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1. Introduction

This document provides initial guidance on how the hybrid model for service control supports Mobile Originated communications (a call to a local PSTN network).  The case of an outbound roamer with Home network (HPLMN) applied service control is shown.

2. Technical discussion

The call flows are not meant to be finalised stage 2 solutions for the IM Sub system, however they do illustrate:

1. the expected interactions between the UE and the CSCF within the network, 

2. interactions with the MGCF and MGW

3. interactions between the S-CSCF in the HPLMN and the Proxy and I-CSCF in the VPLMN

4. initial mappings to ISUP

5. the basic ordering of the different aspects for call delivery

6. starting points for parameter values within SIP.

Please note that the text of SIP information (in blue in the table) is meant for information to give a flavour of the information carried and is for further study and development.

Figure 1 illustrates the call flow, the call is to a local PSTN number (+33 1473 642000) from the mobile (CLI=+44 7711123456).   The descriptions for the flows and parameter are given in table 1.

The vI-CSCF has been utilised within the VPLMN as the point of intelligence to be bale to determine which is the most applicable MGCF within the HPLMN to deal with the egress of the call to the local PSTN.

Special note should be made on the proposed use of the additional messages to ensure that the bearer aspects are in place before the call has matured.  This prevents a poor perceived user quality of service when calls are answered before the bearer is in place.

3. Conclusion and proposals

These flows illustrate the ordering and linkage of C7 ISUP signalling with SIP Based UE to CSCF and CSCF to MGCF signalling, addition of MGW components and also the C Plane interactions needed to commence set-up of GPRS U Plane bearers.  They also illustrate how the Home network based SCSCF can operate to provide local control of calls for inbound roamers.  [Note: Potential timing issues with the messages traversing several networks for control needs study].

It is proposed that:

1. A new appendix (App C) is added to 23.228 to outline draft stage 2 call flows for the IM Subsystem titled ‘Appendix C. (Informative) IM Subsystem Call flows’.

2. A new sub-section is created in 23.228 titled ‘X.1. Mobile Originated Calls’, with a further sub section titled ‘X.Y.1. Mobile originated call to local PSTN, roaming mobile, home network control’.

3. The flows of Figure 1 of this document are included in 23.228.

4. The main descriptive text of table 1 is included in 23.228.

5. The Parameter text of table 1 is included in 23.228 as the basis of further development (with ffs note).
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Figure 1: Mobile originated call to local network, roaming mobile, home network control

The text in Table 1 outlines the messages and information/processing involved.  It should be noted that the application of AMR coding needs further study (the following flows suggest the use of PCM U Law coding)
Table 1: Stage 2 Mobile originated call: Descriptive text and parameters

Msg Id
Message
Description

1
INVITE     (SIP)
The ME sends the called party number to the P-CSCF in the visited network. (The Proxy CSCF was assigned to the user at registration stage).

Note: The number format entered by the user is for further study (e.g. national numbers, international format, Private Number plan format), as is the mechanism used by the SCSCF to determine how to treat DN.

Note:  The presence of the SDP qos attribute [2] in the SIP message payload that indicates here that end-to-end resource reservation in both the send and receive direction for the call is mandatory. Because the attribute is mandatory, the message receiver MUST NOT proceed until resource reservation has been completed.

The codec shown here corresponds to PCM U law but the endpoint could choose AMR usage.

INVITE sip:+33-6654-642000@pcscf.frtelecom.com SIP/2.0 

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com 
From: sip:+44-7711-123456@3gip.bt.com /*This is the user’s home network domain (public long term address for this user)*/

To: sip:+33-6654-642000@frtelecom.com /*The originating terminal doesn’t know the domain for the terminating endpoint, so, it adds its visited domain name (frtelecom.com)*/

/*The To and From headers don’t change for the rest of the call*/

Content-Type: application/sdp

/*These (in the SDP payload) are the originating endpoint’s capabilities to receive and possibly to send media : IP address, port and codecs, plus the precondition for quality of service */

c=IN IP4 e.f.g.h

m=audio 3456 RTP/AVP 0  /* Could be AMR */

a=rtpmap:0 PCMU/8000

a=qos:mandatory sendrecv

2
INVITE     (SIP)
The P-CSCF will analyse the called party number to check that is not an emergency call, the P-CSCF knows where the serving CSCF is and forwards the INVITE message to it inserting its own Via field and Record Route.

Note: The number passed back to the Home S-CSCF needs to be in a standard format. It is assumed that (for PSTN calls) the E164 number is passed back to the Home CSCF.  It is ffs how the P-CSCF can determine whether the number called is a VPLMN local number or an HPLMN local number.

Note: The impact of passing VPN numbers back to the home network is FFS. Also how does the SCSCF pass back numbers for a different country (with a different country code applied?)

INVITE sip:+33-6654-642000@scscf.3gip.bt.com SIP/2.0

Via: SIP/2.0/UDP pcscf.frtelecom.com

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Record-Route: pcscf.frtelecom.com 

/*The Proxy CSCF chooses to remain in the control path for the rest of the call. */

Content-Type: application/sdp

c=IN IP4 e.f.g.h

m=audio 3456 RTP/AVP 0  /* Could be AMR*/

a=rtpmap:0 PCMU/8000

a=qos:mandatory sendrecv

3
INVITE

(SIP)
The Home S-CSCF verifies the admission and progresses the call routing procedure. 

Issue: Charge rate

How does the Home SCSCF know which charge rate to apply to the call? Also will freephone, or operator services, premium rate etc be determined? The Home SCSCF will NOT have full number plan and charge information available for the VPLMN country.

Note that, in a non-roaming scenario, the S-CSCF would be responsible for finding out the MGCF to send the INVITE to.

In this example, a CSCF in the Home network SHOULD NOT have knowledge of the resources in the visited network and therefore, it is necessary for an entity in the visited network to make that decision.

It is an issue to decide whether it corresponds to the I-CSCF to act as an entry point to a network and look for resources (either a Serving CSCF or an appropriate MGCF) or a different entity is needed for that function.

The hS-CSCF forwards the message to the vI-CSCF.

Note: For the purposes of these call flows it is assumed that the vI-CSCF will be able to select the most appropriate MGCF to treat the call via the VPLMN (ffs). 

INVITE sip:+33-6654-642000@icscf.frtelecom.com SIP/2.0

Via: SIP/2.0/UDP scscf.3gip.bt.com

Via: SIP/2.0/UDP pcscf.frtelecom.com

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Record-Route: pcscf.frtelecom.com, scscf.3gip.bt.com 

Content-Type: application/sdp

c=IN IP4 e.f.g.h

m=audio 3456 RTP/AVP 0  /* Could be AMR */

a=rtpmap:0 PCMU/8000

a=qos:mandatory sendrecv

4
INVITE

(SIP)
The I-CSCF selects the most appropriate MGCF based on the DN (Called party Number), this could be using geographic information to determine the most appropriate MGCF to handle the call. It forwards the INVITE message to the MGCF inserting its own Via field. 

It is assumed here that the I-CSCF DOES NOT include its address in the Record Route header field. Like that, this entity will not remain in the control path of further requests.  However, it is FFS the necessity of keeping the I-CSF for mobile/roaming/accounting reasons.

INVITE sip:+33-6654-642000@mgcf.frtelecom.com SIP/2.0

Via: SIP/2.0/UDP icscf.frtelecom.com

Via: SIP/2.0/UDP scscf.3gip.bt.com

Via: SIP/2.0/UDP pcscf.frtelecom.com

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Record-Route: pcscf.frtelecom.com, scscf.3gip.bt.com 

Content-Type: application/sdp

c=IN IP4 e.f.g.h

m=audio 3456 RTP/AVP 0  /* Could be AMR */

a=rtpmap:0 PCMU/8000

a=qos:mandatory sendrecv

5
addReq (megaco)
Upon receipt of the Invite, the MGCF instructs the MGW to create a media stream connection. The local session description contains the preferred codecs MGCF preferred order of choice. The remote session description contains the information necessary for the MGW to forward packets to the terminal.

AddReq

StreamMode=recvOnly

[Local]

c=IN IP4 $

m=audio $ RTP/AVP 0 (G711)

c=IN IP4 $

m=audio $ RTP/AVP 4 (G723)

[Remote]

c=IN IP4 e.f.g.h

m=audio 3456 RTP/AVP 0

6
addReply (megaco)
The MGW indicates to the MGCF the successful creation of a connection. The session description returned contains the information necessary for 3G IP user to send packets towards the newly created connection, such as IP address (mgw.3gip.bt.com), UDP port (2344) and packetisation parameters (U-law PCM)

AddReply

[Local]

c=IN IP4 mgw.frtelecom.com

m=audio 2344 RTP/AVP 0

7
183 Session Progress (SIP)
The session progress message is used here to convey information about the progress of the call. The message carries the MGW session description and QoS requirements.

Note the presence of the SDP QoS [2] attribute in the SIP message payload that indicates here that end-to-end resource reservation in both the send and receive direction for the call is mandatory. The MGCF here also includes a “confirm” attribute in the SDP that requests the recipient to return a COMET message confirming the status (success or failure) of each precondition. 

NOTE: This message is used here to convey QoS preconditions but, it could also be used in other examples to establish a temporary media connection (one way or two ways) to play announcements or inbound tones.

It is FFS the security impact of passing information like the address of the MGW and MGCF between networks.
183 Session Progress SIP/2.0

Via: SIP/2.0/UDP icscf.frtelecom.com

Via: SIP/2.0/UDP scscf.3gip.bt.com

Via: SIP/2.0/UDP pcscf.frtelecom.com

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Contact: mgcf.frtelecom.com

Record-Route: pcscf.frtelecom.com, scscf.3gip.bt.com /*The Record route carried back by this temporary response will be just valid to be used by the COMET message, the definitive 200 OK response will have to include again the Record route header field to be used by all the subsequent requests */

Content-Type: application/sdp

c=IN IP4 mgw.frtelecom.com

m=audio 2344 RTP/AVP 0   /* Could be AMR */

a=rtpmap:0 PCMU/8000

a=qos:mandatory sendrecv confirm 

8
183 Session Progress (SIP)
The I-CSCF forwards the message back to the hS-CSCF following the Via headers.

Note that: although the I-CSCF will be dropped out of the control path for further requests, this is a temporary response to a previous request and therefore it still has to follow the path defined by the Via header fields.

183 Session Progress  SIP/2.0

Via: SIP/2.0/UDP scscf.3gip.bt.com

Via: SIP/2.0/UDP pcscf.frtelecom.com

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Contact: mgcf.frtelecom.com

Record-Route: pcscf.frtelecom.com, scscf.3gip.bt.com 

Content-Type: application/sdp

c=IN IP4 mgw.frtelecom.com

m=audio 2344 RTP/AVP 0   /* Could be AMR */

a=rtpmap:0 PCMU/8000

a=qos:mandatory sendrecv confirm

9
183 Session Progress (SIP
The hS-CSCF just forwards the message back to the P-CSCF in the visited network.
183 Session Progress  SIP/2.0

Via: SIP/2.0/UDP pcscf.frtelecom.com

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Contact: mgcf.frtelecom.com

Record-Route: pcscf.frtelecom.com, scscf.3gip.bt.com 

Content-Type: application/sdp

c=IN IP4 mgw.frtelecom.com

m=audio 2344 RTP/AVP 0  /* Could be AMR*/

a=rtpmap:0 PCMU/8000

a=qos:mandatory sendrecv confirm

10
183 Session Progress (SIP)
Finally, the P-CSCF instructs the terminal of the media and QOS requirements for the call. The terminal then commences the reservation of the required bandwidth for the call to GPRS.

Note that the bearer is not set-up at this stage – only reserved for a possible call. In effect the GPRS network will set up the PDP context to support the user plane. The parameters and requirements for the user plane are carried in the SDP information and need to be mapped into the GPRS QoS parameters.

Note that unlimited IP bandwidth or QoS managed bandwidth is between the GPRS network and the MGW in the home network and there is no requirement to reserve bandwidth for this part of the call. This is FFS

183 Session Progress  SIP/2.0

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Contact: mgcf.frtelecom.com

Record-Route: pcscf.frtelecom.com, scscf.3gip.bt.com 

Content-Type: application/sdp

c=IN IP4 mgw.frtelecom.com

m=audio 2344 RTP/AVP 0 /* Could be AMR*/

a=rtpmap:0 PCMU/8000

a=qos:mandatory sendrecv confirm

11
COMET (SIP)
The terminal indicates that the required bandwidth has been successfully reserved.

Once the resources have been reserved when sending the COMET  [2] message, the terminal can carry on with the normal signalling procedure for the session (qos was mandatory).

COMET sip:+33-6654-642000@pcscf.frtelecom.com

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com 
From: sip:+44-7711-123456@3gip.bt.com 

To: sip:+33-6654-642000@frtelecom.com 

Route:scscf.3gip.bt.com, mgcf.frtelecom.com

Content-Type: application/sdp

c=IN IP4 e.f.g.h

m=audio 3456 RTP/AVP 0  /* Could be AMR */

a=rtpmap:0 PCMU/8000

a=qos:success sendrecv

12
COMET (SIP)
The P-CSCF forwards the COMET message to the S-CSCF inserting its own address in a Via field. 

COMET sip:+44-6654-642000@scscf.3gip.bt.com

Via: SIP/2.0/UDP pcscf.frtelecom.com

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Route: mgcf.frtelecom.com

Content-Type: application/sdp

c=IN IP4 e.f.g.h

m=audio 3456 RTP/AVP 0

a=rtpmap:0 PCMU/8000

a=qos:success sendrecv

13
COMET (SIP)
Finally the message is sent to the MGCF to confirm that the qos required has been successfully reserved.
COMET sip:+44-6654-642000@mgcf.frtelecom.com

Via: SIP/2.0/UDP scscf.3gip.bt.com

Via: SIP/2.0/UDP pcscf.frtelecom.com

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Content-Type: application/sdp

c=IN IP4 e.f.g.h

m=audio 3456 RTP/AVP 0  /* Could be AMR */

a=rtpmap:0 PCMU/8000

a=qos:success sendrecv

14
200 OK

(SIP)
A definitive 200 OK response is generated for the COMET request.
200 OK SIP/2.0

Via: SIP/2.0/UDP scscf.3gip.bt.com

Via: SIP/2.0/UDP pcscf.frtelecom.com

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Content-Length: 0

15
200 OK

(SIP)
This time the 200 OK message doesn’t go via the I-CSCF because it is a response to a different request.

200 OK SIP/2.0

Via: SIP/2.0/UDP pcscf.frtelecom.com

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Content-Length: 0

16
200 OK

(SIP)
It finally arrives at the originating endpoint.
200 OK SIP/2.0

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Content-Length: 0

17
IAM     (ISUP)
The MGCF sends an IAM (Initial Address Message) to the PSTN 

CdPN=06654-642000, NPI=E.164, NoA=National

CgPN=07711-123456, NPI=E.164, NoA=International

TMR=speech

18
ACM    (ISUP)
The PSTN responds with an ACM (Address Complete Message) to indicate that the complete called party number has been received. It is assumed here that the "called party status" code in the ACM is here “no indication”. 

19
CPG    (ISUP)
The PSTN sends a CPG (Call Progress) message to indicate that the called is being alerted

20
180 Ringing

(SIP)
Upon receipt of a CPG message, the MGCF will map the event code to a SIP provisional response (here 180 Ringing) and send it back to the user (as provisional response to the INVITE message) to indicate that the called party is being alerted.

It is assumed for this example that the alerting tone is generated by the terminal and it is not an in-band tone. For in-band tones or announcements, a provisional media channel can be established using the Media parameter in the 183 Session Progress message and specifying the SDP payload for the temporary media to be sent.

180 Ringing SIP/2.0

Via: SIP/2.0/UDP icscf.frtelecom.com

Via: SIP/2.0/UDP scscf.3gip.bt.com

Via: SIP/2.0/UDP pcscf.frtelecom.com

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Content-Length: 0

21
180 Ringing

(SIP)
The I-CSCF removes its address from the Via header and forwards the provisional response to the S-CSCF.
180 Ringing SIP/2.0

Via: SIP/2.0/UDP scscf.3gip.bt.com

Via: SIP/2.0/UDP pcscf.frtelecom.com

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Content-Length: 0

22
180 Ringing (SIP)
The P-CSCF in the visited network is the next destination for the message.

180 Ringing SIP/2.0

Via: SIP/2.0/UDP pcscf.frtelecom.com

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Content-Length: 0

23
180 Ringing (SIP)
The ringback tone is generated by the terminal on receipt of this message (for this example).

180 Ringing SIP/2.0

Via: SIP/2.0/UDP pcscf.frtelecom.com

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Content-Length: 0

24
ANM   (ISUP)
Once the PSTN user answers, an ANM (Answer Message) will be sent to the MGCF.

25
200 OK  (SIP)
Upon receipt of the ANM, the MGCF will send a definitive response 200 OK back to the user. This definitive response corresponds to the INVITE message. 

Note that: the header field Cseq will identify which request is each response referring to.
200 OK SIP/2.0

Via: SIP/2.0/UDP icscf.frtelecom.com

Via: SIP/2.0/UDP scscf.3gip.bt.com

Via: SIP/2.0/UDP pcscf.frtelecom.com

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Contact: mgcf.frtelecom.com

Record-Route: pcscf.frtelecom.com, scscf.3gip.bt.com Content-Type: application/sdp

/* The IP address, ports and codecs (provided by the media gateway for the bearer path) are sent to the originating end in the SDP payload of the definitive response/*

c=IN IP4 mgw.3gip.bt.com

m=audio 2344 RTP/AVP 0  /* Could be AMR */

a=rtpmap:0 PCMU/8000

26
200 OK  (SIP)
The I-CSCF forwards the response to the hS-CSCF.   

[Charging can commence.]

Note: The mechanism by which the hS-CSCF within the HPLMN can determine the correct/applicable charge rate in the VPLMN is FFS.

200 OK SIP/2.0

Via: SIP/2.0/UDP scscf.3gip.bt.com

Via: SIP/2.0/UDP pcscf.frtelecom.com

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Contact: mgcf.frtelecom.com

Record-Route: pcscf.frtelecom.com, scscf.3gip.bt.com Content-Type: application/sdp

c=IN IP4 mgw.3gip.bt.com

m=audio 2344 RTP/AVP 0 /* Could be AMR */

a=rtpmap:0 PCMU/8000

27
200 OK 

(SIP)
The S-CSCF sends back the response to the P-CSCF
200 OK SIP/2.0

Via: SIP/2.0/UDP pcscf.frtelecom.com

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Contact: mgcf.frtelecom.com

Record-Route: pcscf.frtelecom.com, scscf.3gip.bt.com Content-Type: application/sdp

c=IN IP4 mgw.3gip.bt.com

m=audio 2344 RTP/AVP 0  /* Could be AMR */

a=rtpmap:0 PCMU/8000

28
200 OK 

(SIP)
Finally the final response to the initial INVITE message is sent to the user. 

200 OK SIP/2.0

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Contact: mgcf.frtelecom.com

Record-Route: pcscf.frtelecom.com, scscf.3gip.bt.com Content-Type: application/sdp

c=IN IP4 mgw.3gip.bt.com

m=audio 2344 RTP/AVP 0  /* Could be AMR */

a=rtpmap:0 PCMU/8000

29
ACK       (SIP)
The terminal returns an ACK message to the P-CSCF to confirm that it has received the final response to the INVITE request (the 200 OK) and to complete the two-way communication path.
Note that after sending this message, from the terminal’s point of view, the media stream is established.

ACK sip:+33-6654-642000@pcscf.frtelecom.com SIP/2.0 

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Route: scscf.3gip.bt.com, mgcf.frtelecom.com

Content-Type: application/sdp

/*This is the final description for the media session to be established. Note: for this case it is the same as in the INVITE message but in cases where media negotiation is needed, it may not be the same */

c=IN IP4 e.f.g.h

m=audio 3456 RTP/AVP 0 /* Could be AMR */
a=rtpmap:0 PCMU/8000

30
ACK       

(SIP)
The P-CSCF forwards the ACK message to the S-CSCF.
ACK sip:+33-6654-642000@scscf.3gip.bt.com  SIP/2.0

Via: SIP/2.0/UDP pcscf.frtelecom.com

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Route: mgcf.frtelecom.com

Content-Type: application/sdp

c=IN IP4 e.f.g.h

m=audio 3456 RTP/AVP 0 /* Could be AMR */

a=rtpmap:0 PCMU/8000

31
ACK       

(SIP)
The ACK is sent to the MGCF.

Note that, on receipt of this message, from the terminating endpoint’s point of view, the media stream should be ESTABLISHED.

For this case, for being the MGCF and the MGW in different functional entities, the media channel will be established once the ports have been activated in the MGW.

ACK sip:+33-6654-642000@mgcf.frtelecom.com  SIP/2.0

Via:SIP/2.0/UDP scscf.3gip.bt.com

Via: SIP/2.0/UDP pcscf.frtelecom.com

Via: SIP/2.0/UDP  +44-7711-123456@pcscf.frtelecom.com
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+33-6654-642000@frtelecom.com

Content-Type: application/sdp

c=IN IP4 e.f.g.h

m=audio 3456 RTP/AVP 0  /* Could be AMR */

a=rtpmap:0 PCMU/8000

32
modReq (megaco)
Upon receipt of the ACK message, the MGCF will modify the MGW connection to change the mode to send and receive and to set the active mode for that context.

At this point the media stream is established.

ModReq

StreamMode=sendRecv

33
ModReply (megaco)
The MGW indicates to the MGCF that the connection was successfully modified

34
REL 

(ISUP)
The PSTN party wants to finish the call.

35
BYE

(SIP)
The BYE request indicates to the server that the terminal client (user agent) wishes to release the call. In this example is the callee who wishes to do so.

Charging is terminated
BYE scscf.3gip.bt.com SIP/2.0 

Via: SIP/2.0/UDP sip:+33-6654-642000@mgcf.frtelecom.com
From: sip:+33-6654-642000@3gip.bt.com 

To: sip:+44-7711-123456@3gip.bt.com 

Route: pcscf.frtelecom.com

Content-Length:0

36
BYE

(SIP)
The message is forwarded to the P-CSCF.

BYE sip:+44-7711-123456@scscf.3gip.bt.com SIP/2.0 

Via: SIP/2.0/UDP scscf.3gip.bt.com

Via: SIP/2.0/UDP sip:+33-6654-642000@mgcf.frtelecom.com
From: sip:+33-6654-642000@3gip.bt.com 

To: sip:+44-7711-123456@3gip.bt.com 

Content-Length:0

37
BYE

(SIP)
The BYE message is forwarded to the user

BYE sip:+44-7711-123456@scscf.3gip.bt.com SIP/2.0 

Via: SIP/2.0/UDP pcscf.frtelecom.com

Via: SIP/2.0/UDP scscf.3gip.bt.com

Via: SIP/2.0/UDP sip:+33-6654-642000@mgcf.frtelecom.com
From: sip:+33-6654-642000@3gip.bt.com 

To: sip:+44-7711-123456@3gip.bt.com 

Content-Length:0

Note that at this point the bearer would also need to be released

38
200 OK

(SIP)
Definitive 200 OK is sent as response to the BYE message.
200 OK SIP/2.0

Via: SIP/2.0/UDP pcscf.frtelecom.com

Via: SIP/2.0/UDP scscf.3gip.bt.com

Via: SIP/2.0/UDP sip:+33-6654-642000@mgcf.frtelecom.com
From: sip:+33-6654-642000@3gip.bt.com 

To: sip:+44-7711-123456@3gip.bt.com 

Content-Length:0

39
200 OK

(SIP)
The response is forwarded to the S-CSCF
200 OK SIP/2.0

Via: SIP/2.0/UDP scscf.3gip.bt.com

Via: SIP/2.0/UDP sip:+33-6654-642000@mgcf.frtelecom.com
From: sip:+33-6654-642000@3gip.bt.com 

To: sip:+44-7711-123456@3gip.bt.com 

Content-Length:0

40
200 OK

(SIP)
Finally it is sent to the MGCF
200 OK SIP/2.0

Via: SIP/2.0/UDP sip:+33-6654-642000@mgcf.frtelecom.com
From: sip:+33-6654-642000@3gip.bt.com 

To: sip:+44-7711-123456@3gip.bt.com 

Content-Length:0

41
RLC

(ISUP)
Release Complete message is sent to the PSTN user to indicate that the call has been successfully released.

[1]
Internet Draft, ‘SIP: Session Initiation Protocol’, July 2000 


http://www.ietf.org/internet-drafts/draft-ietf-sip-rfc2543bis-00.txt 
[2]
Internet Draft, ‘Integration of Resource Management and SIP’, June 2000 

http://www.ietf.org/internet-drafts/draft-manyfolks-sip-resource-01.txt
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