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Introduction

The current terminating flows in TS 24.228 are not aligned with SIP as specified by the IETF.

In SIP when the UA registers to the network, the UA publishes its IP address or FQDN in the Contact header value of the REGISTER message. 

When a terminating INVITE hits the SIP registrar (S-CSCF in 3GPP), the SIP registrar shall according to SIP forward the INVITE to the Contact address (IP address or FQDN) as supplied by the UA at registration time. This INVITE may traverse other SIP servers, but it is addressed to the UA's contact information.

In 3GPP IMS in MT case the S-CSCF (SIP registrar) routes the INVITE towards UE-B based on public user identity of user B, as provided by user A when initiating the call. The public user identity is needed in order to inform user B under which public user identity she is called. 

This CR proposes 

· to align the terminating flows in 24.228 to SIP, i.e the S-CSCF shall route towards the terminating user based on the contact information saved during registration

· to preserve the originally dialled public user identity in the 3GPP specific header, as it is a 3GPP specific behaviour.

This CR does not change, delete or add any new functionality to the IMS, besides the alignment to SIP.

Proposal

It is proposed that:

1. For mobile terminating sessions, the S-CSCF inserts the contact address (as stored from registration) in the Route header. The P-CSCF moves the Route header to the Request-URI.

2. The original dialled URL, as a 3GPP requirement, is transported in the 3GPP body of the message (not shown in this contribution. See a companion contribution). The S-CSCF inserts this original dialled URL as one of the elements of the 3GPP body.

Further more, it is proposed to accept the changes in section 7.4 as shown below. It contains a due to this proposal and corrections to some editorial errors. In order to distinguish the actual changes from the editorial correction, the background of the actual changes is highlighted in yellow color.

As the 3GPP specific XML body still needs to be specified, the transport of the originally dialled user id within this Body is not shown in the below examples. It will be indicated after the introduction of this body to 24.228. 

7.4.2
MT#1a

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

Figure 7.4.2.1 shows a termination procedure which applies to roaming subscribers when the home network operator does not desire to keep its internal configuration hidden from the visited network. The UE is located in a visited network, and determines the P-CSCF via the P-CSCF discovery procedure. During registration, the home network allocates the S-CSCF. 

When registration is complete, S-CSCF knows the name/address of P-CSCF and the UE Contact address, and P-CSCF obtains the name/address of the UE.
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Figure 7.4.2.1-1: MT#1a

Procedure MT#1a is as follows: 

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


The calling party sends the INVITE request, via one of the origination procedures and via one of the S-CSCF to S-CSCF procedures, to the S-CSCF for the terminating subscriber.

Table 7.4.2.1-1: INVITE (S-S to MT#1a)

INVITE sip:scscf2.home2.net SIP/2.0

Via: SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:332b23.1@scscf1.home1.net, sip:240f34.1@pcscf1.visited1.net

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

Supported: 100rel 

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

Anonymity: Off 

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: 127 INVITE 

Contact: sip:[5555::aaa:bbb:ccc:ddd]

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=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=rtpmap:97 AMR 

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

a=rtpmap:96 G726-32/8000

a=qos:mandatory sendrecv m=audio 3458 RTP/AVP 97 96 0 15

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 

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


Upon receipt of the INVITE, 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 7.4.2.1-1b:

Table 7.4.2.1-1b: Storage of information at S-CSCF

Request-URI: sip:+1-212-555-2222@home2.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(2orig): sip:332b23.1@scscf1.home1.net, sip:240f34.1@pcscf1.visited1.net, sip:[5555::aaa:bbb:ccc:ddd]
Route(2dest): sip:pcscf2.visited2.net, sip:[5555::eee:fff:aaa:bbb]
2.
100 Trying (MT#1a to S-S) – see example in Table 7.4.2.1-2


S-CSCF responds to the INVITE request (1) with a 100 Trying provisional response.

Table 7.4.2.1-2: 100 Trying (MT#1a to S-S)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

3.
Service Control


S-CSCF validates the service profile, and performs any termination service control required for this subscriber


S-CSCF examines the media parameters, and removes any choices that the destination subscriber does not have authority to request.


For this example, assume the destination subscriber is not allowed stereo, so only a single audio stream is permitted.

4.
INVITE (S-CSCF to P-CSCF) – see example in Table 83.2-4


S-CSCF remembers (from the registration procedure) the UE Contact address and the next hop CSCF for this UE. It forwards the INVITE to the P-CSCF.

Table 7.4.2.1-4: INVITE (S-CSCF to P-CSCF)

INVITE sip:pcscf2.visited2.net SIP/2.0

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Route: sip:[5555::eee:fff:aaa:bbb]
Record-Route: sip:764z87.1@scscf2.home2.net, sip:332b23.1@scscf1.home1.net,

sip:240f34.1@pcscf1.visited1.net

Supported: 

Remote-Party-ID: 

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 0 RTP/AVP 97 96 0 15

Request-URI:
built from the registration information
Route:
built from the Contact address stored at registration.
Via:, Record-Route: S-CSCF adds itself 

SDP
The SDP contains the restricted set of codecs allowed by the network operator. The “m=” lines for the second audio stream shows a port number zero, which removes it from the negotiation.


Upon receipts of the INVITE, the 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. The saved value of the  information for this session is – see example in table 7.4.2.1-4b:
Editor's Note: the XML body containing the dialled public user identity should be added in the above flow
Table 7.4.2.1-4b: Storage of information at P-CSCF

Request-URI: sip:[5555::eee:fff:aaa:bbb]
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:[5555::eee:fff:aaa:bbb]

Route(2orig): sip:764z87.1@scscf2.home2.net, sip:332b23.1@scscf1.home1.net, sip:240f34.1@pcscf1.visited1.net

5.
100 Trying (P-CSCF to S-CSCF) – see example in Table 7.4.2.1-5


P-CSCF responds to the INVITE request (4) with a 100 Trying provisional response.

Table 7.4.2.1-5: 100 Trying (P-CSCF to S-CSCF)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

6.
INVITE (P-CSCF to UE) – see example in Table 7.4.2.1-6


P-CSCF examines the media parameters, and removes any that the network operator decides, based on local policy, not to allow on the network.


For this example, assume the network operator does not allow 64 kb/s audio, so the PCMU codec is removed.


P-CSCF extract the UE address from the Route header value and place it into the Request-URI. 
Table 7.4.2.1-6: INVITE (P-CSCF to UE)

INVITE sip:[5555::eee:fff:aaa:bbb] SIP/2.0
Via: SIP/2.0/UDP pcscf2.visited2.net;branch=361k21.1
Media-Authorization: 0020000100100101706366322e78797a2e6e6574000c02013331533134363231

Supported: 

Remote-Party-ID: 

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 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 0 RTP/AVP 97 96 0 15

P-CSCF removes the Record-Route and Via headers, calculates the proper Route header to add to future requests, and saves that information without passing it to UE. The saved value of the Route header is:

Route: sip:764z87.1@scscf2.home2.net, sip:332b23.1@scscf1.home1.net,



sip:240f34.1@pcscf1.visited1.net

Via:  
P-CSCF removes the Via headers, and generates a locally unique token to identify the saves values. It inserts this as a branch value on its Via header.

Media-Authorization: a P-CSCF generated authorization token. This particular example shows a Policy-Element generated by “pcf2.xyz.net” with credentials “31S14621”.

SDP
The SDP contains the restricted set of codecs allowed by the network operator. The “m=” lines for the first audio stream no longer contains codec “0” (PCMU), which removes it from the negotiation.
Editor's Note: the XML body containing the dialled public user identity should be added in the above flow
7.
100 Trying (UE to P-CSCF) – see example in Table 7.4.2.1-7


UE may optionally send a 100 Trying provisional response to P-CSCF.

Table 7.4.2.1-7: 100 Trying (UE to P-CSCF)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=361k21.1
From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

8.
183 Session Progress (UE to P-CSCF) – see example in Table 7.4.2.1-8


UE#2 determines the complete set of codecs that it is capable of supporting for this session. It determines the intersection with those appearing in the SDP in the INVITE request. For each media flow that is not supported, UE#2 inserts a SDP entry for media (m= line) with port=0. For each media flow that is supported, UE#2 inserts a SDP entry with an assigned port and with the codecs in common with those in the SDP from UE#1.


For this example, assume UE#2 supports both AMR and G726, but not G728 (code 15)


UE responds with a 183 Session Progress response containing SDP back to the originator. This SDP may represent one or more media for a multimedia session. This response is sent to P-CSCF.

Table 7.4.2.1-8: 183 Session Progress (UE to P-CSCF)

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=361k21.1
Remote-Party-ID: “John Smith” <tel:+1-212-555-2222>;privacy=off

Anonymity: Off

Require: 100rel

From: 

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

Call-ID: 

CSeq: 

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

RSeq: 9021

Content-Disposition: precondition

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 96

a=rtpmap:97 AMR

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

a=qos:mandatory sendrecv confirm

a=rtpmap:96 G726-32/8000

m=audio 0 RTP/AVP 97 96 0 15 

Remote-Party-ID:  identifies the answering subscriber. It contains the public user identity, and the name of the answering party.

To:  
A tag is added to the To header.

Contact:  
header identifies the IP address or FQDN of the UE.

SDP
The SDP contains the subset of codecs supported by UE. It requests a confirmation of the QoS preconditions for establishing the session

9.
Authorize QoS Resources


P-CSCF authorizes the resources necessary for this session.

10.
183 Session Progress (P-CSCF to S-CSCF) – see example in Table 7.4.2.1-10


P-CSCF forwards the 183 Session Progress response to S-CSCF.

Table 7.4.2.1-10: 183 Session Progress (P-CSCF to S-CSCF)

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

Record-Route: sip:361k21.1@pcscf2.visited2.net, sip:764z87.1@scscf2.home2.net, sip:332b23.1@scscf1.home1.net, sip:240f34.1@pcscf1.visited1.net
Remote-Party-ID: 

Anonymity: 

Require:

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

RSeq: 

Content-Disposition: 

Content-Type: 

Content-Length: 

v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

a=

m=

Via:, Record-Route: P-CSCF restores the Via headers and Record-Route headers from the branch value in its Via.

11.
183 Session Progress (MT#1a to S-S) – see example in Table 7.4.2.1-11


S-CSCF forwards the 183 Session Progress response to the originator, per the S-CSCF to S-CSCF procedure.

Table 7.4.2.1-11: 183 Session Progress (MT#1a to S-S)

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: 

Remote-Party-ID: “John Smith” <tel:+1-212-555-2222>;privacy=off;screen=yes

Anonymity: 

Require:

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

RSeq: 

Content-Disposition: 

Content-Type: 

Content-Length: 

v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

a=

m=

12.
PRACK (S-S to MT#1a) – see example in Table 7.4.2.1-12


The originating endpoint sends a PRACK request containing the final SDP to be used in this session, via the S-CSCF to S-CSCF procedure, to S-CSCF.

Table 7.4.2.1-12: PRACK (S-S to MT#1a)

PRACK sip:scscf2.home2.net SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:361k21.1@pcscf2.visited2.net, sip:[5555::eee:fff:aaa:bbb]
From: “Alien Blaster” <sip:B36(SHA-1(555-1111; time=36123E5B; seq=72))@localhost>;tag=171828

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

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 128 PRACK

Rack: 9021 127 INVITE

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=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 3456 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:mandatory sendrecv

m=audio 0 RTP/AVP 97 96 0 15

13.
PRACK (S-CSCF to P-CSCF) – see example in Table 7.4.2.1-13


S-CSCF forwards the PRACK request to P-CSCF. 

Table 7.4.2.1-13: PRACK (S-CSCF to P-CSCF)

PRACK sip:pcscf2.visited2.net SIP/2.0

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:[5555::eee:fff:aaa:bbb]

From: 

To: 

Call-ID: 

Cseq: 

Rack: 

Content-Type: 
Content-Length: 

v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

14.
PRACK (P-CSCF to UE) – see example in Table 7.4.2.1-14


P-CSCF forwards the PRACK request to UE.

Table 7.4.2.1-14: PRACK (P-CSCF to UE)

PRACK sip:[5555::eee:fff:aaa:bbb] SIP/2.0

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=361k21.1
From: 

To: 

Call-ID: 

Cseq: 

Rack: 

Content-Type: 
Content-Length: 

v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

Via: 
P-CSCF removes the Via headers, and generates a locally unique token to identify the saved values. It inserts this as a branch value on its Via header.

15.
200 OK (UE to P-CSCF) – see example in Table 7.4.2.1-15


UE acknowledges the PRACK request (14) with a 200 OK response.

Table 7.4.2.1-15: 200 OK (UE to P-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=361k21.1
From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

16.
200 OK (P-CSCF to S-CSCF) – see example in Table 7.4.2.1-16


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

Table 7.4.2.1-16: 200 OK (P-CSCF to S-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length:

17.
200 OK (MT#1a to S-S) – see example in Table 7.4.2.1-17


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

Table 7.4.2.1-17: 200 OK (MT#1a to S-S)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length:

18.
Resource Reservation


UE initiates the reservation procedures for the resources needed for this session.

19.
COMET (S-S to MT#1a) – see example in Table 7.4.2.1-19


When the originating endpoint has completed its resource reservation, it sends the COMET request to S-CSCF, via the S-CSCF to S-CSCF procedures.

Table 7.4.2.1-19: COMET (S-S to MT#1a)

COMET sip:scscf2.home2.net SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:361k21.1@pcscf2.visited2.net, sip:[5555::eee:fff:aaa:bbb]
From: “Alien Blaster” <sip:B36(SHA-1(555-1111; time=36123E5B; seq=72))@localhost>;tag=171828

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

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 129 COMET

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=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 3456 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:success sendonly

m=audio 0 RTP/AVP 97 96 0 15

20.

COMET (S-CSCF to P-CSCF) – see example in Table 7.4.2.1-20


S-CSCF forwards the COMET request to P-CSCF.

Table 7.4.2.1-20: COMET (S-CSCF to P-CSCF)

COMET sip:pcscf2.visited2.net SIP/2.0

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:[5555::eee:fff:aaa:bbb]

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

21.
COMET (P-CSCF to UE) – see example in Table 7.4.2.1-21


P-CSCF forwards the COMET request to UE.

Table 7.4.2.1-21: COMET (P-CSCF to UE)

COMET sip:[5555::eee:fff:aaa:bbb] SIP/2.0

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=361k21.1
From: 

To: 

Call-ID: 

Cseq: 

Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

Via: 
P-CSCF removes the Via headers, and generates a locally unique token to identify the saved values. It inserts this as a branch value on its Via header.

22.
200 OK (UE to P-CSCF) – see example in Table 7.4.2.1-22


UE acknowledges the COMET request (21) with a 200 OK response.

Table 7.4.2.1-22: 200 OK (UE to P-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=361k21.1
From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

23.
200 OK (P-CSCF to S-CSCF) – see example in Table 7.4.2.1-23


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

Table 7.4.2.1-23: 200 OK (P-CSCF to S-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 

24.
200 OK (MT#1a to S-S) – see example in Table 7.4.2.1-24


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

Table 7.4.2.1-24: 200 OK (MT#1a to S-S)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length:

25.
180 Ringing (UE to P-CSCF) – see example in Table 7.4.2.1-25


Before proceeding with session establishment, the UE waits for two events. First, the resource reservation initiated in step #18 must complete successfully. Second, the resource reservation initiated by the originating endpoint must complete successfully (which is indicated by message #21 received by UE). The UE may now immediately accept the session (and proceed with step #35), or alert the destination subscriber of an incoming session attempt; if the latter it indicates this to the calling party by a 180 Ringing provisional response sent to P-CSCF.

Table 7.4.2.1-25: 180 Ringing (UE to P-CSCF)

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=361k21.1
Require: 100rel

From: 

To: 

Call-ID: 

CSeq: 

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

RSeq: 9022

Content-Length: 0

26.
180 Ringing (P-CSCF to S-CSCF) – see example in Table 7.4.2.1-26


P-CSCF forwards the 180 Ringing response to S-CSCF. 

Table 7.4.2.1-26: 180 Ringing (P-CSCF to S-CSCF)

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:361k21.1@pcscf2.visited2.net,sip:764z87.1@scscf2.home2.net, sip:332b23.1@scscf1.home1.net, sip:240f34.1@pcscf1.visited1.net

Require: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

RSeq: 

Content-Length: 

27.
Service Control


The S-CSCF validates the service profile and performs any service control required for this subscriber.

28.
180 Ringing (MT#1a to S-S) – see example in Table 7.4.2.1-28


S-CSCF forwards the 180 Ringing response to the originating endpoint, per the S-CSCF to S-CSCF procedure.

Table 7.4.2.1-28: 180 Ringing (MT#1a to S-S)

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: 

Require: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

RSeq: 

Content-Length: 

29.
PRACK (S-S to MT#1a) – see example in Table 7.4.2.1-29


The originator acknowledges the 180 Ringing response (28) with a PRACK request.

Table 7.4.2.1-29: PRACK (S-S to MT#1a)

PRACK sip:scscf2.home2.net SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:361k21.1@pcscf2.visited2.net, sip:[5555::eee:fff:aaa:bbb]
From: 

To: 

Call-ID: 

Cseq: 130 PRACK

Rack: 9022 127 INVITE

Content-Length: 0
30.
PRACK (S-CSCF to P-CSCF) – see example in Table 7.4.2.1-30


S-CSCF forwards the PRACK request to P-CSCF.

Table 7.4.2.1-30: PRACK (S-CSCF to P-CSCF)

PRACK sip:pcscf2.visited2.net SIP/2.0

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:[5555::eee:fff:aaa:bbb]

From: 

To: 

Call-ID: 

Cseq: 

Rack: 

Content-Length: 
31.
PRACK (P-CSCF to UE) – see example in Table 7.4.2.1-31


P-CSCF forwards the PRACK request to UE.

Table 7.4.2.1-31: PRACK (P-CSCF to UE)

PRACK sip:[5555::eee:fff:aaa:bbb] SIP/2.0

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=361k21.1
From: 

To: 

Call-ID: 

Cseq: 

Rack: 

Content-Length: 
Via: 
P-CSCF removes the Via headers, and generates a locally unique token to identify the saved values. It inserts this as a branch value on its Via header.

32.
200 OK (UE to P-CSCF) – see example in Table 7.4.2.1-32


UE acknowledges the PRACK request (31) with a 200 OK response.

Table 7.4.2.1-32: 200 OK (UE to P-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=361k21.1
From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

33.
200 OK (P-CSCF to S-CSCF) – see example in Table 7.4.2.1-33


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

Table 7.4.2.1-33: 200 OK (P-CSCF to S-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length:

34.
200 OK (MT#1a to S-S) – see example in Table 7.4.2.1-34


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

Table 7.4.2.1-34: 200 OK (MT#1a to S-S)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length:

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=361k21.1
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;branch=764z87.1, SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:361k21.1@pcscf2.visited2.net, sip:764z87.1@scscf2.home2.net, sip:332b23.1@scscf1.home1.net, sip:240f34.1@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;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, 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=

40.
ACK (S-S to MT#1a) – see example in Table 7.4.2.1-40


The calling party responds to the 200 OK final response (39) with an ACK request which is sent to S-CSCF via the S-CSCF to S-CSCF procedure.

Table 7.4.2.1-40: ACK (S-S to MT#1a)

ACK sip:scscf2.home2.net SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:361k21.1@pcscf2.visited2.net, sip:[5555::eee:fff:aaa:bbb]
From: 

To: 

Call-ID: 

Cseq: 127 ACK

Content-Length: 0
41.
ACK (S-CSCF to P-CSCF) – see example in Table 7.4.2.1-41


S-CSCF forwards the ACK request to P-CSCF.

Table 7.4.2.1-41: ACK (S-CSCF to P-CSCF)

ACK sip:pcscf2.visited2.net SIP/2.0

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:[5555::eee:fff:aaa:bbb]

From: 

To: 

Call-ID: 

Cseq: 

Content-Length: 
42.
ACK (P-CSCF to UE) – see example in Table 7.4.2.1-42


P-CSCF forwards the ACK request to UE.

Table 7.4.2.1-42: ACK (P-CSCF to UE)

ACK sip:[5555::eee:fff:aaa:bbb] SIP/2.0

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=361k21.1
From: 

To: 

Call-ID: 

Cseq: 

Content-Length: 
Via: 
P-CSCF removes the Via headers, and generates a locally unique token to identify the saved values. It inserts this as a branch value on its Via header.

7.4.2.2
UE-detected failure/resource failure

The subscriber that initiated a session with one of the MO procedures had the attempt fail due to an error detected in the Termination procedure. This could be due to, for example, destination busy (error code 486), or some other error.

Depending on the exact error that causes the session initiation failure, and when the error situation was detected, MT#1a could be at many different stages in the session establishment procedure. This is shown in figure 7.4.2.2-1, below, as optional messages 7-33 that may appear in this error procedure.

This clause also includes the procedures for the terminating UE to indicate a failure to allocate required resources for the session. This is detected in step #18 and reported with a 580-Precondition-Failure error response.
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Figure 7.4.2.2-1: Failure in termination procedure

1-6.
INVITE (S-S to S-CSCF) et seq


UE#1 initiated a session, as described in Subclause 7.4.2.1.

7-33.
100 Trying (S-CSCF to S-S) et seq


Session initiation possibly continued, prior to detection of a failure condition, as described in Subclause 7.4.2.1.

34.

xxx Error (UE to P-CSCF) – see example in Table 7.4.2.2-34


The termination procedure detected some error situation, and returned a SIP error response.

NOTE 1: 
The error response may be, for example, “486 Busy”, “403 Service Denied”, “480 Temporarily Unavailable”, “580 Precondition Failure”, or others. For this example, “486 Busy” is shown.

Table 7.4.2.2-34: 486 Busy Here (UE to P-CSCF)

SIP/2.0 486 Busy Here

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=361k21.1
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=1234

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

Call-ID: cb03a0s09a2sdfglkj490333 

Cseq: 127 INVITE 

Retry-After:3600

Content-Length: 0

35.
ACK (P-CSCF to UE) – see example in Table 7.4.2.2-35


Upon receive the 486 response from the UE, P-CSCF sends ACK.

Table 7.4.2.2-35: ACK (P-CSCF to UE)

ACK sip:[5555::eee:fff:aaa:bbb] SIP/2.0

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1

From: 

To: 

Call-ID: 

CSeq: 127 ACK

Content-Length: 0

36.

Revoke QoS authorization


P-CSCF removes the QoS authorization, if any, for this session.

37.

xxx Error (P-CSCF to S-CSCF) – see example in Table 7.4.2.2-37 (related to 7.4.2.2-34)


The P-CSCF returned a SIP error response to S-CSCF.

NOTE 2: 
The error response may be, for example, “486 Busy”, “403 Service Denied”, “480 Temporarily Unavailable”, or others. For this example, “486 Busy” is shown.

Table 7.4.2.2-37: 486 Busy Here (P-CSCF to S-CSCF)

SIP/2.0 486 Busy Here

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

From: 

To: 

Call-ID: 

CSeq: 

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

Retry-After:3600

Content-Length: 0

38.
ACK (S-CSCF to P-CSCF) – see example in Table 7.4.2.2-38


Upon receive the 486 response from the P-CSCF procedure, S-CSCF sends ACK.

Table 7.4.2.2-38: ACK (S-CSCF to P-CSCF)

ACK sip:pcscf2.visited2.net SIP/2.0

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1

From: 

To: 

Call-ID: 

CSeq: 127 ACK

Content-Length: 0

39.

Service Control


S-CSCF performs whatever service control is appropriate for this failed session attempt.

40.

xxx Error (S-CSCF to S-S) – see example in Table 7.4.2.2-40 (related to 7.4.2.2-37)


The S-CSCF returned a SIP error response to the appropriate S-S procedure.

NOTE 3: 
The error response may be, for example, “486 Busy”, “403 Service Denied”, “480 Temporarily Unavailable”, or others. For this example, “486 Busy” is shown.

Table 7.4.2.2-40: 486 Busy Here (S-CSCF to S-S)

SIP/2.0 486 Busy Here

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Contact: 

Call-ID: 

CSeq: 

Retry-After:3600

Content-Length: 0

41.
ACK (S-S to S-CSCF) – see example in Table 7.4.2.2-41


Upon receive the 486 response from the S-CSCF, the S-S procedure sends ACK.

Table 7.4.2.2-41: ACK (S-S to S-CSCF)

ACK sip:scscf2.home2.net SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1

From: 

To: 

Call-ID: 

CSeq: 127 ACK

Content-Length: 0

7.4.2.3
Origination failure

After sending the initial INVITE for a multimedia session, the originating endpoint either abandoned the attempt or was unable to obtain the resources necessary for the session. The termination procedure is informed of this by a CANCEL request from the originator, which is shown in figure 7.4.2.3-1.

If the session is aborted due to failure to obtain resources by the originator, it will occur prior to step #19; steps 19-33 (marked as optional) will not be present. If the session is abandoned due to user command, it can happen at any point between steps 8-33.
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Figure 7.4.2.3-1: Failure in origination procedure

1-7.
INVITE (S-S to S-CSCF) et seq


UE#1 initiated a session, as described in Subclause 7.4.2.1.

8-33.
183 SDP (UE to S-CSCF) et seq


Session initiation possibly continued, prior to detection of a failure condition, as described in Subclause 7.4.2.1.

34.

CANCEL (S-S to S-CSCF) – see example in Table 7.4.2.3-34


The originator, through the S-S procedure, cancelled the original INVITE request.

Table 7.4.2.3-34: CANCEL (S-S to S-CSCF)

CANCEL sip:scscf2.home2.net SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1

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: 127 CANCEL 

Contact: sip:[5555::aaa:bbb:ccc:ddd]

Content-Length: 0

35.
200 OK (S-CSCF to S-S) – see example in Table 7.4.2.3-35


Upon receive the CANCEL request from the S-S procedure, S-CSCF sends 200 OK.

Table 7.4.2.3-35: 200 OK (S-CSCF to S-S)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

36.

Service Control


S-CSCF performs whatever service control is appropriate for this failed session attempt.

37.

CANCEL (S-CSCF to P-CSCF) – see example in Table 7.4.2.3-37


The S-CSCF forwards the CANCEL request to P-CSCF.

Table 7.4.2.3-37: CANCEL (S-CSCF to P-CSCF) (related to 7.4.2.3-34)

CANCEL sip:pcscf2.visited2.net SIP/2.0

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1

Route: sip:[5555::eee:fff:aaa:bbb]
From: 

To: 

Call-ID: 

Cseq: 

Contact: sip:[5555::aaa:bbb:ccc:ddd]
Content-Length:

38.
200 OK (P-CSCF to S-CSCF) – see example in Table 7.4.2.3-38


Upon receiving the CANCEL request from the S-CSCF, P-CSCF sends 200 OK.

Table 7.4.2.3-38: 200 OK (P-CSCF to S-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

39.

Revoke QoS authorization


P-CSCF removes the QoS authorization, if any, for this session.

40.

CANCEL (P-CSCF to UE) – see example in Table 7.4.2.3-40 (related to 7.4.2.3-37)


The P-CSCF forwards the CANCEL request to the UE.

Table 7.4.2.3-40: CANCEL (P-CSCF to UE)

CANCEL sip:[5555::eee:fff:aaa:bbb] SIP/2.0
Via: SIP/2.0/UDP pcscf2.visited2.net;branch=361k21.1
From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Length:

41.
200 OK (UE to P-CSCF) – see example in Table 7.4.2.3-41


Upon receive the CANCEL request from the P-CSCF, the UE sends 200 OK.

Table 7.4.2.3-41: 200 OK (UE to P-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=361k21.1
From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

42.

487 Cancelled (UE to P-CSCF) – see example in Table 7.4.2.3-42


The termination procedure performed the cancel operation, and returned a SIP error response to the initial INVITE request.

Table 7.4.2.3-42: 487 Cancelled (UE to P-CSCF)

SIP/2.0 487 Cancelled

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=361k21.1
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=1234

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

Call-ID: cb03a0s09a2sdfglkj490333 

Cseq: 127 INVITE 

Retry-After:3600

Content-Length: 0

43.
ACK (P-CSCF to UE) – see example in Table 7.4.2.3-43


Upon receive the 487 response from the UE, P-CSCF sends ACK.

Table 7.4.2.3-43: ACK (P-CSCF to UE)

ACK sip:scscf2.home2.net SIP/2.0

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=361k21.1

From: 

To: 

Call-ID: 

CSeq: 127 ACK

Content-Length: 0

44.

487 Cancelled (P-CSCF to S-CSCF) – see example in Table 7.4.2.3-44 (related to 7.4.2.3-42)


The P-CSCF returned a SIP error response to S-CSCF.

Table 7.4.2.3-44: 487 Cancelled (P-CSCF to S-CSCF)

SIP/2.0 487 Cancelled

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

From: 

To: 

Call-ID: 

CSeq: 

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

Retry-After:3600

Content-Length: 0

45.
ACK (S-CSCF to P-CSCF) – see example in Table 7.4.2.3-45


Upon receive the 487 response from the P-CSCF procedure, S-CSCF sends ACK.

Table 7.4.2.3-45: ACK (S-CSCF to P-CSCF)

ACK sip:pcscf2.visited2.net SIP/2.0

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1

From: 

To: 

Call-ID: 

CSeq: 127 ACK

Content-Length: 0

46.

487 Cancelled (S-CSCF to S-S) – see example in Table 7.4.2.3-46 (related to 7.4.2.3-44)


The S-CSCF returned a SIP error response to the appropriate S-S procedure.

Table 7.4.2.3-46: 487 Cancelled (S-CSCF to S-S)

SIP/2.0 487 Cancelled

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Contact: 

Call-ID: 

CSeq: 

Retry-After: 3600

Content-Length: 0

47.
ACK (S-S to S-CSCF) – see example in Table 7.4.2.3-47


Upon receive the 487 response from the S-CSCF, the S-S procedure sends ACK.

Table 7.4.2.3-47: ACK (S-S to S-CSCF)

ACK sip:scscf2.home2.net SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1

From: 

To: 

Call-ID: 

CSeq: 127 ACK

Content-Length: 0

7.4.2.4 
Mobile termination, roaming, terminal is out of radio coverage (MO#2, S-S#2 assumed)

7.4.3
MT#2

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

Figure 7.4.3.1-1 shows a termination procedure which applies to subscribers located in their home service area.

The UE is located in the home network, and determines the P-CSCF via the CSCF discovery procedure. During registration, the home network allocates a S-CSCF in the home network, S-CSCF.

When registration is complete, S-CSCF knows the name/address of P-CSCF, and P-CSCF knows the name/address of the UE.
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Figure 7.4.3.1-1: MT#2

Procedure MT#2 is as follows: 

1.
INVITE (S-S to MT#2) – see example in Table 7.4.3.1-1


The calling party sends the INVITE request, via one of the origination procedures and via one of the S-CSCF to S-CSCF procedures, to the S-CSCF for the terminating subscriber.

Table 7.4.3.1-1: INVITE (S-S to MT#2)

INVITE sip:scscf2.home1.net SIP/2.0

Via: SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:332b23.1@scscf1.home1.net, sip:431h23.1@pcscf1.home1.net

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

Supported: 100rel 

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

Anonymity: Off 

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: 127 INVITE 

Contact: sip:[5555::aaa:bbb:ccc:ddd]

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=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 3456 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 

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 

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


Upon receipt of the INVITE, 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 7.4.3.1-1b:

Table 7.4.3.1-1b: Storage of information at S-CSCF

Request-URI: sip:+1-212-555-2222@home2.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(2orig): sip:223b23.1@scscf1.home1.net, sip:pcscf1.home1.net, sip:[5555::aaa:bbb:ccc:ddd]
Route(2dest): sip:pcscf2.home2.net, sip:[5555::eee:fff:aaa:bbb]
2.
100 Trying (MT#2 to S-S) – see example in Table 7.4.3.1-2


S-CSCF responds to the INVITE request (1) with a 100 Trying provisional response.

Table 7.4.3.1-2: 100 Trying (MT#2 to S-S)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

3.
Service Control


S-CSCF validates the service profile, and performs any termination service control required for this subscriber


S-CSCF examines the media parameters, and removes any choices that the destination subscriber does not have authority to request.


For this example, assume the destination subscriber is not allowed stereo, so only a single audio stream is permitted.

4.
INVITE (S-CSCF to P-CSCF) – see example in Table 7.4.3.1-4


S-CSCF remembers (from the registration procedure) the next hop CSCF for this UE. It forwards the INVITE request to the P-CSCF.

Table 7.4.3.1-4: INVITE (S-CSCF to P-CSCF)

INVITE sip:pcscf2.home2.net SIP/2.0

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1 SIP/2.0/UDP  scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Route: sip:[5555::eee:fff:aaa:bbb]
Record-Route: sip:764z87.1@scscf2.home2.net, sip:332b23.1@scscf1.home1.net, sip:431h23.1@pcscf1.home1.net

Supported: 

Remote-Party-ID: 

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 0 RTP/AVP 97 96 0 15

Request-URI:
built from the registration information

Route:
built from the Contact address stored at registration.
Via:, Record-Route: S-CSCF adds itself in the Record-Route and Via headers.

SDP
The SDP contains the restricted set of codecs allowed by the network operator. The “m=” lines for the second audio stream shows a port number zero, which removes it from the negotiation.


Upon receipt of the INVITE, the 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. The saved value of the information for this session is – see example in table 7.4.3.1-4b:

Table 7.4.3.1-4b: Storage of information at P-CSCF

Request-URI: sip:[5555::eee:fff:aaa:bbb]
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:[5555::eee:fff:aaa:bbb]

Route(2orig): sip:764z87.1@scscf2.home2.net, sip:332b23.1@scscf1.home1.net, sip:431h23.1@pcscf1.home1.net

Editor's Note: the XML body containing the dialled public user identity should be added in the above flow
5.
100 Trying (P-CSCF to S-CSCF) – see example in Table 7.4.3.1-5


P-CSCF responds to the INVITE request (4) with a 100 Trying provisional response.

Table 7.4.3.1-5: 100 Trying (P-CSCF to S-CSCF)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

6.
INVITE (P-CSCF to UE) – see example in Table 7.4.3.1-6


P-CSCF examines the media parameters, and removes any that the network operator decides, based on local policy, not to allow on the network.


For this example, assume the network operator does not allow 64 kb/s audio, so the PCMU codec is removed.



P-CSCF extract the UE address from the Route header value and place it into the Request-URI. 
Table 7.4.3.1-6: INVITE (P-CSCF to UE) 

INVITE sip:[5555::eee:fff:aaa:bbb] SIP/2.0
Via: SIP/2.0/UDP pcscf2.home2.net;branch=876t12.1
Media-Authorization: 0020000100100101706366322e78797a2e6e6574000c02013331533134363231

Supported: 

Remote-Party-ID: 

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 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 0 RTP/AVP 97 96 0 15


P-CSCF removes the Record-Route and Via headers, calculates the proper Route header to add to future requests, and saves that information without passing it to UE. The saved value of the Route header is:

Route: sip:764z87.1@scscf2.home2.net, sip:332b23.1@scscf1.home1.net,



sip:431h23.1@pcscf1.home1.net

Via: 
P-CSCF removes the Via headers, and generates a locally unique token to identify the saves values. It inserts this as a branch value on its Via header.

Media-Authorization: a P-CSCF generated authorization token. This particular example shows a Policy-Element generated by “pcf2.xyz.net” with credentials “31S14621”.

SDP
The SDP contains the restricted set of codecs allowed by the network operator. The “m=” lines for the first audio stream no longer contains codec “0” (PCMU), which removes it from the negotiation.
Editor's Note: the XML body containing the dialled public user identity should be added in the above flow
7.
100 Trying (UE to P-CSCF) – see example in Table 7.4.3.1-7


UE may optionally send a 100 Trying provisional response to P-CSCF.

Table 7.4.3.1-7: 100 Trying (UE to P-CSCF)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP pcscf2.home2.net;branch=876t12.1
From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

8.
183 Session Progress (UE to P-CSCF) – see example in Table 7.4.3.1-8


UE#2 determines the complete set of codecs that it is capable of supporting for this session. It determines the intersection with those appearing in the SDP in the INVITE request. For each media flow that is not supported, UE#2 inserts a SDP entry for media (m= line) with port=0. For each media flow that is supported, UE#2 inserts a SDP entry with an assigned port and with the codecs in common with those in the SDP from UE#1.


For this example, assume UE#2 supports both AMR and G726, but not G728 (code 15)


UE responds with a 183 Session Progress response containing SDP back to the originator. This SDP may represent one or more media for a multimedia session. This response is sent to P-CSCF.

Table 7.4.3.1-8: 183 Session Progress (UE to P-CSCF)

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP pcscf2.home2.net;branch=876t12.1
Remote-Party-ID: “John Smith” <tel:+1-212-555-2222>;privacy=off

Anonymity: Off

Require: 100rel

From: 

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

Call-ID: 

CSeq: 

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

RSeq: 9021

Content-Disposition: precondition

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 96

a=rtpmap:97 AMR

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

a=qos:mandatory sendrecv confirm

a=rtpmap:96 G726-32/8000

m=audio 0 RTP/AVP 97 96 0 15 

Remote-Party-ID: identifies the answering subscriber. It contains the public user identity, and the name of the answering party.

To: 
A tag is added to the To header.

Contact: 
is the SIP URL that contains the IP address or FQDN of the terminating UE.

SDP
The SDP contains the subset of codecs supported by UE. It requests a confirmation of the QoS preconditions for establishing the session

9.
Authorize QoS Resources


P-CSCF authorizes the resources necessary for this session.

10.
183 Session Progress (P-CSCF to S-CSCF) – see example in Table 7.4.3.1-10


P-CSCF forwards the 183 Session Progress response to S-CSCF.

Table 7.4.3.1-10: 183 Session Progress (P-CSCF to S-CSCF)

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

Record-Route: sip:876t12.1@pcscf2.home2.net, sip:764z87.1@scscf2.home2.net, sip:332b23.1@scscf1.home1.net, sip:431h23.1@pcscf1.home1.net

Remote-Party-ID: 

Anonymity: 

Require:

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

RSeq: 

Content-Disposition: 

Content-Type: 

Content-Length: 

v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

a=

m=


P-CSCF restores the Via headers and Record-Route headers from the branch value in its Via.

11.
183 Session Progress (MT#2 to S-S) – see example in Table 7.4.3.1-11


S-CSCF forwards the 183 Session Progress response to the originator, per the S-CSCF to S-CSCF procedure.

Table 7.4.3.1-11: 183 Session Progress (MT#2 to S-S)

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: 

Remote-Party-ID: “John Smith” <tel:+1-212-555-2222>;privacy=off;screen=yes

Anonymity: 

Require:

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

RSeq: 

Content-Disposition: 

Content-Type: 

Content-Length: 

v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

a=

m=

12.
PRACK (S-S to MT#2) – see example in Table 7.4.3.1-12


The originating endpoint sends a PRACK request containing the final SDP to be used in this session, via the S-CSCF to S-CSCF procedure, to S-CSCF.

Table 7.4.3.1-12: PRACK (S-S to MT#2)

PRACK sip:scscf2.home2.net SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:876t12.1@pcscf2.home2.net, sip:[5555::eee:fff:aaa:bbb]

From: “Alien Blaster” <sip:B36(SHA-1(555-1111; time=36123E5B; seq=72))@localhost>;tag=171828

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

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 128 PRACK

Rack: 9021 127 INVITE

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=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 3456 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:mandatory sendrecv

m=audio 0 RTP/AVP 97 96 0 15

13.
PRACK (S-CSCF to P-CSCF) – see example in Table 7.4.3.1-13


S-CSCF forwards the PRACK request to P-CSCF. 

Table 7.4.3.1-13: PRACK (S-CSCF to P-CSCF)

PRACK sip:pcscf2.home2.net SIP/2.0

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:[5555::eee:fff:aaa:bbb]

From: 

To: 

Call-ID: 

Cseq: 

Rack: 

Content-Type: 
Content-Length: 

v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

14.
PRACK (P-CSCF to UE) – see example in Table 7.4.3.1-14


P-CSCF forwards the PRACK request to UE.

Table 7.4.3.1-14: PRACK (P-CSCF to UE)

PRACK sip:[5555::eee:fff:aaa:bbb] SIP/2.0

Via: SIP/2.0/UDP pcscf2.home2.net;branch=876t12.1
From: 

To: 

Call-ID: 

Cseq: 

Rack: 

Content-Type: 
Content-Length: 

v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

Via: 
P-CSCF removes the Via headers, and generates a locally unique token to identify the saved values. It inserts this as a branch value on its Via header.

15.
200 OK (UE to P-CSCF) – see example in Table 7.4.3.1-15


UE acknowledges the PRACK request (14) with a 200 OK response.

Table 7.4.3.1-15: 200 OK (UE to P-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.home2.net;branch=876t12.1
From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

16.
200 OK (P-CSCF to S-CSCF) – see example in Table 7.4.3.1-16


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

Table 7.4.3.1-16: 200 OK (P-CSCF to S-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length:

17.
200 OK (MT#2 to S-S) – see example in Table 7.4.3.1-17


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

Table 7.4.3.1-17: 200 OK (MT#2 to S-S)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length:

18.
Resource Reservation


UE initiates the reservation procedures for the resources needed for this session.

19.
COMET (S-S to MT#2) – see example in Table 7.4.3.1-19


When the originating endpoint has completed its resource reservation, it sends the COMET request to S-CSCF, via the S-CSCF to S-CSCF procedures.

Table 7.4.3.1-19: COMET (S-S to MT#2)

COMET sip:scscf2.home2.net SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:876t12.1@pcscf2.home2.net, sip:[5555::eee:fff:aaa:bbb]
From: “Alien Blaster” <sip:B36(SHA-1(555-1111; time=36123E5B; seq=72))@localhost>;tag=171828

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

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 129 COMET

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=907165275 0

m=video 0 RTP/AVP 99

m-video 0 RTP/AVP 99

m=audio 3456 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:success sendonly

m=audio 0 RTP/AVP 97 96 0 15

20.
COMET (S-CSCF to P-CSCF) – see example in Table 7.4.3.1-20


S-CSCF forwards the COMET request to P-CSCF.

Table 7.4.3.1-20: COMET (S-CSCF to P-CSCF)

COMET sip:pcscf2.home2.net SIP/2.0

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:[5555::eee:fff:aaa:bbb]

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

21.
COMET (P-CSCF to UE) – see example in Table 7.4.3.1-21


P-CSCF forwards the COMET request to UE.

Table 7.4.3.1-21: COMET (P-CSCF to UE)

COMET sip:[5555::eee:fff:aaa:bbb] SIP/2.0

Via: SIP/2.0/UDP pcscf2.home2.net;branch=876t12.1
From: 

To: 

Call-ID: 

Cseq: 

Content-Type: 
Content-Length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

Via: 
P-CSCF removes the Via headers, and generates a locally unique token to identify the saved values. It inserts this as a branch value on its Via header.

22.
200 OK (UE to P-CSCF) – see example in Table 7.4.3.1-22


UE acknowledges the COMET request (21) with a 200 OK response.

Table 7.4.3.1-22: 200 OK (UE to P-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.home2.net;branch=876t12.1
From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

23.
200 OK (P-CSCF to S-CSCF) – see example in Table 7.4.3.1-23


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

Table 7.4.3.1-23: 200 OK (P-CSCF to S-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

24.
200 OK (MT#2 to S-S) – see example in Table 7.4.3.1-24


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

Table 7.4.3.1-24: 200 OK (MT#2 to S-S)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length:

25.
180 Ringing (UE to P-CSCF) – see example in Table 7.4.3.1-25


Before proceeding with session establishment, the UE waits for two events. First, the resource reservation initiated in step #18 must complete successfully. Second, the resource reservation initiated by the originating endpoint must complete successfully (which is indicated by message #21 received by UE). The UE may now immediately accept the session (and proceed with step #35), or alert the destination subscriber of an incoming session attempt; if the latter it indicates this to the calling party by a 180 Ringing provisional response sent to P-CSCF.

Table 7.4.3.1-25: 180 Ringing (UE to P-CSCF)

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP pcscf2.home2.net;branch=876t12.1
Require: 100rel

From: 

To: 

Call-ID: 

CSeq: 

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

RSeq: 9022

Content-Length: 0

26.
180 Ringing (P-CSCF to S-CSCF) – see example in Table 7.4.3.1-26


P-CSCF forwards the 180 Ringing response to S-CSCF. 

Table 7.4.3.1-26: 180 Ringing (P-CSCF to S-CSCF)

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:876t12.1@pcscf2.home2.net, sip:764z87.1@scscf2.home2.net, sip:332b23.1@scscf1.home1.net, sip:431h23.1@pcscf1.home1.net 
Require:

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

RSeq: 

Content-Length: 

27.
Service Control


The S-CSCF validates the service profile and performs any service control required for this subscriber.

28.
180 Ringing (MT#2 to S-S) – see example in Table 7.4.3.1-28


S-CSCF forwards the 180 Ringing response to the originating endpoint, per the S-CSCF to S-CSCF procedure.

Table 7.4.3.1-28: 180 Ringing (MT#2 to S-S)

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: 

Require:

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

RSeq: 

Content-Length: 

29.
PRACK (S-S to MT#2) – see example in Table 7.4.3.1-29


The originator acknowledges the 180 Ringing response (28) with a PRACK request.

Table 7.4.3.1-29: PRACK (S-S to MT#2)

PRACK sip:scscf2.home2.net SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:876t12.1@pcscf2.home2.net, sip:[5555::eee:fff:aaa:bbb]
From: 

To: 

Call-ID: 

Cseq: 130 PRACK

Rack: 9022 127 INVITE

Content-Length: 0
30.
PRACK (S-CSCF to P-CSCF) – see example in Table 7.4.3.1-30


S-CSCF forwards the PRACK request to P-CSCF.

Table 7.4.3.1-30: PRACK (S-CSCF to P-CSCF)

PRACK sip:pcscf2.home2.net SIP/2.0

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:[5555::eee:fff:aaa:bbb]

From: 

To: 

Call-ID: 

Cseq: 

Rack: 

Content-Length: 
31.
PRACK (P-CSCF to UE) – see example in Table 7.4.3.1-31


P-CSCF forwards the PRACK request to UE.

Table 7.4.3.1-31: PRACK (P-CSCF to UE)

PRACK sip:[5555::eee:fff:aaa:bbb] SIP/2.0

Via: SIP/2.0/UDP pcscf2.home2.net;branch=876t12.1
From: 

To: 

Call-ID: 

Cseq: 

Rack: 

Content-Length: 
Via: 
P-CSCF removes the Via headers, and generates a locally unique token to identify the saved values. It inserts this as a branch value on its Via header.

32.
200 OK (UE to P-CSCF) – see example in Table 7.4.3.1-32


UE acknowledges the PRACK request (31) with a 200 OK response.

Table 7.4.3.1-32: 200 OK (UE to P-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.home2.net;branch=876t12.1
From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

33.
200 OK (P-CSCF to S-CSCF) – see example in Table 7.4.3.1-33


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

Table 7.4.3.1-33: 200 OK (P-CSCF to S-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length:

34.
200 OK (MT#2 to S-S) – see example in Table 7.4.3.1-34


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

Table 7.4.3.1-34: 200 OK (MT#2 to S-S)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length:

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=876t12.1
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;branch=764z87.1, SIP/2.0/UDP icscf2.home2.net, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:876t12.1@pcscf2.home2.net, sip:764z87.1@scscf2.home2.net, sip:332b23.1@scscf1.home1.net, sip:431h23.1@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;branch=871y12.1,SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, 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=

40.
ACK (S-S to MT#2) – see example in Table 7.4.3.1-40


The calling party responds to the 200 OK final response (39) with an ACK request which is sent to S-CSCF via the S-CSCF to S-CSCF procedure.

Table 7.4.3.1-40: ACK (S-S to MT#2)

ACK sip:scscf2.home2.net SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:876t12.1@pcscf2.home2.net, sip:[5555::eee:fff:aaa:bbb]
From: 

To: 

Call-ID: 

Cseq: 127 ACK

Content-Length: 0
41.
ACK (S-CSCF to P-CSCF) – see example in Table 7.4.3.1-41


S-CSCF forwards the ACK request to P-CSCF.

Table 7.4.3.1-41: ACK (S-CSCF to P-CSCF)

ACK sip:pcscf2.home2.net SIP/2.0

Via: SIP/2.0/UDP scscf2.home2.net;branch=764z87.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:[5555::eee:fff:aaa:bbb]

From: 

To: 

Call-ID: 

Cseq: 

Content-Length: 
42.
ACK (P-CSCF to UE) – see example in Table 7.4.3.1-42


P-CSCF forwards the ACK request to UE.

Table 7.4.3.1-42: ACK (P-CSCF to UE)

ACK sip:[5555::eee:fff:aaa:bbb] SIP/2.0

Via: SIP/2.0/UDP pcscf2.home2.net;branch=876t12.1
From: 

To: 

Call-ID: 

Cseq: 

Content-Length: 
Via: 
P-CSCF removes the Via headers, and generates a locally unique token to identify the saved values. It inserts this as a branch value on its Via header.

7.4.3.2
UE-detected failure/resource failure

7.4.3.3
Origination failure

7.4.4
CS-T

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

Figure 7.4.4.1-1 shows the MGCF in the IM CN subsystem, which is a SIP endpoint that initiates and receives requests on behalf of the CS Networks and Media Gateway (MGW). Other nodes consider the signalling as if it came from a S-CSCF. The MGCF incorporates the network security functionality of the S-CSCF.

Agreements between network operators may allow CS Networks termination in a network other than the originator’s home network. This may be done, for example, to avoid long distance or international tariffs.

This termination procedure can be used in either S-S#3 or S-S#4.
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Figure 7.4.4.1-1: CS Networks termination

The CS Networks termination procedure is as follows:

1.
INVITE (S-S to CS-T) – see example in Table 7.4.4.1-1


MGCF receives an INVITE request, through one of the origination procedures and via one of the S-CSCF to S-CSCF procedures.

Table 7.4.4.1-1: INVITE (S-S to CS-T)

INVITE sip:mgcf1.home1.net SIP/2.0

Via: SIP/2.0/UDP bgcf1.home1.net;branch=6546q2.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

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

Record-Route: sip:332b23.1@scscf1.home1.net, sip:431h23.1@pcscf1.home1.net

Supported: 100rel 

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

Anonymity: Off 

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: 127 INVITE 

Contact: sip:[5555::aaa:bbb:ccc:ddd]

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=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 3456 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 

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 

MGCF calculates the proper Route header to add to future requests, and saves that information. The saved value of the Route header is:

Route: sip:332b23.1@scscf1.home1.net, sip:431h23.1@pcscf1.home1.net, sip:[5555::aaa:bbb:ccc:ddd]

SDP
The SDP contains the desired set of supported codecs from the session originator, as restricted by the originating network operator. The “m=” lines for the video media streams show a port number zero, which removes them from the negotiation.
Editor's Note: the XML body containing the dialled public user identity should be added in the above flow
2.
100 Trying (CS-T to S-S) – see example in Table 7.4.4.1-2


MGCF may respond to the INVITE request with a 100 Trying provisional response.

Table 7.4.4.1-2: 100 Trying (CS-T to S-S)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP bgcf1.home1.net;branch=6546q2.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

3.
H.248 Interaction to Create Connection


MGCF initiates a H.248 interaction to pick an outgoing channel and determine media capabilities of the MGW.

4.
SS7: IAM


Based on the continuity support of the outgoing channel selected, MGCF may decide to send an  IAM message out to the CS Networks at this point. In case the outgoing channel does not support continuity indication, MGCF sends out an  IAM message only in step 14.

5.
Possible bearer related negotiation takes place (in case BICC is used)
6.
183 Session Progress (CS-T to S-S) – see example in Table 7.4.4.1-6


MGCF determines the subset of the media flows proposed by the originating endpoint that it supports, and responds with a 183 Session Progress response back to the originator. This response is sent via the S-CSCF to S-CSCF procedure.

NOTE:
in order to be able to send the IAM message at step 4, the MGCF has to select one media from the SDP received in INVITE.

Table 7.4.4.1-6: 183 Session Progress (CS-T to S-S)

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP bgcf1.home1.net;branch=6546q2.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:332b23.1@scscf1.home1.net, sip:431h23.1@pcscf1.home1.net

Require: 100rel

Remote-Party-ID: <tel:+1-212-555-2222>;privacy=off;screen=yes

Anonymity: Off

From: 

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

Call-ID: 

CSeq: 

Contact: sip:mgcf1.home1.net

RSeq: 9021

Content-Disposition: precondition

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 3

a=rtpmap:97 AMR

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

a=qos:mandatory sendrecv confirm

m=audio 0 RTP/AVP 97 96 0 15
7.
PRACK (S-S to CS-T) – see example in Table 7.4.4.1-7


The originating endpoint sends a PRACK request containing the final SDP to be used in this session, via the S-CSCF to S-CSCF procedure, to MGCF.

Table 7.4.4.1-7: PRACK (S-S to CS-T)

PRACK sip:mgcf1.home1.net SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: “Alien Blaster” <sip:B36(SHA-1(555-1111; time=36123E5B; seq=72))@localhost>;tag=171828

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

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 128 PRACK

Rack: 9021 127 INVITE

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=907165275 0

m=video 0 RTP/AVP 99

m-video 0 RTP/AVP 99

m=audio 3456 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:mandatory sendrecv

m=audio 0 RTP/AVP 97 96 0 15

8.
200 OK (CS-T to S-S) – see example in Table 7.4.4.1-8


MGCF acknowledges the PRACK request (8) with a 200 OK response.

Table 7.4.4.1-8: 200 OK (CS-T to S-S)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

9.
H.248 Interaction to Modify Connection


MGCF initiates a H.248 interaction to modify the connection established in step #3 and instruct MGW to reserve the resources necessary for the media streams.

10.
Resource Reservation


MGW reserved the resources necessary for the media streams.

11.
COMET (S-S to CS-T) – see example in Table 7.4.4.1-11


When the originating endpoint has completed its resource reservation, it sends the COMET request to MGCF, via the S-CSCF to S-CSCF procedures.

Table 7.4.4.1-11: COMET (S-S to CS-T)

COMET sip:mgcf1.home1.net SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: “Alien Blaster” <sip:B36(SHA-1(555-1111; time=36123E5B; seq=72))@localhost>;tag=171828

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

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 129 COMET 

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=907165275 0

m=video 0 RTP/AVP 99

m=video 0 RTP/AVP 99

m=audio 3456 RTP/AVP 97 3 96

a=rtpmap:97 AMR 

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

a=rtpmap:96 G726-32/8000

a=qos:success sendonly 

m=audio 0 RTP/AVP 97 96 0 15

12.
200 OK (CS-T to S-S) – see example in Table 7.4.4.1-12


MGCF acknowledges the COMET request (12) with a 200 OK response.

Table 7.4.4.1-12: 200 OK (CS-T to S-S)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

13.
SS7: COT/IAM

Based on the continuity support of the outgoing channel selected MGCF sends a  IAM or COT message to the CS Networks. In case the outgoing channel supports continuity indication, MGCF has already sent out the  IAM message in step 4, and at this point sends out a  COT message.

14.
SS7: ACM/CPG


The CS Networks establishes the path to the destination. In the present case the CS Networks responds with an ACM message containing a "subscriber free" indication, implying that the called party is being alerted.

15.
180 (CS-T to S-S) – see example in Table 7.4.4.1-15


If the CS Network is alerting the destination user, MGCF indicates this to the calling party by a 180 Ringing provisional response. This response is sent via the S-CSCF to S-CSCF procedures.


As the indication of called party being alerted ("subscriber free" indication) may not be available in ACM, the 180 Ringing is only sent when the indication is available. An ACM without the "subscriber free" indication will not trigger any SIP message.

Table 7.4.4.1-15: 180 Ringing (CS-T to S-S)

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP bgcf1.home1.net;branch=6546q2.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:332b23.1@scscf1.home1.net, sip:431h23.1@pcscf1.home1.net

Require: 100rel

From: 

To: 

Call-ID: 

CSeq: 127 INVITE

Contact: sip:mgcf1.home1.net

RSeq: 9022

Content-Length: 0


The 180 Ringing is used when the  ACM has indicated that the called party is being alerted.

16.
PRACK (S-S to CS-T) – see example in Table 7.4.4.1-16


The originator acknowledges the 180 Ringing provisional response (16) with a PRACK request.

Table 7.4.4.1-16: PRACK (S-S to CS-T)

PRACK sip:mgcf1.home1.net SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: “Alien Blaster” <sip:B36(SHA-1(555-1111; time=36123E5B; seq=72))@localhost>;tag=171828

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

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 130 PRACK

Rack: 9022 127 INVITE

Content-Length: 0
17.
200 OK (CS-T to S-S) – see example in Table 7.4.4.1-17


MGCF acknowledges the PRACK request (17) with a 200 OK response.

Table 7.4.4.1-17: 200 OK (CS-T to S-S)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

18.
SS7: ANM


When the called party answers, the CS Network sends an  ANM message to the MGCF.

19.
H.248:Interaction to Modify Connection


MGCF initiates a H.248 interaction to make the connection in the MGW bi-directional.

20.
200 OK (CS-T to S-S) – see example in Table 7.4.4.1-20


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

Table 7.4.4.1-20: 200 OK (CS-T to S-S)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf1.home1.net;branch=6546q2.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:332b23.1@scscf1.home1.net, sip:431h23.1@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
21.
ACK (S-S to CS-T) – see example in Table 7.4.4.1-21


The Calling party acknowledges the final response (20) with an ACK request.

Table 7.4.4.1-21: ACK (S-S to CS-T)

ACK sip:mgcf1.home1.net SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

Cseq: 127 ACK

Content-Length: 0
7.4.4.2
MGCF-detected failure/resource failure

7.4.4.3
Origination failure

7.4.5
MT#1c

7.4.5.1
(MT#1c) Mobile termination, roaming, without I-CSCF in home network providing configuration independence, terminating UE is busy, and not able or not willing to answer the call (MO#2, S-S#2 assumed)

Figure 7.4.5.1 shows a termination procedure which applies to roaming subscribers when the home network operator does not desire to keep its internal configuration hidden from the visited network. The UE is located in a visited network, and determines the P-CSCF via the CSCF discovery procedure. During registration, the home network allocates the S-CSCF. 

When registration is complete, S-CSCF knows the name/address of P-CSCF, and P-CSCF knows the name/address of the UE.
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Figure 7.4.5.1-1: MT#1c

Procedure MT#1c is as follows: 

1.
INVITE (S-S to MT#1a) – see example in Table 7.4.5.1-1


The calling party sends the INVITE request, via one of the origination procedures and via one of the S-CSCF to S-CSCF procedures, to the S-CSCF for the terminating subscriber.

Table 7.4.5.1-1: INVITE (S-S to MT#1c)

INVITE sip:+1-212-555-2222@home1.net;user=phone SIP/2.0

Via: SIP/2.0/UDP icscf2_s.home1.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:332b23.1@scscf1.home1.net, sip:431h23.1@pcscf1.home1.net
Supported: 100rel 

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

Anonymity: Off 

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: 127 INVITE 

Contact: sip:[5555::aaa:bbb:ccc:ddd]

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=907165275 0

m=audio 3456 RTP/AVP 97 3 96

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 

2.
100 Trying (MT#1c to S-S) – see example in Table 7.4.5.1-2


S-CSCF responds to the INVITE request (1) with a 100 Trying provisional response.

Table 7.4.5.1-2: 100 Trying (MT#1c to S-S)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP icscf2_s.home1.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

3.
Service Control


S-CSCF validates the service profile, and performs any termination service control required for this subscriber


S-CSCF examines the media parameters, and removes any choices that the destination subscriber does not have authority to request.

4.
INVITE (S-CSCF to P-CSCF) – see example in Table 7.4.5.1-4


S-CSCF remembers (from the registration procedure) the next hop CSCF for this UE. It forwards the INVITE to the P-CSCF.

Table 7.4.5.1-4: INVITE (S-CSCF to P-CSCF)

INVITE sip:pcscf2.visited2.net SIP/2.0

Via: SIP/2.0/UDP scscf2.home1.net;branch=764z87.1, SIP/2.0/UDP icscf2_s.home1.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Route: sip:[5555::eee:fff:aaa:bbb]
Record-Route: sip:764z87.1@scscf2.home1.net, sip:332b23.1@scscf1.home1.net, sip:431h23.1@pcscf1.home1.net
Supported: 

Remote-Party-ID: 

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-Length: (…)

v=

o=

s=

c=

b=

t=

m=

a=

a=

a=

a=

Route: 
built from the registration information, (UE contact name), 
Editor's Note: the XML body containing the dialled public user identity should be added in the above flow
Via:, Record-Route: S-CSCF adds itself 

5.
100 Trying (P-CSCF to S-CSCF) – see example in Table 7.4.5.1-5


P-CSCF responds to the INVITE request (4) with a 100 Trying provisional response.

Table 7.4.5.1-5: 100 Trying (P-CSCF to S-CSCF)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP scscf2.home1.net;branch=764z87.1, SIP/2.0/UDP icscf2_s.home1.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

6.
INVITE (P-CSCF to UE) – see example in Table 7.4.5.1-6


P-CSCF extract the UE address from the Route header value and place it into the Request-URI,., and forwards the INVITE request to the UE. 

Table 7.4.5.1-6: INVITE (P-CSCF to UE)

INVITE sip:[5555::eee:fff:aaa:bbb] SIP/2.0
Via: SIP/2.0/UDP pcscf2.visited2.net;branch=361k21.1
Media-Authorization: 0020000100100101706366322e78797a2e6e6574000c020133315331343363231

Supported: 

Remote-Party-ID: 

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 
Content-Type: 

Content-Length: 

v=

o=

s=

c=

b=

t=

m=

a=

a=

a=

a=


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. The saved value of the Route header is:

Route: sip:764z87.1@scscf2.home1.net, sip:332b23.1@scscf1.home1.net,

sip:, sip:431h23.1@pcscf1.home1.net

Contact: 
a locally unique token to identify the saved routing information.

Via:
P-CSCF removes the Via headers, and generates a locally unique token to identify the saves values. It inserts this as a branch value on its Via header.

Media-Authorization: a P-CSCF generated authorization token. This particular example shows a Policy-Element generated by “pcf2.xyz.net” with credentials “31S14621”.
Editor's Note: the XML body containing the dialled public user identity should be added in the above flow
7.
486 Busy Here (UE to P-CSCF) – see example in Table 7.4.5.1-7


UE is contacted successfully but it is currently not willing or able to take additional sessions. The response MAY indicate a better time later to call in the Retry-After header. 

Table 7.4.5.1-7: 486 Busy Here (UE to P-CSCF)

SIP/2.0 486 Busy Here

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=361k21.1
From: 
To: sip:B36(SHA-1(+1-212-555-2222; time=36123E5B; seq=73))@localhost; tag=1234

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

Call-ID: 

CSeq: 

Retry-After:3600

Content-Length: 0

Retry -After: a time period in seconds indicating how long the caller can try again

8.
ACK (P-CSCF to UE) – see example in Table 7.4.5.1-8


Upon receive the 486 response from the UE, P-CSCF sends ACK back to the UE.

Table 7.4.5.1-8: ACK (P-CSCF to UE)

ACK sip:[5555::eee:fff:aaa:bbb] SIP/2.0
Via: SIP/2.0/UDP pcscf2.visited2.net;branch=361k21.1

From:

To: 

Call-ID: 

CSeq: 

Content-Length: 0

9.
486 Busy Here (P-CSCF to S-CSCF) – see example in Table 7.4.5.1-9


P-CSCF forwards the 486 response to the S-CSCF.

Table 7.4.5.1-9: 486 Busy Here (P-CSCF to S-CSCF)

SIP/2.0 486 Busy Here

Via: SIP/2.0/UDP scscf2.home1.net;branch=764z87.1, SIP/2.0/UDP icscf2_s.home1.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

From: 

To: sip:B36(SHA-1(+1-212-555-2222; time=36123E5B; seq=73))@localhost; tag=4321

Contact: 
Call-ID: 

CSeq: 

Retry-After:3600

Content-Length: 0

10.
ACK (S-CSCF to P-CSCF) – see example in Table 7.4.5.1-10


S-CSCF sends ACK to the P-CSCF. 

Table 7.4.5.1-10: ACK (S-CSCF to P-CSCF)

ACK sip:pcscf2.visited2.net SIP/2.0

Via: SIP/2.0/UDP scscf2.home1.net;branch=764z87.1
From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

11.
Service Control


The S-CSCF validates the service profile and performs any service control required for this subscriber.

12.
486 Busy Here (MT#1c to S-S) – see example in Table 7.4.5.1-12


S-CSCF forwards the 486 Busy Here response to the originator, per the S-CSCF to S-CSCF procedure. Also indicates the voice mail address of the callee

Table 7.4.5.1-12: 486 Busy Here (MT#1c to S-S)

SIP/2.0 486 Busy Here

Via: SIP/2.0/UDP icscf2_s.home1.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
From: 

To: 
Contact: 

Call-ID: 

CSeq: 

Retry-After:3600

Content-Length: 0

13.
ACK (S-S to MT#1c) – see example in Table 7.4.5.1-13


The S-CSCF of calling party responds to the 486 Busy Here response with an ACK request that is sent to S-CSCF via the S-CSCF to S-CSCF procedure.

Table 7.4.5.1-13: ACK (S-S to MT#1c)

ACK sip:scscf2.home1.net SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
From:

To: 

Call-ID: 

CSeq: 

Content-Length: 0

7.4.6
MT#2a

7.4.6.1
(MT#2a) Mobile termination, located in home network, terminating UE is busy, and not able or not willing to answer the call (MO#2, S-S#2 assumed)

Figure 7.4.6.1-1 shows a termination procedure, which applies to subscribers located in their home service area.

The UE is located in the home network, and determines the P-CSCF via the CSCF discovery procedure. During registration, the home network allocates a S-CSCF in the home network, S-CSCF.

When registration is complete, S-CSCF knows the name/address of P-CSCF, and P-CSCF knows the name/address of the UE.
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Figure 7.4.6.1-1: MT#2a

Procedure MT#2a is as follows: 

1.
INVITE (S-S to MT#2a) – see example in Table 7.4.6.1-1


The calling party sends the INVITE request, via one of the origination procedures and via one of the S-CSCF to S-CSCF procedures, to the S-CSCF for the terminating subscriber.

Table 7.4.6.1-1: INVITE (S-S to MT#2A)

INVITE sip:scscf2.home1.net SIP/2.0

Via: SIP/2.0/UDP icscf2_s.home1.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:332b23.1@scscf1.home1.net, sip:431h23.1@pcscf1.home1.net

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

Supported: 100rel 

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

Anonymity: Off 

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: 127 INVITE 

Contact: sip:[5555::aaa:bbb:ccc:ddd]

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=907165275 0

m=audio 3456 RTP/AVP 97 3 96

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 

2.
100 Trying (MT#2a to S-S) – see example in Table 7.4.6.1-2


S-CSCF responds to the INVITE request (1) with a 100 Trying provisional response.

Table 7.4.6.1-2: 100 Trying (MT#2A to S-S)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP icscf2_s.home1.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

3.
Service Control


S-CSCF validates the service profile, and performs any termination service control required for this subscriber.


S-CSCF examines the media parameters, and removes any choices that the destination subscriber does not have authority to request.

4.
INVITE (S-CSCF to P-CSCF) – see example in Table 7.4.6.1-4 (related to 7.4.6.1-1)


S-CSCF remembers (from the registration procedure) the next hop CSCF for this UE. It forwards the INVITE request to the P-CSCF.

Table 7.4.6.1-4: INVITE (S-CSCF to P-CSCF)

INVITE sip:pcscf2.home1.net SIP/2.0

Via: SIP/2.0/UDP scscf2.home1.net;branch=764z87.1, SIP/2.0/UDP icscf2_s.home1.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Route: sip:[5555::eee:fff:aaa:bbb]
Record-Route: sip:764z87.1@scscf2.home1.net, sip:332b23.1@scscf1.home1.net, sip:431h23.1@pcscf1.home1.net

Supported: 

Remote-Party-ID: 

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-Length: (…)

v=

o=

s=

c=

b=

t=

m=

a=

a=

a=

a=

Route:
built from the registration information, (pcscf and UE contact name), followed by the initial Request-URI from the incoming INVITE request. The first component of the Route header, pcscf, is moved to the Request-URI of the request.

Via:, Record-Route: S-CSCF adds itself in the Record-Route and Via headers.
Editor's Note: the XML body containing the dialled public user identity should be added in the above flow
5.
100 Trying (P-CSCF to S-CSCF) – see example in Table 7.4.6.1-5


P-CSCF responds to the INVITE request (4) with a 100 Trying provisional response.

Table 7.4.6.1-5: 100 Trying (P-CSCF to S-CSCF)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP scscf2.home1.net;branch=764z87.1, SIP/2.0/UDP icscf2_s.home1.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

6.
INVITE (P-CSCF to UE) – see example in Table 7.4.6.1-6 (related to 7.4.6.1-4)


P-CSCF determines the UE address from the value of the Request-URI (which was previously returned by P-CSCF as a contact header value in the registration procedure), and forwards the INVITE request to the UE.

Table 7.4.6.1-6: INVITE (P-CSCF to UE) 

INVITE sip:[5555::eee:fff:aaa:bbb] SIP/2.0

Via: SIP/2.0/UDP pcscf2.home1.net;branch=39z58a.1
Media-Authorization: 0020000100100101706366322e78797a2e6e6574000c020133315331343363231

Supported: 

Remote-Party-ID: 

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Content-Type: 

Content-Length: 

v=

o=

s=

c=

b=

t=

m=

a=

a=

a=

a=


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. The saved value of the Route header is:

Route: sip:764z87.1@scscf2.home1.net, sip:332b23.1@scscf1.home1.net,



sip:431h23.1@pcscf1.home1.net

Via: 
P-CSCF removes the Via headers, and generates a locally unique token to identify the saves values. It inserts this as a branch value on its Via header.

Media-Authorization: a P-CSCF generated authorization token. This particular example shows a Policy-Element generated by “pcf2.xyz.net” with credentials “31S14621”.
Editor's Note: the XML body containing the dialled public user identity should be added in the above flow
7.
486 Busy Here (UE to P-CSCF) – see example in Table 7.4.6.1-7


UE is contacted successfully but it is currently not willing or able to take additional sessions. The response MAY indicate a better time to call in the Retry-After header. 

Table 7.4.6.1-7: 486 Busy Here (UE to P-CSCF)

SIP/2.0 486 Busy Here

Via: SIP/2.0/UDP pcscf2.home1.net;branch=39z58a.1
From:

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

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

Call-ID: 

CSeq: 

Retry-After: 3600

Content-Length: 0

8.
ACK (P-CSCF to UE) – see example in Table 7.4.6.1-8


Upon receive the 486 response from the UE, P-CSCF sends ACK back to the UE.

Table 7.4.6.1-8: ACK (P-CSCF to UE)

ACK sip:[5555::eee:fff:aaa:bbb] SIP/2.0

Via: SIP/2.0/UDP pcscf2.home1.net;branch=39z58a.1
From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 
9.
486 Busy Here (P-CSCF to S-CSCF) – see example in Table 7.4.6.1-9 (related to 7.4.6.1-7)


P-CSCF forwards the 486 response to the S-CSCF.

Table 7.4.6.1-9: 486 Busy Here (P-CSCF to S-CSCF)

SIP/2.0 486 Busy Here

Via: SIP/2.0/UDP scscf2.home1.net;branch=764z87.1, SIP/2.0/UDP icscf2_s.home1.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

From: 

To:

Contact:

Call-ID: 

CSeq: 

Retry-After:3600

Content-Length: 0

10.
ACK (S-CSCF to P-CSCF) – see example in Table 7.4.6.1-10


S-CSCF sends ACK to the P-CSCF. 

Table 7.4.6.1-10: ACK (S-CSCF to P-CSCF)

ACK sip:pcscf2.home1.net SIP/2.0

Via: SIP/2.0/UDP scscf2.home1.net;branch=764z87.1
From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

11.
Service Control


The S-CSCF validates the service profile and performs any service control required for this subscriber.

12.
486 Busy Here (MT#2a to S-S) – see example in Table 7.4.6.1-12


S-CSCF forwards the 486 BusyHere response to the originator, per the S-CSCF to S-CSCF procedure.

Table 7.4.6.1-12: 486 Busy Here (MT#2a to S-S)

SIP/2.0 486 Busy Here

Via: SIP/2.0/UDP icscf2_s.home1.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To:

Contact:

Call-ID: 

CSeq: 

Retry-After:3600

Content-Length: 0

13.
ACK (S-S to MT#2a) – see example in Table 7.4.6.1-13


The S-CSCF of calling party responds to the 486 Busy Here response with an ACK request that is sent to S-CSCF via the S-CSCF to S-CSCF procedure.

Table 7.4.6.1-13: ACK (S-S to MT#1c)

ACK sip:scscf2.home1.net SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

7.4.7
MT#1e

7.4.7.1
(MT#1e) Mobile termination, roaming, without I-CSCF in home network providing configuration independence, service is refused by S-CSCF when receiving INVITE request (MO#2, S-S#2 assumed)

Figure 7.4.7.1-1 shows a termination procedure, which applies to roaming subscribers when the home network operator does not desire to keep its internal configuration hidden from the visited network. The UE is located in a visited network, and determines the P-CSCF via the CSCF discovery procedure. During registration, the home network allocates the S-CSCF. 

When registration is complete, S-CSCF knows the name/address of P-CSCF, and P-CSCF knows the name/address of the UE.
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Figure 7.4.7.1-1: Mobile termination, roaming, without I-CSCF in home network providing configuration independence, service is refused by S-CSCF when receiving INVITE request

1.
INVITE (S-S to MT#1e) - see example in Table 7.4.7.1-1


The calling party sends the INVITE request, via one of the origination procedures and via one of the S-CSCF to S-CSCF procedures, to the S-CSCF for the terminating subscriber.

Table 7.4.7.1-1: INVITE (S-S to MT#1e)

INVITE sip:scscf2.home2.net SIP/2.0

Via: SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

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

Record-Route: sip:332b23.1@scscf1.home1.net, sip:431h23.1@pcscf1.home1.net
Supported: 100rel 

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

Anonymity: Off 

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: 127 INVITE 

Contact: sip:[5555:aaa:bbb:ccc:ddd]

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=907165275 0

m=audio 3456 RTP/AVP 97 3 96

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 

2.
100 Trying (MT#1e to S-S) - see example in Table 7.4.7.1-2


S-CSCF responds to the INVITE request (1) with a 100 Trying provisional response.

Table 7.4.7.1-2: 100 Trying (MT#1e to S-S)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

3.
Service Control


The S-CSCF validates the service profile and performs any service control required for this subscriber.
4.
403 Forbidden (MT#1e to S-S) - see example in Table 7.4.7.1-4


S-CSCF forwards the 403 Forbidden response to the originator, per the S-CSCF to S-CSCF procedure. 

Table 7.4.7.1-4: 403 Forbidden (MT#1e to S-S)

SIP/2.0 403 Forbidden

Via: SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

From: 

To: sip:B36(SHA-1(+1-212-555-2222; time=36123E5B; seq=73))@localhost;tag=1234

Call-ID: 

CSeq: 

Content-Length: 0

5.
ACK (S-S to MT#1e) - see example in Table 7.4.7.1-5


The S-CSCF of calling party responds to the 403 Forbidden response with an ACK request that is sent to S-CSCF via the S-CSCF to S-CSCF procedure.

Table 7.4.7.1-5: ACK (S-S to MT#1e)

ACK sip:scscf2.home2.net SIP/2.0

Via: SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1

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

To: 
Call-ID: 

CSeq: 

Content-Length: 0

7.4.8 
Mobile termination, roaming, terminal is out of radio coverage (MO#2, S-S#2 assumed)

Editor’s Note: currently in annex

7.4.9
Mobile termination, unregistered subscriber 

7.4.9.1
Introduction

In the example information flows in the following sections, the subscriber receiving a terminating call is unregistered. Therefore, when the I-CSCF in the home network of the called subscriber queries the HSS for the location of the called subscriber, the HSS indicates that the subscriber is unregistered.

In section. 7.4.9.2, call setup does not proceed, as the subscriber does not have services related to unregistered state.

In section. 7.4.9.3, call setup proceeds and a temporary call instance is created at the callee’s S-CSCF for the life of the call.  This is to support services related to the unregistered state of the callee.

7.4.9.2
Mobile termination, unregistered subscriber, no services related to unregistered state

In the example information flow the subscriber is unregistered and the subscriber has no services related to unregistered state. This is shown in the following information flow (figure 7.4.9.2-1):
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Figure 7.4.9.2-1: Mobile termination, unregistered subscriber

1.
INVITE (MO to S-S#1a) – see example in Table 7.4.9.2-1


The INVITE request is sent from the UE to S-CSCF#1 by the procedures of the originating signalling flow. 

Table 7.4.9.2-1: INVITE (MO to S-S#1a)

INVITE sip:scscf1.home1.net SIP/2.0

Via: SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:240f34.1@pcscf1.visited1.net

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

Supported: 100rel 

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

Anonymity: Off 

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: 127 INVITE 

Contact: sip:[5555::aaa:bbb:ccc:ddd]

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=907165275 0

m=video 3400 RTP/AVP 99

a=qos:mandatory sendrecv 

a=rtpmap:99:MPV

m=video 3402 RTP/AVP 99

a=qos:mandatory sendrecv

a=rtpmap:99:MPV 

m=audio 3456 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 

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 

2.
100 Trying (S-S#1a to MO) – see example in Table 7.4.9.2-2

S-CSCF#1 responds to the INVITE request (1) with a 100 Trying provisional response.

Table 7.4.9.2-2: 100 Trying (S-S#1a to MO)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

3.
Service Control


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


S-CSCF#1 examines the media parameters, and removes any choices that the subscriber does not have authority to request.


For this example, assume the subscriber is not allowed video.

4.
INVITE (S-CSCF to I-CSCF) – see example in Table 7.4.9.2-4


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 I-CSCF in the destination network. 

Table 7.4.9.2-4: 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;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:332b23.1@scscf1.home1.net, sip:240f34.1@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  

5.
100 Trying (I-CSCF to S-CSCF) – see example in Table 7.4.9.2-5


I-CSCF responds to the INVITE request (4) by sending a 100 Trying provisional response to S-CSCF#1.

Table 7.4.9.2-5: 100 Trying (I-CSCF to S-CSCF)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

6.
Cx: User Location Query procedure


The I-CSCF sends a query to the HSS to find out the S-CSCF of the called user. The HSS responds with  the information that the subscriber is not currently registered and it does not have any service when the user is unregistered.


For detailed message flows see [29.228].


Table 7.3.2.1-6a provides the parameters in the SIP INVITE request (flow 4), which are sent to the HSS.

7.
404 User Not Reachable (I-CSCF to S-CSCF) – see example in Table 7.4.9.2-7


I-CSCF initiates a 404 User Not Reachable response to S-CSCF#1.

Editor's Note: It is FFS to decide whether 404 User Not Reachable is the best response code to send.

Table 7.4.9.2-7: 404 User Not Reachable (I-CSCF to S-CSCF)

SIP/2.0 404 User Not Reachable

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

8.
ACK (S-CSCF to I-CSCF) – see example in Table 7.4.9.2-8


S-CSCF#1 responds to the I-CSCF with ACK.

Table 7.4.9.2-8: ACK (S-CSCF to I-CSCF)

ACK sip:+1-212-555-2222@home2.net;user=phone SIP/2.0
Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1

From: 

To: 

Call-ID: 

Cseq: 

Content-Length: 
9.
404 User Not Reachable (S-S#1a to MO) – see example in Table 7.4.9.2-9


S-CSCF#1 forwards the 404 User Not Reachable to the originator, as per the originating procedure.

Table 7.4.9.2-9: 404 User Not Reachable (S-S#1a to MO)

SIP/2.0 404 User Not Reachable

Via: SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

10.
ACK (MO to S-S#1a) – see example in Table 7.4.9.2-10


The originating endpoint sends the final acknowledgement to S-CSCF#1 by the origination procedures. 

Table 7.4.9.2-10: ACK (MO to S-S#1a)

ACK sip:scscf1.home1.net SIP/2.0

Via: SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1

From: 

To: 

Call-ID: 

Cseq: 127 ACK

Content-Length: 0
7.4.9.3
Mobile termination, unregistered subscriber, services related to unregistered state

In the example information flow the subscriber is unregistered and the subscriber has services related to unregistered state. This is shown in the following information flow (figure 7.4.9.3-1):
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Figure 7.4.9.3-1: Mobile termination, unregistered subscriber with services

1.
INVITE (MO to S-S#1a) – see example in Table 7.4.9.3-1


The INVITE request is sent from the UE to S-CSCF#1 by the procedures of the originating signalling flow. 

Table 7.4.9.3-1: INVITE (MO to S-S#1a)

INVITE sip:scscf1.home1.net SIP/2.0

Via: SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:240f34.1@pcscf1.visited1.net

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

Supported: 100rel 

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

Anonymity: Off 

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: 127 INVITE 

Contact: sip:[5555::aaa:bbb:ccc:ddd]

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=907165275 0

m=video 3400 RTP/AVP 99

a=qos:mandatory sendrecv 

a=rtpmap:99:MPV

m=video 3402 RTP/AVP 99

a=qos:mandatory sendrecv

a=rtpmap:99:MPV 

m=audio 3456 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 

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 

2.
100 Trying (S-S#1a to MO) – see example in Table 7.4.9.3-2

S-CSCF#1 responds to the INVITE request (1) with a 100 Trying provisional response.

Table 7.4.9.3-2: 100 Trying (S-S#1a to MO)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

3.
Service Control


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


S-CSCF#1 examines the media parameters, and removes any choices that the subscriber does not have authority to request.

4.
INVITE (S-CSCF to I-CSCF) – see example in Table 7.4.9.3-4


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 7.4.9.3-4: INVITE (S-CSCF to I-CSCF)

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

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:332b23.1@scscf1.home1.net, sip:240f34.1@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 

5.
100 Trying (I-CSCF to S-CSCF) – see example in Table 7.4.9.3-5


I-CSCF responds to the INVITE request (4) by sending a 100 Trying provisional response to S-CSCF#1. 

Table 7.4.9.3-5: 100 Trying (I-CSCF to S-CSCF)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

6.
Cx: User Registration Status Query procedure


The I-CSCF sends a query to the HSS to find out the S-CSCF of the called user. The HSS responds with the information that the user is not currently registered, but the user has services when the user is not registered.


For detailed message flows see [29.228].

Table 7.3.2.1-6a provides the parameters in the SIP INVITE request (flow 4), which are sent to the HSS.

Based on the CX response the I-CSCF selects an appropriate S-CSCF.

7.
INVITE (I-CSCF to S-CSCF) – see example in Table 7.4.9.3-7

Table 7.4.9.3-7: INVITE (I-CSCF to S-CSCF)

INVITE sip:scscf2.home2.net SIP/2.0

Via: SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

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

Record-Route: sip:332b23.1@scscf1.home1.net, sip:240f34.1@pcscf1.visited1.net

Supported: 

Remote-Party-ID: 

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-Length:

v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

a=

m=

a=

a=

a=

a= 

8.
100 Trying (I-CSCF to S-CSCF) – see example in Table 7.4.9.3-8


I-CSCF responds to the INVITE request (4) by sending a 100 Trying provisional response to S-CSCF#1. 

Table 7.4.9.3-8: 100 Trying (S-CSCF to I-CSCF)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP icscf2_s.home2.net;branch=871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

9.
Cx: S-CSCF registration notification procedure


The S-CSCF sends a query to the HSS to record the S-CSCF of the called user. 


For detailed message flows see [29.228].


Table 6.2-7a provides the parameters in the INVITE request (flow 7) which are sent to the HSS

Editor's Note: It needs to be checked whether all the input information in table 6.2-8 is available in the INVITE. For instance, the private user identity may not be available in the INVITE.

10.
Cx: User Profile Download procedure


The S-CSCF sends a query to the HSS to determine the subscriber profile of the callee. The HSS responds with the profile.


For detailed message flows see [29.228].


Table 6.2-9a provides the parameters in the SIP INVITE request (flow 7), which are sent to the HSS.

11.
Service Control

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

12.
Successful session setup continues (not shown in the flow)
The rest of the terminating session is setup as described in subclause. 7.4.2 with the INVITE being transmitted from the S-CSCF#2 to the appropriate network entity (e.g., the INVITE may be forwarded to an application server).
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