery come from the implementation of local mechanisms (acknowledgement and retransmission) in the gateway (the equipment found between two consecutive hops) that has then to provide a set of retransmission buffers. 

Retransmission will be done only from the previous hop (a gateway or an end computer), so reducing the delay to re-send the requested data.

Splitting the connection needs to solve the two following problems:

its end to end QoS: the definition of the QoS for each hop is not sufficient to guarantee the global end to end QoS requested by the application; coherence has to be maintained from one hop to the next one by the designed architecture of the gateways ;

its deployment : the implementation of this architecture depends on the deployment facility provided by the different networks.

All the questions related to deployment are not obvious, but it has been proposed in GACP how this deployment can be done using an active network based approach. 

The new concepts developed in GCAP and the results of the first experiment have shown that the architecture proposal of GCAP can make possible the deployment protocols as MNP in a very short future.

3. Multicast and Multinetworking

3.1 The basic model of the infrastructure

The services that have been considered in GCAP are the ones needed to provide multicast multimedia and multinetwork with QoS, including the design and the deployment of the corresponding protocols. 

After having seen the multinetwork aspects of a large and general global internet architecture, let us now try to get a simple view of the global communication system.

Such a view, as usually, refer to the geographical deployment of the physical infrastructure : they will define a surface on which the real physical infrastructure will be projected ; it is a view of the way the infrastructure covers the world, consisting of nodes, hosts or routers, and links. This defines, as it has been seen in the Architecture deliverable, the core networks and the edge networks, together with the corresponding edge routers.

[image: image14.wmf]In the present Internet architecture, all core (internal) routers in the core networks are classical routers, only having in them the software defining the classical IP network layer. The layer four transport software is only located in the user hosts.

Figure 10 - Platform interconnection

The Figure 10 represents a simple view of a network of networks :

· the networks built and provided mainly by the telecommunications providers or by other providers, with the end users, define the core networks ;

· the networks that are at the same time directly connected to the final users and that can be managed by these users, define the edge networks. Note that these networks are quite often a LAN or a set of LANs.

Remember that in GCAP and in the Architecture deliverable, another kind of networks, the access networks are defined as networks to which final users are connected, but that are managed by industrial providers, as telecom providers, i.e. are not handled by their users. In particular, this will lead to much less capability in their design and services they provide. 

As we need in GCAP to develop and deploy new services, the edge networks are the natural way for starting these developments and deployments.

As a consequence, in GCAP, we used the edge networks, also called LANs for commodity, managed by some users or by some of their representatives, as typical examples of the place where the protocols can be developed.

It follows that the new services and protocols provided by GCAP on multicast for instance, but also other protocols and services later, can be located where it is easy to deploy them, i.e. in the edge networks, and more precisely in the edge routers, in agreement with:

· the (new) services the users want to have

· and the possibility they have to decide their implementation in their edge routers.

It has been considered that this approach is of great importance for the design of new protocols and new services, because :

a) due to their locality and their design, the users have a direct control on the edge networks, i.e. on their deployment and functions ;

b) many decisions about their services, i.e. the services to be provided to the users, can be requested and implemented locally by these users or by their network managers (who are very close to the users).

c) deploying new services on edge devices allows an easier management : 
There is no need to upgrade all of the LAN computers to install the service. It provide a centralised service administration. The security is then increased.

3.2 Multicast and Multinetwork : Protocol implementation and integration

The proposed service has been defined as an advanced protocol, that is able to propose to the users to define their respective QoS for each of the monomedia flows. 

3.2.1 The multicast protocol

There are many ways to consider a multicast extension of point-to-point protocols. The IETF is now considering a monomedia reliable Transfer Multicast protocol, RMTP, to provide a full reliability transport service over a Best-Effort network service. 

This is less than what GCAP has to do, as at the same time we are considering multimedia and multicast with partial reliability.


a) The multicast requirements

As already said, as we are considering multimedia systems, we have to provide :

· a set of levels of QoS, depending on the multimedia objects of the applications,

· and also, we have to consider partial reliability, in relationship with bandwidth.

An important implication of these multimedia applications is that, as full reliability is not mandatory, GCAP had to design in particular, before a global multimedia multicast protocol, a multicast monomedia protocol able to handle partial reliability.

As a consequence :

· first a monomedia multicast component has to be provided, which has to include a partial reliability service,

· and second this monomedia multicast service has to be extended to support multimedia objects. 

Furthermore, the corresponding multicast protocol has to be able to be used by all applications and users in different environments, i.e. it has to be able to support and provide to its users a partial reliability service, such that :

for two users, Ui and Uj, 

· they may be in different places and have different supports available,

· and the reliability requested by Ui can be different from the reliability requested by Uj.

Basically, the way reliability will be handled has already been given : the multimedia partial order model of the object, given in the previous paragraph for one receiver, has to be extended to two users, with a trivial extension to N users.

It has been proposed rather easily in GCAP that different users can have a different reliability values by defining, in their receiving side :

· their set of the allowable losses in each of the flows, and then by principle, 

· this definition can of course be different for each user, as for instance the receiving reliability of the model is local and can be different in each site.

Now, there are still other questions which GCAP had to answer :

· how to divide the multicast protocol between the network and the transport layers,

· how to handle all different users and their QoSs within a multicast connection.

Let us now present the GCAP multicast solution.


b) The GCAP multicast monomedia sub-layer

First, after a complete analysis of the possible IP solutions, GCAP decided to use the PIM-SSM protocol.

PIM-SSM has been selected to provide, in the IP layer, the set of the messages needed to be sent from the sender to the set of all the receivers.

In this choice, PIM-SSM makes at the network layer, not only the routing, but also the needed copies of the messages, in the right routers, i.e. when needed to forward the message to more than one end user located in different geographical areas.

Nevertheless, this is a IP solution, i.e. this solution gives the accessibility of the users, and not the assurance of the delivery of the messages : as in normal IP, losses may occur and are not corrected by the IP network layer.

It must be understood that, as this is an IP layer, the service provided by the PIM-SSM IP layer is the same than the one provided by the normal IP, except than now there are many receivers.

It follows that enforcing reliability needs to be done on top of the IP layer, i.e. in our end-to-end layer, and this is what has been done and will be explained now.

The GCAP solution has been to build a Tree Building Control Protocol. 


c) The Tree Building Control Protocol

As we are willing to build a partially reliable multicast end-to-end layer four protocol, on top of a not reliable layer multicast IP protocol, we have to use a solution that do not use multicast (as we are willing to build the multicast capability).

Then:

· first, as a consequence, the developed solution will only be based on a set of layer four point-to-point connections, and

· second, we have to build from them a support for reliability, and for this support to be coherent with RMTP, we decided to use an overlay tree.
Now :

· the multicast entities have to be organized in the overlay tree,

· and for this we had to build the efficient overlay tree by developing a specific protocol, TBCP, the Tree Building Control Protocol.
What must be understood is that the tree is used as the recovery support :

· at each level of the tree, there is a one level sub-tree, and at the root of this sub-tree, there is a multicast entity, say Es, having the related sub-tree under it,

· this multicast entity Es has some multicast entities under it (except for the leaves of the tree), the entities that are in its one level sub-tree, as Ei,

· and when one message is not received by one of these entities, say Ei, Ei will request retransmission from the multicast entity located on top of it, i.e. Es.

As a consequence, the purpose of the TBC Protocol is to build the overlay tree, i.e. the tree that will be used to recover the possible lost IP messages in the IP multicast (of course up to the partial reliability requested by the users).

d) The Recovery Protocol

Now, when the tree has been built :

· each multicast entity is located somewhere in the tree, 

· each multicast entity knows its ancestor,

· each multicast entity knows its children.

For one monomedia flow, then, recursively :

· the sender sends the multicast packet using IP multicast PIM-SSM to all multicast entities, and waits for Acks, as usual, following some error control mechanisms (flow control, etc),

· when it receives the corresponding Acks from its children, it releases the corresponding stored packets, 

· if the Acks have not being received or when receiving Nacks, depending again on the error control mechanism used, the sender resends the lost packets to its children or to the child requesting them, i.e. resends the packets for which the Ack has not being received or the Nack received, only if a retransmission request have been made by the partial reliability layer (QoS violation)

and this is done at each level of the tree by each root at each sub-level of the sub-trees.

Now going from the monomedia protocol to the multimedia protocol means only to consider a set of flows.

The only difference is that now the multicast entity needs :

· to implement the recovery mechanisms for a set of flows, and not for only one, so it needs a connection by flow and so by medium,

· to enforce the synchronisation partial order between the flows, i.e. to deliver them if the required partial order is fulfilled.

Of course, this property is quite important, as it allows to handle different multicast entities using (on top of) different network capabilities.

The last question now is where to deploy the corresponding protocols.

Considering it carefully means :

· deciding on which equipment we have to deploy them,

· deciding where in the complete network we do that.

In fact, from what we have said, these two sub-questions are easy to answer : 

· the equipment that are everywhere in the networks are routers, so the idea is to use the routers as the support equipment, and to extend the routers present functions by putting in them our new transport end-to-end layer, located on top of IP,

· as we want to have an automatic deployment by remote loading and remote execution, we will be using the active network based routers.

Then we have two set of these routers, the edge routers and the cores routers, provided by 6WIND and Telebit.

Let us now first the protocol integration into the Edge Device.

3.2.2 Edge Device support and multicast

First, the edge devices are directly connected to the end users by a LAN, and the considered application is the videoconferencing system.

For implementing this application, the Java language as well as the Java virtual machine (JVM) have been selected, but they do not take into account IPv6 addressing at the transport level. 

So we decided to integrate during GCAP the FPTP protocol not in the Java videoconferencing application, but, in agreement with the global GCAP philosophy and approach, we decided to integrate it in the Edge Device.

Figure 11 - Edge Device architecture
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So, Figure 11 describes the architecture of the protocols in the Edge Device. The left part shows the local area network part whereas the right side presents the FPTP protocol connected to the WAN part.

The role of the Edge Device is then to allow the translations of the IPv4 addresses of the local area network into IPv6 addresses for the communication with the other Edge Devices through the core networks. The partial order and reliability management will thus be done in the Edge Device.

The multicast recovery tree building protocol (TBCP) and the end protocol (FPTP) are then located in the Edge Device. 

Figure 12 shows the resulting GCAP architecture for Experiment 2.


[image: image4.wmf]
Figure 12 – Edge Devices interconnection


The doted line represents the underlying PIM-SSM interconnection at the IP layer. The continues set of lines represent the recovery tree between the routers (Edges) that have been selected for implementing the partial error recovering.

3.2.3 General case of router support for multicast and multinetwork

Now, going from the edge router case to the global networking case follows.

This edge router configuration is in fact a particular case of a network configuration including multinetworks. 

We have here two levels of different networks : 

· the Edge networks and

· the Core networks and

· what is quite important is that in fact, a different network protocol is being deployed in both cases. 

In this architecture edge devices are always located between core and edge networks, they use : 

· a particular protocol depending on local matters, on the LAN side,

· and the FPTP multicast protocol on the WAN (core) side.


Now going from this two level to the N level multinetworking is done in the following way :

· first as the N receiving users can be connected to N different heterogeneous networks, we can use a parallel multinetwork access,

· second, as the messages can cross different heterogeneous networks, we can use a serial multinetwork access. 

The new protocol, still to be developed after the end of GCAP will :

· locate the multinetwork multicast multimedia protocol, i.e. MNP and FPTP, where needed, i.e. :

· where there is a decision to be made between more than one different network for sending the messages,

· where in the transmission path, there is a discontinuity between two adjacent networks.

· implement the multimedia error control of FPTP in these nodes, as :

· the error handling will be different in the parallel networks,

· and will have to be implemented also at the hop between two networks that are very heterogeneous and that have to use different protocols.

It follows that this complete global protocol will have to be deployed: 

· in the active edge routers in the edge networks, and

· in the active core routers in the core networks.

Of course, this has still to be done, but GCAP has provided the conceptual global architecture that make such an implementation possible in a quite coherent and complete way.

As a consequence, the multinetwork measurements have only been done in the non multicast case.

4. Measurements

To confirm the theoretical concepts and the architectural design of the FPTP and MNP protocol, some measurements have been done. 

The performance of these communication architectures have been obtained by conducting simulations using the OPNET modeller.

OPNET is a network development environment devoted to the design and the analysis of general networks, network equipments, and communications protocols. 

First, the simulation results dedicated to the use of TCP will be given, showing the problems of TCP performance when using different kinds of underlying networks, involving as satellite or wireless links.

The second set of results will be related to TCP splitting and MNP, showing the communication gain benefits obtained, even without sophisticated mechanisms between the splitted connections. 

4.1 TCP results

4.1.1 Introduction

The Transport Control Protocol is the most widely deployed protocol over the Internet. Even if not well suited for multimedia streams, and does not give a real time solution, it is often used in video distribution applications or online music players. 

The TCP flow, error and congestion control algorithm is certainly one of the keys of the Internet success, because of its capability to share the network bandwidth in a fair way. TCP mechanisms are, without any doubt, a reference for future protocol implementations.

As consequence, before discussing improvements for multinetwork management in MNP, we present several simulation results dealing with the TCP behaviour in pertinent multinetwork configurations. 

First, several TCP implementations, or more precisely, several TCP stacks tuned to improve the protocol behaviour for particular networks are presented. Parameters involved in the protocol tuning are exhibited, and the different resulting performances are compared using the following network configurations : a terrestrial network, a satellite network, a wireless network.

Then, a multinetwork simulation platform involving these network technologies will be defined. The corresponding TCP performances are analysed in such a case and compared to a TCP splitting solution.

4.1.2 TCP Tuning

4.1.2.1 Classical TCP

The following table gives the values of several parameters used in the implementation of TCP [RFC 1122]. 

Of course, only parameters able to be modified in the following TCP stacks are considered. 

TCP Parameter

Value
Reno
MSS (bytes)
SACK Option
Window Size (Kbytes) 
Window Scaling Option
PAWS Option


Yes
536
No
8
No
No

Figure 13 (left) presents the a comparison of results obtained for a 128 Kbit/s audio stream transmitted using TCP over a terrestrial and satellite link. The average throughput of received data was measured. Because of the 8 KB TCP window size, the effective maximum TCP throughput over a satellite link is under 125 Kbits/s, that is less than the 128 Kbit/s needed. 

As the theoretical TCP throughput is :  
[image: image5.wmf],

as consequence the maximum throughput for the satellite link (Figure 13) is approximately equal  to : (8192/0,56)*8 = 117 Kb/s.

[image: image16.wmf][image: image17.wmf]
Figure 13 – Average throughput & Delay probability 
with classical TCP over satellite link

Figure 13 (right) shows the end to end delay of the audio stream. For the terrestrial case, only the link delay can be observed (25ms). On the opposite, as the maximum throughput over the satellite link is smaller than the stream throughput, the audio stream can not be played as fast as needed, and as a consequence leads rapidly to a high delay.

4.1.2.2 TCP for Satellite [RFC 2488]

It uses the following parameters :

TCP Parameter

Value
Reno
MSS
SACK
Windows Size (Kbytes)
Window Scaling Option
PAWS Option


Yes
Path MTU discovery
Yes
110
Yes
Yes

[image: image18.wmf][image: image19.wmf]
Figure 14 – Average throughput & Probability of delay  
with enhanced TCP over satellite link

Figure 14 show a performance evaluation of TCP enhanced for satellite communication. The same benchmark is used : a 128 Kbit/s audio stream and a satellite link. Performances of a classical TCP stack, and an enhanced TCP stack for satellite communication are compared. 

Because of the window scaling option, the maximum TCP throughput is no more a problem when using a TCP sat stack. Figure 14 (left) shows that the 128 Kbit/s throughput is reach with the TCP satellite. 

The delay of the audio stream is also presented on Figure 14 (right).

Then it comes that the performance of a classical TCP stack over a terrestrial network and those of a TCP sat stack over a satellite link becomes comparable in our multimedia example. 

This can be seen on Figure 13 & Figure 14 because of their similarity.

4.1.2.3 TCP for mobile networks

TCP Parameter

Value
Reno
MSS
SACK
Windows Size (Kbytes)
Window Scaling Option
PAWS Option
Timeout
option


Yes
Path MTU discovery
Yes
110
Yes
Yes
Yes

In a wireless environment the total bit rate on a cell depends on the cell size, on the transmission condition and on the speed of the user. 

The following table summarizes these different cases and give the UMTS bandwidths currently used for simulations and evaluations. 

Four UMTS types of service early defined are detailed.

Test

Environment
Indoor Office
Outdoor to indoor and pedestrian
Vehicular 

 120 km/h
Vehicular 

500 km/h

Test Services
Bit rates (kb/s)

BER

Delay (ms)

Channel activity
Bit rates (kb/s)

BER

Delay (ms)

Channel activity
Bit rates (kb/s)

BER

Delay (ms)

Channel activity
Bit rates (kb/s)

BER

Delay (ms)

Channel activity

1. Low delay data

Bearer for speech
8 kb/s

( 10-3
20 ms

50 %
8 kb/s

( 10-3
20 ms

50 %
8 kb/s

( 10-3
20 ms

50 %
8 kb/s

( 10-3
20 ms

50 %

2. Circuit switched Low delay data
144-384-2048

( 10-6
100 ms

100 %
64-144-384

( 10-6
50 ms

100 %
32-144-384

( 10-6
50 ms

100 %
32-384

( 10-6
50 ms

100 %

3. Circuit switched Long delay constrained data
144-384-2048

( 10-6
300 ms

100 %
64-144-384

( 10-6
300 ms

100 %
32-144-384

( 10-6
300 ms

100 %
32-384

( 10-6
300 ms

100 %

4. Connection less information type (packets)
8-144-384-2048

kb/s
8-144-384-2048

kb/s
8-144-384-2048

kb/s
8-144-384-2048

kb/s

Table 2 - UMTS services specification
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Figure 15 – Average throughput & Probability of delay  
with enhanced TCP over satellite link

A performance evaluation using an enhanced TCP stack in an UMTS wireless environment is presented on Figure 15. A classical TCP stack and an enhanced TCP stack have been tested for type of Service 2 & 3 (of Table 2).

The TCP enhanced stack shows good performances for both of the two UMTS services, whereas a classical TCP provide comparable performances for the second type of service, but degraded performances for the third type of service. 

As consequence, even if a classical TCP provide good performances for some specifics UMTS services, an enhanced TCP stack should be used.

4.1.3 Study of TCP and Multinetworks

4.1.3.1 End to End TCP

After these first simulations, a multinetwork configuration has been modelled with the OPNET simulation software. 

A simple but significative configuration, i.e. a core terrestrial network followed by an access satellite network, has been chosen to reflect the multinetwork problem. 

Three parameters have been used to model the network QoS : the Bit Error Rate (BER), the network delay, and the available bandwidth. 

Several parameters, as error burst rate or network jitter are left for further studies because of their minimal impact on the simulation results. 

Parameters values can be found in the D.1.1.1 GCAP report.

The TCP behavior is evaluated through the end to end delay of a 128 Kb/s audio stream. The delay experienced by each packet is measured.

4.1.3.2 Splitting TCP
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A splitting solution to improve end-to-end transport protocol performances is evaluated in this section. The TCP splitting solution have been presented in the GCAP D.1.1.1 report, as one of the best solutions to provide an efficient end-to-end transport protocol over heterogeneous networks.

Two configurations have been experimented:

· Configuration 1 : classical TCP connection followed by classical TCP connection

This solution can be found in the literature as I-TCP [BB94]. Two “classical” TCP stacks are used on each of the two segments composing the connection, then : 

TCP stack1 = TCP stack2 = classical TCP

In fact, the splitter hop will act as a dynamic cache, because packets correctly received from the first left connection are locally buffered. 

Retransmission of lost data will be done at the splitter instead of being done at the sender, this to lead to reducing the end-to-end delay.

· Configuration 2 : classical TCP connection followed by “TCP for satellite” connection

Because the TCP satellite stack is more performant when used over a satellite network, this configuration proposes to replace the second TCP connection by an optimised one. 

The satellite part of the splitter TCP stack is replaced by a “TCP Sat” stack, and the same “TCP Sat” stack is located in the receiver. 

An optimised TCP connection can then be open over the satellite network, to reduce once more network resources and end-to-end delay, as we have:
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Figure 16 - End-to-end delay with and without splitting

The simulation results of these two cases are shown in Figure 16 together with the normal no splitted solution. The quite important improvement can easily be seen.

4.1.4 Conclusion

The given results show that :

· TCP works well on a specific link when it is tuned properly (using a dedicated stack for instance)

· Splitting TCP improves a lot the protocol end to end communication performance, even if no specific additional mechanism are introduced into the splitting node. 

4.2 FPTP and MNP results

These preliminary results obtained when using TCP and splitting are now revisited by considering the FPTP/MNP protocol. 

Parallel multinetworking and then serial multinetworking are studied.

4.2.1 Parallel Multinetworking Results

The parallel aspect of the multinetwork protocol brings two kinds of improvement that have to be studied separately for better understanding.

4.2.1.1 Monomedia results

First, the selection of the network that better fulfils the application requirements from accessible interfaces provides a qualitative change.

On one hand, it is obvious that a synchronous network for carrying voice is most suited than a best effort network, or that choosing a broadband satellite network instead of a phone link to broadcast a movie file is a good idea. So, it is not very significant to do such comparisons and to quantify them.

On the other hand, the gains induced by partial reliability that avoids unnecessary data retransmissions, according to the application requirements, are also quite interesting and can be measured. 

Figure 17 presents some simulation results for two streaming applications over a geosynchronous satellite. 

The experiment configuration is the following: an end to end satellite link is used, with an average Bit Error Rate of 10-7 and a 500 ms round trip time. 

Two types of traffic are studied: a 25 frames/s MPEG video stream, and a H263 Hi-fi audio stream. 

The QoS application requirements are for audio, a fully reliable connection, and for video, a 90% partially reliable connection. The end to end delay is then measured. 

The quantity of stream samples (in percentage) received before a given delay (abscise data) is presented on Figure 17. 

This figure shows the cumulative distribution function of the delays experienced by each frame between the sender and the receiver. 

For instance using a 90 % reliable service, it has been observed on the MPEG streams that 85 % of packets experienced an end-to-end delay lower than 1 second. 

As a comparison, with 100 % reliability (as TCP for instance) only 65 % of MPEG frames have a delay under 1 second.

Concerning H263 frames, delays are much lower. Actually, H263 uses smaller packets (around 100 bytes), so the probability to have a bit error on this packet is reduced compared to large packets. The IP layer then notices less corrupted packets to be discarded in a H263 streams than in a MPEG stream (whose packets are around 1500 bytes).

As a consequence, this information on loss rate depending on the application and format used is a very useful one to be integrated in a FPTP database, as it can be of great help in the network selection process when several networks are available.

Note that these simulations also showed that, furthermore, the FPTP partial order transport protocol also reduces the average usage level of the receiving buffers.
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Figure 17 – Partial reliability for streaming over satellite links

4.2.1.2 Application reliability improvement

After having demonstrated that FPTP helps to reduce end to end delay, this part shows that any application using FPTP can benefit a much better reliability than if it uses UDP, almost without any penalty on the delay. 

In fact, we want to show that the service provided by the FPTP service is better than the one of the basic network.

It is important to remember here that the use of a partial order partial reliable transport protocol (thanks to its earliest delivery and loss mechanisms) avoids to waste time waiting for lost or late data, as far as the partial reliability is not violated. 

In fact, because of the synchronisation constraints to respect, the application has to discard some objects (images or sounds) when they are too late and then when the application has not enough time to compute them before their temporal deadline. 

Thus, in this section, the losses at the application level will be measured in two cases: 

-(1) when a partial order transport and 

-(2) when a classical connectionless transport service (UDP) 

are used. 

To perform this evaluation, a network simulator allowing to simulate losses on the network has been used. 

This simulator is a Solaris 2 stream module, located on the sending machine (between the sending process and the ATM driver) that discards packets. 

The results of measurements are described on Figure 18 that shows the applicative loss average in the 2 cases (using UDP and POC [the FPTP basic version]) depending on the network loss level. 

In this case, no retransmissions are requested, and Figure 18 shows the applicative losses due to synchronisation mechanisms, that have to be added to the network losses induced by the network simulator. The support network is a 155 Mbps ATM network.

[image: image24.wmf]
Figure 18 - VoD QoS over FPTP vs UDP 

Figure 18 shows that the QoS obtained by using FPTP is much better than the one using UDP. 

In fact, when the application receives a loss indication from the partial order transport, it does not wait and anticipates computing the following data in the stream, whereas using UDP it has to wait because it receives no loss indication. 

Thus, the curve presenting the results of the VoD application using UDP grows linearly. The more network losses there are, the more losses appear, and the more the application has to discard data to ensure intra and inter-stream (between audio and video) synchronisation constraints. 

It appears that using FPTP, the loss level is always much lower than the one of UDP, and furthermore, that the more losses there are in the network, the more FPTP is efficient compared to UDP.

4.2.2 Serial Multinetworking Results

To illustrate the improvements coming from the use of MNP in a serial case, we have been using the configuration shown in Figure 19. 

[image: image25.wmf]
Figure 19 - Serial multinetworking testbed

Given this configuration, for each link, let us first give the used bit error rate (BER) and end to end delay :

the first network (at the left, network1) is a WAN relying on optical fibre (BER1=10-12 and Delay1=50 ms) and 

the second network is a Wireless LAN with BER2=10-6 and delay2=30ms.

According to these networks configurations, the end to end delay and the buffer size of the sender have been evaluated. Results were produced from our simulation tools using the MNP model.

Results on Figure 20 show that the end to end delay is reduced when the global end to end communication is done by cascading FPTP connections and involving a gateway or a hop working as a “dynamic cache”. 

 The curves on Figure 20 corresponds to the following configurations : 

a) end to end TCP, 

b) end to end FPTP and 

c) MNP splitting the end to end connection in two sub-connections and inserting a spoofing gateway in between.

Results show that 60 % of TCP packets have a delay lower than 150 ms, but the tail is very long meaning that some packets can experience very long delays. 

The problem is that such delays are very hurtful for the whole packets and the whole connections, and they imply to use large buffers. 

FPTP with 100 % reliability is quite similar and this is normal as both protocols (TCP and FPTP fully reliable) are providing the same service. Differences are only related to the implementation differences of the two protocols. 

What is really interesting in fact is that the partial reliability increases the performances : the delay is much lower 

· as we can discard packets having very long delays 

· that then do not impact the global performances of the connection.

By splitting the end to end connection, results are even better because all retransmission and acknowledgements mechanisms are optimised for the specific capabilities of each link. 

As a consequence, delays are very short and even the tail of the curve is very short proving that way that no packets experiences long delays.
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Figure 20 - End to end delay reduction using split consecutive connections
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Figure 21 - Buffer reduction using split consecutive connections

It follows that introducing a multinetwork architecture leads to a set of quite interesting improvements in the behaviour of the corresponding protocols and of the obtained global performance, specially in terms of  buffers and delays.

5. API

Let us now consider how the user will see the new proposed architecture, i.e. what is the present status of the GCAP API.

5.1 FPTP Session Manager

5.1.1 Session manager

When the chairman sends the “Start” message to all participants, the application session managers communicate with their Edge Devices and validate the creation of the multicast addresses for defining the coming communications. The application session manager sends all the parameters for the communication. 

Then on each Edge Devices, one multicast address is created for the diffusion (with the visioconference, everybody is a source) and the Edge Devices join the two needed audio video multicast groups.

The difficulties are in the management of all those necessary addresses, because the diffusion scheme has to be based on the one to many architecture.

5.1.2 FPTP working session creation (chairman)

The API is :

Wsession (String[] name_list) : the Chairman creates the session and defines all the participants authorized to join the multicast group.

name_list : list of the IPv6 addresses authorized to join the group.

InetAddress[] Listen (int port, QoS[] reliability) : The chairman is waiting for all the participants to join.

Port : the port to listen the entrance of the participants.

QoS : this parameters represents the minimal QoS accepted for joining the session.

This method returns the list of the participant connected to this session.

5.1.3 FPTP working session creation (user)

The API is :

Wsession (String[] name_list) : the User create the local instance of the session. 

name_list : this parameter contains only the IPv6 address of the chairman

Void Connect (InetAddress Chairman, int port, QoS[] reliability): the user contacts the chairman and sends the requested QoS. 

Actually, there is now only a test between the user QoS and the minimal QoS defined by the chairman.

Chairman : it represents the IPv6 address of the Chairman

Port : port of the session

QoS : represents the minimal QoS accepted for joining the session

5.1.4 To start the working session

When all the participants have arrived, the “Listen” method return the list of all the users connected and the session starts. At this point, everybody are connected, and the different QoS parameters have been defined and accepted. Its possible to send or receive data.

5.2 Quality of Service

The GCAP protocols offer a monomedia and a multimedia QoS connection and its management. It is thus necessary that the parameters given by the chairman and by the users represent the definition :

· of the partial reliability,

· as well as the partial order for the inter-flow synchronisation model. 

We can distinguish within those parameters those related to the monomedia layer and those related to the multimedia layer.

5.2.1 The monomedia multicast layer

The monomedia multicast layer provided by GCAP makes possible to interconnect a set of users located in different local area network platforms.

The most frequent representation of the monomedia QoS required by the application includes the definition of :

· a loss percentage on a flow, 

· a number of authorised consecutive losses and 

· an end to end delay. 

Other parameters can be taken into account, but in GCAP, we limited ourselves only to these three parameters. Hence the API :

QoS (int losses, int nbr_los, int rate, int delay, int period)
This java class offers to define the different monomedia and multimedia QoS parameters.

losses (%) : value between 0 and 100 (0 TCP, 100 UDP),

       represents the percentage of losses accepted by the user.
nber_los : this is the numbers of the consecutive losses that are accepted.

rate : represents the maximum value of the rate accepted by the user

delay : the variable describing the delay maximum to validate a packet

period : used by the multimedia to define the synchronisation point of the monomedia flow

When a data arrives, according to the parameters above, this data will be validated or a retransmission request will be sent to recover the not acceptable lost data. When the data are validated, they are sent to the layer above.

5.2.2 Multimedia multicast layer

This layer has to open, manage and synchronise a set of monomedia flows, each described as above.

The FTPT layer has to manage the open monomedia connections whereas the multimedia  synchronisation software has to deliver the data to the application.

The partial order synchronisation model defines the rules to deliver the data to the application. So we should use the method “Set_Order” to create the synchronisation pattern.

void Set_Order (int nber_flows, QoS [] def_QoS) : this method uses the last parameter (period) of each monomedia QoS defined by the users to build the synchronisation pattern into the multimedia layer.


[image: image6.wmf]
Figure 22 – Partial order pattern

Figure 22 corresponds to three flows that have been defined : 2 audio flows, white and 1 video flow, and the periods asked by the user are 2, 2, and 1. The Set_Order method build the pattern described in Figure 22.

5.2.3 Others parameters

In GCAP, all possible QoS parameters have not been implemented, but time parameters that are not currently integrated into the FPTP protocol, are under study.

One of the most significant parameter is the end-to-end delay. It defines a maximum delay not to be exceeded between the date of the data emission and the data reception. This information will be later, as soon as possible, implemented in the monomedia sub-layer.

Other parameters will be added later.

5.3 Connection management

Connection management is a rather general concept, so it has been defined to be very close to TCP/IP and to UDP/IP, and so to their API.

Only the parameters to be defined during the creation will differ, as they include the multimedia QoS.

The API are as follows.

Multimedia (InetAddress source, int srcport, InetAddress MCastadr, int port, boolean AmISource) : this java class creates the Multimedia Multicast “Socket”

Source : source of the multimedia flow

Srcport : port for the diffusion

Mcastadr : multicast address of the multimedia group

Port : multicast port of the group

AmISource : = true if this socket will be the source of the diffusion

                     = false if this socket is to receive the data
Open_MM_channel(QoS [] Mo_QoS) : the application requests the opening of a multimedia channel. Mo_QoS makes possible to access the number of flows and the QoS of each flow.

Close_MM_channel() : closes the multimedia channel.

The multimedia layer will open as many Monomedia MultiCast channels as needed by the application and will manage them by using the same interface with the application, defined by the Multimedia address. 

Each Multimedia message will contain the data and the monomedia type and the Multimedia layer will multiplex them to the correct Monomedia MultiCast channel.

void Send(int type, byte [] data) : used by the application to send a message to the Multimedia layer and this layer will multiplex the message to the correct Monomedia MultiCast channel.

Data Receive(): the end user applications are waiting for a data sent by the source, where Data contains the type of the data received and the data. The application will then be in particular able to know if the packet received is an audio packet or a video packet.

6. Conclusion

First, we tried to classify all applications specific solutions that exist in the Internet or in the literature that aim to cope with multinetworking issues. In particular we proposed a different taxonomy, classifying multinetworking systems into serial and parallel ones.

For handling a basic multimedia connection, the FPTP protocol implements the concept of partial order and partial reliability. It uses these two concepts to handle in an integrated way monomedia and multimedia connections and to extend the previous monomedia connections and transport protocols.

As a new extension of this previous work, we proposed a new protocol and architecture for multinetworking called MNP. 

First, MNP splits transport connections each time packets have to change of type of network. At the edge of these networks we use a proxy that runs the splitting mechanisms to transform each stream profile in the best suited profile for the underlying considered network. 

This solution also relies on the principles of FPTP that uses partial order and reliability mechanisms to reduce as much as possible end to end delays. 

For each application, depending on its logical synchronisation model, we can tune our generic protocol for it to perfectly match the application requirements and network constraints.

Finally the coherence between the multinetwork multimedia architecture and the multimedia multicast architecture proposed by GCAP has been given and explained, showing the generality and the globality of the proposed approach.

Some performance evaluations showed the benefits of such architecture in both serial and parallel cases. 

Two research axes are now privileged :

· First, measurements on protocols splitting will be continued

· Then, future work should be related to real deployment and experiments. 

These two points will be addressed in the D.3.4.1 deliverable, called “Implementation principles of the multinetwork protocol”.

We have also given in this document the API to handle the QoS conception of the monomedia and the multimedia sub-layers and to handle the session management concept.

7. Annex

This annex gives the present status of the primitives.

7.1.1 Multimedia multicast primitives

class Multimedia
Multimedia (int port)

Void Set_Order (int nber_flows, QoS[] def_QoS)

Void Open_MM_channel (InetAddress[] AWG, QoS[] Mo_QoS)

Void Close_MM_channel ()

Void Send (int type, byte[] data)

Data Receive ()

class Wsession
Wsession (String[] name_list)

InetAddress[] Listen (int port, QoS[] reliability)

Void Connect (InetAddress Chairman, int port, QoS[] reliability)

class Data
Data ()

Data (int type, byte[] data)

class QoS
QoS (int losses, int nbr_los, int rate, int delay, int period)
7.1.2 Example

class test_MM_server {

public static void main(String[] argv) {



………



MM = new Multimedia(SRCaddress, MMportsrc, MCaddress, MMportdest, true);



QoS [] reliability = null;



reliability = new QoS[2];



reliability[0] = new QoS (0, 1, 500, 100, 3);



reliability[1] = new QoS (0, 5, 500, 500, 5);



MM.Set_Order (reliability.length, reliability);



M3POC_WSession WSession = new M3POC_WSession(Edges);



AWG = WSession.Listen(MMportsrc, reliability);



MM.Open_MM_channel(reliability);



…



for (;;)


{


MM.Send(0, buffer.getBytes()); //send data


MM.Send(1, buffer.getBytes()); //send data


}



MM.Close(); }


}

class test_MM_user {

public static void main(Chairman argv) {


………



MM = new Multimedia(SRCaddress, MMportsrc, MCaddress, MMportdest, false);



QoS [] reliability = null;



reliability = new QoS[2];



reliability[0] = new QoS (0, 1, 500, 100, 3);



reliability[1] = new QoS (0, 5, 500, 500, 5);



MM.Set_Order (reliability.length, reliability);



M3POC_WSession WSession = new M3POC_WSession(Chairman);



WSession.Connect(Chairman, MMportsrc, reliability);



MM.Open_MM_channel(reliability);



…



for (;;) data = MM.receive(); //receive data



MM.Close(); }

}
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