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Introduction

CR N1-011667 was approved during CN1 #20bis in Seattle. That contribution showed that the flows in 24.228 are not syntactically correct, because the 200 OK for INVITEs do not contain SDP, ant this is a requirement of SIP.

This CR implements the canghes approved in N1-011667.

Proposal

It is proposed to modify 24.228 v1.7.0 as showed below.

************* FIRST PROPOSED CHANGE ******************

This change affects the Editor's Note in section 7.

7
Signalling flows for session initiation (non hiding)

Editors Note: The purpose of this “duplicate” Editors Note is to capture the fact that the following changes have only been partially implemented, Note that a more comprehensive explanation is given in Annex B-2. 
- The initial INVITE and any network initiated requests is routed from Terminating S-CSCF to Terminating P-CSCF using a Route header constructed from the information saved from the Path header during registration of called subscriber.
- The content of Record Route headers from the initial INVITE and its 183 SDP messages are stored in P-CSCFs before P-CSCFs removes it from the request (response) which is delivered to the UE. This is then used for routing subsequent requests.
- The route (the entries found in the Record Route header) between Originating P-CSCF and Terminating S-CSCF will be stored by Terminating S-CSCF from the initial INVITE request and used for routing subsequent requests originated by Terminating S-CSCF.
- Originating S-CSCF will store the route (the entries found in the Record Route header) between itself and Terminating P-CSCF from the 183 SDP provisional response and used for routing subsequent requests originated by Originating S-CSCF
- PRACK and COMET will be routed with Route header constructed from Record Route headers saved in P-CSCFs from initial INVITE and 183 SDP
- NO S-CSCFs neither I-CSCFs remove entries from any of the headers
- The Contact header is not modified during session setup.


************* NEXT PROPOSED CHANGE ******************

This change affects section 7.2.2.1, flows 35 to 39 as follows.

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

.

35.
200 OK (S-S to MO#1a) – see example in Table 7.2.2.1-35 (related to 7.2.2.1-6)

When the called party answers, the terminating endpoint sends a 200 OK final response to the INVITE request (6), as specified by the termination procedures and the S-CSCF to S-CSCF procedures, to S-CSCF.

Table 7.2.2.1-35: 200 OK (S-S to MO#1a)

SIP/2.0 200 OK

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:pcscf2.visited2.net, sip:scscf2.home2.net, sip:scscf1.home1.net, sip:pcscf1.visited1.net, 

From: 

To: sip:B36(SHA-1(+1-212-555-2222; time=36123E5B; seq=73))@localhost; tag=314159 

Call-ID: 

CSeq: 127 INVITE

Contact: sip:[5555::eee:fff:aaa:bbb]
Content-Type: application/sdp
Content-Length: (...)

v=0

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

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

b=AS:64

t=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 6544 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:success sendrecv
m=audio 0 RTP/AVP 97 96 0 15
Upon receiving the 200 OK, the S-CCSF stores the following information about this session, for use in providing enhanced services or in possible error recovery actions – see example in Table 7.2.2.1-35b:

Table 7.2.2.1-35b: Storage of information at S-CSCF

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

From: “Alien Blaster” <sip:B36(SHA-1(user1_public1@home1.net; time=36123E5B; seq=72))@localhost>; tag=171828

To: sip:B36(SHA-1(+1-212-555-2222; time=36123E5B; seq=73))@localhost; tag=314159 sip:B36(SHA-1(+1-212-555-2222; time=36123E5B; seq=73))@localhost 

Call-ID: cb03a0s09a2sdfglkj490333 

CSeq(2dest): 127 INVITE

CSeq(2orig): none

Route(2dest): sip:scscf2.home1.net,sip:%5b5555%3a%3aeee%3afff%3aaaa%3abbb%5d@pcscf2.home1.net

Route(2orig): sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.visited1.net

36.
Service Control


S-CSCF performs whatever service control is appropriate for the completed session

37.
200 OK (S-CSCF to P-CSCF) – see example in Table 7.2.2.1-37

S-CSCF sends a 200 OK final response along the signalling path back to P-CSCF.

Table 7.2.2.1-37: 200 OK (S-CSCF to P-CSCF)

SIP/2.0 200 OK

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

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
38.
Approval of QoS Commit

The P-CSCF approves the commitment of the QoS resources

39.
200 OK (P-CSCF to UE) – see example in Table 7.2.2.1-39

P-CSCF indicates the resources reserved for this session should now be committed, and forwards the 200 OK final response to the session originator. UE can start the media flow(s) for this session.

Table 7.2.2.1-39: 200 OK (P-CSCF to UE)

SIP/2.0 200 OK

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
P-CSCF removes the Record-Route headers, calculates the proper Route header to add to future requests, and saves that information without passing it to UE. 

************* NEXT PROPOSED CHANGE ******************

This change affects section 7.2.3.1, flows 35 to 39 as follows.

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

35.
200 OK (S-S to MO#2) – see example in Table 7.2.3.1-35


When the called party answers, the terminating endpoint sends a 200 OK final response to the INVITE request (6), as specified by the termination procedures and the S-CSCF to S-CSCF procedures, to S-CSCF.

Table 7.2.3.1-35: 200 OK (S-S to MO#2)

SIP/2.0 200 OK

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:pcscf2.home2.net, sip:scscf2.home2.net, sip:scscf1.home1.net, sip:pcscf1.home1.net

From: 

To: 

Call-ID: 

CSeq: 127 INVITE

Contact: sip:[5555::eee:fff:aaa:bbb]
Content-Type: application/sdp
Content-Length: (...)

v=0

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

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

b=AS:64

t=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 6544 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:success sendrecv
m=audio 0 RTP/AVP 97 96 0 15

Upon receiving the 200 OK, the S-CSCF stores the following information about this session, for use in providing enhanced services or in possible error recovery actions – see example in table 7.2.3.1-35b:

Table 7.2.3.1-35b: Storage of information at S-CSCF

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

From: “Alien Blaster” <sip:B36(SHA-1(user1_public1@home1.net; time=36123E5B; seq=72))@localhost>; tag=171828

To: sip:B36(SHA-1(+1-212-555-2222; time=36123E5B; seq=73))@localhost 

Call-ID: cb03a0s09a2sdfglkj490333 

CSeq(2dest): 127 INVITE

CSeq(2orig): none

Route(2dest): sip:scscf2.home2.net,sip:pcscf2.home2.net

Route(2orig): sip:pcscf1.home1.net

36.
Service Control


S-CSCF performs whatever service control is appropriate for the completed session

37.
200 OK (S-CSCF to P-CSCF) – see example in Table 7.2.3.1-37


S-CSCF sends a 200 OK final response along the signalling path back to P-CSCF.

Table 7.2.3.1-37: 200 OK (S-CSCF to P-CSCF)

SIP/2.0 200 OK

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

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
38. Approval of QoS  Commit

The P-CSCF approves the commitment of the QoS resources

39.
200 OK (P-CSCF to UE) – see example in Table 7.2.3.1-39


P-CSCF indicates the resources reserved for this session should now be committed, and forwards the 200 OK final response to the session originator. UE can start media flow(s) for this session.

Table 7.2.3.1-39: 200 OK (P-CSCF to UE)

SIP/2.0 200 OK

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

P-CSCF removes the Record-Route headers, calculates the proper Route header to add to future requests, and saves that information without passing it to UE. 

************* NEXT PROPOSED CHANGE ******************

This change affects section 7.2.4.1, flow 16 as follows.

7.2.4.1
PSTN originated sessions routed towards IM CN subsystem (through MGCF) (S-S#2, MT#2 assumed)

16.
200 OK (S-S to PSTN-O) – see example in Table 7.2.4.1-16


When the called party answers, the terminating and S-S procedures result in a 200 OK final response being sent to MGCF.

Table 7.2.4.1-16: 200 OK (S-S to PSTN-O)

SIP/2.0 200 OK

Via: SIP/2.0/UDP mgcf1.home1.net

Record-Route: sip:pcscf2.home1.net, sip:scscf2.home1.net

From: 

To: 

Call-ID: 

CSeq: 127 INVITE

Contact: sip:[5555::eee:fff:aaa:bbb]
Content-Type: application/sdp
Content-Length: (...)

v=0

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

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

b=AS:64

t=907165275 0

m=audio 6544 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:success sendrecv
************* NEXT PROPOSED CHANGE ******************

This change affects section 7.3.2.1, flows 40 to 45 as follows.

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

40.
200 OK (MT to S-S#1a) – see example in Table 7.3.2.1-40 (related to 7.3.2.1-10)


The final response to the INVITE request (10), 200 OK, is sent by the terminating endpoint over the signalling path. This is typically generated when the subscriber has accepted the incoming session attempt. The response is sent to S-CSCF#2 per the termination procedure.

Table 7.3.2.1-40: 200 OK (MT to S-S#1a)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf2.home2.net, SIP/2.0/UDP icscf2_s.home2.net, 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:pcscf2.visited2.net, sip:scscf2.home2.net, sip:scscf1.home1.net, sip:pcscf1.visited1.netFrom: 

To: 

Call-ID: 

CSeq: 127 INVITE

Contact: sip:[5555::eee:fff:aaa:bbb]
Content-Type: application/sdp
Content-Length: (...)
v=0

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

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

b=AS:64

t=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 6544 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:success sendrecv
m=audio 0 RTP/AVP 97 96 0 15
41.
Service Control


S-CSCF#2 performs whatever service control logic is appropriate for this session completion

42.
200 OK (S-CSCF to I-CSCF) – see example in Table 7.3.2.1-42


The 200 OK response is forwarded to the I-CSCF.

Table 7.3.2.1-42: 200 OK (S-CSCF to I-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP icscf2_s.home2.net, 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: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
43.
200 OK (I-CSCF to S-CSCF) – see example in Table 7.3.2.1-43


The 200 OK response is forwarded to S-CSCF#1.

Table 7.3.2.1-43: 200 OK (I-CSCF to S-CSCF)

SIP/2.0 200 OK

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: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
44.
Service Control


S-CSCF#1 performs whatever service control logic is appropriate for this session completion.

45.
200 OK (S-S#1a to MO) – see example in Table 7.3.2.1-45


The 200 OK response is returned to the originating endpoint, by the origination procedure.

Table 7.3.2.1-45: 200 OK (S-S#1a to MO)

SIP/2.0 200 OK

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

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
************* NEXT PROPOSED CHANGE ******************

This change affects section 7.2.5.1, flows 40 to 45 as follows.

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

40.
200 OK (MT to S-S#2) – see example in Table 7.3.5.1-40



The final response, 200 OK, is sent by the terminating endpoint over the signalling path. This is typically generated when the subscriber has accepted the incoming session attempt. The response is sent to S-CSCF#2 per the termination procedure.

Table 7.3.5.1-40: 200 OK (MT to S-S#2)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf2.home2.net, SIP/2.0/UDP icscf2_s.home2.net, 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:pcscf2.home2.net, sip:scscf2.home2.net, sip:scscf1.home1.net, sip:pcscf1.home1.netFrom: 

To: 

Call-ID: 

CSeq: 127 INVITE

Contact: sip:[5555::eee:fff:aaa:bbb]
Content-Type: application/sdp
Content-Length: (...)

v=0

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

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

b=AS:64

t=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 6544 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:success sendrecv
m=audio 0 RTP/AVP 97 96 0 15
41.
Service Control


S-CSCF#2 performs whatever service control logic is appropriate for this session completion

42.
200 OK (S-CSCF to I-CSCF) – see example in Table 7.3.5.1-42


The 200 OK response is forwarded to the I-CSCF.

Table 7.3.5.1-42: 200 OK (S-CSCF to I-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP icscf2_s.home2.net, 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: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length:
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m= 

43.
200 OK (I-CSCF to S-CSCF) – see example in Table 7.3.5.1-43


The 200 OK response is forwarded to S-CSCF#1.

Table 7.3.5.1-43: 200 OK (I-CSCF to S-CSCF)

SIP/2.0 200 OK

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: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
44.
Service Control


S-CSCF#1 performs whatever service control logic is appropriate for this session completion

45.
200 OK (S-S#2 to MO) – see example in Table 7.3.5.1-45


The 200 OK response is returned to the originating endpoint, by the origination procedure.

Table 7.3.5.1-45: 200 OK (S-S#2 to MO)

SIP/2.0 200 OK

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

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
************* NEXT PROPOSED CHANGE ******************

This change affects section 7.3.6.1, flows 27 to 30 as follows.

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

27.
200 OK (MGCF to BGCF) – see example in Table 7.3.6.1-27


The final response, 200 OK, is sent by the MGCF over the signalling path when the subscriber has accepted the incoming session attempt. 

Table 7.3.6.1-27: 200 OK (MGCF to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf1.home1.net, 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

From: 

To: 

Call-ID: 

CSeq: 127 INVITE

Contact: sip:mgcf1.home1.net
Content-Type: application/sdp
Content-Length: (...)

v=0

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

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

b=AS:64

t=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 6544 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:success sendrecv
m=audio 0 RTP/AVP 97 96 0 15
28.
200 OK (BGCF to S-CSCF) – see example in Table 7.3.6.1-28


The 200 OK response is forwarded to the S-CSCF.

Table 7.3.6.1-28: 200 OK (BGCF to S-CSCF)

SIP/2.0 200 OK

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: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
29.
Service Control


S-CSCF performs whatever service control logic is appropriate for this session completion

30.
200 OK (S-S#3 to MO) – see example in Table 7.3.6.1-30


The 200 OK is returned to the originating endpoint, by the origination procedure.

Table 7.3.6.1-30: 200 OK (S-S#3 to MO)

SIP/2.0 200 OK

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

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
************* NEXT PROPOSED CHANGE ******************

This change affects section 7.3.7.1, flows 31 to 35 as follows.

7.3.7.1
(S-S#4) PSTN Termination performed by different operator than origination (MO#2 assumed)

31.200 OK (MGCF to BGCF) – see example in Table 7.3.7.1-31


The final response, 200 OK, is sent by the MGCF when the subscriber has accepted the incoming session attempt.

Table 7.3.7.1-31: 200 OK (MGCF to BGCF)

SIP/2.0 200 OK

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

From: 

To: 

Call-ID: 

CSeq: 127 INVITE

Contact: sip:mgcf2.home2.net
Content-Type: application/sdp
Content-Length: (...)

v=0

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

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

b=AS:64

t=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 6544 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:success sendrecv
m=audio 0 RTP/AVP 97 96 0 15
32.200 OK (BGCF to BGCF) – see example in Table 7.3.7.1-32


BGCF#2 forwards the 200 OK final response to BGCF#1.

Table 7.3.7.1-32: 200 OK (BGCF to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf1.home.net, 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: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=
33.200 OK (BGCF to S-CSCF) – see example in Table 7.3.7.1-33


BGCF#1 forwards the 200 OK final response to S-CSCF.

Table 7.3.7.1-33: 200 OK (BGCF to S-CSCF)

SIP/2.0 200 OK

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: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=
34.Service Control


S-CSCF performs whatever service control logic is appropriate for this session completion

35.200 OK (S-S#4 to MO) – see example in Table 7.3.7.1-35


The 200 OK response is returned to the originating endpoint, by the origination procedure.

Table 7.3.7.1-35: 200 OK (S-S#4 to MO)

SIP/2.0 200 OK

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

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=
************* NEXT PROPOSED CHANGE ******************

This change affects section 7.2.3.1, flows 35 to 39 as follows.

7.4.2.1
(MT#1a) Mobile termination, roaming (MO#1a, S-S#1a assumed)

35.
200 OK (UE to P-CSCF) – see example in Table 7.4.2.1-35


When the called party answers the UE sends a 200 OK final response to the INVITE request (6) to P-CSCF, and starts the media flow(s) for this session.

Table 7.4.2.1-35: 200 OK (UE to P-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=token1

From: 

To: 

Call-ID: 

CSeq: 127 INVITE

Contact: sip:[5555::eee:fff:aaa:bbb]
Content-Type: application/sdp
Content-Length: (...)
v=0

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

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

b=AS:64

t=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 6544 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:success sendrecv

m=audio 0 RTP/AVP 97 96 0 15 
36. Approval of QoS Commit

The P-CSCF approves the commitment of the QoS resources.37.
200 OK (P-CSCF to S-CSCF) – see example in Table 7.4.2.1-37


P-CSCF indicates the resources reserved for this session should now be committed, and sends the 200 OK final response to S-CSCF. 

Table 7.4.2.1-37: 200 OK (P-CSCF to S-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf2.home2.net, SIP/2.0/UDP icscf2_s.home2.net, 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:pcscf2.visited2.net, sip:scscf2.home2.net, sip:scscf1.home1.net, sip:pcscf1.visited1.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 

v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
38.
Service Control


S-CSCF performs whatever service control is required for the session completion

39.
200 OK (MT#1a to S-S) – see example in Table 7.4.2.1-39


S-CSCF forwards the 200 OK final response along the signalling path back to the session originator, as per the S-CSCF to S-CSCF procedure.

Table 7.4.2.1-39: 200 OK (MT#1a to S-S)

SIP/2.0 200 OK

Via: SIP/2.0/UDP icscf2_s.home2.net, 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: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 

v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
************* NEXT PROPOSED CHANGE ******************

This change affects section 7.4.3.1, flows 35 to 39 as follows.

7.4.3.1
(MT#2) Mobile termination, located in home network (MO#2, S-S#2 assumed)

35.
200 OK  (UE to P-CSCF) – see example in Table 7.4.3.1-35


When the called party answers, the UE sends a 200 OK final response to the INVITE request (6) to P-CSCF, and starts the media flow(s) for this session.

Table 7.4.3.1-35: 200 OK (UE to P-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.home2.net;branch=token1

From: 

To: 

Call-ID: 

CSeq: 127 INVITE

Contact: sip:[5555::eee:fff:aaa:bbb]
Content-Type: application/sdp
Content-Length: (...)

v=0

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

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

b=AS:64

t=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 6544 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:success sendrecv

m=audio 0 RTP/AVP 97 96 0 15 
36. Approval of QoS Commit

The P-CSCF approves the commitment of the QoS resources.

37.
200 OK (P-CSCF to S-CSCF) – see example in Table 7.4.3.1-37


P-CSCF indicates the resources reserved for this session should now be committed, and sends the 200 OK final response to S-CSCF. 

Table 7.4.3.1-37: 200 OK (P-CSCF to S-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf2.home2.net, SIP/2.0/UDP icscf2.home2.net, 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:pcscf2.home2.net, sip:scscf2.home2.net, sip:scscf1.home1.net, sip:pcscf1.home1.net

From: 

To: 

Call-ID: 

CSeq: 

Contact:
Content-Type:
Content-Length:
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
38.
Service Control


S-CSCF performs whatever service control is required for the session completion

39.
200 OK (MT#2 to S-S) – see example in Table 7.4.3.1-39


S-CSCF forwards the 200 OK final response along the signalling path back to the session originator, as per the S-CSCF to S-CSCF procedure.

Table 7.4.3.1-39: 200 OK (MT#2 to S-S)

SIP/2.0 200 OK

Via: SIP/2.0/UDP icscf2_s.home2.net,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: 

From: 

To: 

Call-ID: 

CSeq:

Contact: 
Content-Type:
Content-Length:
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
************* NEXT PROPOSED CHANGE ******************

This change affects section 7.4.4.1, flow 18 as follows.

7.4.4.1
(PSTN-T) PSTN termination (MO#2, S-S#3 assumed)

18.
200 OK (PSTN-T to S-S) – see example in Table 7.4.4.1-18


MGCF sends a 200 OK final response along the signalling path back to the session originator.

Table 7.4.4.1-18: 200 OK (PSTN-T to S-S)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf1.home1.net, 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

From: 

To: 

Call-ID: 

CSeq: 127 INVITE

Contact: sip:mgcf1.home1.net
Content-Type: application/sdp
Content-Length: (...)
v=0

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

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

b=AS:64

t=907165275 0

m=video 0 RTP/AVP 99

m-video 0 RTP/AVP 99

m=audio 6544 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:success sendrecv
m=audio 0 RTP/AVP 97 96 0 15
************* NEXT PROPOSED CHANGE ******************

This change affects section 7.5.2, flows 61 to 70 as follows.

7.5.2
Sample multimedia signalling flow - addition of further media - originator and terminator are both roaming and operated by different networks

61.
200 OK (UE2 to P-CSCF2) - see example in Table 7.5.2-61


UE acknowledges the Invite request with a 200 OK response.

Table 7.5.2-61: 200 OK (UE2 to P-CSCF2)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=token2

From: 

To: 

Call-ID: 

CSeq: 132 Invite

Contact: sip:[5555::eee:fff:aaa:bbb]
Content-Type: application/sdp
Content-Length: (...)

v=0

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

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

b=AS:64

t=907166275 0

m=audio 6544 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:success sendrecv
m=video 7544 RTP/AVP 31

a=rtpmap:31 H261/90000

a=qos:success sendrecv
62.
Approval of QoS Commit 


P-CSCF2 approves the commitment of the QoS resources for this additional media 

63.
New media can start here.

64.
200 OK (P-CSCF2 to S-CSCF2) - see example in Table 7.5.2-64


P-CSCF2 forwards the 200 OK response to S-CSCF2.

Table 7.5.2-64: 200 OK (P-CSCF2 to S-CSCF2)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf2.home2.net, SIP/2.0/UDP scscf1.home1.net SIP/2.0/UDP pcscf1.visited1.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type:
Content-Length:
v=

o=

s=

c=

b=

t=

m=

a=

a=

a=

m=

a=

a=
65.
Service Control


S-CSCF2 performs whatever service control is required for the session completion

66.
200 OK (S-CSCF2 to S-CSCF1) - see example in Table 7.5.2-66


S-CSCF forwards the 200 OK response to the originator, per the S-CSCF to S-CSCF procedure.

Table 7.5.2-66: 200 OK (S-CSCF2 to S-CSCF1)

SIP/2.0 200 OK

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

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type:
Content-Length:
v=

o=

s=

c=

b=

t=

m=

a=

a=

a=

m=

a=

a=
67.
Service Control


S-CSCF1 performs whatever service control is required for the session completion

68.
200 OK (S-CSCF1 to P-CSCF1) - see example in Table 7.5.2-68


S-CSCF1 forwards the 200 OK response to the P-CSCF1.

Table 7.5.2-68: 200 OK (S-CSCF1 to P-CSCF1)

SIP/2.0 200 OK

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

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type:
Content-Length:
v=

o=

s=

c=

b=

t=

m=

a=

a=

a=

m=

a=

a=
69.
Approval of QoS Commit 



P-CSCF1 approves the commitment of the QoS resources for this additional media 

70.
200 OK (P-CSCF1 to UE1) - see example in Table 7.5.2-70


P-CSCF forwards the 200 OK response to the UE1

Table 7.5.2-70: 200 OK (P-CSCF1 to UE1)

SIP/2.0 200 OK

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Contact:
Content-Type:
Content-Length:
v=

o=

s=

c=

b=

t=

m=

a=

a=

a=

m=

a=

a= 

************* NEXT PROPOSED CHANGE ******************

This change affects the Editor's Note in section 17  as follows.

17
Signalling flows for session initiation (hiding)


************* NEXT PROPOSED CHANGE ******************

This change affects section 17.2.1.1, flows 45 to 50 as follows.

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

45.
200 OK (S-S to MO#1b) – see example in Table 17.2.2.1-45 (related to 17.2.2.1-8)


When the called party answers, the terminating endpoint sends a 200 OK final response to the INVITE request (8), as specified by the termination procedures and the S-CSCF to S-CSCF procedures, to S-CSCF.

Table 17.2.2.1-45: 200 OK (S-S to MO#1b)

SIP/2.0 200 OK

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:pcscf2.home1.net, sip:scscf2.home1.net, sip:scscf1.home1.net, sip:icscf1_p.home1.net, sip:pcscf1.visited1.net

From: 

To: sip:B36(SHA-1(+1-212-555-2222; time=36123E5B; seq=73))@localhost; tag=314159

Call-ID: 

CSeq: 127 INVITE

Contact: sip:[5555::eee:fff:aaa:bbb]
Content-Type: application/sdp
Content-Length: (...)
v=0

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

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

b=AS:64

t=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 6544 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:success sendrecv
m=audio 0 RTP/AVP 97 96 0 15

Upon receiving the 200 OK, the S-CSCF stores the following information about this session, for use in providing enhanced services or in possible error recovery actions – see example in table 17.2.2.1-45b

Table 17.2.2.1-45b: Storage of information at S-CSCF

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

From: “Alien Blaster” <sip:B36(SHA-1(user1_public1@home1.net; time=36123E5B; seq=72))@localhost>; tag=171828

To: sip:B36(SHA-1(+1-212-555-2222; time=36123E5B; seq=73))@localhost; tag=314159sip:B36(SHA-1(+1-212-555-2222; time=36123E5B; seq=73))@localhost 

Call-ID: cb03a0s09a2sdfglkj490333 

CSeq(2dest): 127 INVITE

CSeq(2orig): none

Route(2dest): sip:scscf2.home1.net,sip:%5b5555%3a%3aeee%3afff%3aaaa%3abbb%5d@pcscf2.home1.net

Route(2orig): sip:icscf1_p.home1.net, sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.visited1.net

46.
Service Control


S-CSCF performs whatever service control is appropriate for the completed session

47.
200 OK (S-CSCF to I-CSCF) – see example in Table 17.2.2.1-47


S-CSCF sends a 200 OK final response along the signalling path back to I-CSCF. 

Table 17.2.2.1-47: 200 OK (S-CSCF to I-CSCF)

SIP/2.0 200 OK

Via: 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: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
48.
200 OK (I-CSCF to P-CSCF) – see example in Table 17.2.2.1-48


I-CSCF sends the 200 OK final response to P-CSCF.

Table 17.2.2.1-48: 200 OK (I-CSCF to P-CSCF)

SIP/2.0 200 OK

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

Record-Route: sip:pcscf2.home1.net, sip:Token(scscf2.home1.net, scscf1.home1.net), sip:icscf1_p.home1.net, sip:pcscf1.visited1.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length:  
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
Record-Route: 
entries to the left of I-CSCF’s entry are reversed and translated.

49. Approval of QoS Commit

The P-CSCF approves the commitment of the QoS resources

50.
200 OK (P-CSCF to UE) – see example in Table 17.2.2.1-50


P-CSCF indicates the resources reserved for this session should now be committed, and forwards the 200 OK final response to the session originator. UE can start the media flow(s) for this session.

Table 17.2.2.1-50: 200 OK (P-CSCF to UE)

SIP/2.0 200 OK

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

P-CSCF removes the Record-Route, calculates the proper Route header to add to future requests, and saves that information without passing it to UE. 

************* NEXT PROPOSED CHANGE ******************

This change affects section 17.3.2.1, flows 56 to 62 as follows.

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)

56.
200 OK (MT to S-S#1b) – see example in Table 17.3.2.1-56


The final response to the INVITE (13), 200 OK, is sent by the terminating endpoint over the signalling path. This is typically generated when the subscriber has accepted the incoming session attempt. The response is sent to S-CSCF#2 per the termination procedure.

Table 17.3.2.1-56: 200 OK (MT to S-S#1b)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf2.home2.net, SIP/2.0/UDP icscf2_s.home2.net, SIP/2.0/UDP icscf1_s.home1.net, SIP/2.0/UDP Token(scscf1.home1.net, SIP/2.0/UDP pcscf1.home1.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

Record-Route: sip:pcscf2.home2.net, sip:scscf2.home2.net, sip:icscf2_s.home2.net, sip:icscf1_s.home1.net, sip:Token(scscf1.home1.net, sip:pcscf1.home1.net)

From: 

To: 

Call-ID: 

CSeq: 127 INVITE

Contact: sip:[5555::eee:fff:aaa:bbb]
Content-Type: application/sdp
Content-Length: (...)

v=0

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

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

b=AS:64

t=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 6544 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:success sendrecv
m=audio 0 RTP/AVP 97 96 0 15
57.
Service Control


S-CSCF#2 performs whatever service control logic is appropriate for this session completion.

58.
200 OK (S-CSCF to I-CSCF) – see example in Table 17.3.2.1-58


The 200 OK response is forwarded to the I-CSCF#2.

Table 17.3.2.1-58: 200 OK (S-CSCF to I-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP icscf2_s.home2.net, SIP/2.0/UDP icscf1_s.home1.net, SIP/2.0/UDP Token(scscf1.home1.net, SIP/2.0/UDP pcscf1.home1.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
59.
200 OK (I-CSCF to I-CSCF) – see example in Table 17.3.2.1-59


The 200 OK response is forwarded to I-CSCF#1.

Table 17.3.2.1-59: 200 OK (I-CSCF to I-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP icscf1_s.home1.net, SIP/2.0/UDP Token(scscf1.home1.net, SIP/2.0/UDP pcscf1.home1.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

Record-Route: sip:Token(pcscf2.home2.net, sip:scscf2.home2.net), sip:icscf2_s.home2.net, sip:icscf1_s.home1.net, sip:Token(scscf1.home1.net, sip:pcscf1.home1.net)

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
Record-Route: 
formed by I-CSCF#2 translating all the entries to the left of its own entry.

60.
200 OK (I-CSCF to S-CSCF) – see example in Table 17.3.2.1-60


The 200 OK response is forwarded to S-CSCF#1.

Table 17.3.2.1-60: 200 OK (I-CSCF to S-CSCF)

SIP/2.0 200 OK

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:Token(pcscf2.home2.net, sip:scscf2.home2.net), sip:icscf2_s.home2.net, sip:icscf1_s.home1.net, sip:scscf1.home1.net, sip:pcscf1.home1.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
Record-Route: 
formed by I-CSCF#1 determining the entry to the right of its own entry. 

Via: 
determined by I-CSCF#1.

61.
Service Control


S-CSCF#1 performs whatever service control logic is appropriate for this session completion

62.
200 OK (S-S#1b to MO) – see example in Table 17.3.2.1-62


The 200 OK response is returned to the originating endpoint, by the origination procedure.

Table 17.3.2.1-62: 200 OK (S-S#1b to MO)

SIP/2.0 200 OK

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

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
************* NEXT PROPOSED CHANGE ******************

This change affects section 17.3.3.1, flows 49 to 55 as follows.

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)

49.
200 OK (MT to S-S#1c) – see example in Table 17.3.3.1-49 (related to 17.3.3.1-13)


The final response to the INVITE (13), 200 OK, is sent by the terminating endpoint over the signalling path. This is typically generated when the subscriber has accepted the incoming session attempt. The response is sent to S-CSCF#2 per the termination procedure.

Table 17.3.3.1-49: 200 OK (MT to S-S#1c)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf2.home2.net, SIP/2.0/UDP icscf2_s.home2.net, SIP/2.0/UDP icscf.home1.net, SIP/2.0/UDP Token(scscf1.home1.net, SIP/2.0/UDP pcscf1.home1.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

Record-Route: sip:pcscf2.home2.net, sip:scscf2.home2.net, sip:icscf1_s.home1.net, sip:Token(scscf1.home1.net, sip:pcscf1.home1.net)

From: 

To: 

Call-ID: 

CSeq: 127 INVITE

Contact: sip:[5555::eee:fff:aaa:bbb]
Content-Type: application/sdp
Content-Length: (...)

v=0

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

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

b=AS:64

t=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 6544 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:success sendrecv
m=audio 0 RTP/AVP 97 96 0 15
50.
Service Control


S-CSCF#2 performs whatever service control logic is appropriate for this session completion.

51.
200 OK (S-CSCF to I-CSCF) – see example in Table 17.3.3.1-51


The 200 OK response is forwarded to the I-CSCF#2.

Table 17.3.3.1-51: 200 OK (S-CSCF to I-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP icscf.home2.net, SIP/2.0/UDP icscf.home1.net, SIP/2.0/UDP Token(scscf1.home1.net, SIP/2.0/UDP pcscf1.home1.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
52.
200 OK (I-CSCF to I-CSCF) – see example in Table 17.3.3.1-52


The 200 OK response is forwarded to I-CSCF#1.

Table 17.3.3.1-52: 200 OK (I-CSCF to I-CSCF)

SIP/2.0 200 OK

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

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
53.
200 OK (I-CSCF to S-CSCF) – see example in Table 17.3.3.1-53


The 200 OK response is forwarded to S-CSCF#1.

Table 17.3.3.1-53: 200 OK (I-CSCF to S-CSCF)

SIP/2.0 200 OK

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:pcscf2.home2.net, sip:scscf2.home2.net, sip:icscf1_s.home1.net, sip:scscf1.home1.net, sip:pcscf1.home1.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
Record-Route: 
formed by I-CSCF#1 determining the entry to the right of its own entry. 

Via: 
determined by I-CSCF#1.

************* NEXT PROPOSED CHANGE ******************

This change affects section 17.3.4.1, flows 45 to 50 as follows.

17.3.4.1
(S-S#1d) Different network operators performing origination and termination, with configuration hiding by terminating network operator (MO#2, MT#2 assumed)

45.
200 OK (MT to S-S#1d) – see example in Table 17.3.4.1-45


The final response to the INVITE (13), 200 OK, is sent by the terminating endpoint over the signalling path. This is typically generated when the subscriber has accepted the incoming session attempt. The response is sent to S-CSCF#2 per the termination procedure.

Table 17.3.4.1-45: 200 OK (MT to S-S#1d)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf2.home2.net, SIP/2.0/UDP icscf.home2.net, 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:scscf2.home2.net, sip:icscf.home2.net, sip:scscf1.home1.net

From: 

To: 

Call-ID: 

CSeq: 127 INVITE

Contact: sip:%5b5555%3a%3aeee%3afff%3aaaa%3abbb%5d@pcscf2.home2.net
Content-Type: application/sdp
Content-Length: (...)

v=0

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

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

b=AS:64

t=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 6544 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:success sendrecv
m=audio 0 RTP/AVP 97 96 0 15
46.
Service Control


S-CSCF#2 performs whatever service control logic is appropriate for this session completion.

47.
200 OK (S-CSCF to I-CSCF) – see example in Table 17.3.4.1-47


The 200 OK response is forwarded to the I-CSCF#2.

Table 17.3.4.1-47: 200 OK (S-CSCF to I-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP icscf.home2.net, 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:scscf2.home2.net, sip:icscf.home2.net, sip:scscf1.home1.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
48.
200 OK (I-CSCF to S-CSCF) – see example in Table 17.3.4.1-48


The 200 OK response is forwarded to S-CSCF#1.

Table 17.3.4.1-48: 200 OK (I-CSCF to S-CSCF)

SIP/2.0 200 OK

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:Token(scscf2.home2.net), sip:icscf.home2.net, sip:scscf1.home1.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
Record-Route: 
formed by I-CSCF#2 reversing and translating all the entries to the left of its own entry.

49.
Service Control


S-CSCF#1 performs whatever service control logic is appropriate for this session completion

50.
200 OK (S-S#1d to MO) – see example in Table 17.3.4.1-50


The 200 OK response is returned to the originating endpoint, by the origination procedure.

Table 17.3.4.1-50: 200 OK (S-S#1d to MO)

SIP/2.0 200 OK

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

Record-Route: sip:Token(scscf2.home2.net), sip:icscf.home2.net, sip:scscf1.home1.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: 
Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
************* NEXT PROPOSED CHANGE ******************

This change affects section 17.4.2.1, flows 45 to 49 as follows.

17.4.2.1
(MT#1b) Mobile termination, roaming (MO#2, S-S#2 assumed)

45.
200 OK (UE to P-CSCF) – see example in Table 17.4.2.1-45 (related to 17.4.2.1-8)


When the called party answers, the UE sends a 200 OK final response to the INVITE request (8) to P-CSCF, and starts the media flow(s) for this session.

Table 17.4.2.1-45: 200 OK (UE to P-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=token1

From: 

To: sip:B36(SHA-1(+1-212-555-2222; time=36123E5B; seq=73))@localhost; tag=314159

Call-ID: 

CSeq: 127 INVITE

Contact: sip:[5555::eee:fff:aaa:bbb]
Content-Type: application/sdp
Content-Length: (...)

v=0

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

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

b=AS:64

t=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 6544 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:success sendrecv

m=audio 0 RTP/AVP 97 96 0 15
46.
200 OK (P-CSCF to I-CSCF) – see example in Table 17.4.2.1-46


P-CSCF indicates the resources reserved for this session should now be committed, and sends the 200 OK final response to I-CSCF. 

Table 17.4.2.1-46: 200 OK (P-CSCF to I-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP icscf2_s.home1.net, SIP/2.0/UDP Token(scscf2.home1.net,scscf2.home1.net), SIP/2.0/UDP pcscf1.home1.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:pcscf2.visited2.net, sip:icscf2_s.home1.net, sip:Token(scscf2.home1.net, scscf2.home1.net), sip:pcscf1.home1.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-Type: 
Content-Length: 

v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

47.
200 OK (I-CSCF to S-CSCF) – see example in Table 17.4.2.1-47


I-CSCF determines the Via and Record-Route headers, and forwards the 200 OK response to S-CSCF.

Table 17.4.2.1-47: 200 OK (I-CSCF to S-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf2.home1.net, 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:pcscf2.visited2.net, sip:icscf2_p.home1.net, sip:scscf2.home1.net, sip:scscf1.home1.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-Type: 
Content-Length: 

v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
48.
Service Control


S-CSCF performs whatever service control is required for the session completion

49.
200 OK (MT#1b to S-S) – see example in Table 17.4.2.1-49


S-CSCF forwards the 200 OK final response along the signalling path back to the session originator, as per the S-CSCF to S-CSCF procedure.

Table 17.4.2.1-49: 200 OK (MT#1b to S-S)

SIP/2.0 200 OK

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: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-Type: 
Content-Length: 

v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
************* NEXT PROPOSED CHANGE ******************

This change affects section 17.5.2, flow 101 as follows.

17.5.2
Sample multimedia signalling flow - addition of further media originator and terminator are both roaming and operated by different networks

101.
200 OK (UE2 to P-CSCF2) - see example in Table 17.5.2-101


UE acknowledges the Invite request with a 200 OK response.

Table 17.5.2-101: 200 OK (UE2 to P-CSCF2)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=token2

From: 

To: 

Call-ID: 

CSeq: 132 INVITE

Contact: sip:[5555::eee:fff:aaa:bbb]

Content-Type: application/sdp

Content-length: (...)

v=0

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

s=-

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

b=AS:64

t=907166275 0

m=audio 3456 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:success sendrecv
m=video 9544 RTP/AVP 31

a=rtpmap:31 H261/90000

a=qos:success sendrecv
************* NEXT PROPOSED CHANGE ******************

This change affects Annex A-11, section 5.y.1.4 flow 25 as follows.

Annex A-11: Proposed additions to clauses 5

5.y.1 End-to-End QoS and Signalling Call Flows Interactions

5.y.1.4 
Mobile Terminated QoS assured sessions and coordination with GPRS bearer level

25.
200 OK (P-CSCF to UE)
P-CSCF forwards the 200 OK final response to the session originator. The SDP contains an indication that the UE successfully reserved the QoS in the send and receive directions (SDP with a=qos:success sendrecv line).

************* NEXT PROPOSED CHANGE ******************

This change affects Annex A-11, section 5.y.1.3 flow 24 as follows.

Annex A-11: Proposed additions to clauses 5

5.y.1.3 
Mobile originated QoS assured sessions and coordination with GPRS bearer level

24.
200 OK (UE to P-CSCF)


When the called party answers, the terminating UE sends a 200 OK final response to the INVITE request to P-CSCF, and starts the media flow(s) for this session. The SDP contains an indication that the UE successfully reserved the QoS in the send and receive directions (SDP with a=qos:success sendrecv line).

