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1. Introduction

This document provides initial guidance on how the hybrid model for service control supports Mobile Terminated communications (a call to the mobile (which has roamed out of the home network) from PSTN network local to the HPLMN) with a VPLMN located S-CSCF.

2. Technical discussion

The call flows are not meant to be final 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 with the HSS for MT communications

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 from a PSTN network (calling party number (01473 642000) local to the HPLMN to the mobile (07711-123456) which has roamed out of the HPLMN.  The VPLMN is providing the S-CSCF for the inbound roamed mobile.   The descriptions for the flows and parameter are given in table 1.

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, interactions with the HSS, 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 Visited network based SCSCF can operate to provide local control of calls for inbound roamers.

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 Terminated Calls’, with a further sub section titled ‘X.Y.1. Mobile terminated call, roaming mobile, visited network control, call from PSTN local to home’.

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: Call from Home PSTN to roaming mobile, hybrid model, visited network control

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 terminated call: Descriptive text and parameters
Msg Id
Message
Description

1
IAM     (ISUP)
When a PSTN user wishes to begin a session with a 3G IP user, the PSTN network generates an IAM (Initial Address Message) message towards a 3G IP home network MGCF based on called number analysis

CdPN=07711-123456, NPI=E.164, NoA=National

CgPN=01473-642000, NPI=E.164, NoA=National

TMR=speech

2
addReq (megaco)
Upon receipt of the IAM (Initial Address Message), the MGCF instructs the MGW to create a media stream connection. In this example, the MGCF explicitly states the MGW connection requirements but leaves the local descriptor empty. Preferred codecs are listed in the MGC’s preferred order of choice.

AddReq

StreamMode=recvOnly

c=IN IP4 $

m=audio $ RTP/AVP 0 (G711)

c=IN IP4 $

m=audio $ RTP/AVP 4 (G723)

3
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)

Note that at this point in the call the MGCF would not know which codec rate to adopt (the MGCF cannot differentiate between Mobile calls and Wired calls on the basis of the called number) so it will suggest the default PCM U Law.

AddReply

[Local]

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

m=audio 2344 RTP/AVP 0

a=rtpmap:0 PCMU/8000

4
ACM   (ISUP)
An ACM (Address Complete Message) with a “called party status” of “no indication” is returned to the PSTN. This indicates that the MGCF has enough address information to route the call and acknowledges the IAM message (avoiding possible ISUP timer expiry).

5
INVITE  (SIP)
The MGCF generates an INVITE message, and sends it to a local Interrogating CSCF. The message carries the session description provided by the MGW. This indicates that the MGW can receive PCM Ulaw audio encoding only.

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 MGCF here also includes a “confirm” attribute that requests the recipient to return a COMET [2] method confirming the status (success or failure) the precondition – not sure whether this is, in fact, how it is proposed that COMET works.

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

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

From: sip:+44-1473-642000@mgcf.3gip.bt.com

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

Content-Type: application/sdp

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

m=audio 2344 RTP/AVP 0

a=rtpmap:0 PCMU/8000

a=qos:mandatory sendrecv confirm

6
Request (MAP, SIP, LDAP, etc.)
The Interrogating CSCF queries the HSS for the currently registered S-CSCF for the 3GIP called user.

The protocol to provide the information from the HSS is for further study, however the look-up within the HSS will be based upon the called mobile’s DN/number.

7
Response (MAP, SIP, LDAP, etc.)
The HSS returns to the Interrogating CSCF a subset of the 3GIP called user profile that includes an address for the S-CSCF. A subsequent DNS lookup may also be necessary.

8
INVITE  (SIP)
The Interrogating CSCF behaves as a SIP Proxy and regenerates the INVITE to the S-CSCF, inserting a Via field containing it’s own address.

Note that the Interrogating CSCF could have behaved here as a SIP Redirect server and instead returned the S-CSCF address to the MGCF so that the MGCF could interact directly with the S-CSCF (ffs).

It is for further study which of the two methods (redirect or Via) is the most applicable, however the ICSCF may be required to be retained ‘in path’ to provide (Roaming) charging records.

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

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

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

From: sip:+44-1473-642000@mgcf.3gip.bt.com

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

Content-Type: application/sdp

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

m=audio 2344 RTP/AVP 0

a=rtpmap:0 PCMU/8000

a=qos:mandatory sendrecv confirm

9
INVITE  (SIP)
The S-CSCF generates an INVITE message to the terminal. On receipt of this message the terminal does NOT commence user alerting and instead requests the reservation of the required bandwidth for the call to the serving GGSN

It is for further study whether the SCSCF or the UE will modify the requested codec rate or type.  For mobile usage it may be beneficial for the SCSCF to modify the requested Codec type to AMR to ensure that the UE requests a bearer suitable for AMR usage.  The SIP messages returned (indirectly) to the (Home) MGCF/MGW would then be used to modify the selected MGW codec to AMR.

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

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

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

Via: mgcf.3gip.bt.com

From: sip:+44-1473-642000@mgcf.3gip.bt.com

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

Content-Type: application/sdp

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

m=audio 2344 RTP/AVP 0   /* It could be modified to AMR*/

a=rtpmap:0 PCMU/8000

a=qos:mandatory sendrecv confirm

10
183 Session Progress (SIP)
The session progress message
 is used here to indicate that the INVITE request has been accepted and to convey information about the progress of the call. The message carries the terminal session description and QoS requirements. This includes the terminal IP address (e.f.g.h) and port number for the RTP audio stream (3456)

Note the presence of the SDP QoS 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. Because the attribute is mandatory, the message receiver MUST NOT proceed until resource reservation has been completed.

The UE will initiate the setup of the GPRS Bearer using the most applicable GPRS QoS parameters based upon the supplied SDP information.  It is for further study whether the UE or the SCSCF will perform the mapping of SDP parameters to GPRS QoS parameters. 

SIP/2.0 183 Session Progress

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

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

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

From: sip:+44-1473-642000@mgcf.3gip.bt.com

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

c=IN IP4 e.f.g.h

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

a=rtpmap:0 PCMU/8000

a=qos:mandatory sendrecv

11
183 Session Progress (SIP)
The S-CSCF instructs the Interrogating CSCF of the media and QoS requirements for the call.

SIP/2.0 183 Session Progress

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

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

From: sip:+44-1473-642000@mgcf.3gip.bt.com

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

c=IN IP4 e.f.g.h

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

a=rtpmap:0 PCMU/8000

a=qos:mandatory sendrecv

12
183 Session Progress (SIP)
The Interrogating CSCF regenerates the Session Progress message to the MGCF

If the UE or SCSCF modified the Codec rate/type information the MGCF would use this information to modify the MGW setup when the next H248/Megaco message is sent.

SIP/2.0 183 Session Progress

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

From: sip:+44-1473-642000@mgcf.3gip.bt.com

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

c=IN IP4 e.f.g.h

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

a=rtpmap:0 PCMU/8000

a=qos:mandatory sendrecv

13
COMET (SIP)
The terminal indicates that the required bandwidth has been successfully reserved [2]

COMET sip:+44-7711-123456@3gip.bt.com /* a new method has been proposed which was not included in SIP/2.0 */
From: sip:+44-7711-123456@3gip.bt.com

To: sip:+44-1473-642000@mgcf.bt.com

[new SDP parameters have also been proposed]

14
COMET (SIP)
The S-CSCF proxies this message to the Interrogating CSCF.

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

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

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

To: sip:+44-1473-642000@mgcf.bt.com

[message body for further work]

15
COMET (SIP)
The Interrogating CSCF regenerates this message to the MGCF

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

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

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

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

To: sip:+44-1473-642000@mgcf.bt.com

[message body for further work]

16
200 OK (SIP)
In response to COMET method

SIP/2.0 200 OK

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

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

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

To: sip:+44-1473-642000@mgcf.bt.com

[..]

17
200 OK (SIP)
SIP/2.0 200 OK

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

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

To: sip:+44-1473-642000@mgcf.bt.com

[..]

18
200 OK (SIP)
SIP/2.0 200 OK

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

To: sip:+44-1473-642000@mgcf.bt.com

[..]

19
180 Ringing (SIP)
The terminal returns a 180 Ringing response to indicate that called party alerting has commenced.

180 Ringing SIP/2.0

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

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

Via: mgcf.3gip.bt.com

From: sip:+44-1473-642000@mgcf.3gip.bt.com

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

c=IN IP4 e.f.g.h

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

a=rtpmap:0 PCMU/8000

a=qos:mandatory sendrecv

20
180 Ringing (SIP)
The S-CSCF returns a 180 Ringing response to the Interrogating CSCF to indicate that the called party is being alerted

180 Ringing SIP/2.0

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

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

From: sip:+44-1473-642000@mgcf.3gip.bt.com

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

c=IN IP4 e.f.g.h

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

a=rtpmap:0 PCMU/8000

a=qos:mandatory sendrecv

21
180 Ringing (SIP)
The Interrogating CSCF generates a 180 Ringing response to the MGCF to indicate that the called party is being alerted

180 Ringing SIP/2.0

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

From: sip:+44-1473-642000@mgcf.3gip.bt.com

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

c=IN IP4 e.f.g.h

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

a=rtpmap:0 PCMU/8000

a=qos:mandatory sendrecv

22
modReq (megaco)
Upon receipt of the 180 Ringing message, the MGCF instructs the MGW to modify the previously created media stream connection. This modification informs the MGW of the 3GIP called party capabilities i.e. how to encode the audio stream and where to send it, also possibly to change the codec rate and type (e.g. to AMR). The message also requests the MGW to apply ring tone to the calling party.

modReq

StreamMode=recvOnly

Signal=Ringing Tone to Calling Party

[Remote]

c=IN IP4 e.f.g.h

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

a=rtpmap:0 PCMU/8000

23
modReply (megaco)
The MGW indicates a successful modify of a connection.

24
CPG    (ISUP)
The MGCF generates a CPG (Call Progress) message (event = alerting) is returned to the PSTN.

25
200 OK  (SIP)

in response to original INVITE
The terminal indicates that the 3GIP called party has agreed to participate in the call.

SIP/2.0 200 OK

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

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

Via: mgcf.3gip.bt.com

From: sip:+44-1473-642000@mgcf.3gip.bt.com

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

c=IN IP4 e.f.g.h

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

a=rtpmap:0 PCMU/8000

26
200 OK  (SIP)
When the S-CSCF is notified that the call has been answered, it sends a 200 OK message to the Interrogating CSCF

SIP/2.0 200 OK

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

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

From: sip:+44-1473-642000@mgcf.3gip.bt.com

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

c=IN IP4 e.f.g.h

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

a=rtpmap:0 PCMU/8000

27
200 OK  (SIP)
The Interrogating CSCF generates a 200 OK message to the MGCF

SIP/2.0 200 OK

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

From: sip:+44-1473-642000@mgcf.3gip.bt.com

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

c=IN IP4 e.f.g.h

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

a=rtpmap:0 PCMU/8000

28
modReq (megaco)
Upon receipt of the 200 OK message, the MGCF will modify the MGW connection to remove ring tone from the callers line and allow two-way communication 

modReq

StreamMode=sendRecv

Signal=null

29
modReply (megaco)
The MGW indicates to the MGCF that the connection was successfully modified

30
ACK       (SIP)

(an INVITE must always be followed, not necessarily immediately, by an ACK method)
The MGCF sends an ACK message to the Interrogating CSCF to indicate the completion of the two-way communication path.

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

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

From: sip:+44-1473-642000@mgcf.3gip.bt.com

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

Content-Type: application/sdp

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

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

a=rtpmap:0 PCMU/8000

31
ACK       (SIP)
The Interrogating CSCF forwards this SIP message to the S-CSCF

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

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

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

From: sip:+44-1473-642000@mgcf.3gip.bt.com

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

Content-Type: application/sdp

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

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

a=rtpmap:0 PCMU/8000

32
ACK       (SIP)
The S-CSCF sends this SIP message to the terminal

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

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

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

Via: mgcf.3gip.bt.com

From: sip:+44-1473-642000@mgcf.3gip.bt.com

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

Content-Type: application/sdp

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

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

a=rtpmap:0 PCMU/8000

33
ANM   (ISUP)
The MGCF returns ANM (Answer Message) to the PSTN to complete the communication channel

34
REL (ISUP)
Cleardown

35
BYE (SIP)
Charging is terminated
BYE sip:+44-7711-123456@3gip.bt.com SIP/2.0

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

From: sip:+44-1473-642000@mgcf.3gip.bt.com

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

Content-Type: application/sdp

[..]

36
BYE (SIP)
BYE sip:+44-7711-123456@3gip.bt.com SIP/2.0

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

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

From: sip:+44-1473-642000@mgcf.3gip.bt.com

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

Content-Type: application/sdp

[..]

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

37
BYE (SIP)
BYE sip:+44-7711-123456@3gip.bt.com SIP/2.0

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

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

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

From: sip:+44-1473-642000@mgcf.3gip.bt.com

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

Content-Type: application/sdp

[..]

38
200 OK (SIP)

(could have a BYE here)
SIP/2.0 200 OK sip:+44-7711-123456@3gip.bt.com 

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

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

Via: mgcf.3gip.bt.com

From: sip:+44-1473-642000@mgcf.3gip.bt.com

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

Content-Type: application/sdp

[..]

39
200 OK (SIP)
SIP/2.0 200 OK sip:+44-7711-123456@3gip.bt.com

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

Via: mgcf.3gip.bt.com

From: sip:+44-1473-642000@mgcf.3gip.bt.com

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

Content-Type: application/sdp

[..]

40
200 OK (SIP)
SIP/2.0 200 OK sip:+44-7711-123456@3gip.bt.com 

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

From: sip:+44-1473-642000@mgcf.3gip.bt.com

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

Content-Type: application/sdp

[..]

41
RLC (ISUP)
Release confirmed

[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
-- End of document --
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� A recent addition to the latest internet draft of SIP [1]
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