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Introduction

TS 23.228 (Section 4.4 and Annex C) require that it be possible for a network operator to be able to hide the network topology from other operators.  TS 24.228 covers this requirement for mobile-to-mobile sessions, but not sessions that are directed to PSTN media gateways.  Procedure S-S#4 in section 8.5 is actually rather schizophrenic on this issue, routing the messages as if configuration hiding is being performed but not showing the hiding function.

Proposal

It is proposed that section 8.3.5, containing S-S#4, be extended to include four options, labeled S-S#4a (section 8.3.5) through S-S#4d (section 8.3.8), covering all combinations of inter-operator configuration hiding.  The text changes follow.

In an attempt to reduce the number of change bars, the original text of 8.3.5 was placed in the new section 8.3.6, with configuration hiding by both network operators, as that matched the figure.  Sections 8.3.5, 8.3.7, and 8.3.8 were derived from it, but show here as totally new text.

Note that there is editorial interaction with the separate Tdoc “Handling of non-mutual configuration hiding”.  If both are accepted, it will be necessary to adjust the section numbers and table numbers, 

· 8.3.5 becoming 8.3.7, 

· 8.3.6 becoming 8.3.8, 

· 8.3.7 becoming 8.3.9

· 8.3.8 becoming 8.3.10.

8.3.5

(S-S#4a) PSTN Termination performed by different operator than origination, without configuration hiding by either network operator

The Serving-CSCF handling call origination performs an analysis of the destination address, and determines that it will result in a PSTN termination. The request is therefore forwarded to a local BGCF (BGCF#1).  BGCF#1 performs further analysis of the destination address, combined with information of agreements between operators for optimum Gateway selection, and decides to do the PSTN termination in a different operator’s network.  BGCF#1 therefore forwards the request to a BGCF in the terminating operator’s network, BGCF#2.  BGCF#2 allocates a MGCF within the its network, and sends the request to it.  Neither network operator desires to keep their configuration hidden, so the BGCFs do not remain in the signaling path for further exchanges.

Origination sequences that share this common S-CSCF to S-CSCF procedure are:

MO#1a
Mobile origination, roaming, without firewall.  The “Originating Network” of S-S#4a is therefore a visited network.

MO#1b
Mobile origination, roaming, with firewall in home network.  The “Originating Network” of S-S#4a is therefore a visited network.

MO#2
Mobile origination, located in home service area.  The “Originating Network” of S-S#4a is therefore the home network.

PSTN-O
PSTN origination.  The “Originating Network” of S-S#4a is the home network.  The element labeled S-CSCF#1 is the MGCF of the PSTN-O procedure.

Termination sequences that share this common S-CSCF to S-CSCF procedure are:

PSTN-T
PSTN termination. 
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Figure 8.3.5 – S-S#4a

Procedure S-S#4a is as follows: 

1.


INVITE (MO to S-S#4a) – see example in Table 8.3.5-1

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

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.5-1: INVITE (MO to S-S#4a)

INVITE sip:scscf.home.net SIP/2.0

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

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

Supported: 100rel 

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

Proxy-Require: privacy

Anonymity: Off 

From: “Alien Blaster” <sip:B36(SHA-1(+1-212-555-1111; time=36123E5B; seq=72))@localhost>;


tag=171828

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

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

Cseq: 127 INVITE 

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.home.net

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#4a to MO) – see example in Table 8.3.5-2

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

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.5-2: 100 Trying (S-S#4a to MO)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP pcscf1.home.net, 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 call 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 BGCF) – see example in Table 8.3.5-4

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

Table 8.3.5-4: INVITE (S-CSCF to BGCF)

INVITE sip:bgcf1.home.net SIP/2.0

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

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

Record-Route: sip:scscf.home.net

Supported: 

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

Proxy-Require: 

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-length:

v=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 (BGCF to S-CSCF) – see example in Table 8.3.5-5

BGCF#1 sends a 100 Trying provisional response to S-CSCF#1. 

Table 8.3.5-5: 100 Trying (BGCF to S-CSCF)

SIP/2.0 100 Trying

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

From: 

To: 

Call-ID: 

CSeq: 

Content-length: 0

6.


INVITE (BGCF to BGCF) – see example in Table 8.3.5-6

BGCF#1 analyzes the destination address, and the inter-operator agreements for optimal PSTN termination, and selects the network operator that can best terminate this session.  BGCF#1 forwards the INVITE request to the BGCF (BGCF#2) in the network that will handle the call termination.

Table 8.3.5-6: INVITE (BGCF to BGCF)

INVITE sip:bgcf2.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

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

Record-Route: 

Supported: 

Remote-Party-ID: 

Proxy-Require: 

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=

7.


100 Trying (BGCF to BGCF) – see example in Table 8.3.5-7

BGCF#2 responds to the INVITE request (6) with a 100 Trying provisional response.

Table 8.3.5-7: 100 Trying (BGCF to BGCF)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

From: 

To: 

Call-ID: 

CSeq: 

Content-length: 0

8.


INVITE (BGCF to MGCF) – see example in Table 8.3.5-8

BGCF#2 allocates a Media Gateway Controller, and forwards the INVITE request to that MGCF. 

Table 8.3.5-8: INVITE (BGCF to MGCF)

INVITE sip:mgcf72.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP 
scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

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

Record-Route:  

Supported: 

Remote-Party-ID: 

Proxy-Require: 

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=

9.


100 Trying (MGCF to BGCF) – see example in Table 8.3.5-9

MGCF sends a 100 Trying provisional response.

Table 8.3.5-9: 100 Trying (MGCF to BGCF)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP 
scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

From: 

To: 

Call-ID: 

CSeq: 

Content-length: 0

10.


Service Control

MGCF performs whatever service control is necessary for this call termination attempt.

Editor’s Note: Should the MGCF be performing service control or is this a copy-and-paste error?

11.


183 Session Progress (MGCF to BGCF) – see example in Table 8.3.5-11

MGCF returns the media stream capabilities of the destination in a 183 Session Progress provisional response.

Table 8.3.5-11: 183 Session Progress (MGCF to BGCF)

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:scscf.home.net

Remote-Party-ID: “John Smith” <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:04/11@mgcf72.term.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
12.


183 Session Progress (BGCF to BGCF) – see example in Table 8.3.5-12

BGCF#2 forwards the 183 Session Progress provisional response to BGCF#1.

Table 8.3.5-12: 183 Session Progress (BGCF to BGCF)

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: 

Remote-Party-ID: 

Anonymity: 

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=

m=

13.


183 Session Progress (BGCF to S-CSCF) – see example in Table 8.3.5-13

BGCF#1 forwards the 183 Session Progress provisional response to S-CSCF.  

Table 8.3.5-13: 183 Session Progress (BGCF to S-CSCF)

SIP/2.0 183 Session Progress

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

Record-Route: 

Remote-Party-ID: 

Anonymity: 

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=

m=

14.


183 Session Progress (S-S#4a to MO) – see example in Table 8.3.5-14

S-CSCF#1 forwards the 183 Session Progress response to the originator, as per the originating procedure.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.5-14: 183 Session Progress (S-S#4a to MO)

SIP/2.0 183 Session Progress

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

Record-Route: 

Remote-Party-ID: 

Anonymity: 

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=

m=

15.


PRACK (MO to S-S#4a) – see example in Table 8.3.5-15

The originator decides the final set of media streams, and includes this information in the PRACK request sent to S-CSCF by the origination procedures. 

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.5-15: PRACK (MO to S-S#4a)

PRACK sip:scscf.home.net SIP/2.0

Via: SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:04/11@mgcf72.term.net
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: B36(SHA-1(555-1111;time=36123E5B;seq=72))@localhost

Cseq: 128 PRACK

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.home.net
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
16.


PRACK (S-CSCF to MGCF) – see example in Table 8.3.5-16

S-CSCF forwards the PRACK request to MGCF.

Table 8.3.5-16: PRACK (S-CSCF to MGCF)

PRACK sip:04/11@mgcf72.term.net SIP/2.0

Via: SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]
Record-Route: sip:scscf.home.net

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Rack: 

Content-Type: 
Content-length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

17.


200 OK (MGCF to S-CSCF) – see example in Table 8.3.5-17

The MGCF responds to the PRACK request (16) with a 200 OK response.

Table 8.3.5-17: 200 OK (MGCF to S-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:scscf.home.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:04/11@mgcf72.term.net

Content-length: 0

18.


200 OK (S-S#4a to MO) – see example in Table 8.3.5-18

S-CSCF forwards the 200 OK response to the originating endpoint.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.5-18: 200 OK (S-S#4a to MO)

SIP/2.0 200 OK

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

Record-Route:  

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

19.


COMET (MO to S-S#4a) – see example in Table 8.3.5-19

When the originating endpoint has completed the resource reservation procedures, it sends the COMET request to S-CSCF#1 by the origination procedures.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.5-19: COMET (MO to S-S#4a)

COMET sip:scscf.home.net SIP/2.0

Via: SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:04/11@mgcf72.term.net
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: B36(SHA-1(555-1111;time=36123E5B;seq=72))@localhost

Cseq: 129 COMET

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.home.net
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 MGCF) – see example in Table 8.3.5-20

S-CSCF forwards the COMET request to MGCF.

Table 8.3.5-20: COMET (S-CSCF to MGCF)

COMET sip:04/11@mgcf72.term.net SIP/2.0

Via: SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]
Record-Route: sip:scscf.home.net

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 
Content-length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

21.


200 OK (MGCF to BGCF) – see example in Table 8.3.5-21

The MGCF responds to the COMET request (20) with a 200 OK response.

Table 8.3.3-21: 200 OK (MGCG to S-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:scscf.home.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:04/11@mgcf72.term.net

Content-length: 0

22.


200 OK (S-S#4a to MO) – see example in Table 8.3.5-22

S-CSCF#1 forwards the 200 OK response to the originating endpoint.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.5-22: 200 OK (S-S#4a to MO)

SIP/2.0 200 OK

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

Record-Route:  

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

23.


180 Ringing (MGCF to BGCF) – see example in Table 8.3.5-23

The MGCF may optionally send a 180 Ringing provisional response indicating alerting is in progress.  

Table 8.3.5-23: 180 Ringing (MGCF to BGCF)

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:scscf.home.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:04/11@mgcf72.term.net

RSeq: 9022

Content-length: 0

24.


180 Ringing (BGCF to BGCF) – see example in Table 8.3.5-24

BGCF#2 forwards the 180 Ringing response to BGCF#1.

Table 8.3.5-24: 180 Ringing (BGCF to BGCF)

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

RSeq: 

Content-length: 

25.


180 Ringing (BGCF to S-CSCF) – see example in Table 8.3.5-25

BGCF#1 forwards the 180 Ringing response to S-CSCF.

Table 8.3.5-25: 180 Ringing (BGCF to S-CSCF)

SIP/2.0 180 Ringing

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

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

RSeq: 

Content-length: 

26.


Ringing (S-S#4a to MO) – see example in Table 8.3.5-26

S-CSCF#1 forwards the 180 Ringing response to the originator, per the origination procedure.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.5-26: 180 Ringing (S-S#4a to MO)

SIP/2.0 180 Ringing

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

Record-Route:  

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

RSeq: 

Content-length: 

27.


PRACK (MO to S-S#4a) – see example in Table 8.3.5-27

The originator acknowledges the 180 Ringing provisional response (26) with a PRACK request.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.5-27: PRACK (MO to S-S#4a)

PRACK sip:scscf.home.net SIP/2.0

Via: SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:04/11@mgcf72.term.net
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: B36(SHA-1(555-1111;time=36123E5B;seq=72))@localhost

Cseq: 130 PRACK

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.home.net
Rack: 9022 127 INVITE

Content-length: 0
28.


PRACK (S-CSCF to MGCF) – see example in Table 8.3.5-28

S-CSCF#1 forwards the PRACK request to MGCF.

Table 8.3.5-28: PRACK (S-CSCF to MGCF)

PRACK sip:04/11@mgcf72.term.net SIP/2.0

Via: SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]
Record-Route: sip:scscf.home.net

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Rack: 

Content-length: 
29.


200 OK (MGCF to S-CSCF) – see example in Table 8.3.5-29

The MGCF responds to the PRACK request (28) with a 200 OK response.

Table 8.3.5-29: 200 OK (MGCF to S-CSCF)

SIP/2.0 200 OK

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

Record-Route: sip:scscf.home.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:04/11@mgcf72.term.net

Content-length: 0

30.


200 OK (S-S#4a to MO) – see example in Table 8.3.5-30

S-CSCF forwards the 200 OK to the originating endpoint.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.5-30: 200 OK (S-S#4a to MO)

SIP/2.0 200 OK

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

Record-Route:  

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

31.


Service Control

MGCF performs whatever service control is appropriate for a completed call.

32.


200 OK (MGCF to BGCF) – see example in Table 8.3.5-32

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

Table 8.3.5-32: 200 OK (MGCF to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:scscf.home.net

From: 

To: 

Call-ID: 

CSeq: 127 INVITE

Contact: sip:04/11@mgcf72.term.net

Content-length: 0

33.


200 OK (BGCF to BGCF) – see example in Table 8.3.5-33

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

Table 8.3.5-33: 200 OK (BGCF to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

34.


200 OK (BGCF to S-CSCF) – see example in Table 8.3.5-34 

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

Table 8.3.5-34: 200 OK (BGCF to S-CSCF)

SIP/2.0 200 OK

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

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

35.


Service Control

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

36.


200 OK (S-S#4a to MO) – see example in Table 8.3.5-36

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

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.5-36: 200 OK (S-S#4a to MO)

SIP/2.0 200 OK

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

Record-Route:  

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

37.


ACK (MO to S-S#4a) – see example in Table 8.3.5-37

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

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.5-37: ACK (MO to S-S#4a)

ACK sip:scscf.home.net SIP/2.0

Via: SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:04/11@mgcf72.term.net
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: B36(SHA-1(555-1111;time=36123E5B;seq=72))@localhost

Cseq: 127 ACK

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.home.net
Content-length: 0
38.


ACK (S-CSCF to MGCF) – see example in Table 8.3.5-38

S-CSCF forwards the ACK request to MGCF.

Table 8.3.5-38: ACK (S-CSCF to MGCF)

ACK sip:04/11@mgcf72.term.net SIP/2.0

Via: SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]
Record-Route: sip:scscf.home.net

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-length: 
8.3.6

(S-S#4b) PSTN Termination performed by different operator than origination, with configuration hiding by both network operators
The Serving-CSCF handling call origination performs an analysis of the destination address, and determines that it will result in a PSTN termination. The request is therefore forwarded to a local BGCF (BGCF#1).  BGCF#1 performs further analysis of the destination address, combined with information of agreements between operators for optimum Gateway selection, and decides to do the PSTN termination in a different operator’s network.  BGCF#1 therefore forwards the request to a BGCF in the terminating operator’s network, BGCF#2.  BGCF#2 allocates a MGCF within the its network, and sends the request to it.  Both network operators desire to keep their configuration hidden, so BGCF#1 and BGCF#2 both stay in the signaling path for future exchanges.
Origination sequences that share this common S-CSCF to S-CSCF procedure are:

MO#1a
Mobile origination, roaming, without firewall.  The “Originating Network” of S-S#4b is therefore a visited network.

MO#1b
Mobile origination, roaming, with firewall in home network.  The “Originating Network” of S-S#4b is therefore a visited network.

MO#2
Mobile origination, located in home service area.  The “Originating Network” of S-S#4b is therefore the home network.

PSTN-O
PSTN origination.  The “Originating Network” of S-S#4b is the home network.  The element labeled S-CSCF#1 is the MGCF of the PSTN-O procedure.

Termination sequences that share this common S-CSCF to S-CSCF procedure are:

PSTN-T
PSTN termination. 
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Figure 8.3.6 – S-S#4b
Procedure S-S#4b is as follows: 

1.


INVITE (MO to S-S#4b) – see example in Table 8.3.6-1

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

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.6-1: INVITE (MO to S-S#4b)

INVITE sip:scscf.home.net SIP/2.0

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

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

Supported: 100rel 

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

Proxy-Require: privacy

Anonymity: Off 

From: “Alien Blaster” <sip:B36(SHA-1(+1-212-555-1111; time=36123E5B; seq=72))@localhost>;


tag=171828

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

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

Cseq: 127 INVITE 

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.home.net

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#4b to MO) – see example in Table 8.3.6-2

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

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.6-2: 100 Trying (S-S#4b to MO)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP pcscf1.home.net, 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 call 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 BGCF) – see example in Table 8.3.6-4

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

Table 8.3.6-4: INVITE (S-CSCF to BGCF)

INVITE sip:bgcf1.home.net SIP/2.0

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

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

Record-Route: sip:scscf.home.net

Supported: 

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

Proxy-Require: 

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-length:

v=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 (BGCF to S-CSCF) – see example in Table 8.3.6-5

BGCF#1 sends a 100 Trying provisional response to S-CSCF#1. 

Table 8.3.6-5: 100 Trying (BGCF to S-CSCF)

SIP/2.0 100 Trying

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

From: 

To: 

Call-ID: 

CSeq: 

Content-length: 0

6.


INVITE (BGCF to BGCF) – see example in Table 8.3.6-6

BGCF#1 analyzes the destination address, and the inter-operator agreements for optimal PSTN termination, and selects the network operator that can best terminate this session.  BGCF#1 forwards the INVITE request to the BGCF (BGCF#2) in the network that will handle the call termination.

Table 8.3.6-6: INVITE (BGCF to BGCF)

INVITE sip:bgcf2.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

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

Record-Route: sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
Supported: 

Remote-Party-ID: 

Proxy-Require: 

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-length:

v=

o=

s=

c= 

b=

t=

m=

m=

m=

a= 

a=

a=

a=

m=

a=

a=

a=

a=

Via:, Record-Route: 
translated to maintain configuration independence of the home operator.

7.


100 Trying (BGCF to BGCF) – see example in Table 8.3.6-7

BGCF#2 responds to the INVITE request (6) with a 100 Trying provisional response.

Table 8.3.6-7: 100 Trying (BGCF to BGCF)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

From: 

To: 

Call-ID: 

CSeq: 

Content-length: 0

8.


INVITE (BGCF to MGCF) – see example in Table 8.3.6-8

BGCF#2 allocates a Media Gateway Controller, and forwards the INVITE request to that MGCF. 

Table 8.3.6-8: INVITE (BGCF to MGCF)

INVITE sip:mgcf72.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP 
Token(SIP/2.0/UDP
scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd])

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

Record-Route:  sip:bgcf2.term.net, sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
Supported: 

Remote-Party-ID: 

Proxy-Require: 

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-length:

v=

o=

s=

c= 

b=

t=

m=

m=

m=

a= 

a=

a=

a=

m=

a=

a=

a=

a=

9.


100 Trying (MGCF to BGCF) – see example in Table 8.3.6-9

MGCF sends a 100 Trying provisional response.

Table 8.3.6-9: 100 Trying (MGCF to BGCF)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP 
Token(SIP/2.0/UDP
scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd])

From: 

To: 

Call-ID: 

CSeq: 

Content-length: 0

10.


Service Control

MGCF performs whatever service control is necessary for this call termination attempt.

Editor’s Note: Should the MGCF be performing service control or is this a copy-and-paste error?

11.


183 Session Progress (MGCF to BGCF) – see example in Table 8.3.6-11

MGCF returns the media stream capabilities of the destination in a 183 Session Progress provisional response.

Table 8.3.6-11: 183 Session Progress (MGCF to BGCF)

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP 
Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd])
Record-Route:  sip:bgcf2.term.net, sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
Remote-Party-ID: “John Smith” <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:04/11@mgcf72.term.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
12.


183 Session Progress (BGCF to BGCF) – see example in Table 8.3.6-12

BGCF#2 forwards the 183 Session Progress provisional response to BGCF#1.

Table 8.3.6-12: 183 Session Progress (BGCF to BGCF)

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP Token(SIP/2.0/UEP scscf.home.net, 
SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])
Record-Route: 

Remote-Party-ID: 

Anonymity: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:Token(sip:04/11@mgcf72.term.net)
RSeq: 

Content-Disposition: 

Content-Type: 

Content-length: 

v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

Record-Route: 
formed by BGCF#2 reversing and translating all the entries to the left of its own entry.  Since BGCF#2 is the first entry in Record-Route, the Contact header is translated.
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183 Session Progress (BGCF to S-CSCF) – see example in Table 8.3.6-13

BGCF#1 forwards the 183 Session Progress provisional response to S-CSCF.  

Table 8.3.6-13: 183 Session Progress (BGCF to S-CSCF)

SIP/2.0 183 Session Progress

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

Record-Route: sip:bgcf2.term.net, sip:bgcf1.home.net, sip:scscf.home.net
Remote-Party-ID: 

Anonymity: 

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=

m=

Record-Route: 
BGCF#1 determines the entry to the right of its own entry. 

Via: 
determined by BGCF#1.
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183 Session Progress (S-S#4b to MO) – see example in Table 8.3.6-14

S-CSCF#1 forwards the 183 Session Progress response to the originator, as per the originating procedure.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.6-14: 183 Session Progress (S-S#4b to MO)

SIP/2.0 183 Session Progress

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

Record-Route: 

Remote-Party-ID: 

Anonymity: 

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=

m=
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PRACK (MO to S-S#4b) – see example in Table 8.3.6-15

The originator decides the final set of media streams, and includes this information in the PRACK request sent to S-CSCF by the origination procedures. 

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.6-15: PRACK (MO to S-S#4b)

PRACK sip:scscf.home.net SIP/2.0

Via: SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:bgcf1.home.net, sip:bgcf2.term.net, sip:Token(sip:04/11@mgcf72.term.net)
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: B36(SHA-1(555-1111;time=36123E5B;seq=72))@localhost

Cseq: 128 PRACK

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.home.net
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
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PRACK (S-CSCF to BGCF) – see example in Table 8.3.6-16

S-CSCF forwards the PRACK request to BGCF#1.

Table 8.3.6-16: PRACK (S-CSCF to BGCF)

PRACK sip:bgcf1.home.net SIP/2.0

Via: SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]
Route:
sip:bgcf2.term.net, sip:Toen(sip:04/11@mgcf72.term.net)
Record-Route: sip:scscf.home.net

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Rack: 

Content-Type: 
Content-length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
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PRACK (BGCF to BGCF) – see example in Table 8.3.6-17

BGCF#1 forwards the PRACK request to BGCF#2.

Table 8.3.6-17: PRACK (BGCF to BGCF)

PRACK sip:bgcf2.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, 
SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])
Route:
sip:Token(sip:04/11@mgcf72.term.net)
Record-Route: sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Rack: 

Content-Type: 
Content-length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

Via:, Record-Route: 
translated to maintain configuration independence of the home operator.
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PRACK (BGCF to MGCF) – see example in Table 8.3.6-18

BGCF#2 determines the next CSCF address, and forwards the PRACK request to the MGCF.

Table 8.3.6-18: PRACK (BGCF to MGCF)

PRACK sip:04/11@mgcf72.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP 
Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd])
Record-Route:  sip:bgcf2.term.net, sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Rack: 

Content-Type: 
Content-length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
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200 OK (MGCF to BGCF) – see example in Table 8.3.6-19

The MGCF responds to the PRACK request (18) with a 200 OK response.

Table 8.3.6-19: 200 OK (MGCF to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP 
Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd])
Record-Route: sip:bgcf2.term.net, sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:04/11@mgcf72.term.net

Content-length: 0
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200 OK (BGCF to BGCF) – see example in Table 8.3.6-20

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

Table 8.3.6-20: 200 OK (BGCF to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])
Record-Route: sip:bgcf2.term.net, sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:Token(sip:04/11@mgcf72.term.net)
Content-length: 

Record-Route: 
formed by BGCF#2 reversing and translating all the entries to the left of its own entry.  Since BGCF#2 is the first entry in Record-Route, the Contact header is translated.
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200 OK (BGCF to S-CSCF) – see example in Table 8.3.6-21

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

Table 8.3.6-21: 200 OK (BGCF to S-CSCF)

SIP/2.0 200 OK

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

Record-Route: sip:bgcf2.term.net, sip:bgcf1.home.net, sip:scscf.home.net
From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

Record-Route: 
BGCF#1 determines the entry to the right of its own entry. 

Via: 
determined by BGCF#1.
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200 OK (S-S#4b to MO) – see example in Table 8.3.6-22

S-CSCF forwards the 200 OK response to the originating endpoint.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.6-22: 200 OK (S-S#4b to MO)

SIP/2.0 200 OK

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

Record-Route:  

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 
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COMET (MO to S-S#4b) – see example in Table 8.3.6-23

When the originating endpoint has completed the resource reservation procedures, it sends the COMET request to S-CSCF#1 by the origination procedures.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.6-23: COMET (MO to S-S#4b)

COMET sip:scscf.home.net SIP/2.0

Via: SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:bgcf1.home.net, sip:bgcf2.term.net, sip:Token(sip:04/11@mgcf72.term.net)
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: B36(SHA-1(555-1111;time=36123E5B;seq=72))@localhost

Cseq: 129 COMET

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.home.net
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
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COMET (S-CSCF to BGCF) – see example in Table 8.3.6-24

S-CSCF forwards the COMET request to BGCF#1.

Table 8.3.6-24: COMET (S-CSCF to BGCF)

COMET sip:bgcf1.home.net SIP/2.0

Via: SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]
Route:
sip:bgcf2.term.net, sip:Token(sip:04/11@mgcf72.term.net)
Record-Route: sip:scscf.home.net

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 
Content-length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
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COMET (BGCF to BGCF) – see example in Table 8.3.6-25

BGCF#1 forwards the COMET request to BGCF#2.

Table 8.3.3-25: COMET (BGCF to BGCF)

COMET sip:bgcf2.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, 
SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route:
sip:Token(sip:04/11@mgcf72.term.net)
Record-Route: sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 
Content-length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

Via:, Record-Route: 
translated to maintain configuration independence of the home operator.

26.


COMET (BGCF to MGCF) – see example in Table 8.3.6-26

BGCF#2 determines the next CSCF address, and forwards the COMET request to the MGCF.

Table 8.3.3-26: COMET (BGCF to MGCF)

COMET sip:04/11@mgcf72.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP 
Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd])
Record-Route:  sip:bgcf2.term.net, sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 
Content-length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
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200 OK (MGCF to BGCF) – see example in Table 8.3.6-27

The MGCF responds to the COMET request (27) with a 200 OK response.

Table 8.3.3-27: 200 OK (MGCG to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP 
Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd])
Record-Route: sip:bgcf2.term.net, sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:04/11@mgcf72.term.net

Content-length: 0
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200 OK (BGCF to BGCF) – see example in Table 8.3.6-28

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

Table 8.3.6-28: 200 OK (BGCF to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])
Record-Route: sip:bgcf2.term.net, sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:Token(sip:04/11@mgcf72.term.net)
Content-length: 

Record-Route: 
formed by BGCF#2 reversing and translating all the entries to the left of its own entry.  Since BGCF#2 is the first entry in Record-Route, the Contact header is translated.
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200 OK (BGCF to S-CSCF) – see example in Table 8.3.6-29

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

Table 8.3.6-29: 200 OK (BGCF to S-CSCF)

SIP/2.0 200 OK

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

Record-Route: sip:bgcf2.term.net, sip:bgcf1.home.net, sip:scscf.home.net
From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

Record-Route: 
BGCF#1 determines the entry to the right of its own entry. 

Via: 
determined by BGCF#1.
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200 OK (S-S#4b to MO) – see example in Table 8.3.6-30

S-CSCF#1 forwards the 200 OK response to the originating endpoint.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.6-30: 200 OK (S-S#4b to MO)

SIP/2.0 200 OK

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

Record-Route:  

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 
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180 Ringing (MGCF to BGCF) – see example in Table 8.3.6-31

The MGCF may optionally send a 180 Ringing provisional response indicating alerting is in progress.  

Table 8.3.6-31: 180 Ringing (MGCF to BGCF)

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP 
Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd])
Record-Route:  sip:bgcf2.term.net, sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:04/11@mgcf72.term.net

RSeq: 9022

Content-length: 0
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180 Ringing (BGCF to BGCF) – see example in Table 8.3.6-32

BGCF#2 forwards the 180 Ringing response to BGCF#1.

Table 8.3.6-32: 180 Ringing (BGCF to BGCF)

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])
Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:Token(sip:04/11@mgcf72.term.net)
RSeq: 

Content-length: 

Record-Route: 
formed by BGCF#2 reversing and translating all the entries to the left of its own entry.  Since BGCF#2 is the first entry in Record-Route, the Contact header is translated.
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180 Ringing (BGCF to S-CSCF) – see example in Table 8.3.6-33

BGCF#1 forwards the 180 Ringing response to S-CSCF.

Table 8.3.6-33: 180 Ringing (BGCF to S-CSCF)

SIP/2.0 180 Ringing

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

Record-Route: sip:bgcf2.term.net, sip:bgcf1.home.net, sip:scscf.home.net
From: 

To: 

Call-ID: 

CSeq: 

Contact: 

RSeq: 

Content-length: 

Record-Route: 
BGCF#1 determines the entry to the right of its own entry. 

Via: 
determined by BGCF#1.
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Ringing (S-S#4b to MO) – see example in Table 8.3.6-34

S-CSCF#1 forwards the 180 Ringing response to the originator, per the origination procedure.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.6-34: 180 Ringing (S-S#4b to MO)

SIP/2.0 180 Ringing

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

Record-Route:  

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

RSeq: 

Content-length: 
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PRACK (MO to S-S#4b) – see example in Table 8.3.6-35

The originator acknowledges the 180 Ringing provisional response (34) with a PRACK request.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.6-35: PRACK (MO to S-S#4b)

PRACK sip:scscf.home.net SIP/2.0

Via: SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:bgcf1.home.net, sip:bgcf2.term.net, sip:Token(sip:04/11@mgcf72.term.net)
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: B36(SHA-1(555-1111;time=36123E5B;seq=72))@localhost

Cseq: 130 PRACK

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.home.net
Rack: 9022 127 INVITE

Content-length: 0
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PRACK (S-CSCF to BGCF) – see example in Table 8.3.6-36

S-CSCF#1 forwards the PRACK request to BGCF#1.

Table 8.3.6-36: PRACK (S-CSCF to BGCF)

PRACK sip:bgcf1.home.net SIP/2.0

Via: SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]
Route:
sip:bgcf2.term.net, sip:Token(sip:04/11@mgcf72.term.net)
Record-Route: sip:scscf.home.net

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Rack: 

Content-length: 
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PRACK (BGCF to BGCF) – see example in Table 8.3.6-37

BGCF#1 forwards the PRACK request to BGCF#2.

Table 8.3.6-37: PRACK (BGCF to BGCF)

PRACK sip:bgcf2.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, 
SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])
Route:
sip:Token(sip:04/11@mgcf72.term.net)
Record-Route: sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Rack: 

Content-length: 
Via:, Record-Route: 
translated to maintain configuration independence of the home operator.

38.


PRACK (BGCF to MGCF) – see example in Table 8.3.6-38

BGCF#2 determines the next CSCF address, and forwards the PRACK request to the MGCF.

Table 8.3.6-38: PRACK (BGCF to MGCF)

PRACK sip:04/11@mgcf72.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP 
Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd])
Record-Route:  sip:bgcf2.term.net, sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Rack: 

Content-length: 
39.


200 OK (MGCF to BGCF) – see example in Table 8.3.6-39

The MGCF responds to the PRACK request (38) with a 200 OK response.

Table 8.3.6-39: 200 OK (MGCF to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP 
Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd])
Record-Route: sip:bgcf2.term.net, sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:04/11@mgcf72.term.net

Content-length: 0

40.


200 OK (BGCF to BGCF) – see example in Table 8.3.6-40

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

Table 8.3.6-40: 200 OK (BGCG to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP Token(SIP/2.0/DUP scscf.home.net, 
SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])
Record-Route: sip:bgcf2.term.net, sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:Token(sip:04/11@mgcf72.term.net)
Content-length: 

Record-Route: 
formed by BGCF#2 reversing and translating all the entries to the left of its own entry.  Since BGCF#2 is the first entry in Record-Route, the Contact header is translated.

41.


200 OK (BGCF to S-CSCF) – see example in Table 8.3.6-41

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

Table 8.3.6-41: 200 OK (BGCF to S-CSCF)

SIP/2.0 200 OK

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

Record-Route: sip:bgcf2.term.net, sip:bgcf1.home.net, sip:scscf.home.net
From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

Record-Route: 
BGCF#1 determines the entry to the right of its own entry. 

Via: 
determined by BGCF#1.

42.


200 OK (S-S#4b to MO) – see example in Table 8.3.6-42

S-CSCF forwards the 200 OK to the originating endpoint.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.6-42: 200 OK (S-S#4b to MO)

SIP/2.0 200 OK

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

Record-Route:  

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

43.


Service Control

MGCF performs whatever service control is appropriate for a completed call.

44.


200 OK (MGCF to BGCF) – see example in Table 8.3.6-44

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

Table 8.3.6-44: 200 OK (MGCF to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP 
Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd])
Record-Route:  sip:bgcf2.term.net, sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

CSeq: 127 INVITE

Contact: sip:04/11@mgcf72.term.net

Content-length: 0

45.


200 OK (BGCF to BGCF) – see example in Table 8.3.6-45

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

Table 8.3.6-45: 200 OK (BGCF to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])
Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:Token(sip:04/11@mgcf72.term.net)
Content-length: 

Record-Route: 
formed by BGCF#2 reversing and translating all the entries to the left of its own entry.  Since BGCF#2 is the first entry in Record-Route, the Contact header is translated.

46.


200 OK (BGCF to S-CSCF) – see example in Table 8.3.6-46 

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

Table 8.3.6-46: 200 OK (BGCF to S-CSCF)

SIP/2.0 200 OK

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

Record-Route: sip:bgcf2.term.net, sip:bgcf1.home.net, sip:scscf.home.net
From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

Record-Route: 
BGCF#1 determines the entry to the right of its own entry. 

Via: 
determined by BGCF#1.

47.


Service Control

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

48.


200 OK (S-S#4b to MO) – see example in Table 8.3.6-48

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

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.6-48: 200 OK (S-S#4b to MO)

SIP/2.0 200 OK

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

Record-Route:  

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

49.


ACK (MO to S-S#4b) – see example in Table 8.3.6-49

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

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.6-49: ACK (MO to S-S#4b)

ACK sip:scscf.home.net SIP/2.0

Via: SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:bgcf1.home.net, sip:bgcf2.term.net, sip:Token(sip:04/11@mgcf72.term.net)
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: B36(SHA-1(555-1111;time=36123E5B;seq=72))@localhost

Cseq: 127 ACK

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.home.net
Content-length: 0
50.


ACK (S-CSCF to BGCF) – see example in Table 8.3.6-50

S-CSCF forwards the ACK request to BGCF#1.

Table 8.3.6-50: ACK (S-CSCF to BGCF)

ACK sip:bgcf2.term.net SIP/2.0

Via: SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]
Route:
sip:bgcf2.term.net, sip:Token(sip:04/11@mgcf72.term.net)
Record-Route: sip:scscf.home.net

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-length: 
51.


ACK (BGCF to BGCF) – see example in Table 8.3.6-51

BGCF#1 forwards the ACK request to BGCF#2.

Table 8.3.6-51: ACK (BGCF to BGCF)

ACK sip:bgcf2.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, 
SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])
Route:
sip:Token(sip:04/11@mgcf72.term.net)
Record-Route: sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-length: 
Via:, Record-Route: 
translated to maintain configuration independence of the home operator.

52.


ACK (BGCF to MGCF) – see example in Table 8.3.6-52

BGCF#2 determines the next CSCF address, and forwards the ACK request to the MGCF.

Table 8.3.6-52: ACK (BGCF to MGCF)

ACK sip:04/11@mgcf72.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP 
Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd])
Record-Route:  sip:bgcf2.term.net, sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-length: 
8.3.7

(S-S#4c) PSTN Termination performed by different operator than origination, with configuration hiding by originating network operator only

The Serving-CSCF handling call origination performs an analysis of the destination address, and determines that it will result in a PSTN termination. The request is therefore forwarded to a local BGCF (BGCF#1).  BGCF#1 performs further analysis of the destination address, combined with information of agreements between operators for optimum Gateway selection, and decides to do the PSTN termination in a different operator’s network.  BGCF#1 therefore forwards the request to a BGCF in the terminating operator’s network, BGCF#2.  BGCF#2 allocates a MGCF within the its network, and sends the request to it.  Only the originating network operator desires to keep their configuration hidden, so BGCF#1 stays in the signaling path for future requests.

Origination sequences that share this common S-CSCF to S-CSCF procedure are:

MO#1a
Mobile origination, roaming, without firewall.  The “Originating Network” of S-S#4c is therefore a visited network.

MO#1b
Mobile origination, roaming, with firewall in home network.  The “Originating Network” of S-S#4c is therefore a visited network.

MO#2
Mobile origination, located in home service area.  The “Originating Network” of S-S#4c is therefore the home network.

PSTN-O
PSTN origination.  The “Originating Network” of S-S#4c is the home network.  The element labeled S-CSCF#1 is the MGCF of the PSTN-O procedure.

Termination sequences that share this common S-CSCF to S-CSCF procedure are:

PSTN-T
PSTN termination. 
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Figure 8.3.7 – S-S#4c

Procedure S-S#4c is as follows: 

1.


INVITE (MO to S-S#4c) – see example in Table 8.3.7-1

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

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.7-1: INVITE (MO to S-S#4c)

INVITE sip:scscf.home.net SIP/2.0

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

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

Supported: 100rel 

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

Proxy-Require: privacy

Anonymity: Off 

From: “Alien Blaster” <sip:B36(SHA-1(+1-212-555-1111; time=36123E5B; seq=72))@localhost>;


tag=171828

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

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

Cseq: 127 INVITE 

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.home.net

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#4c to MO) – see example in Table 8.3.7-2

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

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.7-2: 100 Trying (S-S#4c to MO)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP pcscf1.home.net, 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 call 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 BGCF) – see example in Table 8.3.7-4

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

Table 8.3.7-4: INVITE (S-CSCF to BGCF)

INVITE sip:bgcf1.home.net SIP/2.0

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

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

Record-Route: sip:scscf.home.net

Supported: 

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

Proxy-Require: 

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-length:

v=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 (BGCF to S-CSCF) – see example in Table 8.3.7-5

BGCF#1 sends a 100 Trying provisional response to S-CSCF#1. 

Table 8.3.7-5: 100 Trying (BGCF to S-CSCF)

SIP/2.0 100 Trying

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

From: 

To: 

Call-ID: 

CSeq: 

Content-length: 0

6.


INVITE (BGCF to BGCF) – see example in Table 8.3.7-6

BGCF#1 analyzes the destination address, and the inter-operator agreements for optimal PSTN termination, and selects the network operator that can best terminate this session.  BGCF#1 forwards the INVITE request to the BGCF (BGCF#2) in the network that will handle the call termination.

Table 8.3.7-6: INVITE (BGCF to BGCF)

INVITE sip:bgcf2.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

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

Record-Route: sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
Supported: 

Remote-Party-ID: 

Proxy-Require: 

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-length:

v=

o=

s=

c= 

b=

t=

m=

m=

m=

a= 

a=

a=

a=

m=

a=

a=

a=

a=

Via:, Record-Route: 
translated to maintain configuration independence of the home operator.

7.


100 Trying (BGCF to BGCF) – see example in Table 8.3.7-7

BGCF#2 responds to the INVITE request (6) with a 100 Trying provisional response.

Table 8.3.7-7: 100 Trying (BGCF to BGCF)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

From: 

To: 

Call-ID: 

CSeq: 

Content-length: 0

8.


INVITE (BGCF to MGCF) – see example in Table 8.3.7-8

BGCF#2 allocates a Media Gateway Controller, and forwards the INVITE request to that MGCF. 

Table 8.3.7-8: INVITE (BGCF to MGCF)

INVITE sip:mgcf72.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP 
Token(SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd])

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

Record-Route: sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
Supported: 

Remote-Party-ID: 

Proxy-Require: 

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-length:

v=

o=

s=

c= 

b=

t=

m=

m=

m=

a= 

a=

a=

a=

m=

a=

a=

a=

a=

9.


100 Trying (MGCF to BGCF) – see example in Table 8.3.7-9

MGCF sends a 100 Trying provisional response.

Table 8.3.7-9: 100 Trying (MGCF to BGCF)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP 
Token(SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd])

From: 

To: 

Call-ID: 

CSeq: 

Content-length: 0

10.


Service Control

MGCF performs whatever service control is necessary for this call termination attempt.

Editor’s Note: Should the MGCF be performing service control or is this a copy-and-paste error?

11.


183 Session Progress (MGCF to BGCF) – see example in Table 8.3.7-11

MGCF returns the media stream capabilities of the destination in a 183 Session Progress provisional response.

Table 8.3.7-11: 183 Session Progress (MGCF to BGCF)

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP 
Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd])
Record-Route: sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
Remote-Party-ID: “John Smith” <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:04/11@mgcf72.term.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
12.


183 Session Progress (BGCF to BGCF) – see example in Table 8.3.7-12

BGCF#2 forwards the 183 Session Progress provisional response to BGCF#1.

Table 8.3.7-12: 183 Session Progress (BGCF to BGCF)

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP Token(SIP/2.o/UDP scscf.home.net, 
SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])
Record-Route: 

Remote-Party-ID: 

Anonymity: 

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=

m=

13.


183 Session Progress (BGCF to S-CSCF) – see example in Table 8.3.7-13

BGCF#1 forwards the 183 Session Progress provisional response to S-CSCF.  

Table 8.3.7-13: 183 Session Progress (BGCF to S-CSCF)

SIP/2.0 183 Session Progress

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

Record-Route: sip:bgcf1.home.net, sip:scscf.home.net
Remote-Party-ID: 

Anonymity: 

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=

m=

Record-Route: 
BGCF#1 determines the entry to the right of its own entry. 

Via: 
determined by BGCF#1.

14.


183 Session Progress (S-S#4c to MO) – see example in Table 8.3.7-14

S-CSCF#1 forwards the 183 Session Progress response to the originator, as per the originating procedure.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.7-14: 183 Session Progress (S-S#4c to MO)

SIP/2.0 183 Session Progress

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

Record-Route: 

Remote-Party-ID: 

Anonymity: 

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=

m=

15.


PRACK (MO to S-S#4c) – see example in Table 8.3.7-15

The originator decides the final set of media streams, and includes this information in the PRACK request sent to S-CSCF by the origination procedures. 

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.7-15: PRACK (MO to S-S#4c)

PRACK sip:scscf.home.net SIP/2.0

Via: SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:bgcf1.home.net, sip:04/11@mgcf72.term.net
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: B36(SHA-1(555-1111;time=36123E5B;seq=72))@localhost

Cseq: 128 PRACK

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.home.net
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
16.


PRACK (S-CSCF to BGCF) – see example in Table 8.3.7-16

S-CSCF forwards the PRACK request to BGCF#1.

Table 8.3.7-16: PRACK (S-CSCF to BGCF)

PRACK sip:bgcf1.home.net SIP/2.0

Via: SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]
Route:
sip:04/11@mgcf72.term.net
Record-Route: sip:scscf.home.net

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Rack: 

Content-Type: 
Content-length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

17.


PRACK (BGCF to MGCF) – see example in Table 8.3.7-17

BGCF#1 forwards the PRACK request to MGCF.

Table 8.3.7-17: PRACK (BGCF to MGCF)

PRACK sip:04/11@mgcf72.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, 
SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])
Record-Route: sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Rack: 

Content-Type: 
Content-length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

Via:, Record-Route: 
translated to maintain configuration independence of the home operator.

18.


200 OK (MGCF to BGCF) – see example in Table 8.3.7-18

The MGCF responds to the PRACK request (17) with a 200 OK response.

Table 8.3.7-18: 200 OK (MGCF to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])
Record-Route: sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:04/11@mgcf72.term.net

Content-length: 0

19.


200 OK (BGCF to S-CSCF) – see example in Table 8.3.7-19

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

Table 8.3.7-19: 200 OK (BGCF to S-CSCF)

SIP/2.0 200 OK

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

Record-Route: sip:bgcf1.home.net, sip:scscf.home.net
From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

Record-Route: 
BGCF#1 determines the entry to the right of its own entry. 

Via: 
determined by BGCF#1.

20.


200 OK (S-S#4c to MO) – see example in Table 8.3.7-20

S-CSCF forwards the 200 OK response to the originating endpoint.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.7-20: 200 OK (S-S#4c to MO)

SIP/2.0 200 OK

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

Record-Route:  

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

21.


COMET (MO to S-S#4c) – see example in Table 8.3.7-21

When the originating endpoint has completed the resource reservation procedures, it sends the COMET request to S-CSCF#1 by the origination procedures.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.7-21: COMET (MO to S-S#4c)

COMET sip:scscf.home.net SIP/2.0

Via: SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:bgcf1.home.net, sip:04/11@mgcf72.term.net
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: B36(SHA-1(555-1111;time=36123E5B;seq=72))@localhost

Cseq: 129 COMET

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.home.net
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

22.


COMET (S-CSCF to BGCF) – see example in Table 8.3.7-22

S-CSCF forwards the COMET request to BGCF#1.

Table 8.3.7-22: COMET (S-CSCF to BGCF)

COMET sip:bgcf1.home.net SIP/2.0

Via: SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]
Route:
sip:04/11@mgcf72.term.net
Record-Route: sip:scscf.home.net

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 
Content-length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

23.


COMET (BGCF to MGCF) – see example in Table 8.3.7-23

BGCF#1 forwards the COMET request to MGCF.

Table 8.3.3-23: COMET (BGCF to MGCF)

COMET sip:04/11@mgcf72.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, 
SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])
Record-Route: sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 
Content-length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

Via:, Record-Route: 
translated to maintain configuration independence of the home operator.

24.


200 OK (MGCF to BGCF) – see example in Table 8.3.7-24

The MGCF responds to the COMET request (23) with a 200 OK response.

Table 8.3.3-24: 200 OK (MGCG to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP Token(SIP/2.0/UDP scscf.home.net, 

SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])
Record-Route: sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:04/11@mgcf72.term.net

Content-length: 0

25.


200 OK (BGCF to S-CSCF) – see example in Table 8.3.7-25

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

Table 8.3.7-25: 200 OK (BGCF to S-CSCF)

SIP/2.0 200 OK

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

Record-Route: sip:bgcf1.home.net, sip:scscf.home.net
From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

Record-Route: 
BGCF#1 determines the entry to the right of its own entry. 

Via: 
determined by BGCF#1.

26.


200 OK (S-S#4c to MO) – see example in Table 8.3.7-26

S-CSCF#1 forwards the 200 OK response to the originating endpoint.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.7-26: 200 OK (S-S#4c to MO)

SIP/2.0 200 OK

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

Record-Route:  

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

27.


180 Ringing (MGCF to BGCF) – see example in Table 8.3.7-27

The MGCF may optionally send a 180 Ringing provisional response indicating alerting is in progress.  

Table 8.3.7-27: 180 Ringing (MGCF to BGCF)

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP 
Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd])
Record-Route: sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:04/11@mgcf72.term.net

RSeq: 9022

Content-length: 0

28.


180 Ringing (BGCF to BGCF) – see example in Table 8.3.7-28

BGCF#2 forwards the 180 Ringing response to BGCF#1.

Table 8.3.7-28: 180 Ringing (BGCF to BGCF)

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])
Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

RSeq: 

Content-length: 

29.


180 Ringing (BGCF to S-CSCF) – see example in Table 8.3.7-29

BGCF#1 forwards the 180 Ringing response to S-CSCF.

Table 8.3.7-29: 180 Ringing (BGCF to S-CSCF)

SIP/2.0 180 Ringing

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

Record-Route: sip:bgcf1.home.net, sip:scscf.home.net
From: 

To: 

Call-ID: 

CSeq: 

Contact: 

RSeq: 

Content-length: 

Record-Route: 
BGCF#1 determines the entry to the right of its own entry. 

Via: 
determined by BGCF#1.

30.


Ringing (S-S#4c to MO) – see example in Table 8.3.7-30

S-CSCF#1 forwards the 180 Ringing response to the originator, per the origination procedure.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.7-30: 180 Ringing (S-S#4c to MO)

SIP/2.0 180 Ringing

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

Record-Route:  

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

RSeq: 

Content-length: 

31.


PRACK (MO to S-S#4c) – see example in Table 8.3.7-31

The originator acknowledges the 180 Ringing provisional response (30) with a PRACK request.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.7-31: PRACK (MO to S-S#4c)

PRACK sip:scscf.home.net SIP/2.0

Via: SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:bgcf1.home.net, sip:04/11@mgcf72.term.net
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: B36(SHA-1(555-1111;time=36123E5B;seq=72))@localhost

Cseq: 130 PRACK

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.home.net
Rack: 9022 127 INVITE

Content-length: 0
32.


PRACK (S-CSCF to BGCF) – see example in Table 8.3.7-32

S-CSCF#1 forwards the PRACK request to BGCF#1.

Table 8.3.7-32: PRACK (S-CSCF to BGCF)

PRACK sip:bgcf1.home.net SIP/2.0

Via: SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]
Route:
sip:04/11@mgcf72.term.net
Record-Route: sip:scscf.home.net

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Rack: 

Content-length: 
33.


PRACK (BGCF to MGCF) – see example in Table 8.3.7-33

BGCF#1 forwards the PRACK request to MGCF.

Table 8.3.7-33: PRACK (BGCF to MGCF)

PRACK sip:04/11@mgcf72.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, 
SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])
Record-Route: sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Rack: 

Content-length: 
Via:, Record-Route: 
translated to maintain configuration independence of the home operator.

34.


200 OK (MGCF to BGCF) – see example in Table 8.3.7-34

The MGCF responds to the PRACK request (38) with a 200 OK response.

Table 8.3.7-34: 200 OK (MGCF to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP Token(SIP/2.0/UDP scscf.home.net, 

SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])
Record-Route: sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:04/11@mgcf72.term.net

Content-length: 0

35.


200 OK (BGCF to S-CSCF) – see example in Table 8.3.7-35

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

Table 8.3.7-35: 200 OK (BGCF to S-CSCF)

SIP/2.0 200 OK

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

Record-Route: sip:bgcf1.home.net, sip:scscf.home.net
From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

Record-Route: 
BGCF#1 determines the entry to the right of its own entry. 

Via: 
determined by BGCF#1.

36.


200 OK (S-S#4c to MO) – see example in Table 8.3.7-36

S-CSCF forwards the 200 OK to the originating endpoint.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.7-36: 200 OK (S-S#4c to MO)

SIP/2.0 200 OK

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

Record-Route:  

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

37.


Service Control

MGCF performs whatever service control is appropriate for a completed call.

38.


200 OK (MGCF to BGCF) – see example in Table 8.3.7-38

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

Table 8.3.7-38: 200 OK (MGCF to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP 
Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd])
Record-Route: sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

CSeq: 127 INVITE

Contact: sip:04/11@mgcf72.term.net

Content-length: 0

39.


200 OK (BGCF to BGCF) – see example in Table 8.3.7-39

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

Table 8.3.7-39: 200 OK (BGCF to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])
Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

40.


200 OK (BGCF to S-CSCF) – see example in Table 8.3.7-40 

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

Table 8.3.7-40: 200 OK (BGCF to S-CSCF)

SIP/2.0 200 OK

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

Record-Route: sip:bgcf1.home.net, sip:scscf.home.net
From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

Record-Route: 
BGCF#1 determines the entry to the right of its own entry. 

Via: 
determined by BGCF#1.

41.


Service Control

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

42.


200 OK (S-S#4c to MO) – see example in Table 8.3.7-42

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

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.7-42: 200 OK (S-S#4c to MO)

SIP/2.0 200 OK

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

Record-Route:  

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

43.


ACK (MO to S-S#4c) – see example in Table 8.3.7-43

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

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.7-43: ACK (MO to S-S#4c)

ACK sip:scscf.home.net SIP/2.0

Via: SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:bgcf1.home.net, sip:04/11@mgcf72.term.net
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: B36(SHA-1(555-1111;time=36123E5B;seq=72))@localhost

Cseq: 127 ACK

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.home.net
Content-length: 0
44.


ACK (S-CSCF to BGCF) – see example in Table 8.3.7-44

S-CSCF forwards the ACK request to BGCF#1.

Table 8.3.7-44: ACK (S-CSCF to BGCF)

ACK sip:bgcf1.home.net SIP/2.0

Via: SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]
Route:
sip:04/11@mgcf72.term.net
Record-Route: sip:scscf.home.net

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-length: 
45.


ACK (BGCF to BGCF) – see example in Table 8.3.7-45

BGCF#1 forwards the ACK request to MGCF.

Table 8.3.7-45: ACK (BGCF to MGCF)

ACK sip:04/11@mgcf72.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP Token(SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, 
SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])
Record-Route: sip:bgcf1.home.net, sip:Token(sip:scscf.home.net)
From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-length: 
Via:, Record-Route: 
translated to maintain configuration independence of the home operator.

8.3.8

(S-S#4d) PSTN Termination performed by different operator than origination, with configuration hiding by terminating network operator only

The Serving-CSCF handling call origination performs an analysis of the destination address, and determines that it will result in a PSTN termination. The request is therefore forwarded to a local BGCF (BGCF#1).  BGCF#1 performs further analysis of the destination address, combined with information of agreements between operators for optimum Gateway selection, and decides to do the PSTN termination in a different operator’s network.  BGCF#1 therefore forwards the request to a BGCF in the terminating operator’s network, BGCF#2.  BGCF#2 allocates a MGCF within the its network, and sends the request to it.  Only the terminating network operator desires to keep their configuration hidden, so BGCF#2 stays in the signaling path for future requests.

Origination sequences that share this common S-CSCF to S-CSCF procedure are:

MO#1a
Mobile origination, roaming, without firewall.  The “Originating Network” of S-S#4d is therefore a visited network.

MO#1b
Mobile origination, roaming, with firewall in home network.  The “Originating Network” of S-S#4d is therefore a visited network.

MO#2
Mobile origination, located in home service area.  The “Originating Network” of S-S#4d is therefore the home network.

PSTN-O
PSTN origination.  The “Originating Network” of S-S#4d is the home network.  The element labeled S-CSCF#1 is the MGCF of the PSTN-O procedure.

Termination sequences that share this common S-CSCF to S-CSCF procedure are:

PSTN-T
PSTN termination. 
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Figure 8.3.8 – S-S#4d

Procedure S-S#4d is as follows: 

1.


INVITE (MO to S-S#4d) – see example in Table 8.3.8-1

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

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.8-1: INVITE (MO to S-S#4d)

INVITE sip:scscf.home.net SIP/2.0

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

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

Supported: 100rel 

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

Proxy-Require: privacy

Anonymity: Off 

From: “Alien Blaster” <sip:B36(SHA-1(+1-212-555-1111; time=36123E5B; seq=72))@localhost>;


tag=171828

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

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

Cseq: 127 INVITE 

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.home.net

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#4d to MO) – see example in Table 8.3.8-2

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

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.8-2: 100 Trying (S-S#4d to MO)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP pcscf1.home.net, 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 call 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 BGCF) – see example in Table 8.3.8-4

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

Table 8.3.8-4: INVITE (S-CSCF to BGCF)

INVITE sip:bgcf1.home.net SIP/2.0

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

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

Record-Route: sip:scscf.home.net

Supported: 

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

Proxy-Require: 

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-length:

v=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 (BGCF to S-CSCF) – see example in Table 8.3.8-5

BGCF#1 sends a 100 Trying provisional response to S-CSCF#1. 

Table 8.3.8-5: 100 Trying (BGCF to S-CSCF)

SIP/2.0 100 Trying

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

From: 

To: 

Call-ID: 

CSeq: 

Content-length: 0

6.


INVITE (BGCF to BGCF) – see example in Table 8.3.8-6

BGCF#1 analyzes the destination address, and the inter-operator agreements for optimal PSTN termination, and selects the network operator that can best terminate this session.  BGCF#1 forwards the INVITE request to the BGCF (BGCF#2) in the network that will handle the call termination.

Table 8.3.8-6: INVITE (BGCF to BGCF)

INVITE sip:bgcf2.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

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

Record-Route: sip:scscf.home.net

Supported: 

Remote-Party-ID: 

Proxy-Require: 

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-length:

v=

o=

s=

c= 

b=

t=

m=

m=

m=

a= 

a=

a=

a=

m=

a=

a=

a=

a=

7.


100 Trying (BGCF to BGCF) – see example in Table 8.3.8-7

BGCF#2 responds to the INVITE request (6) with a 100 Trying provisional response.

Table 8.3.8-7: 100 Trying (BGCF to BGCF)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

From: 

To: 

Call-ID: 

CSeq: 

Content-length: 0

8.


INVITE (BGCF to MGCF) – see example in Table 8.3.8-8

BGCF#2 allocates a Media Gateway Controller, and forwards the INVITE request to that MGCF. 

Table 8.3.8-8: INVITE (BGCF to MGCF)

INVITE sip:mgcf72.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP 
scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

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

Record-Route:  sip:bgcf2.term.net, sip:scscf.home.net

Supported: 

Remote-Party-ID: 

Proxy-Require: 

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 

Content-length:

v=

o=

s=

c= 

b=

t=

m=

m=

m=

a= 

a=

a=

a=

m=

a=

a=

a=

a=

9.


100 Trying (MGCF to BGCF) – see example in Table 8.3.8-9

MGCF sends a 100 Trying provisional response.

Table 8.3.8-9: 100 Trying (MGCF to BGCF)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP 
scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd])

From: 

To: 

Call-ID: 

CSeq: 

Content-length: 0

10.


Service Control

MGCF performs whatever service control is necessary for this call termination attempt.

Editor’s Note: Should the MGCF be performing service control or is this a copy-and-paste error?

11.


183 Session Progress (MGCF to BGCF) – see example in Table 8.3.8-11

MGCF returns the media stream capabilities of the destination in a 183 Session Progress provisional response.

Table 8.3.8-11: 183 Session Progress (MGCF to BGCF)

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route:  sip:bgcf2.term.net, sip:scscf.home.net

Remote-Party-ID: “John Smith” <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:04/11@mgcf72.term.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
12.


183 Session Progress (BGCF to BGCF) – see example in Table 8.3.8-12

BGCF#2 forwards the 183 Session Progress provisional response to BGCF#1.

Table 8.3.8-12: 183 Session Progress (BGCF to BGCF)

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:bgcf2.term.net, sip:scscf.home.net

Remote-Party-ID: 

Anonymity: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:Token(sip:04/11@mgcf72.term.net)

RSeq: 

Content-Disposition: 

Content-Type: 

Content-length: 

v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

Record-Route: 
formed by BGCF#2 reversing and translating all the entries to the left of its own entry.  Since BGCF#2 is the first entry in Record-Route, the Contact header is translated.

13.


183 Session Progress (BGCF to S-CSCF) – see example in Table 8.3.8-13

BGCF#1 forwards the 183 Session Progress provisional response to S-CSCF.  

Table 8.3.8-13: 183 Session Progress (BGCF to S-CSCF)

SIP/2.0 183 Session Progress

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

Record-Route: 

Remote-Party-ID: 

Anonymity: 

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=

m=

14.


183 Session Progress (S-S#4d to MO) – see example in Table 8.3.8-14

S-CSCF#1 forwards the 183 Session Progress response to the originator, as per the originating procedure.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.8-14: 183 Session Progress (S-S#4d to MO)

SIP/2.0 183 Session Progress

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

Record-Route: 

Remote-Party-ID: 

Anonymity: 

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=

m=

15.


PRACK (MO to S-S#4d) – see example in Table 8.3.8-15

The originator decides the final set of media streams, and includes this information in the PRACK request sent to S-CSCF by the origination procedures. 

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.8-15: PRACK (MO to S-S#4d)

PRACK sip:scscf.home.net SIP/2.0

Via: SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:bgcf2.term.net, sip:Token(sip:04/11@mgcf72.term.net)
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: B36(SHA-1(555-1111;time=36123E5B;seq=72))@localhost

Cseq: 128 PRACK

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.home.net
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
16.


PRACK (S-CSCF to BGCF) – see example in Table 8.3.8-16

S-CSCF forwards the PRACK request to BGCF#2.

Table 8.3.8-16: PRACK (S-CSCF to BGCF)

PRACK sip:bgcf2.term.net SIP/2.0

Via: SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]
Route:
sip:Token(sip:04/11@mgcf72.term.net)
Record-Route: sip:scscf.home.net

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Rack: 

Content-Type: 
Content-length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

17.


PRACK (BGCF to MGCF) – see example in Table 8.3.8-17

BGCF#2 determines the next CSCF address, and forwards the PRACK request to the MGCF.

Table 8.3.8-17: PRACK (BGCF to MGCF)

PRACK sip:04/11@mgcf72.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Record-Route:  sip:bgcf2.term.net, sip:scscf.home.net

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Rack: 

Content-Type: 
Content-length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

18.


200 OK (MGCF to BGCF) – see example in Table 8.3.8-18

The MGCF responds to the PRACK request (17) with a 200 OK response.

Table 8.3.8-18: 200 OK (MGCF to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:bgcf2.term.net, sip:scscf.home.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:04/11@mgcf72.term.net

Content-length: 0

19.


200 OK (BGCF to SGCF) – see example in Table 8.3.8-19

BGCF#2 forwards the 200 OK response to S-CSCF#1.

Table 8.3.8-19: 200 OK (BGCF to S-CSCF)

SIP/2.0 200 OK

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

Record-Route: sip:bgcf2.term.net, sip:scscf.home.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:Token(sip:04/11@mgcf72.term.net)

Content-length: 

Record-Route: 
formed by BGCF#2 reversing and translating all the entries to the left of its own entry.  Since BGCF#2 is the first entry in Record-Route, the Contact header is translated.

20.


200 OK (S-S#4d to MO) – see example in Table 8.3.8-20

S-CSCF forwards the 200 OK response to the originating endpoint.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.8-20: 200 OK (S-S#4d to MO)

SIP/2.0 200 OK

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

Record-Route:  

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

21.


COMET (MO to S-S#4d) – see example in Table 8.3.8-21

When the originating endpoint has completed the resource reservation procedures, it sends the COMET request to S-CSCF#1 by the origination procedures.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.8-21: COMET (MO to S-S#4d)

COMET sip:scscf.home.net SIP/2.0

Via: SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:bgcf2.term.net, sip:Token(sip:04/11@mgcf72.term.net)
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: B36(SHA-1(555-1111;time=36123E5B;seq=72))@localhost

Cseq: 129 COMET

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.home.net
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

22.


COMET (S-CSCF to BGCF) – see example in Table 8.3.8-22

S-CSCF forwards the COMET request to BGCF#2.

Table 8.3.8-22: COMET (S-CSCF to BGCF)

COMET sip:bgcf2.term.net SIP/2.0

Via: SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]
Route:
sip:Token(sip:04/11@mgcf72.term.net)
Record-Route: sip:scscf.home.net

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 
Content-length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=

23.


COMET (BGCF to MGCF) – see example in Table 8.3.8-23

BGCF#2 determines the next CSCF address, and forwards the COMET request to the MGCF.

Table 8.3.3-23: COMET (BGCF to MGCF)

COMET sip:04/11@mgcf72.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Record-Route:  sip:bgcf2.term.net, sip:scscf.home.net

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-Type: 
Content-length: 
v=

o=

s=

c=

b=

t=

m=

m=

m=

a=

a=

a=

m=
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200 OK (MGCF to BGCF) – see example in Table 8.3.8-24

The MGCF responds to the COMET request (23) with a 200 OK response.

Table 8.3.3-24: 200 OK (MGCG to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:bgcf2.term.net, sip:scscf.home.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:04/11@mgcf72.term.net

Content-length: 0

25.


200 OK (BGCF to BGCF) – see example in Table 8.3.8-25

BGCF#2 forwards the 200 OK response to S-CSCF#1.

Table 8.3.8-25: 200 OK (BGCF to S-CSCF)

SIP/2.0 200 OK

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

Record-Route: sip:bgcf2.term.net, sip:scscf.home.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:Token(sip:04/11@mgcf72.term.net)

Content-length: 

Record-Route: 
formed by BGCF#2 reversing and translating all the entries to the left of its own entry.  Since BGCF#2 is the first entry in Record-Route, the Contact header is translated.
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200 OK (S-S#4d to MO) – see example in Table 8.3.8-26

S-CSCF#1 forwards the 200 OK response to the originating endpoint.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.8-26: 200 OK (S-S#4d to MO)

SIP/2.0 200 OK

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

Record-Route:  

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

27.


180 Ringing (MGCF to BGCF) – see example in Table 8.3.8-27

The MGCF may optionally send a 180 Ringing provisional response indicating alerting is in progress.  

Table 8.3.8-27: 180 Ringing (MGCF to BGCF)

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route:  sip:bgcf2.term.net, sip:scscf.home.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:04/11@mgcf72.term.net

RSeq: 9022

Content-length: 0

28.


180 Ringing (BGCF to BGCF) – see example in Table 8.3.8-28

BGCF#2 forwards the 180 Ringing response to BGCF#1.

Table 8.3.8-28: 180 Ringing (BGCF to BGCF)

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:bgcf2.term.net, sip:scscf.home.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:Token(sip:04/11@mgcf72.term.net)

RSeq: 

Content-length: 

Record-Route: 
formed by BGCF#2 reversing and translating all the entries to the left of its own entry.  Since BGCF#2 is the first entry in Record-Route, the Contact header is translated.
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180 Ringing (BGCF to S-CSCF) – see example in Table 8.3.8-29

BGCF#1 forwards the 180 Ringing response to S-CSCF.

Table 8.3.8-29: 180 Ringing (BGCF to S-CSCF)

SIP/2.0 180 Ringing

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

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

RSeq: 

Content-length: 

30.


Ringing (S-S#4d to MO) – see example in Table 8.3.8-30

S-CSCF#1 forwards the 180 Ringing response to the originator, per the origination procedure.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.8-30: 180 Ringing (S-S#4d to MO)

SIP/2.0 180 Ringing

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

Record-Route:  

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

RSeq: 

Content-length: 

31.


PRACK (MO to S-S#4d) – see example in Table 8.3.8-31

The originator acknowledges the 180 Ringing provisional response (30) with a PRACK request.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.8-31: PRACK (MO to S-S#4d)

PRACK sip:scscf.home.net SIP/2.0

Via: SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:bgcf2.term.net, sip:Token(sip:04/11@mgcf72.term.net)
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: B36(SHA-1(555-1111;time=36123E5B;seq=72))@localhost

Cseq: 130 PRACK

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.home.net
Rack: 9022 127 INVITE

Content-length: 0
32.


PRACK (S-CSCF to BGCF) – see example in Table 8.3.8-32

S-CSCF#1 forwards the PRACK request to BGCF#2.

Table 8.3.8-32: PRACK (S-CSCF to BGCF)

PRACK sip:bgcf2.term.net SIP/2.0

Via: SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]
Route:
sip:Token(sip:04/11@mgcf72.term.net)
Record-Route: sip:scscf.home.net

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Rack: 

Content-length: 
33.


PRACK (BGCF to MGCF) – see example in Table 8.3.8-33

BGCF#2 determines the next CSCF address, and forwards the PRACK request to the MGCF.

Table 8.3.8-33: PRACK (BGCF to MGCF)

PRACK sip:04/11@mgcf72.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Record-Route:  sip:bgcf2.term.net, sip:scscf.home.net

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Rack: 

Content-length: 
34.


200 OK (MGCF to BGCF) – see example in Table 8.3.8-34

The MGCF responds to the PRACK request (33) with a 200 OK response.

Table 8.3.8-34: 200 OK (MGCF to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:bgcf2.term.net, sip:scscf.home.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:04/11@mgcf72.term.net

Content-length: 0

35.


200 OK (BGCF to BGCF) – see example in Table 8.3.8-35

BGCF#2 forwards the 200 OK response to S-CSCF#1.

Table 8.3.8-35: 200 OK (BGCG to S-CSCF)

SIP/2.0 200 OK

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

Record-Route: sip:bgcf2.term.net, sip:scscf.home.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:Token(sip:04/11@mgcf72.term.net)

Content-length: 

Record-Route: 
formed by BGCF#2 reversing and translating all the entries to the left of its own entry.  Since BGCF#2 is the first entry in Record-Route, the Contact header is translated.
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200 OK (S-S#4d to MO) – see example in Table 8.3.8-36

S-CSCF forwards the 200 OK to the originating endpoint.

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.8-36: 200 OK (S-S#4d to MO)

SIP/2.0 200 OK

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

Record-Route:  

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

37.


Service Control

MGCF performs whatever service control is appropriate for a completed call.

38.


200 OK (MGCF to BGCF) – see example in Table 8.3.8-38

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

Table 8.3.8-38: 200 OK (MGCF to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP bgcf1.home.net,  SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route:  sip:bgcf2.term.net, sip:scscf.home.net

From: 

To: 

Call-ID: 

CSeq: 127 INVITE

Contact: sip:04/11@mgcf72.term.net

Content-length: 0
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200 OK (BGCF to BGCF) – see example in Table 8.3.8-39

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

Table 8.3.8-39: 200 OK (BGCF to BGCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf1.home.net, SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP 
pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:bgcf2.term.net, sip:scscf.home.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:Token(sip:04/11@mgcf72.term.net)

Content-length: 

Record-Route: 
formed by BGCF#2 reversing and translating all the entries to the left of its own entry.  Since BGCF#2 is the first entry in Record-Route, the Contact header is translated.
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200 OK (BGCF to S-CSCF) – see example in Table 8.3.8-40

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

Table 8.3.8-40: 200 OK (BGCF to S-CSCF)

SIP/2.0 200 OK

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

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

41.


Service Control

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

42.


200 OK (S-S#4d to MO) – see example in Table 8.3.8-42

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

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.8-42: 200 OK (S-S#4d to MO)

SIP/2.0 200 OK

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

Record-Route:  

From: 

To: 

Call-ID: 

CSeq: 

Contact: 

Content-length: 

43.


ACK (MO to S-S#4d) – see example in Table 8.3.8-43

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

NOTE: 
There are a number of different origination flows, and the table represents a typical example of what one of these flows may produce. In this case, MO#2 is assumed.

Table 8.3.8-43: ACK (MO to S-S#4d)

ACK sip:scscf.home.net SIP/2.0

Via: SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Route: sip:bgcf2.term.net, sip:Token(sip:04/11@mgcf72.term.net)
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: B36(SHA-1(555-1111;time=36123E5B;seq=72))@localhost

Cseq: 127 ACK

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf1.home.net
Content-length: 0
44.


ACK (S-CSCF to BGCF) – see example in Table 8.3.8-44

S-CSCF forwards the ACK request to BGCF#2.

Table 8.3.8-44: ACK (S-CSCF to BGCF)

ACK sip:bgcf2.term.net SIP/2.0

Via: SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]
Route:
sip:Token(sip:04/11@mgcf72.term.net)
Record-Route: sip:scscf.home.net

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-length: 
45.


ACK (BGCF to MGCF) – see example in Table 8.3.8-45

BGCF#2 determines the next CSCF address, and forwards the ACK request to the MGCF.

Table 8.3.8-45: ACK (BGCF to MGCF)

ACK sip:04/11@mgcf72.term.net SIP/2.0

Via: SIP/2.0/UDP bgcf2.term.net, SIP/2.0/UDP scscf.home.net, 
SIP/2.0/UDP pcscf1.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]
Record-Route:  sip:bgcf2.term.net, sip:scscf.home.net

From: 

To: 

Call-ID: 

Cseq: 

Contact: 

Content-length: 
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