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Introduction

This contribution discuses the possibilities of the UE to build a proper and simple Call-ID header value. A companion contribution is issued to 24.228.

Discussion

An inspection of TS 24.228 v1.6.0 reveals that the Call-ID header is used differently throughout the document.

The registration sections (6 and 16) show the following Call-ID header value:

Call-ID: 123456789@[5555::aaa:bbb:ccc:ddd]

This Call-ID header value is built upon a pseudo-random number, followed the '@' symbol and the IP address of the UE.

The rest of the flows in 24.228 show the following Call-ID header value:

Call-ID: B36(SHA-1(555-1111;time=36123E5B;seq=72))@localhost 

This Call-ID header value is built open an encrypted number whose input is the dialled URL, the time and a sequence number, followed by the '@' symbol and the word 'localhost'. 

This value had been in the flows due to inheritance from the PacketCable project call flows. PacketCable used this header for accounting purposes. Further more, those flows followed RFC 2543 (not the bis draft). RFC 2543 mandated a very specific format of the Call-ID header where the 'host' part was mandatory.


Call-ID   =  ( "Call-ID" | "i" ) ":" local-id "@" host

However, the bis-05 draft is much more open on the definition and format of the Call-ID header. The '@' sign and the host part is left optional. The ABNF of this header is:


Call-ID  =  ( "Call-ID" | "i" ) HCOLON callid


callid              =  token [ ATSIGN token ]

The reason to allow a Call-ID without a 'host' part is to not leak any information like an IP address when privacy is requested.

3GPP terminals are characterized by having severe constrains in terms of memory and processing power. Therefore, it is desirable to let the UE generate the Call-ID header value in its simple form that is valid.

See also the companion contribution to 24.228, N1-011671

Proposal

It is proposed that:

· 3GPP UEs generate a Call-ID that MAY or MAY not contain the '@' sign and the 'host' part.

· 3GPP does not standardize any specific method of generating the Call-ID heade value. 

· 3GPP refers to the SIP bis draft to refer to the construction of the Call-ID header value.

· 24.229 is modified as indicated below.

******************* FIRST PROPOSED CHANGE *******************************
Annex B (informative):
Source material that is recognised as valuable in determining the contents of the main document

X
SIP Procedures for UE

This section describes the messages required to support IP Multi-Media Sessions between UEs that use SIP Signaling. The messages sent from one UE to another through a network of CSCFs. 

An INVITE message and 183-Session-Progress response is used to exchange capabilities and set-up call state in the network prior to alerting the user. The INVITE message and its status response go through the CMS/Proxies.  Successful completion of the initial handshake triggers the resource reservation process. Following a successful end-to-end reservation of resources, a COMET message is sent, which triggers a 180-Ringing response and (when the call is answered) a 200-OK final response.   Each of the provisional responses to the INVITE request generate a PRACK/200-OK exchange to confirm the delivery of the provisional response.

Consider a call with the following properties:

	Attributes associated with end-points
	Origination
	Destination
	Example

	Name
	User-o
	User-t
	John Doe

	Hostname
	Host-o
	Host-t
	mta.com

	UE address 
	Host(ue-o)
	Host(ue-t)
	44.20.0.3, or mta.provider

	UE port number
	Port(ue-o)
	Port(ue-t)
	1234

	Proxy-CSCF address
	Host(pcscf-o)
	Host(pcscf-t)
	192.136.26.6, or dp.provider

	Telephone number
	E.164-o
	E.164-t
	123-456-7890

	Media Authorization Token
	AuthID-o
	AuthID-t
	37S21718


	Attribute associated with Calls
	Notation
	Comments

	Call-ID
	ID
	Random string, unique within a call. It is generated according to the procedures specified in [1].

	Call Sequence Number 
	no
	Random starting sequence number chosen by originating UE for the initial INVITE request.

	
	no+1

no+2

no+3

etc.
	Numeric value one (or two, or three) greater than the Call-Sequence-Number value used in initial INVITE request sent by originating UE for the same call leg.



	
	ni
	Call sequence number value used in a mid-call request message.  If sent by originating UE, this value is one greater than the most recent request sent by originating UE for this call leg.  

Each client has an independently managed call sequence number for each call instance at that client.

For the first request sent by terminating UE, this value is a random starting sequence number chosen by terminating UE (nt). For a subsequent request sent by terminating UE, this value is one greater than the most recent request sent by terminating UE for this call leg.

	Provisional Response Sequence Number
	xt

xt+1

xt+2

etc.
	Sequence number used in requesting an acknowledgement to a provisional response.  If the first request for PRACK, this value is a random starting sequence number.  If a subsequent request for a PRACK, this value is one greater than the most recent provisional response sequence number sent.


All signaling messages are based on the Session Initiation Protocol (SIP), as specified in RFC 2543. Necessary extensions and changes to the protocol specified in the RFC are presented in TS 24.229. The UE MUST support the INVITE, ACK, BYE, CANCEL, PRACK, COMET and REGISTER request methods, and MAY support the OPTIONS Request method. The UE MUST be capable of generating status responses to all valid SIP requests. 

******************* END OF PROPOSED CHANGES *******************************







