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This document specifies the changes to 24.228 v1.7.0 to implement the changes described in N1-011861

7.2.2
MO#1a

7.2.2.1 (MO#1a) Mobile origination, roaming (S-S#1a, MT#1a assumed)

…..

6.
INVITE (MO#1 to S-S) – see example in Table 7.2.2.1-6

S-CSCF forwards the INVITE request, as specified by the S-CSCF to S-CSCF procedures.

Editor’s Note: Need for additional headers to transport e.g. Billing-Correlation-Identifier is FFS.

Table 7.2.2.1-6: INVITE request (MO#1a to S-S)

INVITE sip:+1-212-555-2222@home2.net;user=phone SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net, SIP/2.0/UDP pcscf1.visited1.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:scscf1.home1.net, sip: pcscf1.visited1.netSupported: 

Remote-Party-ID: “John Doe” <tel:+1-212-555-1111>;privacy=off;screen=yes

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-Length: (...)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=907165275 0

m=video 0 RTP/AVP 99

a=qos:mandatory sendrecv 

a=rtpmap:99:MPV

m=video 0 RTP/AVP 99

a=qos:mandatory sendrecv

a=rtpmap:99:MPV 

m=audio 3456 RTP/AVP 97 96 0 15

a=qos:mandatory sendrecv 

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 G726-32/8000

m=audio 3458 RTP/AVP 97 96 0 15

a=qos:mandatory sendrecv

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 G726-32/8000

SDP
The SDP contains the restricted set of codecs allowed by the network operator. The “m=” lines for the video media streams show a port number zero, which removes them from the negotiation.

Request-URI: 
In the case where the Route header of the incoming INVITE request to S-CSCF contains a TEL-URL [5], it has to be translated to a globally routable SIP-URL before applying it as Request-URI of the outgoing INVITE request. For this address translation the S-CSCF shall use the services of an ENUM-DNS protocol according to RFC 2916 [6], or any other suitable translation database. Databases aspects of ENUM are outside the scope of 3GPP.

7.2.3
MO#2

7.2.3.1
(MO#2) Mobile origination, located in home network (S-S#2, MT#2 assumed)

6.
INVITE (MO#2 to S-S) – see example in Table 7.2.3.1-6


S-CSCF forwards the INVITE request, as specified by the S-CSCF to S-CSCF procedures.

Editor’s Note: Need for additional headers to transport e.g. Billing-Correlation-Identifier is FFS.

Table 7.2.3.1-6: INVITE (MO#2 to S-S)

INVITE sip:+1-212-555-2222@home2.net;user=phone SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net, SIP/2.0/UDP pcscf1.home1.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:scscf1.home1.net, sip:pcscf1.home1.net

Supported: 

Remote-Party-ID: “John Doe” <tel:+1-212-555-1111>;privacy=off;screen=yes

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-Length: (...)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=907165275 0

m=video 0 RTP/AVP 99

a=qos:mandatory sendrecv 

a=rtpmap:99:MPV

m=video 0 RTP/AVP 99

m=audio 3456 RTP/AVP 97 96 0 15

a=qos:mandatory sendrecv 

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 G726-32/8000

m=audio 3458 RTP/AVP 97 96 0 15

a=qos:mandatory sendrecv

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 G726-32/8000 

SDP
The SDP contains the restricted set of codecs allowed by the network operator. The “m=” lines for the video media streams show a port number zero, which removes them from the negotiation.

Request-URI: 
In the case where the Route header of the incoming INVITE request to S-CSCF contains a TEL-URL [5], it has to be translated to a globally routable SIP-URL before applying it as Request-URI of the outgoing INVITE request. For this address translation the S-CSCF shall use the services of an ENUM-DNS protocol according to RFC 2916 [6], or any other suitable translation database. Databases aspects of ENUM are outside the scope of 3GPP.

7.3.2
S-S#1a

7.3.2.1 
(S-S#1a) Different network operators performing origination and termination (MO#1a, MT#1a assumed)

…….

4.
INVITE (S-CSCF to I-CSCF) – see example in Table 7.3.2.1-4


S-CSCF#1 performs an analysis of the destination address, and determines the network operator to whom the destination subscriber belongs. Since the originating operator does not desire to keep their internal configuration hidden, S-CSCF#1 forwards the INVITE request directly to to I-CSCF in the destination network. 

Table 7.3.2.1-4: INVITE (S-CSCF to I-CSCF)

INVITE sip:+1-212-555-2222@home2.net;user=phone SIP/2.0

Via: SIP/2.0/UDP sip:scscf1.home1.net SIP/2.0/UDP pcscf1.visited1.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:scscf1.home1.net, sip: pcscf1.visited1.net

Supported: 

Remote-Party-ID: “John Doe” <tel:+1-212-555-1111>;privacy=off;screen=yes

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-Length: (...)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 3456 RTP/AVP 97 96 0 15

a=qos:mandatory sendrecv 

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 G726-32/8000

m=audio 3458 RTP/AVP 97 96 0 15

a=qos:mandatory sendrecv

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 G726-32/8000 

Request-URI: 
In the case where the Route header of the incoming INVITE request to S-CSCF contains a TEL-URL [5], it has to be translated to a globally routable SIP-URL before applying it as Request-URI of the outgoing INVITE request. For this address translation the S-CSCF shall use the services of an ENUM-DNS protocol according to RFC 2916 [6], or any other suitable translation database. Databases aspects of ENUM are outside the scope of 3GPP.

7.3.5

S-S#2

7.3.5.1
(S-S#2) Single network operator performing origination and termination (MO#2, MT#2 assumed)

…

4.
INVITE (S-CSCF to I-CSCF) – see example in Table 7.3.5.1-4


S-CSCF#1 performs an analysis of the destination address, and determines the network operator to whom the destination subscriber belongs. Since the originating operator does not desire to keep their internal configuration hidden, S-CSCF#1 forwards the INVITE request directly to to I-CSCF in the destination network. 

Table 7.3.5.1-4: INVITE (S-CSCF to I-CSCF)

INVITE sip:+1-212-555-2222@home2.net;user=phone SIP/2.0

Via: SIP/2.0/UDP sip:scscf1.home1.net SIP/2.0/UDP pcscf1.home1.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:scscf1.home1.net, sip:pcscf1.home1.net

Supported: 

Remote-Party-ID: “John Doe” <tel:+1-212-555-1111>;privacy=off;screen=yes

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-Length: (...)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 3456 RTP/AVP 97 96 0 15

a=qos:mandatory sendrecv 

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 G726-32/8000

m=audio 3458 RTP/AVP 97 96 0 15

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 G726-32/8000

a=qos:mandatory sendrecv 

Request-URI: 
In the case where the Route header of the incoming INVITE request to S-CSCF contains a TEL-URL[5], it has to be translated to a globally routable SIP-URL before applying it as Request-URI of the outgoing INVITE request. For this address translation the S-CSCF shall use the services of an ENUM-DNS protocol according to RFC 2916 [6], or any other suitable translation database. Databases aspects of ENUM are outside the scope of 3GPP.

7.3.6
S-S#3

7.3.6.1
(S-S#3) PSTN Termination performed by home network of originator (MO#2 assumed)

…..

4.
INVITE (S-CSCF to BGCF) – see example in Table 7.3.6.1-4


S-CSCF#1 performs an analysis of the destination address, and determines the destination is on the PSTN. S-CSCF forwards the INVITE request to the BGCF in the local network. 

Table 7.3.6.1-4: INVITE (S-CSCF to BGCF)

INVITE sip:bgcf1.home1.net SIP/2.0

Via: SIP/2.0/UDP sip:scscf1.home1.net SIP/2.0/UDP pcscf1.home1.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Route: sip:+1-212-555-2222@home2.net;user=phone

Record-Route: sip:scscf1.home1.net, sip:pcscf1.home1.net

Supported: 

Remote-Party-ID: “John Doe” <tel:+1-212-555-1111>;privacy=off;screen=yes

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-Length: (...)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 3456 RTP/AVP 97 96 0 15

a=qos:mandatory sendrecv 

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 G726-32/8000

m=audio 3458 RTP/AVP 97 96 0 15

a=qos:mandatory sendrecv 

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 G726-32/8000

Route:
In the case of a TEL-URL [5], it has to be translated to a globally routable SIP-URL before sending the INVITE request. For this address translation the S-CSCF shall use the services of an ENUM-DNS protocol according to RFC 2916 [6], or any other suitable translation database. Databases aspects of ENUM are outside the scope of 3GPP.

10.4.2
Session redirection initiated by S-CSCF to IM CN subsystem (MO#2, MT#2 assumed)

…

4.
INVITE (S-CSCF to I-CSCF) – see example in Table 10.4.2-4


S-CSCF#1 performs an analysis of the destination address, and determines the network operator to whom the destination subscriber belongs. Since it is a destination served by the same network operator, S-CSCF#1 forwards the INVITE request directly to to I-CSCF in the same network. 

Table 10.4.2-4: INVITE (S-CSCF to I-CSCF)

INVITE sip:+1-212-555-3333@home.net;user=phone SIP/2.0

Via: SIP/2.0/UDP sip:scscf1.home1.net SIP/2.0/UDP pcscf1.home1.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:scscf1.home1.net

Supported: 

Remote-Party-ID: 

Proxy-Require: 

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-Length:

v=

o=

s=

c=

b=

t=

m=

a=

a=

a=

a=

Request-URI: 
In the case where the Route header of the incoming INVITE request to S-CSCF contains a TEL-URL [5], it has to be translated to a globally routable SIP-URL before applying it as Request-URI of the outgoing INVITE request. For this address translation the S-CSCF shall use the services of an ENUM-DNS protocol according to RFC 2916 [6], or any other suitable translation database. Databases aspects of ENUM are outside the scope of 3GPP.
Editor’s Note: Need to verify that it is the Route header of the incoming INVITE request which may contain the TEL-URL, and not the Request-URI as indicated in the text of Tdoc N1-010353.

….

11.
INVITE (S-CSCF to I-CSCF) – see example in Table 10.4.2-11


S-CSCF#2 performs an analysis of the destination address, and determines the new destination is served by the same network operator. S-CSCF#2 forwards the INVITE request directly to to I-CSCF#F (which may be different than I-CSCF#1 consulted earlier). 

Table 10.4.2-11: INVITE (S-CSCF to I-CSCF)

INVITE sip:+1-212-555-3333@home.net;user=phone SIP/2.0

Via: SIP/2.0/UDP sip:scscf2.home2.net, SIP/2.0/UDP sip:scscf1.home1.net SIP/2.0/UDP pcscf1.home1.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:scscf2.home2.net, sip:scscf1.home1.net

Supported: 

Remote-Party-ID: 

Proxy-Require: 

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-Length:

v=

o=

s=

c=

b=

t=

m=

a=

a=

a=

a=

Request-URI: 
In the case where the Route header of the incoming INVITE request to S-CSCF contains a TEL-URL [5], it has to be translated to a globally routable SIP-URL before applying it as Request-URI of the outgoing INVITE request. For this address translation the S-CSCF shall use the services of an ENUM-DNS protocol according to RFC 2916 [6], or any other suitable translation database. Databases aspects of ENUM are outside the scope of 3GPP.
Editor’s Note: Need to verify that it is the Route header of the incoming INVITE request which may contain the TEL-URL, and not the Request-URI as indicated in the text of Tdoc N1-010353.

…

10.4.3
Session redirection initiated by S-CSCF to CS-domain (S-S#2, MT#2 assumed)

…

6.
INVITE (S-CSCF to I-CSCF) – see example in Table 10.4.3-6


S-CSCF forwards the INVITE request, as specified by the S-CSCF to S-CSCF procedures.

Editor’s Note: Need to represent the ability of the S-CSCF to take part in the negotiation of the media streams (by removing entries) in some manner.

Editor’s Note: Need for additional headers to transport e.g. Billing-Correlation-Identifier is FFS.

Table 10.4.3-6: INVITE (S-CSCF to I-CSCF)

INVITE sip:+1-212-555-2222@home2.net;user=phone SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net, SIP/2.0/UDP pcscf1.home1.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:scscf1.home1.net

Supported: 

Remote-Party-ID: “John Doe” <tel:+1-212-555-1111>;privacy=off;screen=yes

Proxy-Require: 

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-Length:

v=

o=

s=

c=

b=

t=

m=

a=

a=

a=

a=

Request-URI: 
In the case where the Route header of the incoming INVITE request to S-CSCF contains a TEL-URL [5], it has to be translated to a globally routable SIP-URL before applying it as Request-URI of the outgoing INVITE request. For this address translation the S-CSCF shall use the services of an ENUM-DNS protocol according to RFC 2916 [6], or any other suitable translation database. Databases aspects of ENUM are outside the scope of 3GPP.
Editor’s Note: Need to verify that it is the Route header of the incoming INVITE request which may contain the TEL-URL, and not the Request-URI as indicated in the text of Tdoc N1-010353.

…

10.4.4
Session redirection initiated by S-CSCF to general endpoint (S-S#2, MT#2 assumed)

…

6.
INVITE (S-CSCF to I-CSCF) – see example in Table 10.4.4-6


S-CSCF forwards the INVITE request, as specified by the S-CSCF to S-CSCF procedures.

Editor’s Note: Need to represent the ability of the S-CSCF to take part in the negotiation of the media streams (by removing entries) in some manner.

Editor’s Note: Need for additional headers to transport e.g. Billing-Correlation-Identifier is FFS.

Table 10.4.4-6: INVITE (S-CSCF to I-CSCF)

INVITE sip:+1-212-555-2222@home2.net;user=phone SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net, SIP/2.0/UDP pcscf1.home1.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:scscf1.home1.net

Supported: 

Remote-Party-ID: “John Doe” <tel:+1-212-555-1111>;privacy=off;screen=yes

Proxy-Require: 

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-Length:

v=

o=

s=

c=

b=

t=

m=

a=

a=

a=

a=

Request-URI: 
In the case where the Route header of the incoming INVITE request to S-CSCF contains a TEL-URL [5], it has to be translated to a globally routable SIP-URL before applying it as Request-URI of the outgoing INVITE request. For this address translation the S-CSCF shall use the services of an ENUM-DNS protocol according to RFC 2916 [6], or any other suitable translation database. Databases aspects of ENUM are outside the scope of 3GPP.
Editor’s Note: Need to verify that it is the Route header of the incoming INVITE request which may contain the TEL-URL, and not the Request-URI as indicated in the text of Tdoc N1-010353.

…

17
Signalling flows for session initiation (hiding)

17.1
Introduction (see 7.1)

17.2
Origination Procedures

17.2.1
Introduction (see 7.2.1)

17.2.2
MO#1b

17.2.2.1
(MO#1b) Mobile origination, roaming (S-S#2, MT#2 assumed)

…

8.
INVITE (MO#1b to S-S) – see example in Table 17.2.2.1-8


S-CSCF forwards the INVITE request, as specified by the S-CSCF to S-CSCF procedures.

Editor’s Note: Need for additional headers to transport e.g. Billing-Correlation-Identifier is FFS.

Table 17.2.2.1-8: INVITE (MO#1b to S-S)

INVITE sip:+1-212-555-2222@home2.net;user=phone SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net, SIP/2.0/UDP icscf1_p.home1.net, SIP/2.0/UDP pcscf1.visited1.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:scscf1.home1.net, sip:icscf1_p.home1.net, sip:pcscf1.visited1.net

Supported: 

Remote-Party-ID: “John Doe” <tel:+1-212-555-1111>;privacy=off;screen=yes

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-Length: (...)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=907165275 0

m=video 0 RTP/AVP 99

a=qos:mandatory sendrecv 

a=rtpmap:99:MPV

m=video 0 RTP/AVP 99

m=audio 3456 RTP/AVP 97 96 0 15

a=qos:mandatory sendrecv 

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 G726-32/8000

m=audio 3458 RTP/AVP 97 96 0 15

a=qos:mandatory sendrecv

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 G726-32/8000 

SDP
The SDP contains the restricted set of codecs allowed by the network operator. The “m=” lines for the video media streams show a port number zero, which removes them from the negotiation.

Request-URI: 
In the case where the Route header of the incoming INVITE request to S-CSCF contains a TEL-URL [5], it has to be translated to a globally routable SIP-URL before applying it as Request-URI of the outgoing INVITE request. For this address translation the S-CSCF shall use the services of an ENUM-DNS protocol according to RFC 2916 [6], or any other suitable translation database. Databases aspects of ENUM are outside the scope of 3GPP.

17.3
S-CSCF (MGCF) to S-CSCF (MGCF) procedures

17.3.1
Introduction (see 7.3.1)

17.3.2
S-S#1b

17.3.2.1
(S-S#1b) Different network operators performing origination and termination, with configuration hiding by both network operators (MO#2, MT#2 assumed)

…

4.
INVITE (S-CSCF to I-CSCF) – see example in Table 17.3.2.1-4


S-CSCF#1 performs an analysis of the destination address, and determines the network operator to whom the destination subscriber belongs. Since the originating operator desires to keep their internal configuration hidden, S-CSCF#1 forwards the INVITE request to I-CSCF#1. 

Table 17.3.2.1-4: INVITE (S-CSCF to I-CSCF)

INVITE sip:icscf1_s.home1.net SIP/2.0

Via: SIP/2.0/UDP sip:scscf1.home1.net SIP/2.0/UDP pcscf1.home1.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Route: sip:+1-212-555-2222@home2.net;user=phone

Record-Route: sip:scscf1.home1.net, sip:pcscf1.home1.net

Supported: 

Remote-Party-ID: “John Doe” <tel:+1-212-555-1111>;privacy=off;screen=yes

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 3456 RTP/AVP 97 96 0 15

a=qos:mandatory sendrecv 

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 G726-32/8000

m=audio 3458 RTP/AVP 97 96 0 15

a=qos:mandatory sendrecv

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 G726-32/8000 

Request-URI:  
set to the I-CSCF that will perform the translation needed to maintain configuration independence.

Route:
updated to cause I-CSCF to forward the request to the proper terminating network operator. In the case of a TEL-URL [5], it has to be translated to a globally routable SIP-URL before sending the INVITE request. For this address translation the S-CSCF shall use the services of an ENUM-DNS protocol according to RFC 2916 [6], or any other suitable translation database. Databases aspects of ENUM are outside the scope of 3GPP.

…

17.3.2.2
Termination failure

17.3.2.3
Origination failure

17.3.3
S-S#1c

17.3.3.1
(S-S#1c) Different network operators performing origination and termination, with configuration hiding by originating network operator (MO#2, MT#2 assumed)

…..

4.
INVITE (S-CSCF to I-CSCF) – see example in Table 17.3.3.1-4


S-CSCF#1 performs an analysis of the destination address, and determines the network operator to whom the destination subscriber belongs. Since the originating operator desires to keep their internal configuration hidden, S-CSCF#1 forwards the INVITE request to I-CSCF#1. 

Table 17.3.3.1-4: INVITE (S-CSCF to I-CSCF)

INVITE sip:icscf1_s.home1.net SIP/2.0

Via: SIP/2.0/UDP sip:scscf1.home1.net SIP/2.0/UDP pcscf1.home1.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Route: sip:+1-212-555-2222@home1.net;user=phone

Record-Route: sip:scscf1.home1.net, sip:pcscf1.home1.net

Supported: 

Remote-Party-ID: “John Doe” <tel:+1-212-555-1111>;privacy=off;screen=yes

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 3456 RTP/AVP 97 96 0 15

a=qos:mandatory sendrecv 

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 G726-32/8000

m=audio 3458 RTP/AVP 97 96 0 15

a=qos:mandatory sendrecv

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 G726-32/8000 

Request-URI:  
set to the I-CSCF that will perform the translation needed to maintain configuration independence.

Route:
updated to cause I-CSCF to forward the request to the proper terminating network operator. In the case of a TEL-URL [5], it has to be translated to a globally routable SIP-URL before sending the INVITE request. For this address translation the S-CSCF shall use the services of an ENUM-DNS protocol according to RFC 2916 [6], or any other suitable translation database. Databases aspects of ENUM are outside the scope of 3GPP.
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