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3
Rationale

This contribution proposes the sections on CDR consideration for TR 32.8xy FS_REVOLTE_IMS_CH.
4
Detailed proposal

TR 32.8xy should be modified as per the following changes:

*** 1st Change ***

5
Description of Scenarios for Roaming

5.1
Roaming Call Flows Introduction

In the example MOC call flows, the Called Party (B side) is not specified in detail. In principle, the Called Party can be:

· (
inside the VPLMN

· (
inside the HPLMN

· (
in an external PS network

· (
in an external CS network

· (
an announcement (MRF)

Although there may be small differences in the call flow, these different destinations are not distinguished here, because they should not have a significant impact on the CDRs.

The same applies for the Calling Party (A side) in the MTC call flow.

Editor's Note: Refernce can be given to TR 29.949 for FS_REVOLTE_IMS.
5.2
MOC from a Roaming Subscriber

This section describes the originating call setup from a mobile subscriber who is roaming in a foreign network.

The 3GPP standard distinguishes two MOC scenarios:

(
MOC with loopback;

(
MOC with direct media home routing.

The following two sections describe the call flows (i.e. SIP messages and its parameters) for both scenarios. The CDR descriptions following afterwards are valid for both MOC scenarios.

5.3
MOC with Loopback 

This section describes the originating call setup from a mobile subscriber who is roaming in a foreign network, with loopback, i.e. including support of OMR (i.e. the media is anchored in the VPLMN).
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Figure 5.3‑1: MOC Roaming Call Flow, with loopback

After the registration procedure, the addresses of the S-CSCF and the P-CSCF are known in UE(A). Furthermore, the P-CSCF has received (and stored internally) the following information from the UE:

(
Home Network: SIP URI of the domain name of the home network used to address the REGISTER request of the served party

(
IMPU: To/From header of the REGISTER

(
User Name (optional): Authorization Header (optional) within REGISTER (IMPI ?)

(
address of the S-SCSF: S-CSCFh 

(
InstanceID containing the served IMEI: 
urn:gsma:imei:<gsma-specifier-defined-substring> 

In case of an USIM with AKA authentication (according to IR.92 requirements for a VoLTE device), parameters will be set as follows:

· (
Home Network: (from IMSI):

ims.mnc<MNC>.mcc<MCC>.3gppnetwork.org 

· (
IMPU (temporary IMPU from IMSI):

<IMSI>@ims.mnc<MNC>.mcc<MCC>.3gppnetwork.org

· (
User Name (from IMSI):

<IMSI>@ims.mnc<MNC>.mcc<MCC>.3gppnetwork.org

In case of ISIM these parameters are taken from the relevant ISIM data fields.

Editor's Note: The IMPU(s) provided by the UE might be temporary. During the registration procedure, the P-CSCF will receive one or several IMPUs assigned to the served user from the HPLMN. Just one of these IMPUs assigned by the HPLMN can be used as P-Asserted-Identity. The IMPU from P-Asserted-Identity is used for P-CSCF CDRs as content for the "Calling Party Number" field.

In detail, the messages in the call flow depicted in contain the following information (numbers refer to the messages in the figure; "A" denotes the calling party (i.e. the roaming subscriber), "B" the called party / destination of the call):

1. 
INVITE request (UE A to P-CSCF)

The session is initiated by sending a SIP:INVITE from UE A to the P-CSCF:

INVITE sip:+ CC NDC SN(B)@homedomain(A);user=phone


(it is assumed that the UE will assign the homedomain 


"ims.mnc<MNC>.mcc<MCC>.3gppnetwork.org", if the user just dials digits)

Route: P-CSCFv;lr
2. 
INVITE request (P-CSCF to IBCFv)

The P-CSCF forwards the message to an outbound IBCFv.
The P-CSCF adds / modifies the headers and body of the INVITE as follows:


INVITE sip:+ CC NDC SN(B)@homedomain(A);user=phone

Route: IBCFv, S-CSCFh;lr

Record-Route: P-CSCFv

Feature-Caps: +g.3gpp.trf=<TRF>


P-Charging-Vector: icid-value="AyretyU0dm...";orig-ioi=<VPLMN>

P-Visited-Network-ID : <VPLMN>

c= IN IP4 <A-BGFv_IP-Addr>  


(presence of a MGW associated to the P-CSCF is assumed for the example)

m= audio <A_BGFv_Port> RTP/AVP 96

3.
INVITE request (IBCFv to SIP Proxy)
INVITE is routed from the IBCFv towards the HPLMN using a VoIP IC provider.
The IBCF prepares OMR handling and modifies the INVITE as follows:


INVITE sip:+ CC NDC SN(B)@homedomain(A);user=phone

Route: SIP_Proxy(VoIP-IC), S-CSCFh;lr

Record-Route: IBCFv, P-CSCFv 

Feature-Caps: +g.3gpp.trf=<TRF>


P-Charging-Vector: icid-value="AyretyU0dm...";orig-ioi=<VPLMN>

P-Visited-Network-ID: <VPLMN>

c= IN IP4 <TrGW-Addr.> 
(TrGW: media GW assigned to outgoing IBCF)

m= audio <TrGW-Port> RTP/AVP 96 
(invalid port)

a= visited-realm:1 <VPLMN> IN IP4 <A-BGFv_IP-Addr> <A_BGFv_Port> 


(provides for VPLMN internal OMR the media IP-address/port of the BGF controlled 


by P-CSCFv serving the calling UE A)

4. 
INVITE request (SIP Proxy to IBCFh)
The INVITE is forwarded to an incoming IBCFh of the HPLMN:

INVITE sip:+ CC NDC SN(B)@homedomain(A);user=phone

Route: IBCFh, S-CSCFh;lr

Record-Route: SIP_Proxy(VoIP-IC), IBCFv, P-CSCFv

5.
INVITE request (IBCFh to S-CSCF)
The INVITE is forwarded to the S-CSCF where the roaming subscriber has registered:

INVITE sip:+ CC NDC SN(B)@homedomain(A);user=phone

Route: S-CSCFh;lr

Record-Route: IBCFh, SIP_Proxy(VoIP-IC), IBCFv, P-CSCFv

Feature-Caps: +g.3gpp.trf= <TRF>

P-Charging-Vector: icid-value="AyretyU0dm...";orig-ioi=<VPLMN>

P-Visited-Network-ID: <VPLMN>

6.
INVITE request (S-CSCF to AS)
Based on the IFCs of the subscriber (A-party), the S-CSCF triggers a SIP AS (MMTEL AS) and adds 

+g.3gpp.home-visited with value according to received P-Visited-Network-ID.

Feature-Caps: +g.3gpp.home-visited=<VPLMN>;+g.3gpp.trf=<TRF>

7. 
INVITE request (AS to S-CSCF)
The AS sends a SIP:INVITE message back towards the S-CSCF. As the AS does not want to suppress 
loopback to the VPLMN, the Feature-Caps header field +g.3gpp.home-visited is left by the AS 
unchanged.
NOTE: Of course, the AS also has multiple other options to influence the further call handling, including a potential modification of  the final destination of the call. This is not considered in this example.
8.
INVITE request (S-CSCF to IBCFh)
The S-SCSF routes to the final destination via the TRF and replaces the existing Feature-Caps by 

+g.3gpp.loopback in order to indicate to the VPLMN that this is a loopback call:

INVITE sip:+ CC NDC SN(B)@homedomain(A);user=phone


ROUTE: IBCFh, TRF 
(TRF from Feature-Caps header field +g.3gpp.trf)

Record-Route: S_CSCFh, IBCFh, SIP_Proxy(VoIP-IC), IBCFv, P-CSCFv

Feature-Caps: +g.3gpp.loopback


P-Charging-Vector: icid-value="AyretyU0dm...";orig-ioi=<HPLMN>
9.-10.
INVITE request (IBCFh via SIP Proxy to IBCFv)
The SIP:INVITE is sent via IBCFh and the VoIP IC network to the IBCFv of the VPLMN.

11.
INVITE request (IBCFv to TRF)
The IBCFv executes OMR rules (in SIP body) and routes the INVITE to the TRF:


INVITE sip:+ CC NDC SN(B)@homedomain(A);user=phone 

ROUTE: TRF

Record-Route: IBCFv, SIP_Proxy,.IBCFh, S_CSCFh, IBCFh, SIP_Proxy, 
 

IBCFv, P-CSCFv

Feature-Caps: +g.3gpp.loopback

c= IN IP4 <A-BGFv_IP-Addr> (address from a=visited-realm:1) 

m= audio <A_BGFv_Port> RTP/AVP 96 (port from a=visited-realm:1)

12.-13. 
INVITE request (TRF to B-Side)
The TRF detects that this is a "loopback" request from a roaming subscriber. It decides on the routing 
towards the final destination of the call and forwards the INVITE to an appropriate network node. 
In the figure it is assumed, that the destination is an IP connection outside the VPLMN, but other options 
(CS connection, destination inside VPLMN) are also possible.

15. 
Provisional responses (B-Side to UE-A)



Provisional responses and possible precondition procedures are not shown.

(Note: provisional responses may contain a term-ioi field in the P-Charging-Vector header)

16.-29.
200 OK response (B-Side to UE-A)
The media connection is established by sending the 200 OK response back through all involved network 
nodes.

5.4
MOC with Direct Media Home Routing 

This section describes the originating call setup from a mobile subscriber who is roaming in a foreign network, with direct media home routing, i.e. without support of OMR (the TRF is not involved in the call flow).
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Figure 5.4-1: MOC Roaming Call Flow, with direct media home routing

In detail, the messages in the call flow depicted in Figure 5.4-1 contain the following information:
1. 
INVITE request (UE-A to P-CSCF)

The session is initiated by sending a SIP:INVITE from UE A to the P-CSCF:

INVITE sip:+ CC NDC SN(B)@homedomain(A);user=phone


(it is assumed that the UE will assign the homedomain 


"ims.mnc<MNC>.mcc<MCC>.3gppnetwork.org", if the user just dials digits)

Route: P-CSCFv;lr

2. 
INVITE request (P-CSCF to IBCFv)

The P-CSCF forwards the message to an outbound IBCFv. The P-CSCF adds / modifies the headers and body of the INVITE as follows:

INVITE sip:+ CC NDC SN(B)@homedomain(A);user=phone

Route: IBCFv, S-CSCFh;lr

Record-Route: P-CSCFv

Feature-Caps: +g.3gpp.trf=<TRF>

P-Charging-Vector: icid-value="AyretyU0dm...";orig-ioi=<VPLMN>

P-Visited-Network-ID : <VPLMN>


P-Asserted-Identity: <CallingParty A>

c= IN IP4 <A-BGFv_IP-Addr>  


(presence of a MGW associated to the P-CSCF is assumed for the example)

m= audio <A_BGFv_Port> RTP/AVP 96

3.
INVITE request (IBCFv to SIP proxy)

INVITE is routed from the IBCFv towards the HPLMN using a VoIP IC provider.

The IBCF prepares OMR handling and modifies the INVITE as follows:


INVITE sip:+ CC NDC SN(B)@homedomain(A);user=phone

Route: SIP_Proxy(VoIP-IC), S-CSCFh;lr

Record-Route: IBCFv, P-CSCFv 

Feature-Caps: +g.3gpp.trf=<TRF>

P-Charging-Vector: icid-value="AyretyU0dm...";orig-ioi=<VPLMN>

P-Visited-Network-ID: <VPLMN>


P-Asserted-Identity: <CallingParty A>

c= IN IP4 <TrGW-Addr.> 
(TrGW: media GW assigned to outgoing IBCF)

m= audio <TrGW-Port> RTP/AVP 96 
(invalid port)

a= visited-realm:1 <VPLMN> IN IP4 <A-BGFv_IP-Addr> <A_BGFv_Port> 


(provides for VPLMN internal OMR the media IP-address/port of the BGF controlled 


by P-CSCFv serving the calling UE A)

4. 
INVITE request (SIP-Proxy to IBCFh)
The INVITE is forwarded to an incoming IBCFh of the HPLMN:

INVITE sip:+ CC NDC SN(B)@homedomain(A);user=phone

Route: IBCFh, S-CSCFh;lr

Record-Route: SIP_Proxy(VoIP-IC), IBCFv, P-CSCFv

5.
INVITE request (IBCFh to S-CSCF)

The INVITE is forwarded to the S-CSCF where the roaming subscriber has registered:

INVITE sip:+ CC NDC SN(B)@homedomain(A);user=phone

Route: S-CSCFh;lr

Record-Route: IBCFh, SIP_Proxy(VoIP-IC), IBCFv, P-CSCFv

Feature-Caps: +g.3gpp.trf= <TRF>

P-Charging-Vector: icid-value="AyretyU0dm...";orig-ioi=<VPLMN>

P-Visited-Network-ID: <VPLMN>


P-Asserted-Identity: <CallingParty A>

6.
INVITE request (S-CSCF to AS)

Based on the IFCs of the subscriber (A-party), the S-CSCF triggers a SIP AS (MMTEL AS) and adds

+g.3gpp.home-visited with value according to received P-Visited-Network-ID.

Feature-Caps: +g.3gpp.home-visited=<VPLMN>;+g.3gpp.trf=<TRF>

7. 
INVITE request (AS to S-CSCF) 
The AS sends an INVITE message back towards the S-CSCF. The AS decides to suppress loopback 
to the VPLMN, and, hence, removes the Feature-Caps header field +g.3gpp.home-visited. 


Feature-Caps: +g.3gpp.trf=<TRF>

NOTE: Of course, the AS also has multiple other options to influence the further call handling, including a 

potential modification of  the final destination of the call. This is not considered here.
8.
INVITE request (S-CSCF to B-Side)

The S-SCSF decides on the routing towards the final destination of the call, removes the remaining 

Feature-Cap +g.3gpp.trf, replaces orig-ioi by <HPLMN>, and forwards the INVITE to an appro
priate network node.
9. 
Provisional responses (B-Side to UE-A)

Provisional responses and possible precondition procedures are not shown.

10.-17.
200 OK response (B-Side to UE-A)

The media connection is established by sending the 200 OK response back through all involved network 
nodes.

5.5
MTC towards a Roaming Subscriber

This section describes the call setup towards an IMS subscriber who is roaming in a foreign network.
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Figure 5.5-1: MTC Roaming Call Flow

For this call flow (and the description below), it is assumed that the IC provider supports routing based on ROUTE-header in SIP:INVITE

In general, the MTC roaming handling is similar to the network internal MTC handling: the (terminating) S-CSCF routes the call to the P-CSCF, which serves the called party, using the SIP Route header. In the roaming case, IBCFs (in HPLMN and VPLMN) and SIP Proxies (at VoIP IC providers) are included in the call flow. These entities also have to support routing according to the P-CSCF address (or FQDN) provided in the SIP Route header.

In detail, the messages in the call flow depicted in Figure 5.4-1 contain the following information (numbers refer to the messages in the figure; "A" denotes the calling party (i.e. the roaming subscriber), "B" the called party / destination of the call):

1. 
INVITE request (UE A to P-CSCF)

The terminating session set up starts with an incoming SIP:INVITE to the S-CSCF which serves 
the called party (UE B):

INVITE sip:+ CC NDC SN(B)@homedomain(A);user=phone


(it is assumed that the calling UE has assigned the homedomain 


"ims.mnc<MNC>.mcc<MCC>.3gppnetwork.org", if the user just dials digits)

Route: S-CSCFh;lr
2.-3.
INVITE request (S-CSCF to AS to S-CSCF)

The S-CSCF triggers a SIP AS according to the terminating IFCs of subscriber B. The AS generates an CDR, but does not influence the call any further, and instructs the S-CSCF to  continue the call setup.

NOTE: Of course, the AS also has multiple other options to influence the further call handling, including a 

potential modification of  the final destination of the call. This is not considered here.

4. 
INVITE request (S-CSCF to IBCFh)

The S-CSCF forwards the message via an outbound IBCFh towards the P-CSCF. IP-address IP(B) and used port number Port(B) where UE B can be reached have been stored in the S-CSCF during 
registration. The S-CSCF adds / modifies the headers and body of the INVITE as follows:


INVITE sip:+ CC NDC SN(B)@IP_(B):Port(B)

Route: IBCFh, P-CSCFv;lr

Record-Route: S-CSCFh


P-Charging-Vector: icid-value="AyretyU0dm..."


5.
INVITE request (IBCFh to SIP Proxy)

INVITE is routed from the outgoing IBCFh towards the preferred VoIP IC provider:

INVITE sip:+ CC NDC SN(B)@IP_(B):Port(B)

Route: SIP_Proxy(VoIP-IC), P-CSCFv;lr

6. 
INVITE request (SIP Proxy to IBCFv)
The INVITE is forwarded to an incoming IBCFv of the VPLMN:

INVITE sip:+ CC NDC SN(B)@IP_(B):Port(B)

Route: IBCFv, P-CSCFv;lr
7.
INVITE request (IBCFv to P-CSCF)
The INVITE is forwarded to the P-CSCF serving  the roaming subscriber:


INVITE sip:+ CC NDC SN(B)@IP_(B):Port(B)

Route: P-CSCFv;lr

8.
INVITE request (P-CSCF UE-B)

The P-CSCF offers the incoming request to the called UE B:


INVITE sip:+ CC NDC SN(B)@IP_(B):Port(B)

Route: P-CSCFv;lr

9. 
Provisional responses (UE-B to A-Side)

Provisional responses and possible precondition procedures are not shown.

10.-17.
200 OK response (UE-B to A-Side)

The media connection is established by sending the 200 OK response back through all involved network 
nodes.

*** End of Changes ***
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