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1. Introduction

This contribution proposes a simplification to media gating.  Media gating at the MGW is currently shown to take place after answer by the called party.  This does not allow for early media to be sent to the calling party.  Early media may be necessary for network provided tones or announcements.  So, there at least needs to be one-way media flow to the calling party earlier in the sequence.

Also, since gating at GGSN already happens under control of the P-CSCF/PCF, there is not a need to do gating at the MGW.  If the media is blocked on any part of the path, then that is sufficient to prevent transmission of media between endpoints (either one-way or two-way).

The proposed change is to eliminate the media gating function of the MGW by enabling the media at the same time the resources are allocated at the MGW.  The system will rely solely on the GGSN gating instead.

2. Proposal

The following text is from the section 8.2.5.1 and the section 8.3.5 of 3GPP TS 24.228, with suggested changes highlighted.  The figures have also been modified.
First amended section

8.2.5.1
PSTN originated sessions routed towards IM CN subsystem (through MGCF)

This clause presents only the case of PSTN originated sessions routed towards the IP Multimedia subsystem reaching first a MGCF.
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Figure 8.2.5.1 – PSTN-O

The PSTN Origination procedure is as follows:

1.
SS7 IAM


The PSTN establishes a bearer path to the MGW, and signals to the T-SGW with a SS7 IAM message, giving the trunk identity and destination information

2.
IP-IAM


The T-SGW forwards the SS7 message, encapsulated in IP, to the MGCF.

3.
H.248 Interaction


The MGCF initiates a H.248 command, to seize the trunk and an IP port.

4.
INVITE (PSTN-O to S-S) – see example in Table 8.2.5.1-4


The MGCF initiates an INVITE request, containing an initial SDP, as per the proper S-CSCF to S-CSCF procedure. 

Table 8.2.5.1-4: INVITE (PSTN-O to S-S)

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

Via: SIP/2.0/UDP mgcf21.home.net

Supported: 100rel 

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

Proxy-Require: privacy

Anonymity: Off 

From: <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:017/4@mgcf21.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=audio 3456 RTP/AVP 97 3 96

a=rtpmap:97 AMR 

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

a=rtpmap:96 G726-32/8000

a=qos:mandatory sendrecv 

Request-URI: 
contains the keyed number from the user, as obtained from SS7 signalling.

Via: 
contains the IP address or FQDN of the originating MGCF.

Remote-Party-ID: contains the identity of the originator.  The Display name is optional.

Proxy-Require: 
The sip privacy draft specifies that the usage of the Remote-Party-Id MUST be accompanied by a Proxy-Require header specifying “privacy” in all INVITE requests.

From:, To:, Call-ID:  follow the recommendations of draft-ietf-sip-privacy-01, even though anonymity is not being requested for this session.

Cseq: 
a random starting number.

Contact: 
is the line identification and IP address or FQDN of the originating MGCF.

5.
100 Trying (S-S to PSTN-O) – see example in Table 8.2.5.1-5


MGCF receives a 100 Trying provisional response, as specified by the S-CSCF to S-CSCF procedures. 

Table 8.2.5.1-5: 100 Trying (S-S to PSTN-O)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP mgcf21.home.net

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

6.
183 Session Progress (S-S to PSTN-O) – see example in Table 8.2.5.1-6


The media stream capabilities of the destination are returned along the signalling path, in a 183 Session Progress provisional response, per the S-CSCF to S-CSCF procedures.

NOTE: 
There are a number of different S-CSCF to S-CSCF flows, and the table represents a typical example of what one of these flows may produce. In this case, S-S#2 and MT#2 are assumed.

Table 8.2.5.1-6: 183 Session Progress (S-S to PSTN-O)

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP mgcf21.home.net

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

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

Proxy-Require: 

Anonymity: Off

Require: 100rel

From: 

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

Call-ID: 

CSeq: 

Contact: sip:%5b5555%3a%3aeee%3afff%3aaaa%3abbb%5d@pcscf2.home.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=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
7.
PRACK (PSTN-O to S-S) – see example in Table 8.2.5.1-7


MGCF decides the final set of media streams for this session, and includes this information in the PRACK request, send to the destination per the S-CSCF to S-CSCF procedures.

Table 8.2.5.1-7: PRACK (PSTN-O to S-S)

PRACK sip:scscf2.home.net SIP/2.0

Via: SIP/2.0/UDP mgcf21.home.net

Route: sip:%5b5555%3a%3aeee%3afff%3aaaa%3abbb%5d@pcscf2.home.net
From: <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:017/4@mgcf21.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=audio 3456 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:mandatory sendrecv

Request-URI:
takes the value of the Contact header of the received 183 Session Progress response.

Via: 
takes the value of either the IP address or FQDN of the originating MGCF.

From:, To:, Call-ID: copied from the 183 Session Progress response so that they include any tag parameter.

Contact: 
is the line identification and IP address or FQDN of the originating MGCF.

Cseq:  
takes a higher value than that in the previous request.


The final selection of the media stream from the set of those supported by the terminating endpoint, given in the received 183 Session Progress response (14), is made by the originating MGCF and included in the SDP.

8.
200 OK (S-S to PSTN-O) – see example in Table 8.2.5.1-8


The destination responds to the PRACK request (7) with a 200 OK response.

Table 8.2.5.1-8: 200OK (S-S to PSTN-O)

SIP/2.0 200 OK

Via: SIP/2.0/UDP mgcf21.home.net

Record-Route: sip:scscf2.home.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:%5b5555%3a%3aeee%3afff%3aaaa%3abbb%5d@pcscf2.home.net

Content-Length: 0

9.
H.248 Interaction


MGCF initiates a H.248 command to modify the connection parameters and instruct the MGW to reserve the resources needed for the session.  Also, the MGW will allow bi-directional media flow.
10.
Reserve Resources


MGW reserves the resources needed for the session

11.
COMET (PSTN-O to S-S) – see example in Table 8.2.5.1-11


When the resource reservation is completed, MGCF sends the COMET request to the terminating endpoint, per the S-S procedures.

Table 8.2.5.1-11: COMET (PSTN-O to S-S)

COMET sip:scscf2.home.net SIP/2.0

Via: SIP/2.0/UDP mgcf21.home.net
Route: sip:%5b5555%3a%3aeee%3afff%3aaaa%3abbb%5d@pcscf2.home.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:mgcf21.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=audio 3456 RTP/AVP 97

a=rtpmap:97 AMR

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

a=qos:success sendonly

Request-URI: 
the first component of the Route header, built from the Record-Route response of the received 183 Session Progress response.

Via: 
contains the IP address or FQDN of the originating MGCF.

From:, To:, Call-ID: copied from the 183 Session Progress response so that they include any tag parameters.

Contact: 
is the line identification and IP address or FQDN of the originating MGCF.

Cseq: 
takes a higher value than that in the previous request.

The SDP indicates that the resource reservation was successful.

12.
200 OK (S-S to PSTN-O) – see example in Table 8.2.5.1-12


The destination endpoint responds to the COMET request  (11) with a 200 OK response.

Table 8.2.5.1-12: 200 OK (S-S to PSTN-O)

SIP/2.0 200 OK

Via: SIP/2.0/UDP mgcf21.home.net

Record-Route: sip:scscf2.home.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:%5b5555%3a%3aeee%3afff%3aaaa%3abbb%5d@pcscf2.home.net

Content-Length: 0

13.
180 Ringing (S-S to PSTN-O) – see example in Table 8.2.5.1-13


The destination endpoint may optionally perform alerting.  If so, it signals this to the calling party by a 180 Ringing provisional response.  This response is sent to MGCF per the S-CSCF to S-CSCF procedure.

Table 8.2.5.1-13: 180 Ringing (S-S to PSTN-O)

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP mgcf21.home.net

Record-Route: sip:scscf2.home.net

Require: 100rel

From: 

To: 

Call-ID: 

CSeq: 127 INVITE

RSeq: 9022

Contact: sip:%5b5555%3a%3aeee%3afff%3aaaa%3abbb%5d@pcscf2.home.net

Content-Length: 0

14.
PRACK (PSTN-O to S-S) – see example in Table 8.2.5.1-14


MGCF acknowledges the 180 Ringing provisional response (13) with a PRACK request.

Table 8.2.5.1-14: PRACK (PSTN-O to S-S)

PRACK sip:scscf2.home.net SIP/2.0

Via: SIP/2.0/UDP mgcf21.home.net
Route: sip:%5b5555%3a%3aeee%3afff%3aaaa%3abbb%5d@pcscf2.home.net
From: 

To: 

Call-ID: 

Cseq: 130 PRACK

Contact: sip:mgcf21.home.net
Rack: 9022 127 INVITE

Content-length: 0
15.
200 OK (S-S to PSTN-O) – see example in Table 8.2.5.1-15


The destination endpoint responds to the PRACK request (14) with a 200 OK response.

Table 8.2.5.1-15: 200 OK (S-S to PSTN-O)

SIP/2.0 200 OK

Via: SIP/2.0/UDP mgcf21.home.net

Record-Route: sip:scscf2.home.net

From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:%5b5555%3a%3aeee%3afff%3aaaa%3abbb%5d@pcscf2.home.net

Content-Length: 0

16.
IP-ACM


If alerting is being performed, the MGCF forwards an IP-ACM message to T-SGW

17.
ACM


If alerting is being performed, the T-SGW forwards a SS7 ACM message

18.
200 OK (S-S to PSTN-O) – see example in Table 8.2.5.1-18


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

Table 8.2.5.1-18: 200 OK (S-S to PSTN-O)

SIP/2.0 200 OK

Via: SIP/2.0/UDP mgcf21.home.net

Record-Route: sip:scscf2.home.net

From: 

To: 

Call-ID: 

CSeq: 127 INVITE

Contact: sip:%5b5555%3a%3aeee%3afff%3aaaa%3abbb%5d@pcscf2.home.net

Content-Length: 0

19.
IP-ANM


MGCF forwards an IP-ANM message to T-SGW

20.
ANM


T-SGW forwards an ANM message to the PSTN

21.
H.248 Interaction


MGCF initiates a H.248 command to alter the connection at MGW to make it bidirectional
2221.
ACK (PSTN-O to S-S) – see example in Table 8.2.5.1-2221

MGCF acknowledges the 200 OK final response (18) with an ACK request.

Table 8.2.5.1-2221: ACK (PSTN-O to S-S)

ACK sip:scscf2.home.net SIP/2.0

Via: SIP/2.0/UDP mgcf21.home.net
Route: sip:%5b5555%3a%3aeee%3afff%3aaaa%3abbb%5d@pcscf2.home.net
From: 

To: 

Call-ID: 

Cseq: 127 ACK

Contact: sip:mgcf21.home.net
Content-length: 0
Cseq: 
is required to be the same value as Cseq is original INVITE request [3]

End of first amended section

Next amended section

8.3.5
(PSTN-T) PSTN termination 

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

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

This termination procedure can be used in either S-S#3 or S-S#4.


[image: image2.wmf]12. IAM

14. IP-ACM

11. IP-IAM

PSTN

T-SGW

MGW

5. PRACK

6. 200 OK

15. 180 Ringing

16. PRACK

17. 200 OK

19. IP-ANM

18. ANM

9. COMET

10. 200 OK

21. ACK

MGCF

1. INVITE

4. 183 Session

Progress

20. 200 OK

13. ACM

Terminating Network

8. Resource Reservation

3. H.248 interaction to

create connection

7. H.248 interaction to

modify connection

to reserve resources

and allow media flow

2. 100 Trying


Figure 8.3.5 – PSTN-T

The PSTN termination procedure is as follows:

1.
INVITE (S-S to PSTN-T) – see example in Table 8.3.5-1


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

NOTE: 
There are a number of different S-CSCF to S-CSCF flows, and the table represents a typical example of what one of these flows may produce. In this case, S-S#3 and MO#2 are assumed.

Table 8.3.5-1: INVITE (S-S to PSTN-T)

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

Via: SIP/2.0/UDP bgcf.home.net, SIP/2.0/UDP scscf0.home.net, SIP/2.0/UDP pcscf0.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:bgcf.home.net, sip:scscf0.home.net

Supported: 100rel 

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

Proxy-Require: 

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@pcscf0.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 96 0 15

a=rtpmap:97 AMR 

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

a=rtpmap:96 G726-32/8000

a=qos:mandatory sendrecv 

m=audio 3458 RTP/AVP 97 96 0 15

a=rtpmap:97 AMR 

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

a=rtpmap:96 G726-32/8000

a=qos:mandatory sendrecv 

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

2.
100 Trying (PSTN-T to S-S) – see example in Table 8.3.5-2


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

Table 8.3.5-2: 100 Trying (PSTN-T to S-S)

SIP/2.0 100 Trying

Via: SIP/2.0/UDP bgcf.home.net, SIP/2.0/UDP scscf0.home.net, SIP/2.0/UDP pcscf0.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

3.
H.248 Interaction to Create Connection


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

4.
183 Session Progress (PSTN-T to S-S) – see example in Table 8.3.5-4


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

Table 8.3.5-4: 183 Session Progress (PSTN-T to S-S)

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP bgcf.home.net, SIP/2.0/UDP scscf0.home.net, SIP/2.0/UDP pcscf0.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:bgcf.home.net, sip:scscf0.home.net

Require: 100rel

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

Anonymity: Off

From: 

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

Call-ID: 

CSeq: 

Contact: sip:017/4@mgcf4.home.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
5.
PRACK (S-S to PSTN-T) – see example in Table 8.3.5-5


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

NOTE: 
There are a number of different S-CSCF to S-CSCF flows, and the table represents a typical example of what one of these flows may produce. In this case, S-S#3 and MO#2 are assumed.

Table 8.3.5-5: PRACK (S-S to PSTN-T)

PRACK sip:mgcf.home.net SIP/2.0

Via: SIP/2.0/UDP bgcf.home.net, SIP/2.0/UDP scscf0.home.net, SIP/2.0/UDP pcscf0.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:bgcf.home.net, sip:scscf0.home.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@pcscf0.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

6.
200 OK (PSTN-T to S-S) – see example in Table 8.3.5-6


MGCF acknowledges the PRACK request (5) with a 200 OK response.

Table 8.3.5-6: 200 OK (PSTN-T to S-S)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf.home.net, SIP/2.0/UDP scscf0.home.net, SIP/2.0/UDP pcscf0.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route:

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

7.
H.248 Interaction to Modify Connection


MGCF initiates a H.248 interaction to modify the connection established in step #3 and instruct MGW to reserve the resources necessary for the media streams.  Also, the MGW will allow bi-directional media flow.
8.
Resource Reservation


MGW reserved the resources necessary for the media streams.

9.
COMET (S-S to PSTN-T) – see example in Table 8.3.5-9


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

NOTE:  
There are a number of different S-CSCF to S-CSCF flows, and the table represents a typical example of what one of these flows may produce. In this case, S-S#3 and MO#2 are assumed.

Table 8.3.5-9: COMET (S-S to PSTN-T)

COMET sip:mgcf.home.net SIP/2.0

Via: SIP/2.0/UDP bgcf.home.net, SIP/2.0/UDP scscf0.home.net, SIP/2.0/UDP pcscf0.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:bgcf.home.net, sip:scscf0.home.net

From: 

To: 

Call-ID: 

Cseq: 129 COMET 

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf0.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 3 96

a=rtpmap:97 AMR 

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

a=rtpmap:96 G726-32/8000

a=qos:success sendonly 

m=audio 0 RTP/AVP 97 96 0 15

10.
200 OK (PSTN-T to S-S) – see example in Table 8.3.5-10


MGCF acknowledges the COMET request (9) with a 200 OK response.

Table 8.3.5-10: 200 OK (PSTN-T to S-S)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf.home.net, SIP/2.0/UDP scscf0.home.net, SIP/2.0/UDP pcscf0.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route:

From: 

To: 

Call-ID: 

CSeq: 

Content-Length: 0

11.
IP-IAM


MGCF sends an IP-IAM message to the T-SGW

12.
SS7 IAM


T-SGW receives the IP-IAM and sends the SS7 IAM message into the PSTN.

13.
SS7 ACM


The PSTN establishes the path to the destination. In the present case the PSTN responds with an SS7 ACM message containing a "subscriber free" indication, implying that the called party is being alerted.

Editor’s Note: Alternatively the SS7 ACM may also be sent without any "subscriber free" indication meaning that the address is complete but not implying that the party is being alerted. This could be shown in a separate flow.

14.
IP-ACM


T-SGW sends an IP-ACM message to MGCF

15.
180 Ringing (PSTN-T to S-S) – see example in Table 8.3.5-15


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

Table 8.3.5-15: 180 Ringing (PSTN-T to S-S)

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP bgcf.home.net, SIP/2.0/UDP scscf0.home.net, SIP/2.0/UDP pcscf0.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:bgcf.home.net, sip:scscf0.home.net

Require: 100rel

From: 

To: 

Call-ID: 

CSeq: 

Contact: sip:017/4@mgcf4.home.net

RSeq: 9022

Content-length: 0


The 180 Ringing is used when the SS7 ACM has indicated that the called party is being alerted.

Editor’s Note: The 183 Session Progress is used when there is no such indication from the SS7 ACM (no information about the called party being free or alerted). This could be shown in a separate flow.
Editor’s Note: Additional QoS interactions to handle one-way media at this point (e.g. for PSTN ringback and announcements) is for further study. This may depend on the SDP information included in the 180/183 messages.

16.
PRACK (S-S to PSTN-T) – see example in Table 8.3.5-16


The originator acknowledges the 180 Ringing provisional response (15) with a PRACK request.

NOTE: 
There are a number of different S-CSCF to S-CSCF flows, and the table represents a typical example of what one of these flows may produce. In this case, S-S#3 and MO#2 are assumed.

Table 8.3.5-16: PRACK (S-S to PSTN-T)

PRACK sip:mgcf.home.net SIP/2.0

Via: SIP/2.0/UDP bgcf.home.net, SIP/2.0/UDP scscf0.home.net, SIP/2.0/UDP pcscf0.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:bgcf.home.net, sip:scscf0.home.net

From: 

To: 

Call-ID: 

Cseq: 130 PRACK

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf0.home.net
Rack: 9022 127 INVITE

Content-length: 0
17.
200 OK (PSTN-T to S-S) – see example in Table 8.3.5-17


MGCF acknowledges the PRACK request (16) with a 200 OK response.

Table 8.3.5-17: 200 OK (PSTN-T to S-S)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf.home.net, SIP/2.0/UDP scscf0.home.net, SIP/2.0/UDP pcscf0.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route:

From: 

To: 

Call-ID: 

CSeq: 

Content-length: 0

18.
SS7 ANM


When the called party answers, the PSTN sends an SS7 ANM message to T-SGW

19.
IP-ANM


T-SGW sends an IP-ANM message to MGCF

20.
H.248 Interaction to Modify Connection


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

2120. 200 OK (PSTN-T to S-S) – see example in Table 8.3.5-2120

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

Table 8.3.5-2120: 200 OK (PSTN-T to S-S)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf.home.net, SIP/2.0/UDP scscf0.home.net, SIP/2.0/UDP pcscf0.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route:

From: 

To: 

Call-ID: 

CSeq: 127 INVITE

Content-length: 0

2221. ACK (S-S to PSTN-T) – see example in Table 8.3.5-2221

The Calling party acknowledges the final response (2120) with an ACK request.

NOTE: 
There are a number of different S-CSCF to S-CSCF flows, and the table represents a typical example of what one of these flows may produce. In this case, S-S#3 and MO#2 are assumed.

Table 8.3.5-2221: ACK (S-S to PSTN-T)

ACK sip:mgcf.home.net SIP/2.0

Via: SIP/2.0/UDP bgcf.home.net, SIP/2.0/UDP scscf0.home.net, SIP/2.0/UDP pcscf0.home.net, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Record-Route: sip:bgcf.home.net, sip:scscf0.home.net

From: 

To: 

Call-ID: 

Cseq: 127 ACK

Contact: sip:%5b5555%3a%3aaaa%3abbb%3accc%3addd%5d@pcscf0.home.net
Content-length: 0
End of second and last amended section
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