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Overview

This document discusses some aspects related to the use of Personal ME Identifier (PMI) and proposes some enhancements required to improve operation of CSI services.

The Personal ME Identifier as currently defined in TS 24.279 provides the means to implement a validation mechanism, as illustrated in Figure 1. Indeed, UE-B that has an ongoing CS call with UE-A, can use the PMI value in a received SIP message to validate if the message comes from UE-A (the other side of the CS call). 
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Figure 1. The current use of PMI to support a validation mechanism.
Note that the primary requirement for combination services is to enable two UEs participating in a CS call to unambiguously exchange SIP messages between them through the IMS subsystem. However, this requirement is currently not fulfilled. Note for example that the SIP OPTIONS request (or any other SIP message) sent by UE-B in Figure 1 is not guaranteed to reach UE-A (i.e. the other party of the CS call). This problem can have a severe negative impact to combinational services. To alleviate this problem the <+g.3gpp.cs-voice> and <+g.3gpp.cs-video> media feature tags were introduced (see Annex A of TS 24.279). Yet, the usage of these tags cannot eliminate the problem since it is expected that many UE instances sharing the same IMPU can register these tags.

Motorola’s proposal to eliminate the above problem was to exploit the PMI values exchanged during CS call setup and use them as “caller preferences” and “callee capabilities” in the SIP messages exchanged between the CS call parties. This way, a SIP routing mechanism can be devised, based on the matching of caller preferences and callee capabilities (specified in RFC 3841 and endorsed in TS 23.228), that can enable two UEs participating in a CS call to unambiguously exchange SIP messages between them. This proposal was submitted to SA2 in S2-060474 and was approved (it is now part of TS 23.279 v7.2.0).
Notes:

1. It is important to note that the above mechanism approved by SA2 does not aim at substituting or otherwise conflict with the use of GRUUs. Unfortunately, GRUUs cannot be easily exchanged during CS call setup, that’s why it was proposed to use the PMI values instead (as a caller preferences and callee capabilities).
2. It is expected that in practice all UEs sharing the same IMPU will have different PMI values. Although PMIs are 16-bit randomly generated values and can thus happen to have two or more UEs generate the same value, PMIs can be changed (e.g. by the users) in order to assure uniqueness. According to TS 24.279: “The personal ME identifier shall be stored by the UE and can be changed to ensure that two or more of the user's MEs do not have the same personal ME identifier”.
Proposal
It is proposed that CT1 endorses the enhanced use of PMI approved by SA2 and agree upon the corresponding changes to TS 24.279, which are proposed in C1-060904.
The required changes to TS 24.279 can be summarized as follows:
1. A new media feature tag needs to be specified in Annex A. For reference purposes only, this feature tag here is designated as <+g.3gpp.pmi>.

2. A CUA shall be able to register its PMI value with the <+g.3gpp.pmi> media feature tag (similarly to using the <+g.3gpp.cs-voice> and <+g.3gpp.cs-video> media feature tags) 
3. The PMI value is not required to be included in the User-Agent and Server SIP headers – these headers can be used as per RFC3261, i.e. to provide information about the UAC originating a request and the software used by the UAS to handle the request, respectively (e.g. Server: HomeServer v2). The PMI value will be carried in the <+g.3gpp.pmi> feature tag in the Contact and Accept-Contact headers, as shown in the example messages below.

OPTIONS tel:+12125552222 SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:pcscf1.visited1.net:7531;lr;comp=sigcomp>, <sip:orig@scscf1.home1.net;lr>

P-Preferred-Identity: <tel:+1-212-555-1111>
P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

From: <sip:user1_public1@home1.net>; tag=171828

To: <tel:+12125552222>

Call-ID: cb03a0s09a2sdfglkj490333 

Cseq: 127 OPTIONS

Require: sec-agree

Proxy-Require: sec-agree

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi-c=98765432; spi-s=87654321; port-c=8642; port-s=7531

Contact: <sip:[5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp>;+g.3gpp.pmi=0007
Accept-Contact: *,+g.3gpp.cs-voice,+g.3gpp.cs-video,+g.3gpp.pmi=0EA2;explicit

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, OPTIONS

Accept: application/sdp 

User-Agent: Softphone Beta1.5
Content-Length: 0

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.visited2.net:5088;comp=sigcomp;branch=z9hG4bK361k21.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.1, SIP/2.0/UDP icscf2_s.home2.net;branch=z9hG4bK871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=z9hG4bK240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Record-Route: <sip:pcscf2.visited2.net:5088;lr;comp=sigcomp>>, <sip:scscf2.home2.net;lr>, <sip:scscf1.home1.net;lr>, <sip:pcscf1.visited1.net;lr>

Privacy: none

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=123451D0FCE11

From: <sip:user1_public1@home1.net>; tag=171828

To: <sip:user2_public1@home2.net>;tag=314159

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 OPTIONS

Contact: <sip:user2_public1@home2.net >;+g.3gpp.cs-voice;+g.3gpp.pmi=0EA2, <tel:+12125552222>

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, OPTIONS

Server: HomeServer v2
Content-Type: application/sdp 

Content-Length: (…)

v=0

o=- 2987933615 2987933617 IN IP6 5555:: eee:fff:aaa:bbb
s=-

c=IN IP6 5555::eee:fff:aaa:bbb
t=0 0

m=message 0 TCP/MSRP *

a=accept-types:text/plain text/html message/cpim image/jpeg image/gif video/3gpp

a=max-size:65536

m=video 0 RTP/AVP 96

a=rtpmap:96 H263-2000/90000

m=audio 0 RTP/AVP 97

a=rtpmap:97 AMR/8000
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