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Introduction

In UMTS R00 it has been agreed to include the “all IP network” option as part of the UMTS core network. Decisions at TSG#5 and the discussion in 23.922 (“Architecture for an All IP Network”) provide a starting point for this work. Some key points which can be identified from these references include:

· The “all IP network” uses call control based on IP-Telephony protocols such as SIP or H.323 instead of call control based on DTAP-CC in GSM and UMTS R99.

· Evolution of DTAP-CC based on IP or other transport protocols is also part of R00, but separate from the “all IP network”.

· Technically it will be possible to build networks that support:

· DTAP-CC call control only

· IP-Telephony (SIP/H323) call control only

· Both DTAP-CC and IP-Telephony

These points are illustrated below:
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This contribution discusses the implications of these points on the approach to the specification of requirements for voice services in R00.

Discussion

As discussed above, the R00 architecture will introduce new call control protocols based on IP-Telephony technology (SIP/H323). The primary value of this work is to introduce new services and service capabilities that are not easily available using the GSM-Telephony (DTAP-CC) model. Examples of these are:

· Access independent call control, and

· Multimedia calls

The aim of R00 should not be to reproduce existing services using new application protocols. This does not provide new value to operators or vendors, but does add cost and delay to the system. Continuity of existing services is provided by keeping GSM-Telephony services (based on DTAP-CC) as part of R00. Technically it may be that these services will also use an IP core network infrastructure (one approach is discussed in 23.922), but they are not “IP-Telephony” services in the sense used above.

Conclusion 1: R00 will provide both  “GSM-Telephony” and “IP-Telephony” options. Both these options will offer voice services in one form. However, these two forms of voice services should be treated separately so that:

· they can address different market segments, 

· each type of service can exploit its unique technical strengths.

IP-Telephony should be handled as a new activity where service-alignment with GSM-telephony is not a requirement. GSM-Telephony and IP-Telephony may be thought of as different teleservices.

In GSM supplementary services and features like CAMEL were specified in detail and entirely within the context of the GSM network. There were a number of reasons for this approach:

· consistency with the ISDN approach and concept

· creation of a unique standard for mobile-only application

· desire for service consistency when roaming and limited technical possibilities to achieve this

· lack of strong competition during the early GSM-standardisation phase.

For the IP-Telephony services in R00 the situation is different in a number of important areas:

· The IP-Telephony services should be access independent

· New technical approaches to service creation are available

· There is strong competition in every major country using UMTS

· The ISDN service model has achieved only limited acceptance in most countries.

Based on these factors it is necessary to review how requirements should be specified for the IP-Telephony services. We cannot assume that the approach used for GSM-Telephony services is appropriate.

Conclusion 2: For IP-Telephony services S1/3GPP should cooperate with other groups leading IP-telephony work to ensure that the services provided and their technical implementation are access-independent. S1 should not create detailed mobile-specific requirements where access-independent solutions are appropriate.

Conclusion 3: For IP-Telephony services the specification of individual supplementary services and features (in the form used for GSM) should be kept to an absolute minimum. Where individual features are required to be standardised this should be done in the simplest form possible. S1 should cooperate with S2 to understand where standardisation of individual features is appropriate.

Conclusion 4: Tool-kits for IP-Telephony may be in a different form from those used for GSM-Telephony. S1 should work with S2 to identify what “tool-kits” will be available for IP-Telephony services before starting work on requirements.

Conclusion 5: The approach of specifying “requirements” for tool-kits by reverse-engineering the technical implementation (as has often been applied for GSM) is inefficient and does not add strong value. S1 should find a new approach for IP-Telephony which focuses on what the toolkit is required to do and its success criteria rather than how actions are performed.

Summary

S1 is asked to endorse the conclusions above and use them as part of planning their R00 requirements work.
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