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1 Introduction

One of the high priority open issues related to the ‘Hybrid’ Service Control Architecture, and listed in [1], is the question of how inter-network resource allocation is done.

This contribution address the principles of resource allocation for calls that cross between networks; either between a visited network while roaming and a home network, or between networks for mobile-mobile calls.

The call flows used to exhibit these principles are slight modifications of those presented in S2-000751[2] at the Drafting meeting in Stockholm, 9-12 May 2000.  These call flows were updated to reflect the hybrid architecture, and to make more explicit where the resource allocation was being performed.

2 Call Flow Examples

The following examples show how call control may be maintained by a CSCF in the home network, while management of local resources is performed by a CSCF in the visited network.  The following cases are considered:

· PSTN-initiated call for termination to a roaming mobile terminal

· Origination by a roaming mobile terminal to another roaming mobile terminal

· Origination by a mobile terminal to another mobile terminal, both located in home network

· Origination by a roaming mobile terminal to a PSTN gateway located in the visited network

· Origination by a roaming mobile terminal to a PSTN gateway located in the home network.

· Origination by a roaming mobile terminal for emergency services.

In all of the following examples, we assume the mobile terminal is pre-provisioned with an identity of ue1111@cscf12.home-domain.com, and the identity of the home CSCF is cscf12.home-domain.com. Its E.164 number for interworking with the PSTN is +1-212-555-1111.

In the visited domain, the IP address of the user equipment is 5555::1234.

The identity of a local CSCF is obtained by mechanisms outside of this contribution, and is assumed to be cscf4.visited-domain.com.  The UE, as a result of registration, knows that its local identity within the visited domain is roamer7032.

As a result of registration, the visited CSCF has stored the following information:


UE IP Address

5555::1234


Local identity

roamer7032


Home CSCF

cscf12.home-domain.com

As a result of registration, the home CSCF has stored the following information:


Visited network CSCF

cscf4.visited-domain.com


Identity in visited network

roamer7032

The conventions used in these examples, which may be adopted as part of standard processing at the UE and CSCF, are:

· A tel: URL, without the international prefix and without a tsp= option, is expanded at the first proxy into an international E.164 number, based on local rules at that proxy.

· A sip: URL with user=phone is interpreted only by the proxy addressed in the Request-URI.

2.1 Call handling of PSTN-initiated call for termination to a roaming mobile terminal.

This scenario describes the case where a PSTN/ISDN/PLMN caller is attempting to contact a mobile subscriber who has roamed out of his home network.

[image: image1.wmf](1) IP-IAM

(2) INVITE

(4) INVITE

(6) 200 OK

(3) Query

(7) 200 OK

SGW

HSS

vCSCF

UE

Locate mobile terminal

 Authorize terminating resources.

hCSCF

MGCF

(5) INVITE

(8) 200 OK

(9) IP-ANM

Find where MT last registered

 Proxy INVITE to that visited network


(1) An IAM message is received from the PSTN/ISDN, and transported to the MGCF

(2) The MGCF generates an INVITE message based on the information available in the IAM.  This message is sent to a CSCF for further handling.

INVITE tel:+1-212-555-1111 SIP/2.0

To: <tel:+1-212-555-1111>

From: <tel:+1-212-555-2222>

Call-ID: abcde@mgcf.home-domain.com

Contact: sip:+1-212-555-2222@mgcf.home-domain.com;user=phone

Cseq: 127 INVITE

(3) The CSCF queries the HSS to determine the last known location of the subscriber.  

Contents of the query and response are outside the scope of this contribution.

(4) The CSCF sends the INVITE request to the CSCF in the visited network identified by the registration.  The home CSCF wants to remain in the call handling, so adds a Record-Route header to the request.

INVITE sip:roamer7032@cscf4.visited-domain.com SIP/2.0

To: <tel:+1-212-555-1111>

From: <tel:+1-212-555-2222>

Call-ID: abcde@mgcf.home-domain.com

Contact: sip:+1-212-555-2222@mgcf.home-domain.com;user=phone

Record-Route: <sip:cscf12.home-domain.com>

Cseq: 127 INVITE

(5) The visited-CSCF authorizes the radio bearer resources for the call, and forwards the INVITE request to the UE.  The visited network CSCF also wishes to remain in the signaling path for subsequent transactions for the call, so inserts a Record-Route header as well.

INVITE sip:roamer7032@visited-domain.com SIP/2.0

To: <tel:+1-212-555-1111>

From: <tel:+1-212-555-2222>

Call-ID: abcde@mgcf.home-domain.com

Contact: sip:+1-212-555-2222@mgcf.home-domain.com;user=phone

Record-Route: <sip:cscf4.visited-domain.com>, 

<sip:cscf12.home-domain.com>

Cseq: 127 INVITE
(6) The UE generates a 200 response when the call is answered

SIP/2.0 200 OK

To: <tel:+1-212-555-1111>

From: <tel:+1-212-555-2222>

Call-ID: abcde@mgcf.home-domain.com

Contact: sip:[5555::1234]

Record-Route: <sip:cscf4.visited-domain.com>, 

<sip:cscf12.home-domain.com>

Cseq: 127 INVITE
(7) The response is forwarded along the reverse path of the request.

2.2 Call handling for origination by a roaming mobile terminal to another roaming mobile terminal

This scenario describes the case where a mobile subscriber is attempting to contact a mobile subscriber who has roamed out of his home network.  In this example, the call originator has also roamed outside his home network.
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(1) The UE generates an INVITE message identifying the desired called party, and sends it to the CSCF located within the local visited network.  The Request-URI identifies the home CSCF for the originating UE.

INVITE sip:+1-212-555-1111@cscf3.home2.com;user=phone SIP/2.0

To: <tel:+1-212-555-1111>

From: <sip:ue2222@cscf3.home2.com >

Call-ID: ue2222-1234@cscf3.home2.com

Contact: sip:ue2222@[5511::2222]

Cseq: 914 INVITE

(2) The originating vCSCF authorizes radio bearer resources for this call, and forwards the INVITE request to the originating subscriber’s home CSCF.

INVITE sip:+1-212-555-1111@cscf3.home2.com;user=phone SIP/2.0

To: <tel:+1-212-555-1111>

From: <sip:ue2222@cscf3.home2.com>

Call-ID: ue2222-1234@cscf3.home2.com

Contact: sip:ue2222@[5511::2222]

Cseq: 914 INVITE
(3) The originating hCSCF translates the destination address, and forwards the INVITE to the home network CSCF of the called party.  The originating hCSCF wants to remain in the signaling path for subsequent transactions, so inserts a Record-Route header in the INVITE request.

INVITE sip:+1-212-555-1111@home-network.com;user=phone SIP/2.0

To: <tel:+1-212-555-1111>

From: <sip:ue2222@cscf3.home2.com>

Call-ID: ue2222-1234@cscf3.home2.com

Contact: sip:ue2222@[5511::2222]

Cseq: 914 INVITE

Record-Route: <sip:cscf3.home2.com>
(4) The hCSCF queries the HSS to determine the last known location of the subscriber

Contents of the query and response are outside the scope of this contribution.

(5) The hCSCF sends the INVITE to the vCSCF in the visited network identified by the registration.  The hCSCF wants to remain in the signaling path for subsequent transactions, so adds itself into the Record-Route header in the request.

INVITE sip:roam7032@visited-domain.com;user=phone SIP/2.0

To: <tel:+1-212-555-1111>

From: <sip:ue2222@cscf3.home2.com>

Call-ID: ue2222-1234@cscf3.home2.com

Contact: sip:ue2222@[5511::2222]

Cseq: 914 INVITE

Record-Route: <sip:cscf12.home-domain.com> <sip:cscf3.home2.com>
(6) The vCSCF authorizes the radio bearer resources for the call, and forwards the INVITE request to the UE.  The visited CSCF also wishes to remain in the signaling path for subsequent transactions for the call, so inserts a Record-Route header as well.

INVITE sip:roam7032@visited-domain.com;user=phone SIP/2.0

To: <tel:+1-212-555-1111>

From: <sip:ue2222@cscf3.home2.com>

Call-ID: ue2222-1234@cscf3.home2.com

Contact: sip:ue2222@[5511::2222]

Cseq: 914 INVITE

Record-Route: <sip:cscf4.visited-domain.com> 

<sip:cscf12.home-domain.com> <sip:cscf3.home2.com>
(7) The UE generates a 200 response when the call is answered

SIP/2.0 200 OK

To: <tel:+1-212-555-1111>

From: <sip:ue2222@cscf3.home2.com>

Call-ID: ue2222-1234@cscf3.home2.com

Contact: sip:[5555::1234]

Cseq: 914 INVITE

Record-Route: <sip:cscf4.visited-domain.com> 

<sip:cscf12.home-domain.com> <sip:cscf3.home2.com>
(8) The response is forwarded along the reverse path of the request.

2.3 Call handling for origination by a mobile terminal to another mobile terminal, both located in home network

This scenario describes the case where a mobile subscriber is attempting to contact a mobile subscriber who is within his home network.  In this example, the call originator is also within his home network.

[image: image3.wmf](1) INVITE

(4) INVITE

(5) 200 OK

(3) Query

UE

hCSCF

UE

Locate mobile terminal

 Authorize terminating resources.

hCSCF

(7) 200 OK

HSS

HSS

(2) INVITE

(6) 200 OK


(1) The UE generates an INVITE message identifying the desired called party, and sends it to his home CSCF (cscf3.home2.com)

INVITE sip:+1-212-555-1111@cscf3.home2.com;user=phone SIP/2.0

To: <tel:+1-212-555-1111>

From: <sip:ue2222@cscf3.home2.com>

Call-ID: ue2222-1234@cscf3.home2.com

Contact: sip:ue2222@[5510:2222]

Cseq: 914 INVITE
(2) The originating hCSCF authorizes the radio bearer resources for this call, translates the destination address, and forwards the INVITE to the home network CSCF of the called party.  The originating hCSCF wants to remain in the signaling path for subsequent transactions, so inserts a Record-Route header in the INVITE request.

INVITE sip:+1-212-555-1111@home-network.com;user=phone SIP/2.0

To: <tel:+1-212-555-1111>

From: <sip:ue2222@cscf3.home2.com>

Call-ID: ue2222-1234@cscf3.home2.com

Contact: sip:ue2222@[5510:2222]

Cseq: 914 INVITE

Record-Route: <sip:cscf3.home2.com>
(3) The hCSCF queries the HSS to determine the last known location of the subscriber

Contents of the query and response are outside the scope of this contribution.

(4) The hCSCF authorizes the radio bearer resources for the call, and forwards the INVITE request to the UE.  The hCSCF wants to remain in the signaling path for subsequent transactions, so adds itself into the Record-Route header in the request.

INVITE sip:ue1111@home-domain.com;user=phone SIP/2.0

To: <tel:+1-212-555-1111>

From: <sip:ue2222@cscf3.home2.com>

Call-ID: ue2222-1234@cscf3.home2.com

Contact: sip:ue2222@[5510:2222]

Cseq: 914 INVITE

Record-Route: <sip:cscf12.home-domain.com> <sip:cscf3.home2.com>
(5) The UE generates a 200 response when the call is answered

SIP/2.0 200 OK

To: <tel:+1-212-555-1111>

From: <sip:ue2222@cscf3.home2.com>

Call-ID: ue2222-1234@cscf3.home2.com

Contact: sip:[5555::1234]

Cseq: 914 INVITE

Record-Route: <sip:cscf12.home-domain.com> <sip:cscf3.home2.com>
(6) The response is forwarded along the reverse path of the request.

2.4 Call handling for origination by a roaming mobile terminal to a PSTN gateway located in the visited network.

This scenario describes the case where a mobile subscriber outside his home network attempts to contact a PSTN/ISDN destination local to the visited network.  The mechanism by which the home CSCF determines home vs. visited MGCF is for further study.
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(1) The UE generates an INVITE message identifying the desired called party, and sends it to the CSCF located within the local visited network.  Note the Request-URI contains a tel; URL (rather than a sip: URL with user=phone), indicating local expansion to a E.164 number can be performed.

INVITE tel:555-3333 SIP/2.0

To: <tel:555-3333>

From: <sip:ue1111@cscf12.home-domain.com>

Call-ID: ue1111-1234@cscf12.home-domain.com

Contact: sip:ue1111@[5555::1234]

Cseq: 914 INVITE

(2) The originating vCSCF authorizes radio bearer resources for this call.  It expands the tel: URL in the Request-URI into an international format, and forwards the INVITE request to the originating subscriber’s home CSCF (known from registration).

INVITE tel:+1-212-555-3333 SIP/2.0

To: <tel:555-3333>

From: <sip:ue1111@cscf12.home-domain.com>

Call-ID: ue1111-1234@cscf12.home-domain.com

Contact: sip:ue1111@[5555::1234]

Cseq: 914 INVITE
(3) The hCSCF queries the HSS to determine the proper handling, based on location of the subscriber

Contents of the query and response are outside the scope of this contribution.

(4) The hCSCF decides (by methods still to be determined) that the call should be completed by a PSTN/ISDN/PLMN gateway in the visited domain.  It sends the INVITE to the vCSCF in the visited network identified by the registration.  The hCSCF wants to remain in the signaling path for subsequent transactions, so adds itself into the Record-Route header in the request.

INVITE sip:+1-212-555-3333@visited-domain.com;user=phone SIP/2.0

To: <tel:555-3333>

From: <sip:ue1111@cscf12.home-domain.com>

Call-ID: ue1111-1234@cscf12.home-domain.com

Contact: sip:ue1111@[5555::1234]

Cseq: 914 INVITE

Record-Route: <sip:cscf12.home-domain.com> 
(5) The vCSCF decides which MGCF (if there are several choices) should handle the PSTN interworking, and forwards the INVITE request to that MGCF.

INVITE sip:+1-212-555-3333@mgcf7.visited-domain.com SIP/2.0

To: <tel:555-3333>

From: <sip:ue1111@cscf12.home-domain.com>

Call-ID: ue1111-1234@cscf12.home-domain.com

Contact: sip:ue1111@[5555::1234]

Cseq: 914 INVITE

Record-Route: <sip:cscf12.home-domain.com> 
(6) The MGCF initiates the proper signaling messages to the PSTN, via the signaling gateway.

(7) When the PSTN subscriber answers, the signaling message from the PSTN is returned to the MGCF.

(8) The MGCF generates a 200 response when the call is answered

SIP/2.0 200 OK

To: <tel:555-3333>

From: <sip:ue1111@cscf12.home-domain.com>

Call-ID: ue1111-1234@cscf12.home-domain.com

Contact: sip:mgcf7.visited-domain.com

Cseq: 914 INVITE

Record-Route: <sip:cscf12.home-domain.com> 
(9) The response is forwarded along the reverse path of the request.

2.5 Call handling for origination by a roaming mobile terminal to a PSTN gateway located in home network.

This scenario describes the case where a mobile subscriber outside his home network attempts to contact a PSTN/ISDN destination local to the home network.  The mechanism by which the home CSCF determines home vs. visited MGCF is for further study.
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(1) The UE generates an INVITE message identifying the desired called party, and sends it to the CSCF located within the local visited network.  Note the Request-URI contains a tel; URL (rather than a sip: URL with user=phone), indicating local expansion to a E.164 number can be performed.

INVITE tel:555-3333 SIP/2.0

To: <tel:555-3333>

From: <sip:ue1111@cscf12.home-domain.com>

Call-ID: ue1111-1234@cscf12.home-domain.com

Contact: sip:ue1111@[5555::1234]

Cseq: 914 INVITE

(2) The originating vCSCF authorizes radio bearer resources for this call.  It expands the tel: URL in the Request-URI into an international format, and forwards the INVITE request to the originating subscriber’s home CSCF (known from registration).

INVITE tel:+1-212-555-3333 SIP/2.0

To: <tel:555-3333>

From: <sip:ue1111@cscf12.home-domain.com>

Call-ID: ue1111-1234@cscf12.home-domain.com

Contact: sip:ue1111@[5555::1234]

Cseq: 914 INVITE
(3) The hCSCF queries the HSS to determine the proper handling, based on location of the subscriber

Contents of the query and response are outside the scope of this contribution.

(4) The hCSCF decides (by methods still to be determined) that the call should be completed by a PSTN/ISDN/PLMN gateway in the home domain.  It sends the INVITE to an MGCF in the home network.  The hCSCF wants to remain in the signaling path for subsequent transactions, so adds itself into the Record-Route header in the request.

INVITE sip:+1-212-555-3333@mgcf2.home-domain.com SIP/2.0

To: <tel:555-3333>

From: <sip:ue1111@cscf12.home-domain.com>

Call-ID: ue1111-1234@cscf12.home-domain.com

Contact: sip:ue1111@[5555::1234]

Cseq: 914 INVITE

Record-Route: <sip:cscf12.home-domain.com> 
(5) The MGCF initiates the proper signaling messages to the PSTN, via the signaling gateway.

(6) When the PSTN subscriber answers, the signaling message from the PSTN is returned to the MGCF.

(7) The MGCF generates a 200 response when the call is answered

SIP/2.0 200 OK

To: <tel:555-3333>

From: <sip:ue1111@cscf12.home-domain.com>

Call-ID: ue1111-1234@cscf12.home-domain.com

Contact: sip:mgcf2.home-domain.com

Cseq: 914 INVITE

Record-Route: <sip:cscf12.home-domain.com> 
(8) The response is forwarded along the reverse path of the request.

2.6 Call handling for origination by a roaming mobile terminal for emergency services

This scenario describes the case where a mobile subscriber outside his home network attempts to contact an emergency service.  The call is completed entirely within the visited network, removing any dependence on home network availability, and enabling location information known only by the visited network.  The mechanism by which the visited CSCF determines emergency service requests is for further study.
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(1) The UE generates an INVITE message identifying the emergency services destination, and sends it to the CSCF located within the local visited network.  Note the Request-URI contains a tel; URL (rather than a sip: URL with user=phone), indicating local expansion to a E.164 number can be performed.

INVITE tel:911 SIP/2.0

To: <tel:911>

From: <sip:ue1111@cscf12.home-domain.com>

Call-ID: ue1111-1234@cscf12.home-domain.com

Contact: sip:ue1111@[5555::1234]

Cseq: 914 INVITE

(2) The vCSCF authorizes radio bearer resources for this call.  The vCSCF decides (by methods still to be determined) that the call should be completed by a PSTN/ISDN/PLMN gateway in the visited domain.  It sends the INVITE to an MGCF in the visited network.  The vCSCF wants to remain in the signaling path for subsequent transactions, so adds itself into the Record-Route header in the request.

INVITE sip:911@mgcf7.visited-domain.com SIP/2.0

To: <tel:911>

From: <sip:ue1111@cscf12.home-domain.com>

Call-ID: ue1111-1234@cscf12.home-domain.com

Contact: sip:ue1111@[5555::1234]

Cseq: 914 INVITE

Record-Route: <sip:cscf3.visited-domain.com> 
(3) The MGCF initiates the proper signaling messages to the PSTN, via the signaling gateway.

(4) When the PSTN subscriber answers, the signaling message from the PSTN is returned to the MGCF.

(5) The MGCF generates a 200 response when the call is answered

SIP/2.0 200 OK

To: <tel:911>

From: <sip:ue1111@cscf12.home-domain.com>

Call-ID: ue1111-1234@cscf12.home-domain.com

Contact: sip:mgcf7.visited-domain.com

Cseq: 914 INVITE

Record-Route: <sip:cscf3.visited-domain.com> 
(6) The response is forwarded along the reverse path of the request.

3 Proposal

This contribution proposes that the following text be added to 23.821 section 5.1.

Resource Allocation Principles: Release 2000 architecture shall be based on the principle that all resources within a network operator’s network be managed by network elements within that network operator’s network.  

For calls that terminate on a network operator’s Media Gateway (MGW), ports are allocated exclusively by the Media Gateway Control Function (MGCF) within that network operator’s network.  When multiple MGCFs exist within the network operator’s network, choice of the proper MGCF for handling a call shall be made by a function within that network operator’s network.  

Authorization for bearer resources in a network operator’s network is performed by a CSCF within that network operator’s network.  When call control is performed by a CSCF in the subscriber’s home network, this authorization function shall be performed by a CSCF in the same network as the bearer resources being reserved. 


References

[1] 3GPP Contribution SA2-001016, May 22-26, 2000, Berlin, “Open Issues for the ‘Hybrid’ Service Control Architecture”. 

[2] Ericsson, Service execution at home: example information flows.  S2-000751.  Stockholm, 9-12 May 2000.

[3] PacketCable Distributed Call Signaling Specification, PKT-SP-DCS-D03-000428, available at ftp://ftp.packetcable.com/pub/ietfdocs/dcsdraft2.pdf.




















































