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	Reason for change:
(
	According to 24.167 the Voice_Domain_Preference_E_UTRAN and Voice_Domain_Preference_UTRAN apply for originating calls only. 

In 23.221 the preferences are described in section 7.2a "Domain selection for UE originating sessions / calls" and with purpose "To allow for appropriate domain selection for originating voice calls, the following applies for a CSFB and IMS capable UE in E-UTRAN" and "To allow for appropriate domain selection for originating voice calls, the following CS/IMS voice preference setting applies for a CS and IMS capable UE in UTRAN". 

In 24.292 the UE T-ADS also takes those MO parameters into account for terminating session set up offering CS+PS domain parameters. This results to loss of terminating calls, e.g. when UE is set up with "CS Voice only", UE roams in E-UTRAN network where IMSVoPS indicates voice is supported and the NAS combined attach or combined TA update was not successful. 

In such scenario, in spite of SCC AS offering both PS+CS domain parameters based on decision of the operator (and thus indicating that any of CS / PS domain is acceptable), the ICS UE rejects the SIP INVITE request just due to the MO parameters resulting to loss of the session. If the ICS UE had not considered the MO parameters, the session could be set up using PS domain parameters.

The SCC AS can anyway ensure that PS domain will not be used by offering the CS domain parameters only.

Moreover, the draft-ietf-mmusic-sdp-capability-negotiation allows indicating preference between the parts of the offer and thus indicating PS domain parameters being of higher preference than CS domain parameters or vice verse so usage of MO parameters is not needed even for operator preference.

draft-ietf-mmusic-sdp-capability-negotiation-13 says: 

=======================================

3.2. Solution Overview

... 

  o  Two new SDP attributes to negotiate configurations as follows:

       o  A new attribute ("a=pcfg") that lists potential

          configurations supported. This is done by reference to the

          capabilities from the SDP session description in question.

          Extension capabilities can be defined and referenced in the

          potential configurations. Alternative potential

          configurations have an explicit ordering associated with

          them. Also, potential configurations are by default preferred

          over the actual configuration included in the "m=" line and

          its associated parameters.
 ...

3.5.1. Potential Configuration Attribute 

   Potential Configurations can be expressed by use of a new Potential 

   Configuration Attribute ("a=pcfg") defined as follows:  

      a=pcfg: <config-number> [<pot-cfg-list>] 

   where <config-number> is an integer between 1 and 2^31-1 (both 

   included).  

...

The attribute includes a configuration number, 

   which is an integer between 1 and 2^31-1 (both included). The 

   configuration number MUST be unique within the media description 

   (i.e., it has only media level scope). The configuration number also 

   indicates the relative preference of potential configurations; lower 

   numbers are preferred over higher numbers. 
....

=======================================
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****************** change 1 ******************

10.2.2.4
Call control over Gm and T-ADS executed by the UE

When the ICS UE receives, within an initial SIP INVITE request, an SDP offer which allows the UE to select between using an RTP-based IP bearer or a CS bearer for audio media or audio and video media of a session using


 draft-ietf-mmusic-sdp-capability-negotiation [40], draft-ietf-mmusic-sdp-misc-cap [39], draft-ietf-mmusic-sdp-cs [36] and draft-ietf-mmusic-sdp-media-capabilities [41]



:

1)
if the UE in the response to the INVITE request includes a P-Access-Network-Info header field including an access-type field set to one of "3GPP-E-UTRAN-FDD" or "3GPP-E-UTRAN-TDD, and the UE is not responding with a SIP 3xx response: 

a)
void;

b)
void;

c)
void;

d)
void;

e)
void;

f)
if the IMSVoPS indicator indicates voice is supported, then the UE shall use a RTP-based PS bearer for the related audio media stream;

g)
if the IMSVoPS indicator indicates voice is not supported, then the UE send back a 488 (Not Acceptable Here) response without SDP body;

h)
void;

i)
void; and
j)
void;

2)
if the UE in the response to the INVITE request includes a P-Access-Network-Info header field including an access-type field set to one of "3GPP-UTRAN-FDD" or "3GPP-UTRAN-TDD", and the UE is not responding with a SIP 3xx response:

a)
void;

b)
if the configuration offering audio media stream using CS bearer has higher preference than the configuration offering audio media stream using RTP-based PS bearer and the IMSVoPS indicator indicates voice is not supported, then the UE shall use the CS bearer for the related audio media stream;

c)
if the configuration offering audio media stream using CS bearer has higher preference than the configuration offering audio media stream using RTP-based PS bearer and the IMSVoPS indicator indicates voice is supported, then the UE should use the CS bearer for the related audio media stream or may use a RTP-based PS bearer for the related audio media stream;

d)
if the configuration offering audio media stream using CS bearer has lower preference than the configuration offering audio media stream using RTP-based PS bearer and the IMSVoPS indicator indicates voice is supported, then the UE should use a RTP-based PS bearer for the related audio media stream or may use the CS bearer for the related audio media stream; and
e)
if the configuration offering audio media stream using CS bearer has lower preference than the configuration offering audio media stream using RTP-based PS bearer and the IMSVoPS indicator indicates voice is not supported, then the UE shall use CS bearer for the related audio media stream;
3)
void;


4)
void;





5)
if the UE in the response to the INVITE request includes a P-Access-Network-Info header field including an access-type field set to "3GPP-GERAN":

NOTE 2:
The UE decides based on local configuration and network conditions whether to use for the related audio media stream an IP connection, RTP-based IP bearer or a CS bearer.

a)
if both the UE and the network support dual transfer mode, then the UE shall use a CS bearer for the related audio media stream; and
NOTE 3:
Indication that network supports dual transfer mode is specified in 3GPP TS 44.018 [46].

b)
if the UE, network or both do not support dual transfer mode, then the UE shall send back a 488 (Not Acceptable Here) response without SDP body; and
6)
if the UE in the response to the INVITE request includes a P-Access-Network-Info header field including an access-type field not set to one of "3GPP-GERAN", "3GPP-UTRAN-FDD", "3GPP-UTRAN-TDD", "3GPP-E-UTRAN-FDD", or "3GPP-E-UTRAN-TDD", based on local configuration and network conditions, decide whether to use for the related audio media stream an IP connection RTP-based IP bearer or a CS bearer.

If the ICS UE decides to use a IP connection or RTP-based IP bearer, the ICS UE shall proceed as described in subclause 10.2.2.2 and in addition indicate that the IP connection or RTP-based IP bearer is used within the SDP answer in accordance with draft-ietf-mmusic-sdp-capability-negotiation [40].

If the ICS UE decides to use a CS bearer
 the ICS UE shall proceed as described in subclause 10.2.2.3 and in addition indicate that the CS bearer is used within the SDP answer in accordance with draft-ietf-mmusic-sdp-capability-negotiation [40]
.


****************** change 2 ******************

10.4.6
SCC AS allowing UE to execute T-ADS

When the SCC AS serving the terminating ICS UE receives an initial SIP INVITE request due to initial filter criteria and the T-ADS results in allowing the ICS UE to execute T-ADS, the SCC AS shall act as a B2BUA, the SCC AS shall:

1)
allocate an SCC AS PSI DN associated with the SCC AS and the SIP INVITE request from the originating UE;

2)
create a SIP INVITE request and include the following:

a)
set the Request-URI to the value as received in the Request-URI in the incoming SIP INVITE request;

b)
a dedicated Accept-Contact header field a media feature tag with the value g.3gpp.ics set to principal appended with the value "explicit" and "require";

NOTE 1:
Other feature tags can also be included in the dedicated Accept-Contact header field if the feature tags have the same requirements on the "explicit" and "require" parameter.

b1)

 an Accept-Contact header field with media feature tag  values received in the Accept-Contact header field(s) in the incoming SIP INVITE request except for any g.3gpp.ics media feature tags;  and

NOTE 2: 
According to IETF RFC 3841 [35A] when the value of the "explicit" and "require" parameters are different for feature tag values they will be placed in separate Accept-Contact header fields.

c)
within the SDP offer based on the received SDP from the originator, for every media line indicating audio set the following:

A)
if the CS bearer is preferred over the RTP-based IP bearer:

i)
transport protocol within the media line to RTP-based IP bearer;

ii)
related connection line to the value as received from the originator; and

iii)
additional a-lines as defined in draft-ietf-mmusic-sdp-capability-negotiation [40], draft-ietf-mmusic-sdp-misc-cap [39], draft-ietf-mmusic-sdp-cs [36] and draft-ietf-mmusic-sdp-media-capabilities [41] indicating that:

-
the required capability negotiation extensions attribute "creq" set to "med-v0" and "ccap-v0", indicating that the relevant SDP capability negotiation mechanisms must be supported by the terminating UE in order to initiate T-ADS;

-
the media capability attribute "mcap" set to "-";

-
the transport protocol capability attribute "tcap" set to "PSTN";

-
the connection data capability attribute "ccap" set to "PSTN", indicating "E.164" as address type and the e164-address portion set to an E.164 number representing the SCC AS PSI DN allocated in step 1). The SCC AS PSI DN identifies the stored information and is associated with the SCC AS;

-
the related preconditions of the originating side set to not met; and

B)
if the RTP-based IP bearer is preferred over the CS bearer:

i)
the media portion of the media line set to audio, port portion set to "9", proto portion set to "PSTN" and fmt portion set to "-", as described in draft-ietf-mmusic-sdp-cs [36];

ii)
the related connection line with the nettype portion set to "PSTN" and with the addrtype portion set to "E164" and the connection-address portion set to an E.164 number representing the SCC AS PSI DN allocated in step 1) in accordance with draft-ietf-mmusic-sdp-cs [36];

iii)
an a=setup attribute set to "passive";

iv)
an a=connection attribute set to "new";

v)
the related preconditions of the originating side set to not met; and

vi)
additional a-lines as defined in draft-ietf-mmusic-sdp-capability-negotiation [40], draft-ietf-mmusic-sdp-misc-cap [39] and draft-ietf-mmusic-sdp-media-capabilities [41] reflecting the SDP parameters of the audio in the received SDP offer; and

NOTE 3:
In the case when the UE chooses to use the CS bearer, the resources are not available in the MGCF. Therefore, regardless on the current status of the resource reservation at the originating side, the SCC AS sets the preconditions to not met.

3)
route the created SIP INVITE request towards the terminating ICS UE. 

Upon receipt of a SIP response to this SIP INVITE request, including an SDP answer indicating that the UE has chosen the RTP-based IP bearer, the SCC AS shall proceed in accordance with 3GPP TS 24.229 [11].
When the SCC AS receives a SIP INVITE request from the CS domain, the SCC AS shall check that the Request URI is set to a valid SCC AS PSI DN encoded as a tel URI (see IETF RFC 3966 [42]) or SIP URI with the "user" SIP URI parameter set to "phone", in accordance with 3GPP TS 23.003 [4], subclause 13.5 as allocated in the above step 1 and proceed as defined in subclause 10.4.4.
When the SCC AS has received the 18x response from the terminating ICS UE, including an SDP answer indicating that the UE has chosen the CS bearer;

a)
and the UE indicates that service control will be via I1, and I1 is supported on the SCC AS, the SCC AS shall generate an I1 Invite message to the terminating ICS UE as specified in subclause 6.2.1.3.2.1 with the additions in accordance to the procedures in 3GPP TS 24.294 [11]; or
b)
otherwise, the SCC AS shall proceed as defined in subclause 10.4.4.

If the SCC AS receives a 488 (Not Acceptable Here) response, not including any SDP body or including an SDP body without a media description ("m=") indicating "audio", the SCC AS may follow the procedures in subclause 10.4.7 or subclause 10.4.5.

If the SCC AS receives a18x response including an SDP answer with a media description ("m=") set to "audio" and port portion set to "0", the SCC AS may follow the procedures in subclause 10.4.5 or subclause 10.4.7.

