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EXECUTIVE SUMMARY


Most of the existing switching networks especially in developing countries are circuit switched based type. Convergence of voice, data and video requires packet based switched networks. Lack of resources in developing countries could lead to a delay in implementing such packet based switched networks.



ITU-D can play an important role in assisting Member States and Sector Members in developing countries for the smooth migration from existing networks into next generation networks. This is the object of this study.



Next Generation Networks Convergence implies the idea of a unified network serving all kind of Telecommunication Services and new telecommunication services and applications (data, voice and multimedia). 



The main differences between the telephone network model and the Internet model are: 



			Telephone network model


			Internet model





			Three-party telecommunication model
(caller-network-called)


			Two-party telecommunication model 
(client/server or peer-to-peer)





			Standard network telecommunication protocols transparent to communicating parties


			Communication protocols, often non-standard; agreed by communicating parties





			QoS of the Telecommunication Services known and guaranteed by the network


			No end-to-end QoS employed on the Internet





			Universal service/access through interconnection agreements at service level


			Universal connectivity limited to transport; service universality through per-service services/applications servers





			Charging essentially related to the usage of the Telecommunication Service


			Mostly flat rate Charging 








First, it is necessary to examine the today trends of technological development in telecommunication networks based on some example worldwide. 



NGN migration of PSTN networks involves a major network reshuffling that will take certainly many years to materialize. The first evolution involves the emergence of overlay infrastructures focused on new types of communication services and leveraging on new broadband access in native packet mode. The migration towards packet or IP transport as a replacement of legacy TDM trunks should be seen with a view of preserving a large part of existing infrastructure. 



Obviously, Next Generation Networks rely on an efficient packet-based data network. The objective is to improve the overall performance of IP router networks (switching, enhanced instead-of forwarding and routing, network engineering, flexibility and QoS). Overlaying IP networks on top of Asynchronous Transfer Mode (ATM) networks was a first solution but this approach needs a very high number of ATM virtual circuit connections to provide a complete mesh of virtual links between router pairs.



Today, the MPLS techniques open up many possibilities for the optimization and convergence of routing and switching. MPLS becomes a key technology, bringing value to the next generation of communication networks.



It is also important to organize the migration: do we need to start with the core network, the access part or new telecommunication services and applications (data, voice and multimedia)? No answer fits all cases. This study ends by some examples of possible scenarios of migration.



As a conclusion, developing countries’ PSTN operators have to be very pragmatic and cautious. The Rapporteur’s Group shares the belief that the following general guidelines should serve as a guidance for PSTN networks migration to NGN:



· Services are key when defining any future evolution of PSTN networks,



· NGN is more about bringing new services to end-users than just broadband access or voice over packet though both are very important technological milestones,



· NGN must build on the strengths of both the telephony and the Internet respective service models,



· NGN emergence will happen but will take time, PSTN networks will likely continue to offer the voice telephony service for a while,



· State-of-the-art PSTN solutions of today can evolve and stay part of the future NGN picture to preserve investments,



· The access modernization is key to prepare the introduction of Telecommunication Services and new telecommunication services and applications (data, voice and multimedia) on the same network.


1
Introduction 



1.1
Background: scope and objectives of Question 19/2



The main objective and scope of Question 19/2, is the development of strategies for a smooth migration from circuit-switched to packet switched networks and introduction of recommendations in this issue, through a general guideline.



Convergence of voice, data and video requires packet based switched networks and it is necessary to answer some fundamental questions: Why, When and How to migrate from existing or planned networks toward the packet networks?



This converged voice/data /video and multi-service networks is named Next Generation Network (NGN), which operates in a multi-vendor environment.



It is fundamental to define the main characteristics of the Next Generation Network, in order to facilitate the convergence of telecommunication services and  new Telecommunication Services and applications along with the benefits to the users and operators. 



The NGN must be able to support highly customizable news applications created as well as those deployed economically throughout the network. It is necessary to enable new services, but it is important to preserve the existing services provided by the legacy network and to look forward to inter-working among these networks.



The strategy of migration will be presented and discussed during the meetings.



The main sources of input are: 



•
Results of studies carried out by ITU-T study groups and other recognized organizations by ITU.



•
Visions of national/regional organizations in developed countries.



•
Experiences from administration of developed and developing countries.



•
Experiences from telecommunications manufacturers.



1.2
Scope and objective of the guideline



1.2.1
Scope 



The guideline covers issues relating to smooth transition from switched networks to packet switched networks. 



1.2.2
Objectives



The objective of the guideline is to provide strategies and recommendations that can assist the Members States and Sector Members from developing countries with lack of resources, in implementing a network of the kind of Next Generation Network. 



To this end, the questions or issues to be studied will focus on the following points:


· Trends of technological development in telecommunication networks;



This issue is important because the Next Generation Network operates in a multi-vendor environment with multiple Telecommunication Services and applications, and is based on standards,relevant to interfaces and protocols environment. It is necessary to choose some technologies to implement the NGN, that allow connectivity and interoperability in the various elements like switching, access gateways, networks, and access and customer-premises equipment. 



· The role of connection oriented networks and connectionless networks in backbone networks



This specific issue will be focused on a technical and economical comparison between the two types of connection and connectionless switching in backbone, advantages and disadvantages to adopt each one of the alternative networks.



· Procedures for dimensioning networks taking into account the behaviours of different networks



This specific issue will be focused on technical and economical comparison between the two types of connection and connectionless switching, advantages and disadvantages to adopt each one of the alternative networks and the procedures for dimensioning.


· Consider the Operation Administration and Maintenance (OA&M) parameters.



· Study and identification of following items: 



•
network topology. 



•
signalling adaptation required interfaces



_______


1.3
Comparing the telephony and Internet models



NGN Convergence implies the idea of a unified network serving all kinds of Telecommunications Services and new telecommunication services and applications (data, voice and multimedia). 



Today two networks serve this purpose: the telephone network and the Internet. Both networks are actually made of from the interconnection of a multitude of networks. For public telephony, it is rarely conceivable that a network is not connected to the rest of the world; all public telephone networks in the world are interconnected and each one contributes to the universal telephony service. For data networks, however, some networks – belonging to private companies or governmental organizations, may not – or partially – be connected to other networks for many reasons. Despite this, it is safe to say today that the Internet is the best – if unique – representative of a truly world-wide data network and its model of operation quite representative of the way the “data world” views the service provision by the network as compared with the “telephony world”.



It is therefore important to compare the way each of these networks provide services to its end-users, in order to better understand how they will converge  towards NGN. It is worth saying that the comparison grid we bring below does not focus on the usual transport technology opposition (circuits versus packets) but on the service model of each network. We will see below that this focus on services rather than technologies provides a better understanding of each network and, most important, a better forecasting of the future that will result from their convergence.



Table 1 below summarizes the main characteristics of the telephony and Internet models.



			Telephone network model


			Internet model





			Three-party telecommunication model
(caller-network-called)


			Two-party telecommunication model 
(client/server or peer-to-peer)





			Standard network telecommunication protocols transparent to communicating parties


			Communication protocols, often non-standard; agreed by communicating parties





			QoS of the Telecommunication services known and guaranteed by the network


			No end-to-end QoS employed on the Internet  





			Universal service/access through interconnection agreements at service level


			Universal connectivity limited to transport; service universality through per-service services/applications servers





			Charging essentially related to the usage of the Telecommunication Service


			Mostly flat rate charging








Table 1 – Main characteristics of the telephony and Internet models



1.3.1
Telecommunication models



Telephone networks were built to provide the voice service; communicating parties must go through the mediation of network devices to use this service. Network devices not only control voice bearer establishment, but also host the service logic. The term “three-party” denotes that no peer-to-peer voice communication can take place without the active intervention of the network, seen as the “third party” that brokers and manages the service.



In contrast, the Internet was not built to support a particular application. The network’s duty is to transport data for new multimedia telecommunication services and applications, for which the logic is hosted by the communicating computing devices. Multimedia telecommunication services and applications are ensured for end-to-end communication services and are hosted by the communicating devices, hence the term “two-party”. 



1.3.2
Communication protocols 



Since active devices in the telephone network host the logic for the telephone service, they have an essential role in managing user service requests and coordinating with peer devices to complete these requests correctly. For the above purposes, the user-to-network dialog for service requests and the dialog between network devices required for proper service completion, are defined by suitable protocols. Those protocols are specified and agreed upon by network operators worldwide and are not known to end-user devices, except in so far as such protocols have a role in setting up the user-to-network dialog.



In the Internet, the active network devices essentially ensure the correct routing of user traffic through the network and do not interfere with the application logic to which a given piece of user data (i.e. a packet) belongs. The Internet Engineering Task Force (IETF) defines protocols for a variety of communication applications (mail, web browsing and others, including the Session Initiation Protocol, or “SIP”, for voice and multimedia communication). These protocols allow communicating parties – with the help of ad-hoc supporting servers – to establish communication sessions between them. Generally such protocols function using a peer-to-peer model and do not distinguish between user-network and network-network dialog for a given application. 



1.3.3
Quality of service 



In telephone networks, revenue is generated by the telephone service. Quality of Service (QoS) is essential and service denial is preferred to bad service. QoS is ensured through resource reservation all along the path linking the communicating parties and for the duration of the communication. Proper dimensioning of the access and core networks is essential; this is facilitated by a good knowledge of the arrival patterns of service demands and the level of resources needed for a good quality. In telephone networks, QoS is achieved by establishing an end-to-end connection between the communicating parties and the active involvement (i.e. dialog and state maintenance for the call duration) of all traversed network devices. The cost of QoS in a telephone network depends on both factors. As a case in point, when competition led to telephone service tariffs approaching the base cost in developing economies, the spread between local and long distance tariffs sharply reduced, even though the latter need much longer connections.



In the Internet, data is essentially transported in a non-connected mode; the default routing algorithm is "best-effort" whereby each network device treats user packets as they arrive, Congestion on communication routes may lead to packet loss or delay. Of course, QoS may be guaranteed within the Internet – or any IP-based networks – when used to transport quality demanding flows like voice. A connection-oriented mode can be built on top of the native IP non-connected mode, for example, using static virtual circuits over interconnected networks, or dynamically established circuits on a per-flow basis (IntServ approach, limited to access networks). 



At the backbone level, relative priorities can be given to aggregate flows and thus ensure, in a statistical manner, a given level of quality (DiffServ approach). DiffServ can be associated with Multi Protocol Label Switching (MPLS) so that aggregate flows follow identical paths within the network. Whatever techniques are used, it is still up to the end user to specify the desired quality each time it sends a new flow through the network. An open issue for Internet or IP-based QoS is its consistent provision over distinct administrative domains. Interconnection points between administrative domains are governed by Service Level Agreements (SLA). However, an SLA is not linked to a particular application or communication stream and cannot itself ensure the continuity of the treatment given to a traffic stream when it enters a new network domain.


1.3.4
Accessibility and universal reach



In telephony, each network operator provides its subscribers with access to the worldwide telephone network. Access universality is guaranteed through binding interconnection agreements between operators. It requires a universal and consistent addressing scheme for the telephone service and mutual obligations for the correct completion of calls with good quality between telephone network operators.



The deployment of data networks followed a different pattern. Access, whether private or public, was almost exclusively provided for corporate and academic users. Internetworking between data networks using IP to support Internet applications was initially limited to these users. This situation prevailed until the mid/late nineties when demand from the general public increased following the introduction of personal computers powerful enough to host useful applications. The easiest way to provide public Internet access was to use the telecom network with its ubiquitous dial-up access. Even today, dial-up access is by far the dominant Internet access mode. However, it is now being replaced by broadband access technologies.



In the Internet, each network provides an IP transport address to all of its connected users. Such an address might not have a global significance or be permanent for the majority of people accessing the Internet through Internet Service Providers (ISP). Each Internet application – like web browsing, electronic mail or SIP telephony – uses its own naming scheme. A set of cooperating, decentralized network servers translates these symbolic names into a valid IP transport address. Thus IP internetworking per se is not sufficient to ensure universal access. It can only be ensured for each application by designating a suitable server that will translate the application address into an IP address.



1.3.5
Charging 



A widespread misconception nowadays is that the dominant per-minute charging of the international telephone network and the flat rate charging of the Internet are somehow related to their transport technologies (circuits versus packets).



Above all, telephone service is a Telecommunication Service with many attributes. Telephony operators generally charge a fixed fee that includes access rights to the network and a universal E.164 address, plus a variable service usage fee. The latter, which still represents the largest part of the operators' revenue, is based on the per-minute metric. 



Nevertheless, flat rate charging is penetrating the telephone world by including a given amount of usage within the fixed fee. However, this development can be related to the overall amount of use the subscriber makes of the telephone service. The greater the use made of the service, the greater the chance that flat rate charging will be used to retain customer loyalty. It is worth recalling that in developing economies, where telephone penetration rates and average customer revenues are low, the investment in providing access to the network is recouped by high tariffs, especially for long distance and international calls. 



Internet charging, especially for the general public accessing it through the telephone infrastructure, is today largely based on a flat rate model. Of course, users should pay the telephone charge to access the ISP premises. However, this charge is marginal in developed economies because either local calls to the ISP are free (US case) or the ISP includes a given number of telephone minutes to its premises within its fixed access charge. The latter development is a result of the liberalization of the telecommunication sector, the availability of networks, and the imposition of cost-based interconnection fees – or Flat Rate Internet Access Call Origination (FRIACO) – to the incumbent owning the access to the end users. In developing economies, Internet access is still expensive because of the high telephony rates users have to pay to access the ISP. It is essentially the ubiquity of the telephony access in developed economies that allows affordable dial-up access to the Internet. The question is, will this remain the case should “Internet access” move towards a new broadband access? What service offer and related charge structure will justify the investment in these new infrastructures? 



2
RELEVANT ITU-T STUDY GROUP ACTIVITIES IN THIS DOMAIN 


Next Generation Networks (NGN) is a catch-all phrase for the infrastructure that will enable the advanced new services that are expected to be offered by mobile and fixed network operators in the future, while continuing to support all of today’s existing services. To achieve interoperability for seamless services at a global level, the industry must work with the leading global standard organization the ITU-T. 



ITU-T Study Group 13 was recently nominated as the lead Study Group for (NGN).



The activities towards formulating the main basic framework recommendations for NGN, collaborating with all other ITU-T Study Groups to develop detailed relevant recommendations in accordance with their mandate, taking into consideration Study Group 13 output regarding the basic architectural model(s).


2.1
Relevant recommendations


A list of the relevant recommendations will be added in the future to this report as soon as they are developed by ITU-T Study Group 13.



2.2
ITU-T NGN Workshop


A (NGN) workshop was organized by ITU-T on 9-11 July 2003 in Geneva with the title “Next generation networks: what, when and how?”



For all the details about this workshop and its results, please refer to the following ITU-T web site:



http://www.itu.int/ITU-T/worksem/ngn 



3
Trends of development in telecommunications networks – Next Generation Networks



3.1 Introduction


Insert work/conclusion from SG9 if necessary


The very first networks, which date back to the last two decades of the nineteenth century, were circuit switched. Such networks were - and still are - used for applications such as voice and video in which a circuit is set up between users at each end of the network. In the last four decades of the twentieth century circuit-switched networks changed, largely owing to the appearance of new data handling applications. In the new type of network that thus emerged, information is divided into packets and each packet is sent to the network separately. These networks are known as packet-switched networks.



Generally speaking, guidelines for the improvement of network architecture were, and still are determined by applications. It follows that the need to migrate from circuit-switched networks to packet-switched networks is driven principally by the emergence of new applications that require special treatment. Moreover, we are now immersed in the Internet, itself a vast packet-switched network, which will need profound technological changes if it is to cope with the growing presence of strictly real-time applications.



Today, to migrate from circuit-switched networks to packet-switched networks is no longer enough: in addition, packet-switched networks will have to continue to adapt to new applications that are imposing increasing demands.



3.2
The need to transit and/or migrate from circuit-switched networks to packet-switched networks



An analysis of the types of applications now emerging on the different types of networks reveals a major trend: traffic traditionally carried on circuit-switched networks is migrating to packet-switched networks. Voice or videoconference traffic hitherto transmitted on circuit-switched networks is now carried by packet-switched networks as well. It is commonplace today to see voice traffic carried by the Internet.



This new network paradigm, in which different types of traffic converge, is imposing new requirements on packet-switched networks, such as IP-based networks. If one were to sum up the new requirements, one could say that real-time applications demand of networks that they ensure end-to-end (E2E) service quality in terms of bandwidth, delay and packet loss. The success of the convergence depends to a large extent on the capacity of packet-based networks to provide the various traffic flows with  the relevant QoS. This means that both the architecture of the packet-switched network and the protocols that support it must allow differentiation between the various types of traffic and assignment of the necessary E2E resources.



The need to deepen the process of migration from circuit-switched to packet-switched networks is in fact driven by the emergence of new demands (large band mobility and Internet mobility, for example), which in turn give rise to new applications that generate real-time traffic with very strict delay and jitter requirements.



3.3
Technology convergence: towards a new network architecture



In order to understand the technological tendencies in the transition and/or migration from circuit-switched networks to packet-switched networks, we need to analyze the two types of network and determine their limitations and advantages.



The first point to be noted is that, before sending any kind of traffic to the network, a circuit-switched network sets up an E2E path. It does so by means of a signaling process to initiate a connection. It is assumed that the E2E path is established using optimum QoS criteria for real-time applications. Once established, the path will be dedicated solely to the application that generated the signaling. Indeed, one of the major advantages of this type of network is that it provides adequate QoS for real-time applications. Its weakness lies in the fact that is that there is one path with resources dedicated to a single application, even if the application generates no traffic on the network. This is compounded by the fact that all networks suffer from limited or scarce resources.



Secondly, in a conventional packet-switched network, there is no established path for the transmission of information. What is more, the information is divided into packets, which are sent to the network singly and by different routes. This is possible because every data packet contains in its control header all the information needed for every node on the network to be able to route the data packets to their final destination. Consequently, applications need no signaling process prior to dispatch of the packets to the network. The great strength of these networks is their flexibility in the event of network change: for example, when a link fails a new path is defined immediately. Another advantage is that node resources are shared between several applications. Nevertheless, these advantages have their attendant weaknesses. One is that, because no signaling is necessary, there is no means of seeking adequate network QoS for the different applications. Furthermore, because the node resources are shared between various applications, the processing of thousands of data packets from different applications involves prior storage in the node's internal queues which, added to the processing time for each data packet, contributes to increasing the E2E delay time.



In addition, the great majority of applications use TCP/IP as protocols and the Internet as the transport network for data packets. Yet the Internet should also be seen as affording some of the main advantages of circuit-switched networks. For example, defining a path for all applications in general with adequate QoS. This will mean introducing new signaling protocols (such as RSVP‑TE for Multiprotocol Label Switching (MPLS) architecture) and new router models (MPLS Label-Switched Router (LSR) ). Indeed, MPLS network architecture would appear to be the Internet architecture of the years to come, where all types of applications converge. The reason is that this network maintains the characteristics of networks located in Layer 2 of the Open Standards (OSI) model: label-based switching, which greatly speeds up the switching process and the establishment of tunnels between E2E users; independence vis-à-vis OSI Layer 3 protocols - the use of the IP protocol is maintained but the routers carry out no analysis of the control areas. This last aspect is very important and allows application compatibility to be maintained, a criterion which Assynchmous Transfer Mode (ATM) lacks.



The foregoing gives rise to two migration concepts:



•
Physical transition and/or migration from circuit-switched networks to packet-switched networks. In other words, migrating telecommunication networks to the Internet. This migration is very difficult to achieve.



•
Virtual transition and/or migration from circuit-switched networks to packet-switched networks. In other words, defining on the Internet paths, tunnels or virtual circuits with adequate QoS in which resources are reserved for each application.



3.4
Convergence towards a new Internet: Next Generation Networks mainly in developed countries



The Internet offers an efficient group of protocols, which have made it a medium for the transport not only of traffic generated by data applications but traffic generated by other networks, such as telephony.



Of all protocols, the Internet Protocol (IP) is one of the most important. It comprises a control header and a data field corresponding to the higher-level protocol. The header contains the information needed for each router to decide on the next hop to be taken in order for the final destination to be reached. IP is the basis for the operation of the vast packet-switched network known as the Internet. It should be noted that the current Internet uses mainly version 4 of the IP (IPv4).  However, version 6 of the IP(IPV6) started to be used in many internet applications.



Internet protocols and architecture were established more than 20 years ago taking as a reference applications such as e-mail, ftp and telnet in the main (hypertexts were introduced at the beginning of the 1990s). Bearing in mind the shift towards packet-switched networks of applications traditionally carried on circuit-switched networks (voice, videoconference), and treating the Internet as a large packet-switched network, the following question inevitably arises: In view of the new real-time applications and the new services, will it not be necessary to update both the protocols and the architecture of the Internet?



The reply was given years ago in various academic circles: the current Internet requires far‑reaching technological changes. First, IPv4 needs to be updated to the new protocol, IPv6, defined at the end of 1998, the most striking feature of which is that it has 128 bits for the assignment of IP addresses, implying an unlimited number of new IP addresses. It also offers new fields allowing new network architectures (flow label field) to be defined or new network architectures (DS field) to be updated. With regard to the updating of network architecture, three types of networks are proposed: IntServ, or Internet Integrated Services (defined by the flow label field), which at present has major scalability problems; DiffServ, or Internet Differentiated Services (defined by the DS field); and MPLS, based on label switching. Of these, MPLS has the best features: network load balance (traffic engineering), definition of virtual paths or tunnels with QoS, among others. New network architectures combining the above are being refined, such as MPLS combined with DiffServ.



All the new protocols and new network architectures form the basis for the new, next generation Internet. Although some technological aspects are still to be improved, such as IP routing QoS, it is nonetheless universally agreed that the packet-switched network based on IPv6 will be the basis for a new Internet.



Packet‑switched networks based on IPv6 are already being used for academic purposes in the United Sates, Europe, Japan and elsewhere. Examples of next generation advanced academic networks include: Abilene, Géant and SINET. Abilene is a backbone, started up in the United States in 1999, with 2.5 Gbit/s links, which support advanced applications. It is expected to have 10 Gbit/s links with native IPv6 by the end of 2003. Identified as Internet2, it interconnects more than 200 universities and research centers. The Géant network connects more than 30 European countries with links ranging from 2.5 Gbit/s to 10 Gbit/s. One of its projects, CAESAR (Connecting All European and South American Researchers), is to promote the creation of advanced IP networks in Latin America with support from the @LIS (Alliance for the Information Society) program. Lastly, Japan's SINET (Science Information Network) has 10 Gbit/s fiber optic links (Super Sinet). All these academic networks enable multinational and multidisciplinary projects to be carried out with high‑quality transmission of multimedia applications (voice, data, video).



3.5
Convergence towards a new Internet in developed countries, advanced IP packet‑switched networks: trends in Latin America



The new real time applications require very special Internet treatment. Among others, applications such as tele-education, telemedicine and telecontrol demand very good network QoS: large bandwidth, minimum delay, minimum delay variation and minimum packet loss. These new applications have hitherto been directly related to R&D projects, hence the need for the packet‑switched networks known as advanced academic networks. The basis of these new networks is their use of both versions of the IP, IPv4/IPv6, and of the new network architectures, DiffServ, MPLS, MPLS/DiffServ. What is being achieved is the transformation of the current Internet into a broadband network of the next generation (NGN).



Advanced academic networks are dedicated to research and the dissemination of knowledge, carrying multimedia applications with high QoS and enabling the interconnection of universities and research centers.



A number of Latin American countries have significant experience of advanced networks of this kind: Chile's REUNA (Red Universitaria Nacional), Argentina's RETINA (Red Teleinformática Académica), Mexico's CUDI (Corporación Universitaria para el Desarrollo de Internet) and Brazil's RNP (Red Nacional de Investigación y Enseñanza). All these networks are connected to Internet2.



As a region, Latin America’s experience of advanced academic networks began in mid‑2002, when the European Community, through the @LIS program, announced the CAESAR project to create an advanced academic network with new IPv6 protocols (as well as IPv4) interconnecting the countries of Latin America and joining up with Géant via intercontinental links. The project is managed by the European consortium DANTE. July 2002 saw the creation of CLARA (Cooperación Latinoamericana de Redes Avanzadas), associating all Latin America’s national academic networks and networks in the process of formation.



Today, countries such as Colombia, Nicaragua, Bolivia and Peru, which as yet have no advanced academic networks, are making every effort to set them up. One example is Peru's Red Académica Peruana‑RAP, involving universities, research centers and the national science and technology directorate.



At the last meeting of CLARA, held in Santiago, Chile in November 2002, working groups were set up to be responsible for proposing the network’s topology and equipment among other things, with a view to starting the equipment bidding process in the second half of 2003. It is thought that by 2004 Latin America will have a large advanced academic network with IPv4/IPv6. Real time multimedia applications will thus have to be transported with high QoS.



These advanced networks in the making illustrate clearly the trends in telecommunications, the convergence towards a single network, packet-switched in this case, of the various types of traffic, and the migration towards this type of network, establishing E2E virtual tunnels and thus guaranteeing QoS for any user.



This trend could be used as a model for other developing countries in different continents.



3.6
New applications on Next Generation Networks



As said earlier, applications are what confer importance on a telecommunication network. That being so, the type of traffic that moves, or will move as the case may be, over these large bandwidth IP networks is fundamental. It may be the product of highly specialized research work, like that on the human genome, or it may take the form of applications pertaining to education or remote medical diagnosis – tele-education or tele-health respectively.



Tele‑education and tele-health are enhanced by this type of network, benefiting not only from a large backbone that allows optimum traffic flow, but from the opening up of the access points of advanced networks to peripheral rural areas. Current technology allows the use of wireless access to connect peripheral rural areas with large bandwidth (IEEE 802.11 offers bandwidth of 11 Mbps). It will thus be possible for tele-education and tele-health applications to be used from remote locations, thus contributing to improvement of the quality of life in such communities. For instance, a course on health prevention given by a medical expert can be retransmitted live over the network to remote locations, with the possibility of dialogue and/or questions. All this with good QoS.  Other e-applications are now being investigated.



4
Strategies for transition and /or migrations from circuit switched networks to packet switched networks



4.1
Main Problems



NGN migration of PSTN networks involves a major network reshuffling that will take certainly many years to materialize. This chapter tries to gives some insights on this complex issue. In this section the main problem of PSTN transition and/or migration will be stated. Section 4.2 describes typical network topology situations that will be encountered during the process. Section 4.3 provides an overview of the main interfaces signaling and protocols that will be encountered during the process. Section 4.4 provides a view on the different types of applications that will be offered by an NGN network. Section 4.5 discusses the transition and/or migration of the network by splitting it – for convenience – onto three sub-migrations: access, core network and services. Finally, section 4.6 provides some preliminary considerations on the impact of NGN migration for rural areas that are of particular importance in developing countries.



It is likely that two evolutions will likely co-exist within the process of NGN migration. 



The first evolution involves the emergence of overlay infrastructures focused on a new types of communication services and leveraging on new broadband access in native packet mode. Voice, data and multimedia services will be offered to end-users through new network “Soft-switches” devices a native broadband access. It is not necessary for those services to be on par – regarding their features especially for the voice communication – with the existing PSTN services. These overlay infrastructure might well be deployed by legacy PSTN operators for new services and customers but might also be introduced by new operators willing to enter the established PSTN operators market with a differentiated offer. The key feature here is that there is no need to keep any compatibility, or service continuity, with existing PSTN infrastructure.



On the other hand, established PSTN operators with an installed base – though interested in providing new services through new overlay infrastructures - will put a much higher focus on the smooth migration of their legacy infrastructure. The migration towards packet or IP transport as a replacement of legacy TDM trunks should be seen with a view of preserving to the maximum the investments made in existing infrastructure. Another issue is to keep the feature parity of the existing voice services, if only to maintain a consistent offer towards all customers irrespective of the used technology.



One can envision a later phase (medium to long term perspective) where new communication services will take over the legacy telephony ones when NGN migration is completed. 



To discuss NGN migration we distinguish three “sub-migrations” of the access, the core network and the services. This separation is essentially made for the purpose of a better understanding of the migration process. In actual situations, of course, the three “sub-migrations” are connected and have impact on each others essentially because access and core network migrations involve investments that must be paid off by new and/or better service delivery 



Migrations will be discussed through five typical network situations. In actual networks some of those situations may not be relevant. Therefore there is no “one size fits all” migration process and the specific migration guidelines for each network must be adapted on a case-by-case basis.



Finally, economic concerns will likely impact the migration process as well as technological evolutions (if not more). Chapter 4 will provide a methodology to deal with this important issue.


4.2
Network Topology



This section introduces typical network topology situations representing evolution states of a PSTN network during its migration to NGN. Those situations are by no means mandatory in all networks and may not follow in sequence; they represent however typical situations suitable enough for a general discussion of the PSTN to NGN migration. 













































4.3
Interfaces, signaling and protocols


4.3.1
Digital Subscriber Loop (DSL) Access Standards



DSL services of various types (ADSL, SDSL, HDSL, and VDSL) can be provided via the NGN by developing corresponding cards in the access gateways. The DSL card packetizes the voice traffic and forwards it under the control of the Media Gateway Controller. The packet traffic is carried over the packet backbone to the first router.



Asymmetric DSL (ADSL) is the technology most suitable for residential access, with rates of up to 6 Mbit/s for downstream and up to 640 kbit/s for upstream, depending on distance and configuration options.



ADSL operates in a frequency band above POTS, leaving POTS service independent and undisturbed, even if a premise’s ADSL modem fails.



Most ADSL systems are still centralized around central offices, where Asymmetric Digital Subscriber Line Access Mulitplexors (ADSLAMs) are installed. The use of remote ADSLAMs would allow higher penetration of DSL systems into rural areas. However, the length of line is not the only consideration or impediment to ADSL provisioning. Another consideration is the number of pairs used for ADSL in a given cable due to interference considerations. Thus, larger pair cables do not necessarily carry larger number of DSL circuits. The following distance limits are typical under favorable circumstances: 1.5 Mbit/s up to 18,000 feet and six Mbit/s up to 9,000 feet.



The requirements for ADSL systems are specified in ANSI T1.413-1998 Network and Customer Installation Interfaces – Asymmetric Digital Subscriber Line (ADSL) Metallic Interface. ITU-T Recommendations G.992 appears to be the most suitable for residential broadband access. It is expected that G.992.2 will be the standard of choice for the immediate future, being the simplest solution capable of meeting the 1.5 Mbit/s near term requirement. It is understood that the ITU-T recommendations G.992 are compatible with ANSI T1.413-1998.



4.3.1.1
DSL Forum



The DSL Forum has produced a number of Technical Reports (TR), containing requirements for ADSL and support for IP access over DSL. Conformance requirements for both ANSI T1.413 and G.992.2 are specified in TR-026 and TR-033 respectively. Testing requirements are specified in TR-023, TR-029, and TR-031.



4.3.1.1.1
IP Access Requirements



TR-043, Protocols at the U Interface for Accessing data Networks using ATM/DSL, describes five different protocol stacks for access. These are shown in Figure 4.3.1 below. 
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Figure 4.3.1 - Protocol stacks for Access to IP networks



All five stacks utilize AAL5 over ATM over DSL. Using ATM over the DSL segment has the advantage of being compatible with ATM networks. Thus, in some cases the DSL portion of the access may feed into an ATM network for connection to an ISPs point-of-presence. In other cases, the ISPs POP may be connected to the DSL termination point, either directly or indirectly without the use of an intervening ATM network.



Three of the stacks make use of PPP (Point-to-Point Protocol). Once ATM layer connectivity is established between the customer premises and the service provider network, the session setup and release phases at the link level and network level can be established using PPP.



Two of the stacks encapsulate Ethernet over AAL5, allowing the Ethernet used within the end-customer premises to be bridged on to the access network.



DSL Forum Technical Report TR-044 specifies procedures for auto-configuration.



As far as IP is concerned, in three cases it is carried in PPP. In one case, it is carried in Ethernet, and in the other, it is carried directly over AAL5.



As far as ATM is concerned the requirements are as specified by the ATM Forum. The ATM service may be SVC or PVC.  For ATM SVC service, use of UNI 3.1 (ATM Forum af-uni-0010.002, 1994) is mandatory and UNI 4.0 (ATM Forum af-sig-0061.000, July 1996) may be required and is strongly recommended.



4.3.1.1.2
ATM over ADSL



The recommendations for the ATM capabilities are described in DSL Forum TR-017. TR-017 addresses the control and management planes as well as the ATM user (data) plane. It includes ATM PVC support, signaling for SVC support and operations and maintenance functionality to support ATM over DSL.



Note: According to information obtained from the DSL forum, most deployments of DSL using ATM use PVCs with Unspecified Bit Rate (UBR). SVCs with specific QoS are expected to be widely deployed.



The scope of TR-017 is to provide a specification for the transport of ATM over ADSL that is consistent with the ADSL PHY Recommendations ANSI T1.413, ITU-T G.992.1, and ITU-T G.992.2.



4.3.1.1.3
AAL5 over ATM



ATM Adaptation Layer 5 is defined in Recommendation I.363.5, Type 5 AAL, and provides a frame based transport mechanism.



4.3.1.1.4
Protocol ‘x” over AAL5




RFC 2684, Multi-protocol Encapsulation over AAL5, is the standard for encapsulating protocols over AAL5.



Note: When PPP is to be carried over ATM, RFC 2364 applies (see section 3.1.1.6).



4.3.1.1.5
PPP (Point-to-Point Protocol)



PPP allows specific sessions to be set up and torn down. This means that that a session does not have to be permanently “on” and PPP provides mean for security, and authentication, accounting, authorization and accounting. It is particularly useful for “dial up” connections, and in this case ATM SVCs, but can be used in other situations also. PPP is specified in RFC 1661.



4.3.1.1.6
PPP over ALL5



This is specified in RFC 2364, PPP over AAL5. This approach is used when the ATM network is used as a point-to-point link and PPP functions are required.



The DSL Forum requires the null encapsulation (VC multiplexing) form to be the default.



4.3.1.1.7
PPP over Ethernet



This is specified in RFC 2516, Method for Transmitting PPP Over Ethernet (PPPoE). PPPoE allows session features of PPP to be used (see 3.1.1.5).



4.3.1.1.8
IP over AAL5



IP can be encapsulated directly over AAL5 without an intervening Ethernet or PPP, as specified in RFC 2684. There is no session demarcation in this case.



4.3.1.1.9
IP over Ethernet



This is a well-established solution, and is specified in RFC 1042.



4.3.1.1.10
Layer 2 Tunneling Protocol (L2TP)



RFC 2661 defines a Layer 2 Tunneling Protocol (L2TP). This protocol allows an L2TP Access Concentrator (LAC) to be inserted between the user and the network server for the carriage of PPP.



4.3.1.1.11
IP Considerations



The PPP protocol suite offers a number of IP “ helper” functions as outlined in 3.1.1.5.



Other considerations include address allocation/resolution. The Dynamic Host Configuration Protocol (DHCP), specified in RFC 2131 is commonly employed for address configuration.



In systems where DHCP is not used, manual allocation and configuration may be necessary. In some cases the Address Resolution Protocol defined in RFC 826 may be required.



Note: PPP may become the protocol of choice because of its session related capabilities.



4.3.2
Cable Access Standards



The CableLabs PacketCable initiative is aimed at developing interoperable interface specifications for delivering real-time multimedia services over two-way cable plants. Built on top of cable modem infrastructure, PacketCable networks will use IP technology to enable a wide range ofof telecommunication services and applications, such as IP telephony, multimedia conferencing, interactive gaming. 



CableLabs has taken the approach for defining specifications relating to the entire VoIP architecture where the only type of line access considered is via Cable HFC. These specifications are undergoing some maintenance but are relatively stable. Some changes are expected as CableLabs seeks to gain ITU-T acceptance of PacketCable standards in ITU-T SG9.



The PacketCable Network-Based Call Signalling (NCS) protocol specification is a variant of MGCP.



4.3.3
Wireless Access Standards



For further study : MOBILEIP, 3GPP, 3GPP2



4.3.4 Signalling Standards



This section is based on CITEL contribution PCC.1/doc.957/00  (Evolving Standards for Internet Telephony).  Some sections of that document have been expanded but others remain as they are in the original CITEL contribution 957.



ITU-T Study Groups 11 and 16 have been active on IP telephony signalling. SG 16 developed Recommendation H.323 (Packet-based Multimedia Communications Systems). More recently, Study Group 11 has developed another approach to supporting telephony over packet networks: namely, that of introducing a core packet network into existing circuit-switched networks. The protocol developed for communicating between telephone exchanges in this case is known as the Bearer Independent Call Control (BICC) protocol.  



Internet Engineering Task Force (IETF) working groups such as iptel (IP-telephony), pint (PSTN-Internet), sigtran (signaling transport), megaco (Media Gateway Control) and mmusic (Multiparty Multimedia Session Control) have also been working on various Internet Telephony related protocols such as Session Initiation Protocol (SIP), Session Initiation Protocol for Telephony (SIP-T), Stream Control Transport Protocol (SCTP), and Media Gateway Control (Megaco) protocol. It is worthwhile to notice that the H.248/Megaco protocol, used for coordinating media gateways from a media gateway controller, has been developed jointly by the ITU-T Study Group 16 and the IETF Megaco working group. 



4.3.5
SIGTRAN (SIGnaling TRANsport)



The mandate of the IETF Sigtran working group is to develop protocols that address the transport of packet-based PSTN signaling over IP Networks, taking into account functional and performance requirements of the PSTN signaling. These protocols support communications between the Media Gateway Controller and the Signaling Gateway. 



The sigtran working group has specified SCTP (Stream Control Transmission Protocol), RFC 2960 (proposed standard), and several adaptation layers for transmission of SS7 over IP-based networks. Some adaptation layers are:



SS7 MTP2 - User Adaptation Layer, RFC 3331 (proposed standard), which transports MTP2 user signaling information between the SG and the MGC;



SS7 MTP3 - User Adaptation Layer, RFC 3332 (proposed standard), which transports ISUP and SCCP messages between the SG and the MGC.



The sigtran protocol is still work in progress. RFC 2719 (informational) provides the architectural framework for signaling transport and RFC 3257 (informational) describes the applicability of the Stream Control Transmission Protocol.



4.3.6
BICC



The Bearer Independent Call Control (BICC) protocol, being developed by ITU-T Study Group 11, provides a means for existing operators of the PSTN, based upon circuit switched technology, to evolve their networks towards support for Voice over Packet services with minimal impact on their operations.  Although there exists some overlap in functionality between SG 11’s BICC and SG 16’s H.323, the H.323 specification is focused on small and new telecommunications carriers while the BICC specification is focused on the needs of large, incumbent network operators.



The principle of separating call and bearer control signaling is used in BICC. Call control information related to the narrowband call/connection is transferred between narrowband service nodes independently of the control of the bearer, which in this case may be an ATM virtual connection, or an information flow over an IP network.



The BICC protocol is based on the CCS7 ISDN User Part (ISUP) protocol and is specified in ITU-T Recommendation Q.1901. The BICC is transported using the Application Transport Mechanism (APM). The BICC protocol is an application of the ISUP protocol definition, but it is not peer to peer compatible with ISUP. This protocol used to be referred to as ISUP+. 



BICC Capability Set one (CS1), which supports communications between Media Gateway Controllers, was decided (approved) by SG 11 on June 15th, 2000.  



BICC CS2 (ITU-T Recommendation Q.1902) focuses on other bearer networks including IP networks. It addresses interface and interactions between the Media Gateway Controller and the Media Gateway.  BICC CS2 was determined in November 2000. SG 11 continues working on BICC CS3.



4.3.7
Megaco/H.248



The IETF Megaco (MEdia GAteway COntrol) working group and ITU-T Study Group 16 jointly worked on defining the Megaco/H.248 protocol. The work originated in the IETF Megaco working group, and most technical discussion and issues closure took place in that environment. Megaco/H.248 is the culmination of significant protocol work that includes Simple Gateway Control Protocol (SGCP) and Media Gateway Control Protocol (MGCP).



The Megaco/H.248 is a broadly applicable gateway control protocol. It can be used for a wide range of gateway applications moving information streams from IP networks to PSTN, ATM, and others.  The standard employs a master-slave model in which the source terminal and/or the gateway is a slave of the media gateway controller.  



ITU-T approved Recommendation H.248 June 15, 2000 and the IETF issued a Megaco protocol RFC 2885 shortly after. RFC 2886 (Errata) records the errors found in the Megaco/H.248 protocol document [RFC 2885], along with the changes proposed in the text of that document to resolve them. RFC 3015 (proposed standard) is the result of applying the changes in RFC 2886 to the text of RFC 2885. The ITU-T H.248 Packages Guide Release 1 summarizes packages that have been standardized in the time frame from 06/2000 to 06/2001.  



H.248 version 2 was completed at the SG 16 meeting in Feb. 2002.



Megaco/H.248v2 includes correction updates to RFC 3015/H.248v1 which were in the Implementors’ Guide plus other changes such as: Deprecation of the Modem Descriptor; Clarification of Audit text, and addition of directed audits; Enhancement of Digit Collection; and Addition of Nx64 multiplexing to the Multiplex Descriptor.



4.3.8
SIP



The Session Initiation Protocol (SIP), developed by the IETF Multiparty Multimedia Session Control (MMUSIC) working group and currently specified as a Proposed Standard (RFC 2543), builds on a simple text-based request-response architecture similar to other Internet protocols such as HTTP. The proposed standard was published in March 1999. The SIP work drew enough attention to create a separate SIP working group to continue the development. Since its publication, it has been recognized that SIP needs extensions in order to offer carrier-grade telephony applications. The SIP working group is considering proposals to achieve this. These proposals address shortcomings in SIP itself, such as the use of MCUs for multiparty conferences, call transfer functionality, reliable provisional responses ("Call proceeding") and pre-call media cut-through. 



The Session Description Protocol (SDP), also an IETF proposed standard, is used in SIP to convey session parameters such as media encoding. One of the identified shortcomings in SDP is the fact that QoS parameters cannot be specified.  Another issue is that SDP cannot convey media parameters for media carried over ATM networks.  The MMUSIC group is working to enhance the functionality of SDP.



PacketCable, a project conducted by CableLabs and its members, is the most significant early adopter of SIP.  In the PacketCable initiative it was also recognized that SIP has to be extended to offer carrier-grade services.  This resulted in the PacketCable Distributed Call Signaling (DCS) specification.  Some of the ideas put forward in the DCS specification have been published as Internet Drafts.



SIP is a peer-to-peer signaling control protocol for creating, modifying and terminating sessions (e.g., conferences, telephone calls and multimedia distribution) with one or more participants. These sessions include Internet multimedia conferences, Internet telephone calls and multimedia distribution. Members in a session can communicate via multicast or via a mesh of unicast relations, or a combination of these. SIP invitations used to create sessions carry session descriptions, which allow participants to agree on a set of compatible media types. SIP supports user mobility by proxying and redirecting requests to the user's current location. Users can register their current location. SIP is not tied to any particular conference control protocol. SIP is designed to be independent of the lower-layer transport protocol and can be extended with additional capabilities.



RFC 2543 covers basic functionality and there are several related Internet drafts covering services.  SIP has rapidly growing industry momentum at the system and device level. There have been several bake-offs with different vendors demonstrating interoperability of basic calls. Currently there are several proposals for extensions waiting for discussion in the working group.



4.3.8.1
SIP Operation 



Callers and callees are identified by SIP addresses.  The "objects" addressed by SIP are users at hosts, identified by a SIP URL. The SIP URL takes a form similar to a mailto or telnet URL, i.e., user@host.  The user part is a user name or a telephone number. The host part is either a domain name or a numeric network address. 



When making a SIP call, a caller first locates the appropriate server (A) and then sends a SIP request (B). The most common SIP operation is the invitation (C). Instead of directly reaching the intended callee, a SIP request may be redirected or may trigger a chain of new SIP requests by proxies (D). Users can register their location(s) with SIP servers (E).


A
Locating a SIP Server



When a client wishes to send a request, the client either sends it to a locally configured SIP proxy server (as in HTTP), or sends it to the IP address and port corresponding to the Request-URI.



B
SIP Request



Once the host part has been resolved to a SIP server, the client sends one or more SIP requests to that server and receives one or more responses from the server. A request (and its retransmissions) together with the responses triggered by that request make up a SIP transaction.  All responses to a request contain the same values in the Call-ID, CSeq, To, and From fields. This allows responses to be matched with requests. The ACK request following an INVITE is not part of the transaction since it may traverse a different set of hosts.



C
SIP Invite



A successful SIP invitation consists of two requests, INVITE followed by ACK. The INVITE request asks the callee to join a particular conference or establish a two-party conversation. After the callee has agreed to participate in the call, the caller confirms that it has received that response by sending an ACK request. If the caller no longer wants to participate in the call, it sends a BYE request instead of an ACK.



D
Locating a User



A callee may move between a number of different end systems over time. These locations can be dynamically registered with the SIP server. A location server may use a multicast-based protocol to actively determine the end system where a user might be reachable. If a proxy server forwards a SIP request, it must add itself to the beginning of the list of forwarders noted in the headers. The Via trace ensures that replies can take the same path back, ensuring correct operation through compliant firewalls and avoiding request loops.



E
REGISTER



A client uses the REGISTER method to register the address listed in the To header field with a SIP server. A user agent may register with a local server on startup by sending a REGISTER request to the well-known "all SIP servers" multicast address "sip.mcast.net" (224.0.1.75), depending on what is implemented in the network. SIP user agents may listen to that address and use it to become aware of the location of other local users; however, they do not respond to the request.  A user agent MAY also be configured with the address of a registrar server to which it sends a REGISTER request upon startup.


4.3.8.2
SIP Interworking



At this time SIP-H.323 Interworking is still in the draft stage, there are two phases planned. Phase 1 is basic call establishment and termination then move from a draft to an RFC. Phase 2 will target optional features and services. With the exception of conference control, SIP provides a similar set of basic services as H.323.


4.3.9
SIP-T



The IETF Session Initiation Protocol Project INvestiGation (SIPPING) working group is chartered to document the use of SIP for several applications related to telephony and multimedia, and to develop requirements for any extensions to SIP needed for those applications. One of those extensions is to support call/session control. SIP-T (SIP-Telephony) formerly known as SIP-BCP-T (SIP Best Current Practice for Telephony interworking) is a mechanism that uses SIP to facilitate the interconnection of the PSTN with SIP networks. SIP-T is more of an interface agreement on a collection of standards as opposed to a separate protocol.  SIP-T messages carry further sub-messages, such as the complete PSTN User Part message for signaling information and SDP (Session Description Protocol) messages for conveying connectivity end-point information and media-path characteristics.  



As with SIP, SIP-T directly negotiates a media connection between gateways. Endpoint information is carried in SDP from which can describe both IP and ATM endpoints. 



SIP-T is still a work in progress in the IETF. RFC 3372 (best current practice) provides a description of the uses of PSTN-SIP gateways, uses cases, and identifies mechanisms necessary for interworking.  ITU-T SG 11 has also been working on SIP-T related matters (SIP-T and BICC interworking).



4.3.10
H.323



ITU-T Recommendation H.323 (Packet-based Multimedia Communications Systems), [4], addresses how PC telephones or existing telephones via adaptors can be connected to packet networks and inter-work with circuit-switched public telephony networks through gateways. H.323 is part of a larger series of standards that enable videoconferencing across a range of networks. Known as H.32X, this series includes H.320 for narrowband ISDN (N-ISDN), H.321 for broadband ISDN (B-ISDN) and H.324 for General Switched Telephone Network (GSTN) communications. The following diagram illustrates the H.323 protocol stack.
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Figure 4.3.2 – H.323 Protocol Stack



Communications under H.323 are a mix of audio, video, data and control signals.  H.323 includes:



H.245 for control, 



H.225.0 for connection establishment, 



H.332 for large conferences, 



H.450.1, H450.2 and H.450.3 for supplementary services, 



H.235 for security, and 



H.246 for interoperability with circuit-switched services.  



Audio capabilities, RTP/RTCP media transport, call setup, Registration, Admission and Status (RAS) control and H.245 signaling are required components; all other capabilities, including video and data are optional.



The H.323 standard employs a peer-to-peer model in which the source terminal and/or the gateway is a peer of the destination terminal and/or gateway.  It optionally requires a gatekeeper function analogous to a connection manager.  H.323 is most applicable for implementation in end-points that have integrated processing power.  These include PC-based Internet Telephony clients and VoIP gateways integrated with PBX and key systems with inherent call-processing power. H.323 is the most widely employed standard among first-generation Internet Telephony solutions.



H.323 is a relatively mature set of standards. The first version was approved in 1996 by the ITU-T Study Group 16. Version 2 was approved in January 1998 and version 3 in September 1999.  SG 16 approved version 4 in November 2000 and it is expected that version 5 should be ready for approval in 2003.



One of the advantages of using a more mature protocol such as H.323 is that there has been significant interoperability testing leading to multi-vendor interworking.  The International Multimedia Teleconferencing Consortium (IMTC) holds several H.323 interoperability events each year since October 1996. These vendor-only events allow developers to do pair-wise testing with other vendors and lead to multi-vendor inter-working as well help to fix inconsistencies in the standard. More than 50 vendors have participated in these events. One of the biggest advantages of H.323 is the maturity and the large degree of multi-vendor interoperability.



Further enhancing the domain of H.323, both the IMTC and iNOW! Working Group have been developing profiles of the H.323 standard for specific applications. Interoperability testing of iNOW! profiles is now being included in the IMTC interoperability events.









































4.4
IP/MPLS networks



4.4.1
Introduction and definition



As we have seen, Next Generation Networks rely on an efficient packet-based data network. The objective is to improve the forwarding performance of IP router networks. Overlaying IP networks on top of Asynchronous Transfer Mode (ATM) networks was a first solution but this approach needs a very high number of ATM virtual circuit connections to provide a complete mesh of virtual links between router pairs.



Then, the answer was a best-effort, over-provisioned capacity approach, which is still being used by some of the largest IP backbones today. 



The MPLS idea of leveraging the proven IP control plane and its protocols to facilitate label switching opens up many possibilities for the optimization and convergence of routing and switching. MPLS becomes a key technology, bringing value to the next generation of communication networks by offering solutions to operational problems and fostering the network convergence that operators are demanding.  



MPLS is a core technology offering a range of features similar to those of ATM: Quality of Service (QoS), traffic engineering and robustness.



IP/MPLS networks have the ability to scale to the high growth demand of the Internet, while meeting the mission-critical requirements of business traffic, traditionally supported by ATM. In addition, IP/MPLS networks are ready to facilitate the convergence of data, voice and video traffic over IP. In this context, MPLS emerges as the technology for convergence in core data networks. 
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MPLS convergence goes even further and can support more than just packet switching and also includes transport path switching. This is the Generalized Multi Protocol Label Switching (GMPLS) approach.



4.4.2
MPLS Applications



4.4.2.1
Traffic Engineering



Traffic engineering addresses the limitations of Interior Gateway Protocol (IGP) routing protocols, such as Open Shortest Path First (OSPF) and Intermediate System – Intermediate System (IS-IS). These protocols route traffic from source to destination using the least cost path, as derived from metrics assigned to the links, while ignoring the relative levels of network congestion or the traffic type of the forwarded packets.



Traffic engineering makes the best use of network resources by moving traffic to less congested parts of the network. Additionally, for services that require certain QoS objectives to be met (e.g. a specific packet loss ratio and delay/jitter), traffic engineering can make it possible by explicitly selecting routes. As an operational tool, traffic engineering regularly optimizes network resource utilization as traffic demand evolves. This is especially important for IP backbones, for which the underlying traffic growth and dynamics (demand swings) are considerably higher than for legacy networks.



MPLS protocols enable explicitly routed paths to be created between specific ingress and egress nodes. As a result, an operator can control traffic flows through the network: packets that arrive at the ingress Label Switching Router (LSR) of an LSP and match the Forwarding Equivalence Class (FEC) associated with the LSP are forced to take a predetermined path to the egress LSR. Moreover, the FEC can be defined to take more classification parameters into account than just the destination IP address. In addition to conventional Border Gateway Protocol (BGP) and IGP shortcutting for traffic engineering, explicitly routed LSPs can be used for policy-based routing and load balancing.



Traffic engineering LSPs can be established in a distributed way, relying on a Constraint Shortest Path First (CSPF) algorithm to find a path through the network that matches the constraints imposed by the service provider. Alternatively it can be centralized by means of an off-line traffic engineering tool. Distributed traffic engineering relies on IGP routing extensions to feed the traffic engineering metrics and congestion information to the CSPF algorithm. 



We distinguish:




- static traffic engineering based on ER LSP and,




- dynamic traffic engineering using appropriate signalling, LDP or CR-LDP and RSVP-TE.



4.4.2.2
Enhanced Network Resiliency



IP alone cannot guarantee rerouting times for large scale networks, making it difficult for service providers to offer stringent Service Level Agreements (SLA) to their customers. MPLS can be used to enhance network resiliency, and to provide edge-to-edge path protection, node protection and link protection. 


LSP Fast Reroute mechanism is used for reaching SDH level of protection < 50 ms.


MPLS-based protection offers more functionality and is more flexible than transport layer protection. As it is independent of the transport technologies used in the network, it can be applied on heterogeneous network infrastructures, whatever their topology. MPLS-based protection also allows for service differentiation: the level of protection offered, as well as the reaction times, can be determined on a per-LSP basis. Consequently, MPLS-based protection allows the available bandwidth to be used more efficiently as protection bandwidth is only reserved for specific services.



4.4.2.3
Network-based VPNs



In a nutshell, an IP VPN is a customer IP network that is connected across a shared public IP backbone. There are obvious technical difficulties involved in supporting an IP VPN. Issues such as overlapping private IP addresses and data security must be resolved before customer traffic can be transported across a publicly shared IP network. Compounding the problem for service providers is the need for an IP VPN service model that can operationally scale.



The IETF has defined a method for offering IP VPNs in the network using MPLS. Known as RFC 2547bis, it addresses the requirements of VPN service providers (Figure 2). Using this method, MPLS can provide tunnels between virtual routers, implemented on Provider Edge (PE) routers that are dedicated to specific closed user groups, thereby forming VPNs. The proposal uses BGP peering relationships between the provider edge routers to distribute VPN membership and reachability information, while a two-level MPLS label stack is used to interconnect specific virtual routers. 


4.4.2.4 Virtual Privates LANs



More recently, layer 2 VPN-centric services, such as Virtual Private Wire Services (VPWS) and Virtual Private LAN Services (VPLS), have been receiving a lot of attention from service providers who are looking to enhance the value of their IP networks. The Pseudo Wire Emulation Edge to Edge (PWE3) effort in the IETF addresses the need to emulate layer 2 services across MPLS tunnels, thus paving the way for legacy services based on TDM, ATM, and frame relay to be transported on an IP/MPLS core. 



The VPLS architecture specifies use of a provider edge (PE) router that is capable of learning, bridging and replication on a per-VPLS basis. The PE routers that participate in the service are connected together by a full mesh of MPLS label switched path (LSP) tunnels. Multiple VPLS services can be offered over the same set of LSP tunnels. A set of ingress and egress viryual connection (VC) labels on a per-service basis can be configured. 



PE routers learn the source MAC addresses of the traffic arriving on their access and networks ports. All traffic is switched based on MAC addresses and forwarded between all participating PE routers using the LSP tunnels.



VPLS is basically an adaptation of the transparent LAN services over ATM using MPLS. The role of MPLS is central with respect to these new service technologies, providing essential functions such as signaling, encapsulation, multiplexing, traffic management and connectivity. MPLS becomes the enabler for value-added services in the network.



4.4.2.5
Traffic Management and QoS aware IP Networks



Traffic management is a major part of network service customization. Available for layer 2 services, such as ATM and frame relay, these capabilities have not yet been deployed for IP (Internet) based services. This reflects the way in which IP networks have been built, rather than customer needs. Needless to say, best-effort IP services are a good beginning, but service providers can do much more for their customers. As more and more applications requiring voice and video capabilities make use of the IP network, traffic management will become an important pillar of IP networking.



The DiffServ model relies on traffic classification and conditioning at the boundary nodes of a DiffServ domain, to ensure that traffic entering the backbone complies with the contracted SLAs. 



MPLS has been enhanced to support DiffServ: an IP packet’s DSCP can be mapped in the MPLS header information (EXPerimental bits, or EXP bits and label in the MPLS header). The added value of MPLS in the delivery of QoS over IP backbones lies in the ability to select paths that guarantee the QoS requirements of specific traffic flows. Moreover, MPLS allows resources to be reserved for the transport of these flows. Of course, this has to be combined with policing at the ingress LSR to ensure consistency between flows admitted to an LSP and the corresponding resource allocation.



Traditional routers generally offer up to eight QoS levels per port. So called Services Routers support “service-based queuing” implementing input buffering for services and shapping to an SLA with committed information rate (CIR) and peak information rate (PIR) guarantees.


4.4.3
The Future of MPLS



4.4.3.1
MPLS in Access 



While it is clear that MPLS will play an important role in next generation telecommunication infrastructures, in time it will probably also prove useful in access aggregation networks.



The explosion of broadband services for residential and business customers has led to new requirements for access aggregation networks. Scalability, cost-effectiveness, service customization, security and timely provisioning are all essential to the success of next generation multi-service access networks. Today, ATM provides a solid solution that meets these requirements. However, as services are increasingly IP-based, IP will inevitably expand to the edge and access networks – a gradual process of “IPfication”. 



While IP could be an adequate traffic aggregation layer for multiple services, it does not meet all the requirements of a true aggregation network. A layer 2 method is preferable in the access/aggregation network in order to realize a scalable, economically viable solution. MPLS appears promising in this context since it combines the multi-protocol and multi-service properties of ATM with the flexibility of the IP technology on which the services are aggregated, thus addressing all the requirements of an aggregation network. A further advantage is that an MPLS control plane provides a unified way of establishing connections over the various layer 2 technologies traditionally found in access and aggregation networks (ATM, frame relay, Ethernet).



4.4.3.2
Carrier Grade MPLS 



Today, MPLS is defined to run from provider edge to provider edge over the service provider’s core network. Its main role is that of a core technology and an edge service enabler. As service providers successfully introduce layer 2 and layer 3 VPN services, there will be an increased demand to make MPLS suitable for use in carrier networks. This requires the introduction of additional capabilities, such as: 



· Hot redundancy of the routing and signaling planes. 



· Improved MPLS Operations, Administration and Maintenance (OAM) capabilities for fault management, proactive connectivity verification and performance monitoring. 



· End-to-end quality of service: “service-based” QoS implementing services-based SLA



· Billing capabilities: MPLS networks should provide usage statistics for billing with support for SLAs (e.g. class of service, protection level, security level).


4.4.4
MPLS Standardization towards multi-protocol


MPLS standardization has now progressed beyond the IETF towards the International Telecommunications Union – Telecommunications (ITU-T). Recent developments include implementation agreements for voice services over MPLS, as well as agreements that move MPLS from a core switching protocol to applications at the edge of the network (MPLS user–network interface). 



The emergence of MPLS as a convergence mechanism, not just for IP, but also for layer 2 technologies such as ATM and frame relay, is important. Focus is now moving to MPLS applications to enhance value for carriers.  



4.5
Converged services voice/data/multimedia



Before outlining the main characteristics of the converged telephony/data network model, it is worth making three observations.



First, the growing volumes of data traffic transported over telephone networks and the loss of revenue resulting from increased competition will lead service providers to investigate convergence as a means to reduce costs and bring in additional revenue from new services.



Second, while trying to sense the nature of the new services allowed by convergence, it is worth remembering that the basic (voice) person-to-person communication service will probably remain the cornerstone of telecom networks, simply because it meets a basic and immutable human need ! The corollary is that users will always be willing to pay a third party – a service operator – for reliable and effective voice communication.



Third, whatever “free” services users can obtain from the Internet today, one should not lose sight of the fact that the Internet approach works well as long as the transport network is neutral to services/applications – transparent (has infinite capacity) – or no specific requirements concerning its features as an information transport medium are posed (i.e. best effort transport is assumed satisfactory). Even if transport capacity is greatly increased by advances in optical networking, a compromise between the Internet and the … telecom … approaches is needed. Converged NGNs are not the Internet, of course. However, it is precisely because they share IP technology with the Internet that they should seek to realize this compromise with the telecom approach.



In the light of these observations, any convergence between telephone networks and the Internet should capitalize on the advantages of each, namely:



•
Service offering model of the telephone network, the quality of service it provides and, above all, the lucrative business model it offers to operators.



•
Flexibility of the Internet model which can easily support new services and applications.



The following elements of this converged model can be outlined with some degree of certainty:



•
Access: Broadband access in “native” packet mode allows a new breed of communication services either in association with a new converged network control or even simply in association with a simple telephone network access [3]. Broadband access can be offered through the adjunct Digital Subscriber Line (DSL) evolution of legacy PSTN access. However, new access technologies like cable modems, satellite or wireless local loop can provide broadband access to fixed subscribers. Whatever technology is used, access is the costlier part of the network. The success of DSL and other broadband access technologies will essentially depend on the revenues drawn from the new services allowed through them.



•
Network services: A set of core network services is essential to ensure sufficient revenue to justify the cost of network deployment. We assume that basic person-to-person communication and all kinds of related services (unified messaging, for instance) will be the dominant core service. Network services will only be provided through the mediation of the network operator; resources for these services should be given a higher priority than any other flows within the network and will be reserved – even over a packet transport – over the entire path linking the involved parties on a service invocation basis.



•
Other applications and services: End users should be able to invoke services and applications offered by third parties (i.e. not their operator) for commercial (openness will be an essential property of a converged network) and regulatory reasons (open network provisioning obligation). Such services may fall into two categories. First, those “brokered” by the network operator who ensures that the third-party provider receives a given quality of service over the network, for which the operator levies a fee. Second, applications which are the user's responsibility “a la Internet” and to which the network is totally transparent, simply transporting the user data in a best-effort way (even though broadband technologies will certainly offer a better QoS at the user access level, but this will not solve the end-to-end QoS problem). The technical challenge is to ensure that these services and the core network services that bring the essential revenue can coexist on the converged transport infrastructure.



In light of the above observations one can see that migration of existing PSTN networks to NGN implies a network reshuffle that will occur gradually over years, if not decades. We discuss in the following section the three milestones on the road to NGN convergence: access migration, core network migration, and services migration. 



4.6
Network migration to packet infrastructure



4.6.1
Access Migration
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Figure 4.6.1. Early Introduction of Broadband Access



Figure 4.6.1 illustrates a situation that is largely prevalent today within developed economies PSTN.  In this setup, the PSTN is the main access mean to the internet. This access is provided either through the – still dominant - “dial-up access” that uses normal telephony calls or through the Broadband Digital Subscriber Line (DSL) access technology. 



In this setup, the PSTN continues to offer the voice services with their associated intelligent network services through the legacy TDM and signaling system number 7 (SS7) infrastructure. 



The connectivity between the PSTN subscribers and the internet for dial-up access is realized through network access servers (NAS) equipment that interconnect the TDM infrastructure with a packet network leading to the Internet servers. The NAS interconnects with either the Transit switches or the Local switches of the TDM network, as shown on Figure 4.6.2, to avoid congesting the TDM transit level with internet calls that have a mean duration larger than the normal voice telephony calls. The NAS is interconnected with a switch either through ISDN Primary Rate Access (PRA) as shown on Figure 4.6.1 or SS7 Inter Machines Trunks (IMT) as shown on Figure 4.6.2; the latter scheme offers the advantages of the NAS becoming a “peer” to the PSTN especially if it is the property of the Internet Service Provider (ISP).



DSL access not only offers a larger bandwidth capability for end-user and permanent connectivity (“always-on” feature) to the Internet but avoids congesting the PSTN network since the Internet traffic is taken away from the PSTN even before the access concentration equipment through the Digital Subscriber Line Multiplexer (DSLAM) that sends the traffic to the Internet through a Broadband Access Servers (BAS). The DSLAM and/or the BAS may belong to another entity than the PSTN operator.
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Figure 4.6.2. Generalization of Broadband Access and MSAN



Figure 4.6.2 illustrates an evolution where Multi-Services Access Nodes (MSAN) are introduced. An MSAN allows end-users accessing the network in native broadband access mode to use this access for data and voice services. In this evolution the voice services continue to be offered through the legacy PSTN switches and the MSAN offers an inverse gateway function translating the Voice over Packet access onto a legacy V5.2 Access/Network interface. This allows broadband subscribers to benefit from the same voice and associated IN services than legacy subscribers. Figure 4.6.2 illustrates this case with the example of a DSLAM equipment offering a V5.2 interface towards a legacy switch; users must a Network Termination (NT) unit at their premises to connect telephone equipment and use Voice over DSL at access. This scheme might be useful as a line multiplier for Small Enterprises. Figure 4.6.2 illustrates two other schemes for a MSAN either as an evolution of a legacy access node (left) or as a MSAN introducing a new type of access technology to the network (middle) like Wireless Local Loop or Cable access but still offering to the users the benefit of identical voice services and leveraging on the investments made in legacy switches that are still used to offer voice services to such users.
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Figure 4.6.3. Voice over Packet Between Legacy Switches
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Figure 4.6.4. MGC Function within Switches and MSAN with Access Gateway Integration



Figure 4.6.4 illustrates yet another evolution of MSAN whereby they integrate an Access Gateway functionality and offer voice services through the control from a softswitch via the H.248 signaling. The advantage of this scheme is to keep voice into its original packet form and transport it directly over a unified packet network handling as well the voice and the data traffic. It is possible to use as a softswitch a legacy switch where the Media Gateway Control (MGC) capability has been added – that is the capability of controlling voice calls through the H.248 interface. This allows the operator to leverage on the existing PSTN investments and offers an identical level of services to all subscribers.
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Figure 4.6.5. Multimedia Services and New User/Network Interaction


Figure 4.6.5 finally illustrates the case where the Access Node functionality has been focused to the admission control of the bandwidth – with the associated quality of service – that has been negotiated between the Softswitch and the Customer Premise Equipment (CPE). Contrary to the previous cases, here the traffic depends on the nature of the requested service and components (video, text, voice) that are requested by the user for a given communication session. The Access Node makes no a priori assumption regarding the needed bandwidth for a given communication session; it reserves the needed resources following the instructions received from the softswitch on a call by call basis. 



4.6.2
Current status of access migration



Widespread access to the Internet within developed economies is today a reality thanks to the ubiquity of the PSTN in such countries. This access begun with dial-up mode and, though it is still dominant, is now being replaced by Broadband DSL access. The last few years (2001/2) saw the beginning of a rapid take-off of DSL access in the large majority of developed countries. Still, a widespread deployment of DSL access is largely dependent on new services that might be offered to end-users through it and bring new revenues to operators and justify investments. The services issue will be discussed within section 5 below. 



MSAN with V5.2 or H.248 capability are today available from many equipment vendors but have limited deployment and essentially confined to new types of access (like cable) where operators are seeking to offer voice services in addition to their legacy data and video ones.  This is largely due to the fact that migration to NGN for the sake of replacing the voice service from TDM to packet bearer had not found as yet a solid business case within developed countries. This is due to the fact that the PSTN infrastructure is of very good quality and, often, not utilized to its maximum capacity due to the transfer of a significant amount of the traffic to mobile networks.  



Finally, access nodes for multimedia services are becoming ready in the labs but have not yet reached the status of real products.



The developing countries situation is, in contrast, characterized by the lack of access to any kind of network, including the PSTN. A majority of state members of the ITU have less than 10% telephony penetration rate (including both PLMN and PSTN), some are even at less than 1%. Improving access to the network is thus the major challenge for these countries.



Can developing economies benefit from new technologies to better meet the challenge of improving the access to the network at a more rapid pace ? In general, the answer is yes ! Many developing countries have, and are continuing, to improve their telephony access by “leapfrogging” to the mobile one. In Africa, for instance, it took 20 years to add 30 Million PSTN subscribers but only 3 to add the equivalent number of PLMN subscribers. 



Regarding the benefit of PSTN migration to NGN to better improve the fixed access, the answer is less clear. New types of local loops such as wireless local loop or satellite access might be useful especially to improve access in rural and remote areas. Still, one should observe that broadband access technologies offering all kind of services to end-users in packet mode will become affordable for large-scale deployment in developing economies only when they reach a certain price level following a large deployment in developed countries. This is still not the case today for the reasons outlined above. 



Therefore PLMN access technologies, sometimes with restricted mobility features especially for remote and rural areas, and, when affordable, new generation PSTN access equipment integrating flexible support for basic telephony and broadband access and capable of future evolution are best at the moment to meet the developing countries immediate needs for improving access to the network. 



4.6.3
Core Network Migration



Figure 4.6.1 illustrates the situation where many PSTN operators in developed countries have deployed a packet network in parallel to their existing TDM one in order to improve the accessibility of their subscribers to the Internet. Often the PSTN operator plays the role of the leading ISP within a given country, or at least its data backbone is used by other ISPs to access to their subscribers. The packet network shown on Figure 4.6.1 may sometimes be the one of another – generally a long distance – PSTN operator or that of an ISP. 



In all cases, the packet network of Figure 4.6.1 and also of Figure 4.6.2 is essentially used to convey the data traffic of the Internet users that are connected through the PSTN either with a dial-up or a broadband access. The technology of this packet network might not necessarily be the one of the Internet Protocol (IP) but use other technologies like ATM or even Frame Relay for Quality of Service and legacy reasons.



Figure 4.6.3 illustrates the situation where the packet network transports the packetized voice traffic between exchanges but also, though not shown on the figure, the access traffic to the Internet. For this to happen either a softswitch - or a legacy switch with a MGC function - controls TDM to packet gateways connected to the switches or the switches integrate this gateway capability and interact with each other through the Bearer Independent Call Control (BICC) signaling. 



The fact that the voice traffic is carried over a packet bearer between switches – be it IP or ATM – is completely transparent to the end-user that continues to receive the same service from its operator. The packet network and sometimes the gateways and the softswitches controlling them may belong to an alternative long distance VoIP carrier and this latter scheme constitutes by far the largest part of VoIP usage today.



Figure 4.6.4 represents a situation where the voice is transported over the packet network down to the access nodes and where the packet network itself transports “individual” end-users streams as opposed to the “voice over packet trunks” of the previous case. This raises by far more complex issues regarding the Quality of Service if the voice over packet issue has to be transparent – i.e., of equal quality to the current PSTN – for end users. Solutions exists today to meet such a challenge over packet networks but they are not yet widely deployed especially within IP networks. The effect on the quality if such solutions are not deployed might well be similar to the one experienced today by the “voice over Internet” users and therefore such a deployment, contrary to the previous one, is not yet foreseen today by PSTN operators as a transparent replacement of their legacy voice service.



Figure 4.6.5 represents the situation where the distinct categories of data and voice streams disappears and is replaced by the unified concept of a multimedia stream. The attributes of a multimedia stream are determined on a call by call basis by the Multimedia Softswitch and enforced on the network entry by a new generation of access nodes. The constraints raised upon the packet network regarding the guarantee of the agreed Quality of Service attributes of a given stream are far greater than in the previous case where pure voice streams can be “opposed” to data ones. Technical solutions that provide such guarantees exist but, so far, are still in the lab experiment level and are not yet mature for a massive network deployment. 



4.6.4
Current status of core network migration



Overlay data networks that facilitate and improve access to the Internet have already been deployed by PSTN operators in developed countries. This trend is generalizing towards developing countries PSTN operators willing to improve Internet access. Whatever the added cost, such a solution represents the only viable alternative to meet the demands of the increased Internet traffic than congesting the PSTN with it and for which the PSTN was not designed.



Voice over Packet between PSTN exchanges is essentially used today to carry the long distance voice traffic. Long distance transport of Voice over Packet stirred the creation of specialized long distance packet (or IP) carriers offering their services to PSTN operators world-wide and especially to those of developing economies. Developed countries PSTN operators – especially the largest ones - are less reliant on such new operators since they have their own international routes and can even afford to deploy Voice over Packet liaisons for destinations for which it is economically feasible. Many developing countries PSTN operators are signing on with such long distance IP carriers to handle their international traffic at a lesser cost but the reverse side is the decrease of their revenue from the settlement rates they receive through legacy trunks. 



One alternative solution for developing economies PSTN operators is to have their own softswitches that allow them to terminate the essentially incoming Voice over Packet traffic towards their subscribers. Thus, they might earn much more revenue than relying on a long distance carrier or even the higher challenge of a total bypass of their network through the Voice over Internet.  



Finally, Voice over Packet at the access level is foreseeable in the short term both in developed and developing economies as a way to improve the deployment of new access technologies offering both broadband access and voice services. It can also be foreseen as a “line multiplier” technique for the legacy copper infrastructure in association with the DSL access. However, the copper line quality issues in developing countries might hinder this latest development. 



4.6.5
Services Migration 



Figure 4.6.1 illustrates the current situation where the majority of the revenues of any PSTN operator – even in developed economies – comes from the voice and associated Intelligent Network added-value services. 



Internet access certainly brings added revenue to the PSTN operator, through the traffic increase it induces, but the access charges levied do not yet represent a significant source as compared with the voice service. Yet, and even at such an early stage, it is possible to foresee the development of added value services that capitalize on the simultaneous availability of the telephony and Internet accesses for Broadband subscribers. Figure 4.6.1 shows the signaling protocols that might be used to coordinate the Internet and the PSTN Intelligent Network Servers to provide a pre-figuration of Multimedia services like Click-to-Dial, Internet Call Waiting Unified Messaging or Web Augmented Calling that are helpful to educate customers and operators alike in preparation of the future Multimedia Services. 



DSL access can also be leveraged by added value services brought to users whether they are residential or business. Of course, in such cases the quality of those services must be guaranteed in an end-to-end manner (from the server to the user premise) and this raises constraints on the quality provided by the Packet Network. Still, this is today feasible and data network technologies exist that provide such guarantees.



Figure 46.2 essentially illustrates the situation where legacy voice services are offered with the same quality and associated IN services to subscribers connected through Voice over DSL or new types of alternative Broadband access technologies. This is very important to leverage on the widespread demand for voice services in order to improve the business case for deploying such new access technologies where the data revenue may likely not be sufficient alone  to justify the investments.



Figure 4.6.3 illustrates the introduction of a transparent voice over packet service to end users. The added value here essentially resides within the reduced costs brought out from the use of voice over packet with the guarantee of the same quality for end-users that may likely not even be kept aware of the technology change. The operator may of course reflect part or all of the cost reduction potential brought out from Voice over Packet to the end-users tariff either to improve the traffic within its network or to avoid its bypass because of tariff arbitrage to the benefit of “Voice over Internet”.



Figure 4.6.4 can be seen as a generalization of the previous step with the “voice over packet” segment brought down to the user’s premises. Still, the main benefit for the operator will likely not come from this last mile Voice over Packet segment but rather from the network consolidation brought out through the centralization of the network traffic control function within a reduced number of control elements. It must be noted that network consolidation can begin earlier by lumping the traffic around fewer and more powerful new generation access nodes and controlling them through fewer and more powerful switches capable of evolving and becoming Softswitches through the adjunct of the MGC function.



Finally, Figure 4.6.5 represents the ultimate objective of the generalization of Multimedia services where any kind of person-to-person or person-to-server interaction may integrate any type of component: voice, video, text,


This represents the largest potential of new service selling but there is still some extra work to make such services happens. The approach where such services are introduced from the early phases of DSL deployment (see above) is the most efficient scenario both to allow revenue streams that make the large scale deployment of DSL access profitable and also educate the users for the full-fledged Multimedia services that will ultimately replace the current voice one.



4.7
Rural areas issues



The possible strategies for the smooth migration from circuit-switched to packet switched (NGN) networks, although in general applicable for all different cases, should take into account the special issues of the rural areas in the developing countries.



Traditionally there is low profit for the telecom operator in such areas, i.e. no real business interest for development and migration to new technologies.



On the other hand there is a very important social function of the telecom network in rural areas, i.e. development is expected to be encouraged and even forced by administration and regulation authorities. 



Current situation of the telecommunication/ICT development in rural areas could be seen from the indicators
 shown in tables 4.7.1 and 4.7.2 below. 



			


			Large cities population as % of total


			Large cities teledensity [%]


			Rest of country (rural areas) teledensity [%]


			Overall teledensity [%]





			Low



Income


			6,0


			9,26


			2,15


			2,54





			Lower Middle Income


			5,8


			24,84


			7,30


			8,77





			Upper Middle Income


			16,1


			30,77


			21,10


			22,94





			High



Income


			10,8


			57,49


			54,83


			55,21








Table 4.7.1 – Teledensity statistics for largest cities and rural areas



Table 4.7.1 shows the very low telecom service penetration in the rural areas of developing countries (Low and Lower Middle Income countries) and the big gap between large cities and rural areas in such countries. 



Also, as it could be seen from the statistics, there is still considerable amount of old analogue equipment in rural areas of some countries (e.g. in Central and East Europe and in CIS countries). 



			


			Internet hosts per 10000 inhabitants


			Internet users per 10000 inhabitants


			PCs per 100 inhabitants





			Low Income


			0,98


			62,21


			0,59





			Lower Middle Income


			4,32


			264,94


			2,45





			Upper Middle Income


			78,69


			992,66


			8,24





			High Income


			1 484,20


			3 992,87


			37,31








Table 4.7.2 – Density statistics for Information technology



Table 4.7.2 shows the very low penetration of the Information technology in developing countries, especially in rural areas.



Main issue for rural areas of developing countries is the expected considerable demand to extend the present network and connect new customers or to replace the very old analogue equipment. 



To reach remote subscribers in rural areas wireless local loop or satellite access as well as PLMN access technologies, sometimes with restricted mobility, could be used. In the case of old analogue equipment replacement, DSL access technologies are a cost-effective solution.



From another hand penetration of Information technology is so low in the rural areas of the developing countries, that it puts under question the real demand for a multi-service network, which is typically the NGN.



In any case migration from circuit-switched to packet switched networks in rural areas of developing countries have to be considered very carefully.









5
Economic aspects



Economic modelling tools related to NGN have to:



•
Evaluate at a strategy level, the interest (business case) to offer Telecom services through a NGN solution



•
Through scenario approach, evaluate and compare business cases for an operator between different NGN and/or circuit based (TDM ) solutions



•
Address deployment of new networks (new operators) or evolution of the existing fixed network infrastructure (PSTN) of an established operator. 



•
Assess the impact of NGN features on the value chain of the services



To address those objectives, an economic modeling portfolio of tools should be used. 



First, one should address the cost of ownership of several network infrastructure solutions that are able to handle standard telephony, Internet dial up or DSL access services.



Second one should evaluate the telecom services which can be offered on such a network infrastructure by evaluating their potential revenue, and the incremental costs (investment, operations) required by each of them.



Last one should consolidate the whole by giving overall business value figures.



These models should work on a multi-year and multi-scenario basis.


5.1
Model for Infrastructure evaluation



5.1.1
Inputs 



Model inputs concern those related to the demand and its evolution over several years regarding subscribers (Pots, dial up, broadband) and their traffic pattern.



The model should take into account a certain number of topology characteristics (number of geographical sites and their type (remote, local, national), but without  the aim of being a network design tool.



A database should give the Network Element main characteristics (capacity, costs) and basic operating costs



5.1.2
NGN applications covered



•
NGN with trunking gateways/softswitch (“NGN Class 4”), dealing with voice transit or long distance network segment, an alternative to TDM transit exchanges (TEX)



•
NGN with access gateways /softswitch (“NGN Class 5”), NGN to connect narrowband subscribers (Pots, ISDN) and being an alternative to Local Exchanges (LEX)



•
NGN for broadband accesses, dealing with the voice traffic (VoDSL) or multimedia traffic through Integrated Access Devices (IAD) and Softswitch



5.1.3
Network evolution strategies



When completing such evaluations, the operator is generally willing to compare the evolution of its network by using the current TDM technology or by using NGN technologies :



•
Present mode of operations scenario describes the evolution of a voice network  based on TDM technology with LEX and TEX and an overlay data network for DSL traffic



•
In a “Cap and Grow” mode, the existing network is kept as it is (Cap) and demand growth is addressed by the deployment of NGN solutions (Grow)



•
Replacement, in this case the existing network is migrated or replaced with a NGN solution which can be deployed partially and over a certain number of years.



•
Deployment of a new network (new operators)



5.1.4
Definition of Scenarios



The model should allow for an extensive list of scenarios to be built, which may be analyzed or compared by the operator. Each scenario is flexibly defined as a combination of choices within each of the categories described above.



This flexibility is the base for sensitivity and, in general, results analysis.



5.1.5
Outputs



The model should dimension the costs of the network and its elements per year according to the chosen scenarios. It accounts for the Capital Expenditure (CAPEX) attached to these different elements and yearly Operational Expenditures (OPEX) figures.  



In evaluating several scenarios, comparisons of costs should be developed on a cash flow basis; these outputs should then be combined with other models. 



5.2
Model for Telecom Services



The model should be built around a top-down approach on one side, and a bottom-up approach on the other.
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Figure 5.2.1 – Business Model Synopsis



The top-down approach models the evolution of the operator’s global revenue streams, looking at large segments of revenues such as B2B, fixed to mobile, wholesale, and putting that into the perspective of global macro-economic parameters (e.g. GDP or PPP / inhabitant, evolution of telecom budget for households,…). The purpose of the top-down approach is only as a benchmark for the bottom-up approach, and to make sure that the sum of the revenues from individual services do not go beyond reasonable gross figures.



The bottom-up approach models each service and its evolution. Here we consider how the service is positioned in the value chain, how it is priced, how it is successful, and which cost drivers are necessary in addition to the infrastructure modeled previously.



When the exercise addresses the full network, it is necessary to model as many individual services as possible. The question we will try to answer in the consolidation phase is: ‘does it make sense to be in this business with this architecture?’



When the exercise addresses a comparison between two implementations of the architecture, services that are common both in implementation and in market acceptance can be disregarded from the comparison. Then the model focuses on selected services that differ between an NGN and a TDM implementation.


6.
Possible scenario of migration Country/Sector Members strategies and experiences


[Insert Poland and China contributions (extracts) SG13 + other contributions]


6.1 Introduction (constraints of migration)



6.2
Transit network migration




6.3
Introduction of new multimedia telecommunications services and applications




6.4
Access modernization



6.5 Telephony over packet network


7.
Conclusions



To conclude the Rapporteur’s Group believes that technology is important but more important – especially for developing economies – is the related factors of costs and maturity. Developing countries can and must “leapfrog” in order to rapidly improve their infrastructure and benefit from the newest technologies like what happened with the rapid rollout of PLMN in Africa and elsewhere. 



Still, NGN migration per se might not always bring the desired results for developing countries. In section 3.5 we have shown many examples where technological factors were not sufficient alone to stir change. One can even say that the PSTN migration to NGN was quite a disappointment in the last few years within developed economies especially with respect to the expectations raised at the height of the “Internet bubble” during 1999 and early 2000.



Therefore, developing countries PSTN operators have to be very pragmatic and cautious. The Rapporteur’s Group shares the belief that the following general guidelines should serve as a guidance for PSTN networks migration to NGN:



· Services are key when defining any future evolution of PSTN networks,



· NGN is more about bringing new services to end-users than just broadband access or voice over packet though both are very important technological milestones.



· NGN must build on the strengths of both the telephony and the Internet respective service models.



· NGN emergence will happen but will take time, PSTN networks will likely continue to offer the voice telephony service for a while.



· State-of-the-art PSTN solutions of today can evolve and stay part of the future NGN picture to preserve investments.



· The access modernization is key to prepare the introduction of Telecommunication Services and new telecommunication services and applications (data, voice and multimedia) on the same network.


_______




















































































































































































































































































































































�   Ready for comment (RFC) is the term used by the internet society, in particular by its engineering arm “IETF” for internet protocols equivalent to an ITU recommendation




� ITU, ITU-D World Telecommunication Indicators Database, Edition 2002









___________
Contact point:
Mr. Walter Calil Jabur, ANATEL, Brazil, tel: +55 61 3122376,

fax: +55 61 3122169, e-mail: calil@anatel.gov.br


Mr. Yves Laurentie, Alcatel, France, tel: +33 1 30774269, Fax: +33 1 30773140,
e-mail: yves.laurentie@alcatel.fr
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