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Introduction

At the joint 3GPP/TISPAN workshop in Washington the simulation services were discussed. It was presented from TISPAN what kind of simulation services will be specified within TISPAN. For this services several elements are missing in SIP. This contribution proposes to initiate the activity within IETF needed for these elements.

Discussion

We have identified currently 8 Requirements that must be supported by SIP. The requirements are:

[REQ-1]

For supporting the ACR service it is needed to include the Reason 

header in SIP Responses.

[REQ-2]

For supporting different scenarios of the ACR service a indication 

is needed if the uri restriction is caused by the network or by the 

user network.

[REQ-3]

For supporting the seamless interworking of PBX with SIP terminals 

connected to an PSTN/ISDN PBX a additional connected number for the 

TIP/TIR service is needed.

[REQ-4]

For the AoC service a indication is needed that the originating 

user want to be informed about the Charging of the call.

A definition of a MIME Body is to support the transport of the   

relevant Charging information.

[REQ-5]

For CCBS a indication is needed if the terminating user/network

supports the CCBS and additional status information CCBS user 

busy/free and the Service status CCBS Suspend, Recall and Resume.

[REQ-6]

For MCID a indication is needed to request information if the 

address of the originating user is missing.

[REQ-7]

For CW an indication to terminating user, that a Communication is

waiting (maybe SDP description and usage of existing parameters is

possible)is needed. A indication to originating user, that the

Communication is a waiting communication is needed. 

[REQ-8]

For supporting CDIV a history of the communication is needed and the 

reasons for forwarding a communication. For these requirements two 

drafts are existing. The draft-ietf-sip-history-info-06 [1] and 

draft-elwell-sipping-redirection-reason-01 [2]

To start the activity in IETF a draft is needed to indicate the requirements and propose new elements. Within this contribution a draft is included to start the discussion in IETF. 3GPP is now asked to support the activity within IETF in defining these extensions for SIP. Later if these extensions are defined within the SIP IETF environment these extensions should be brought in to TS24.229 to have one SIP core specification for the IMS. TISPAN discusses the simulation services at 20-22 in Darmstadt. Due to these discussions the requirements could be change. In this case a revision of this document will be provided.
Proposal

3GPP CT1 is kindly asked to support the activity and the draft proposed for the requirements on SIP extensions for simulation services and how to proceed further activity regarding the work in IETF to fulfil the TISPAN timescales for having these extensions included in TS24.229 in September.

Proposed IETF Draft:
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     Requirements for the Extensions to the Session Initiation


           Protocol (SIP) for the TISPAN simulation services


Status of this Memo


This memo provides information for the Internet community.  It does


not specify an Internet standard of any kind.  Distribution of this


memo is unlimited.


Abstract


This document describes a set of private Session Initiation Protocol


(SIP) headers (P-headers) used by the TISPAN NGN Project to endorse


the 3GPP IMS for simulation services, along with their applicability,


which is limited to particular environments. The P-headers are for 


a variety of purposes within the networks that the partners use, 


including charging and information about the networks a call traverses.
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1. Overview

ETSI TISPAN is defining the release 1 of the TISPAN NGN. Generally the TISPAN NGN bases on the 3GPP IMS Release 6.


The TISPAN NGN Project has selected SIP profiled by 3GPP for their 


IMS as the protocol used to establish and tear down multimedia 


sessions in the context of its NGN. One requirement is that the 3GPP Core SIP defined in TS24.229 shall be used for the TISPAN IMS


The Goal for TISPAN is that only one IMS core specification is 


defined for Wire-line and wire-less multimedia applications. 


While defining multimedia applications it is also needed to support


existing ISDN/PSTN supplementary services based on IMS. These services used within the TISPAN IMS are called simulation services, because they can not fulfill 100% of the capabilities of the ISDN/PSTN equivalent. The 3GPP  TS24.229 is used to simulate the regarding services but to fulfill the 


requirements defined within TISPAN NGN Release 1 some elements are 


missing.


This document defines some Requirements on the simulation services with regard to extensions needed in SIP and proposes such SIP elements. This document does not define the SIP elements in detail.


2. Requirements for supporting simulation services within SIP


2.1 Simulation Services supported by TISPAN in Release1

The following services are supported by TISPAN Release 1


-Communication DIVersion (CDIV). This service allows the diversion 


 of  communications and the regarding service interworking with the  


 PSTN/ISDN network. 


-CONFerence (CONF). This service provides the possibility to hold conferences with 3 or more users.


- Message Waiting Indication (MWI). This service supports an indication sent to the user to provide him with information about the status of a voice/video/multimedia mail box.


-Originating Indication Presentation (OIP)/Originating Indication 


Restriction (OIR). These services support the presentation or restriction of an identity to the terminating user. They are the simulation of the ISDN/PSTN CLIP/CLIR services.


-Terminating Indication Presentation (TIP)/Terminating Indication 


Restriction (TIP). These  services support the presentation or restriction of a identity of the terminating user to the originating user. They are the simulation of the ISDN/PSTN COLP/COLR services.


-Communication Waiting (CW) NGN. This service provides the ability to the terminating user to be informed at the time a communication is coming in, and that no resources are available for that incoming communication. The terminating user has then the choice of accepting, rejecting or ignoring the incoming communication. The originating user will be informed that his communication is waiting. 


-Communication HOLD (HOLD) NGN. This service supports the possibility of suspending the communication (on hold) while for example another communication with another user is to be done.  


-Anonymous Communication Rejection (ACR) NGN. This service supports that communications with anonymous originating identity can be rejected.  


-Advice of Charge (AoC) NGN. This service supports the displaying of tariff information to the originating user.


-Communication Completion on Busy Subscriber (CCBS) NGN. This service supports the ability to complete a requested communication to a user without having to make a new communication attempt when the destination B becomes not busy anymore.


-Malicious Communication IDentification (MCID)NGN. This service enables an incoming communication to be identified and registered.


-Concerning CONF, MWI, OIP, OIP and HOLD no further SIP elements are needed. With regard to the other above mentioned services extensions of SIP are needed.

2.2 Requirements to support the TISPAN Simulation Services.


[REQ-1]


For supporting the ACR simulation service it is needed to include the Reason header in SIP Responses.


[REQ-2]


For supporting different scenarios of the ACR service a indication 


is needed whether the uri restriction is caused by the network or by the user network.


[REQ-3]


For supporting the seamless interworking of PBX with SIP terminals 


connected to an PSTN/ISDN PBX an additional connected number for the 


TIP/TIR service is needed.


[REQ-4]


For the AoC service an indication is needed that the AoC simulation service is requested by the originating 


user.


A definition of a MIME Body is needed to support the transport of the   


relevant Charging information.


[REQ-5]


For CCBS an indication if the terminating user/network


supports the CCBS is needed and additional status information CCBS user busy/free and the Service status CCBS Suspend, Recall and Resume is also needed.


[REQ-6]


For MCID an indication is needed to request information if the 


address of the originating user is missing.


[REQ-7]


For CW an indication to terminating user, that a Communication is


waiting (maybe SDP description and usage of existing parameters is


possible)is needed. An indication to originating user, that the


Communication is a waiting communication is needed. 


[REQ-8]


For supporting CDIV an history of the communication is needed and the reasons for forwarding a communication. For these requirements two drafts exist: draft-ietf-sip-history-info-06 [1] and draft-elwell-sipping-redirection-reason-01 [2].


3. Proposed SIP extensions


3.1 ACR[REQ-1] and [REQ-2]


For this service a privacy indication is needed to indicate that the network restricts the P-Asserted-ID and that the Reason header can be included in Responses.


3.2 TIP/TIR [REQ-3] 


For this service an additional Identiiy header is needed that is send form the connected SIP user like the From header from the originating user. 


3.3 AOC [REQ-4]


For AOC a P-Header or a XML MIME could be used to request a AOC information (tariff information how much a call will be billed).


A MIME has to be defined for providing the Charging information to the user.


3.4 CCBS [REQ-5]


For CCBS an event package shall be defined to indicate the CCBS status information, call status and possibility of CCBS.


3.5 MCID [REQ-6]


For MCID an event package shall be defined to request MCID and request missing numbers.


3.6 CW [REQ-7]


For supporting this requirement a P-header or an MIME with XML information is needed.


3.7 CDIV [REQ-8]


For supporting CDIV the approval of the drafts draft-ietf-sip-history-info-06 [1] and draft-elwell-sipping-redirection-reason-01 [2] is needed.


4. Security Considerations


The requirements in this document are intended to result in a mechanism with general applicability for the NGN TISPAN and NOT on the Internet.


Use of this mechanism in any other context has serious security


shortcomings, namely that there is absolutely no guarantee that the


information has not been modified, or was even correct in the first


place.


5. IANA Considerations


This document does not have any implications for IANA.
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