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Definitions and abbreviations

3.1
Definitions

For the purposes of the present document, the terms and definitions given in 3GPP TR 21.905 [1] and the following apply. A term defined in the present document takes precedence over the definition of the same term, if any, in 3GPP TR 21.905 [1].
CS call: A connection established via the circuit switched domain in accordance with the related procedures e.g. such as described in 3GPP TS 24.008 [7], 3GPP2 C.S0001-D [37] and of which the established bearer is only used within a CS connection but not used as a media stream for a related IM CN subsystem session.
CS media: A media stream established through CS signalling (e.g. 3GPP TS 24.008 [7], 3GPP2 C.S0001-D [37]) and transported through the PSTN with a session description defined by IETF RFC 7195 [36].
IMS Voice over PS Session (IMSVoPS) indicator: An indication from the network indicating that IMS voice over PS session(s) are or are not supported for a specific RAT. The indication is provided by the network to the UE at each NAS registration. When the UE is in S1-mode, the IMSVoPS indicator defined in 3GPP TS 24.301 [11A] applies. When the UE is in Iu-mode or A/Gb mode, the IMSVoPS indicator defined in 3GPP TS 24.008 [7] applies. 
NAS combined attach or combined TA update: A NAS attach procedure where the EPS attach type is set to combined EPS/IMSI attach or a NAS tracking area update procedure where the EPS update type is set to "combined TA/LA updating with IMSI attach" or "combined TA/LA updating". See also 3GPP TS 24.301 [11A].

Successful NAS combined attach or combined TA update: The successful outcome of a NAS combined attach procedure where for the NAS attach procedure the EPS attach result is "combined EPS/IMSI attach" without "SMS only" indication or where for the NAS tracking area update procedure the EPS update result is "combined TA/LA updated" or "combined TA/LA updated and ISR activated" without "SMS only" indication. See also 3GPP TS 24.301 [11A].

Failure to access the CS domain: In this specification, failure to access the CS domain includes not receiving a location updating area accept message as specified in 3GPP TS 24.008 [8]) and the NAS sublayer not receiving an indication of successful NAS combined attach or combined TA update.
PSI DN: Is a digit string that conforms to ITU-T Recommendation E.164 [44].
UE in S1-mode: In this specification, a UE in this mode perform an EPS attach procedure with a MME, as defined in 3GPP TS 24.301 [11A].

UE in Iu-mode or UE in A/Gb mode: In this specification, a UE in one of these modes performs a GPRS attach procedure with a SGSN, as defined in 3GPP TS 24.008 [7].
SCC AS enhanced for I1: SCC AS supporting I1 as defined in 3GPP TS 24.294 [11B].
For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.292 [6] apply:

ICS UE
Correlation MSISDN

MSC Server enhanced for ICS

SCC AS
For the purposes of the present document, the following terms and definitions given in 3GPP TS 24.629 [19] apply:

transferee

transferor

transfer target
For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.228 [5] apply:

Public Service Identity (PSI)

For the purposes of the present document, the following terms and definitions given in 3GPP TS 24.229 [11] apply:

Registration expiration interval
For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.003 [3] apply:

CS Domain Routeing Number (CSRN)

IP Multimedia Routeing Number (IMRN)
For the purposes of the present document, the following terms and definitions given in 3GPP TS 24.301 [11A] apply:

CS fallback capable UE
EPS attach result

EPS attach type

EPS update result
EPS update type

Persistent EPS bearer context
TA

For the purposes of the present document, the following terms and definitions given in 3GPP TS 24.008 [7] apply:
routing area (RA)
For the purposes of the present document, the following terms and definitions given in 3GPP TS 44.018 [44] apply:
dual transfer mode (DTM)
***** Next change *****
7.2.2
ICS UE using Gm

There are no ICS specific requirements for the origination of calls that may be subject to ICS.

If ICS is enabled for the UE then when the ICS UE originates a call using Gm reference point, the ICS UE shall:
a)
send a SIP INVITE request towards the IM CN subsystems as specified in 3GPP TS 24.229 [11]. The ICS UE shall populate the SIP INVITE request as follows: 
i)
include in the Contact header field:

-
a public GRUU or temporary GRUU as specified in 3GPP TS 24.229 [11] if a GRUU was received at registration;

-
g.3gpp.ics media feature tag set to "principal";
ii)
the SDP payload proposing an audio stream over a circuit-switched bearer as described by IETF RFC 7195 [36], as follows:

-
a "c=" line with the nettype portion set to "PSTN" and the addrtype portion and connection-address portions both set to "-";

-
a CS media "m=" line with the media portion set to "audio", port portion set to "9", proto portion set to "PSTN" and fmt portion set to "-";

-
an a=setup attribute set to "active";
--
an a=cs-correlation attribute set to "callerid" along with the MSISDN, of the ICS UE in the CS domain, in international E.164 number format;

-
an a=connection attribute set to "new";

-
an indication that the related local preconditions for QoS are not met as specified in 3GPP TS 24.229 [11]. In the same, the SDP payload may also be proposing a CS video stream;
b)
when the ICS UE receives a reliable SIP 1xx provisional response from the network including a PSI DN number, the ICS UE shall setup a CS call by sending a SETUP message in accordance with 3GPP TS 24.008 [7] for 3GPP systems. The UE shall populate the SETUP message for 3GPP systems as follows:

i)
the called party BCD number information element set to the SCC AS PSI DN received in the SDP body of the SIP 1xx provisional response, in the connection-address portion of the "c=" line, appended to the "PSTN" nettype portion as described in IETF RFC 7195 [36]; and
ii)
Type Of Number is set to "International" and Numbering Plan Indicator set to "E.164" in the Called Party BCD Number information element.
c)
when the CS resources are available to the UE, the ICS UE shall send an SDP offer including an indication that the related local preconditions for QoS for audio as met as specified in 3GPP TS 24.229 [11].
When the ICS UE originates a non-CS bearer call using Gm reference point, the ICS UE shall act in accordance with 3GPP TS 24.229 [11].
***** Next change *****
7.4.2.1
CS bearer is requested by the ICS UE

When the SCC AS receives an initial SIP INVITE request from the ICS UE due to initial filter criteria, the SCC AS shall:

1)
store the information received in the SIP INVITE request, including the Request-URI, P-Asserted-Identity header field, Accept header field, Call-ID header field, To and From header fields including tags, Contact header field including associated media feature tags, Accept-Contact header field, the Record-Route header field(s), and the received non-audio SDP information;

1A)
construct a Route header field(s) from the Record-Route header field(s) that was received in the initial SIP INVITE request, and save the constructed Route header field(s) for inclusion in the subsequent in dialog requests sent towards the ICS UE;
2)
if the SDP contains:

i)
a "c=" line with nettype portion set to "PSTN" as described in IETF RFC 7195 [36];

ii)
a CS media "m=" line with media portion set to audio, port portion set to "9" and nettype portion set to "PSTN" as described in IETF RFC 7195 [36; and

NOTE:
If both i) and ii) are true, the ICS UE is requesting that the media bearer is to be set up over the CS domain.

iii)
an a=setup attribute set to "active" and an a=connection attribute set to "new""; and

iv)
an a=cs-correlation attribute set to "callerid" along with the MSISDN, of the ICS UE in the CS domain, in international E.164 number format.
then the SCC AS shall send a SIP 183 (Session Progress) response towards the originating ICS UE in accordance with 3GPP TS 24.229 [11] with the following additions:

i)
an SDP answer, in accordance with IETF RFC 7195 [36], containing a "c=" line with the nettype portion set to "PSTN" and with the addrtype portion set to "E164" and the connection-address portion set to a SCC AS PSI DN, in international E.164 number format. The SCC AS PSI DN that identifies the stored information in step 1) and associated with the SCC AS;
ii)
an a=setup attribute set to "passive"

iii)
an a=connection attribute set to "new"; 
iv)
an a=cs-correlation attribute set to "callerid"; and
iv)
indicate local preconditions not met.

3)


When the SCC AS receives an initial SIP INVITE request with the Request-URI containinga 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 2 and with the P-Asserted-Identity header field containing the E.164 number received in the a=cs-correlation attribute contained in the SDP offer in the SIP INVITE request received from the ICS UE thenthe SCC AS shall:

i)
use the SCC AS PSI DN that was allocated in step 2 and E.164 number received in the a=cs-correlation attribute contained in the SDP offer from the SIP INVITE request received from the ICS UE to correlate the previously stored information against this session with the incoming SIP INVITE request.

ii)
act as a routing B2BUA, and generate an initial SIP INVITE request toward the terminating UE and include the information received in the SIP INVITE received in step 1 with the following exceptions:

a)
if a Privacy type of "id" is received in the SIP INVITE request received initial SIP INVITE request with the Request-URI containing the SCC AS PSI DN then the Privacy type shall be set to type of "id";
b)
an SDP offer with the media that combines the stored SDP offer from the ICS UE received in the SIP INVITE request from the ICS UE and the SDP offer received in SIP INVITE request with the Request-URI containing the SCC AS PSI DN in accordance with the rules of IETF RFC 3264 [31];

c)
replace the Record-Route header field(s) received in the initial SIP INVITE request with a new Record-Route header field that only contains a SIP URI pointing to the SCC AS; and

d)
set the Contact header field to include the contents of the Contact header received in the received initial SIP INVITE request, except the g.3gpp.ics media feature tag.
Upon receiving a SIP 18x response from the remote UE the SCC AS shall:

1)
send a SIP 18x response on the leg with the ICS UE. If the receiving response includes an SDP answer, the SIP 18x response shall include an SDP answer, and use a different dialog from that of the first SIP 183(Session Progress) response sent by the SCC AS;

1A)
include in the SIP 18x response sent on the leg with the ICS UE the Contact header field that contains the contents of the Contact header received in the SIP 18x response from the terminating UE;

1B)
include in the SIP 18x response sent on the leg with the ICS UE the Record-Route header field(s) that was constructed by the SCC AS adding its SIP URI to the saved Record-Route header field(s) that was received in the initial SIP INVITE request; and
2)
send a SIP 18x response on the leg with the CS domain.
The SDP answers shall be in accordance with rules for SDP answer as specified in IETF RFC 3264 [31].

When the SCC AS is aware of that preconditions are met on all legs the SCC AS shall send a SIP UPDATE request towards the remote UE indicating that local preconditions are met.

Upon receiving a SIP 200 (OK) response from the remote  UE, the SCC AS shall send a SIP 200 (OK) response on both the leg with the ICS UE and on the leg with the CS domain. If the response includes an SDP answer, the SCC AS shall send an SDP answer on the leg with the ICS UE and on the leg with the CS domain. The SDP answers shall be in accordance with rules for SDP answer as specified in IETF RFC 3264 [31].
When the SCC AS has received a SIP ACK request on both  the leg with the CS domain and  on the leg with the ICS UE, the SCC AS shall respond to the initial SIP INVITE request with a final 200 (OK) response. on the same dialog on which the second 18x was sent to the ICS UE.
***** Next change *****
8.1
Introduction

This clause specifies call modification procedures initiated by an ICS UE for a call using a service control signalling path over Gm. The associated procedures for the ICS UE and the SCC AS are also specified in this clause; specifically, the procedure when a CS bearer is added or removed is specified. If a CS bearer is already used for the session, the ICS UE can add or remove video media to/from the existing CS bearer by applying the procedures in accordance with 3GPP TS 24.229 [11] and the CS SDP as described in IETF RFC 7195 [36].
***** Next change *****
8.2.2.5
ICS UE removes a CS bearer
When an ICS UE wants to remove a CS bearer the ICS UE shall:
a)
send a SIP re-INVITE request or SIP UPDATE request towards the IM CN subsystems as specified in 3GPP TS 24.229 [11]. The ICS UE shall populate the SIP INVITE request or SIP UPDATE request as follows:

i)
the request URI set to the contact address earlier received from the SCC AS;
ii)
include in the Contact header field:

-
a public GRUU or temporary GRUU as specified in 3GPP TS 24.229 [11] if a GRUU was received at registration;

-
the g.3gpp.ics media feature tag set to "principal";
b)
set the CS bearer to not be used any longer by setting the port number to zero for the CS media "m=" line with the proto portion set to "PSTN" as described in d IETF RFC 7195 [36]; and
c)
when the ICS UE receives a reliable 1xx provisional response from the IM CN subsystem, the ICS UE shall release the resources in accordance with 3GPP TS 24.008 [8].
***** Next change *****
8.2.2.7
ICS UE add/remove CS video media

In case that a CS bearer is already used for the session and that the ICS UE decides to add or remove CS video media to/from the existing CS bearer, the ICS UE shall apply the procedures in accordance with 3GPP TS 24.229 [11] and the CS SDP as described in IETF RFC 7195 [36].

In the CS domain, the ICS UE shall apply in-call modification procedure (i.e., speech to/from UDI/RDI multimedia mode) as specified in 3GPP TS 24.008 [8] if it is possible, otherwise, the ICS UE shall apply Redial method as specified in 3GPP TS 24.008 [8].
***** Next change *****
8.4.2
SCC AS actions when UE adds a CS bearer

When the SCC AS receives a SIP re-INVITE request from the ICS UE indicating the addition of a CS bearer on an existing session, the SCC AS shall:

1)
if the SDP offer in the received SIP INVITE request contains:

i)
a "c=" line with nettype portion set to "PSTN" as described in IETF RFC 7195 [36];

ii)
a CS media "m=" line with media portion set to audio, port portion set to "9" and nettype portion set to "PSTN" as described in IETF RFC 7195 [36]; 
NOTE:
If both i) and ii) are true, the ICS UE is requesting that the media bearer is to be set up over the CS domain.

iii)
an a=cs-correlation attribute set to "callerid" along with the MSISDN, of the ICS UE in the CS domain, in international E.164 number format; and 

iv)
an a=setup attribute set to "active" and an a=connection attribute set to "new"
then the SCC AS shall send a SIP 183 (Session Progress) response towards the originating ICS UE in accordance with 3GPP TS 24.229 [11] with the following additions:

a)
include an SDP answer, in accordance with IETF RFC 7195 [36], containing a "c=" line with the nettype portion set to "PSTN" and with the addrtype portion set to "E164" and the connection-address portion set to a SCC AS PSI DN, in international E.164 number format. The SCC AS PSI DN is associated with the SCC AS and identifies the existing session; 
b)
an a=setup attribute set to "passive"

c)
an a=connection attribute set to "new"; 
d)
an a=cs-correlation attribute set to "callerid; 

e)
indicate local preconditions not met for the media over CS bearer; and
2)

When the SCC AS receives an initial SIP INVITE request with the Request-URI containing 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 1and with the P-Asserted-Identity header field containing the E.164 number received in the a=cs-correlation attribute contained in the SDP offer in the SIP INVITE request received from the ICS UE then the SCC AS shall:

a)
use the SCC AS PSI DN that was allocated to associate SCC-AS-PDN with the existing session and E.164 number received in the a=cs-correlation attribute contained in the SDP offer from the SIP INVITE request received from the ICS UE to correlate the SCC AS PSI DN with the existing session with the remote UE and acting as a routing B2BUA, generate SIP INVITE request and include the following information:

i)
a Request-URI set to the contact address of the remote UE; and

ii)
in the SDP add the SDP offer received from the received initial SIP INVITE request with the Request-URI containing the SCC AS PSI DN in accordance with the rules of IETF RFC 3264 [31].

Upon receiving a SIP 18x response from the remote UE the SCC AS shall send a SIP 18x response on both the leg with  the ICS UE and on the leg with the CS domain. If the response from the remote UE includes an SDP answer, the SCC AS shall send an SDP answer on the leg with the ICS  UE and on the leg with the CS domain. The SDP answers shall be in accordance with rules for SDP answer as specified in IETF RFC 3264 [31].

When the SCC AS is aware that preconditions are met on all legs, the SCC AS shall send a SIP UPDATE request on the leg with the remote UE indicating that local preconditions are met.

Upon receiving a SIP 200 (OK) response from the remote UE, the SCC AS shall send a SIP 200 (OK) response on both the leg with the ICS UE and on the leg with the CS domain. If the SIP 200 (OK) response includes an SDP answer, the SCC AS shall send an SDP answer on the leg with the ICS UE and on the leg with the CS domain. The SDP answers shall be in accordance with rules for SDP answer as specified in IETF RFC 3264 [31]. 
When the SCC AS has received a SIP ACK request on both the leg with the CS and on the leg with the ICS UE, the SCC AS shall send a SIP ACK request to the remote UE.

***** Next change *****
9.1
Introduction

This clause specifies call modification procedures initiated towards an ICS UE for a call using a service control signalling path over Gm. The associated procedures for the ICS UE and the SCC AS are also specified in this clause; specifically, the procedure when a CS bearer is added or removed is specified. If a CS bearer is already used for the session, the ICS UE can add or remove video media to/from the existing CS bearer by applying the procedure in accordance with 3GPP TS 24.229 [11] and the CS SDP as described in IETF RFC 7195 [36].
***** Next change *****
9.2.2.2

ICS UE is offered a CS bearer

When the ICS UE receives a SIP INVITE request on an existing session containing a request for establishment of a CS bearer as described in by IETF RFC 7195 [36],, the ICS UE shall: 
a)
send a reliable SIP 183 (Session Progress) response  towards the IM CN subsystems as specified in 3GPP TS 24.229 [11]. The ICS UE shall populate the SIP 183 (Session Progress) response as follows: 
i)
include in the Contact header field:

-
a public GRUU or temporary GRUU as specified in 3GPP TS 24.229 [11] if a GRUU was received at registration;

-
the feature tag g.3gpp.ics set to "principal"; and
ii)
the SDP answer accepting an audio stream over a circuit-switched bearer as described by IETF RFC 7195 [36], as follows:

-
a "c=" line with the nettype portion set to "PSTN" and the addrtype portion and connection-address portions both set to "-";

-
a CS media "m=" line with the media portion set to "audio", port portion set to "9", proto portion set to "PSTN" and fmt portion set to "-";

-
an a=setup attribute set to "active";

-
an a=cs-correlation attribute set to "callerid" along with the MSISDN, of the ICS UE in the CS domain, in international E.164 number format;

-
an a=connection attribute set to "new"; and
-
an indication that the related local preconditions for QoS are not met as specified in 3GPP TS 24.229 [11];
b)
shall setup a CS call by sending a CC SETUP message in accordance with 3GPP TS 24.008 [7] for 3GPP systems. The UE shall populate the CC SETUP message for 3GPP systems as follows:

i)
the called party BCD number information element set to the SCC AS PSI DN received in the SDP body of the SIP INVITE request, in the connection-address portion of the "c=" line, appended to the "PSTN" nettype portion as described in IETF RFC 7195 [36]; and

c)
when the CS resources are available to the UE, the ICS UE shall send an SDP offer including an indication that the related local preconditions for QoS for audio as met as specified in 3GPP TS 24.229 [11].
When the ICS UE originates a non-CS bearer call using Gm reference point, the ICS UE shall act in accordance with 3GPP TS 24.229 [11].
***** Next change *****
9.2.2.5
SCC AS removes a CS bearer

When the ICS UE receives a SIP INVITE request from the network containing SDP with an indication that the CS bearer will not be used any longer with the port number set to zero for the CS media "m=" line with nettype portion set to "PSTN" as described in IETF RFC 7195 [36], the ICS UE shall release the CS bearer resources in accordance with 3GPP TS 24.008 [8].
***** Next change *****
9.4.2
SCC AS adds a CS bearer
When the SCC AS receives on an existing session a SIP re-INVITE request to add media stream(s) towards the ICS UE the SCC AS shall:
1)
allocate an SCC AS PSI DN associated with the SCC AS and the INVITE request from the originating UE;

2)
create a SIP INVITE request based upon the request from the originating UE and include the following:

i)
the Request URI set to the earlier received contact address 
ii)
an SDP offer based on the received SDP offer from the originator and including the following:
-
in the SDP offer include additional CS media "m=" line with media portion set to audio, port portion set to "9", proto portion set to "PSTN" and fmt portion set to"-" as described in IETF RFC 7195 [36];

-
in the SDP offer include, a "c=" line with the nettype portion set to "PSTN" and with the addrtype portion set to "E164" and the connection-address portion set to the SCC AS PSI DN allocated in step 1), in international E.164 number format, in accordance with IETF RFC 7195 [36];


an a=setup attribute set to "passive";

-
an a=connection attribute set to "new";

-
an a=cs-correlation attribute set to "callerid";

-
an indication that preconditions are not met; and

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

When the SCC AS has received the 18x response containing the SDP answer accepting an audio stream over a circuit-switched bearer from the ICS UE and receives the initial SIP INVITE request with the Request-URI containing 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 with the P-Asserted-Identity header field containing the E.164 number received in the a=cs-correlation attribute contained in the SDP answer in the response to the SIP INVITE request received from the ICS UE then the SCC AS shall:
NOTE:
The SCC AS could receive the SIP INVITE request before the SIP 18x response. IETF RFC 7195 [36] provides guidance on handling this situation.
1)
use the SCC AS PSI DN and E.164 number received in the a=cs-correlation attribute contained in the SDP answer from the response to the SIP INVITE request received from the ICS UE to correlate the SCC AS PSI DN against the incoming SIP INVITE request from the originating UE.
2)
send a response to the initial SIP INVITE request with the Request-URI containing the SCC AS PSI DN in accordance with 3GGP TS 24.229 [11], indicating local preconditions met.

When the SCC AS has received the 18x response containing the SDP answer accepting an audio stream over a circuit-switched bearer from the ICS UE and the SIP INVITE request with the Request-URI containing the SCC AS PSI DN number, the SCC AS shall prepare an SDP answer to be sent to the remote UE. The SDP answer shall be based on the SDP answer received from the ICS UE and the SDP offer received from the CS domain. If the "m=" line of the SDP offer from the CS domain includes more than one codecs the SCC AS shall delete the lowest priority codecs. The status line in the response sent to the remote UE shall be the same as received in the 18x response from the ICS UE. The SDP answer sent to the remote UE shall be in accordance with IETF RFC 3264 [31].

When the SCC AS gets aware that the remote precondition is fulfilled on the leg towards the remote UE and on the leg with the CS domain, the SCC AS shall send a SIP UPDATE request to the ICS  UE indicating that precondition is met.

When the SCC AS receives precondition is met on the leg with the CS domain the SCC AS shall:
1)
send a SIP 200 (OK) for the SIP UPDATE request on the leg with the CS domain and

2)
send a SIP 200 (OK) for the SIP INVITE request on the leg with the CS domain.

***** Next change *****
9.4.4
SCC AS removes a CS bearer

If the SCC AS receives an SDP offer from the originating UE that indicates that all the CS media streams are removed, the SCC AS shall send a SIP INVITE request towards the IM CN subsystems as specified in 3GPP TS 24.229 [11]. The SCC AS shall populate the SIP INVITE request as follows:
-
the Request URI set to the contact address of the terminating ICS UE; and

-
an indication that the CS bearer will not be used any longer by setting the port number to zero for the CS media "m=" line with nettype portion set to "PSTN" as described in IETF RFC 7195 [36].

9.4.5
SCC AS add/remove CS video media
In case of a CS bearer with video media already used for the session and the SCC AS decides to add or remove CS video media to/from the existing CS bearer, the SCC AS shall apply the procedure in accordance with 3GPP TS 24.229 [11] and the CS SDP as described in IETF RFC 7195 [36].
***** Next change *****
10.2.2.3
Call control over Gm and voice or voice and video over CS bearer

When:

1)
the ICS UE receives a SIP INVITE request containing an SDP offer to establish a CS bearer according to IETF RFC 7195 [36]  and if the SIP response to the SIP INVITE request is to be sent:

a)
using I-WLAN or UTRAN; or

b)
using GERAN and both UE and network support dual transfer mode; or

NOTE:
Indication that network supports dual transfer mode is specified in 3GPP TS 44.018 [46].

2)
the ICS UE has decided to terminate a CS call using the Gm reference point after execution of the procedures in subclause 10.2.2.4;

then the ICS UE shall:
-
send a reliable SIP 183 (Session Progress) response towards the IM CN subsystems as specified in 3GPP TS 24.229 [11]. The UE shall populate the SIP 183 (Session Progress) response as follows:

a)
the SDP payload proposing an audio stream over a circuit-switched bearer as described by IETF RFC 7195 [36] ], as follows:

-
a"c=" line with the nettype portion to "PSTN" and the addrtype portion and connection-address portions both set to "-";

-
a CS media "m=" line's with the media portion set to "audio", port portion set to "9", proto portion to "PSTN" and fmt portion set to "-", as described in IETF RFC 7195 [36];
-
an a=setup attribute set to "active";

an a=cs-correlation attribute set to "callerid" along with the MSISDN, of ICS UE in the CS domain, in international E.164 number format;

-
an a=connection attribute set to "new";

and may also be proposing a CS video stream, and;
b)
an indication that the local preconditions for QoS are not met as specified in 3GPP TS 24.229 [11];
-
setup a CS call by sending a SETUP message in accordance with 3GPP TS 24.008 [7] for 3GPP systems. The UE shall populate the SETUP message for 3GPP systems as follows:

a)
the called party BCD number information element set to the E.164 number obtained from the connection-address portion of the "c=" line with the nettype portion set to "PSTN" of the audio media, as described in IETF RFC 7195 [36] received in the SDP body of the SIP INVITE request and the selected codec; and
b)
Type Of Number is set to "International" and Numbering Plan Indicator set to "E.164".in the Called Party BCD Number information element.
-
when the resources are available to the UE, and if the UE has already received an indication from the origination side that related local preconditions for QoS as met on the originating side, shall send a SIP 180 (Ringing) response and continue the call setup as specified in 3GPP TS 24.229 [11].
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, i.e. in which for the media descriptions ("m=") the following is set:

-
the transport protocol within the "m=" line to RTP-based IP bearer;

-
the related connection line to an IP address;

-
additional a-lines as defined in IETF RFC 5939 [40], IETF RFC 7006 [39], IETF RFC 7195 [36] and IETF RFC 6871 [41] indicating the following:

a)
the media capability attribute "omcap" with a "-" for the <encoding-name> ;

b)
the transport protocol capability attribute "tcap" set to "PSTN"; and

c)
the connection data capability attribute "ccap" with nettype set to "PSTN", indicating "E.164" as address type and the connection-address set to the SCC AS PSI DN, in international E.164 number format;

and the ICS UE supports T-ADS execution:
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", the UE is a CS fallback capable UE, and the UE is not responding with a SIP 3xx response, then the following applies, if the Voice_Domain_Preference_E_UTRAN leaf of the 3GPP IMS Management Object (see 3GPP TS 24.167 [8A]) is configured and is: 

a)
set to "1" (i.e. "CS Voice only") and the NAS sublayer has indicated a successful NAS combined attach or combined TA update then the UE shall send back a SIP 488 (Not Acceptable Here) response without SDP body;

b)
set to "1" and the UE fails to access the CS domain , the UE shall send back a SIP 606 (Not Acceptable) response;

c)
set to "2" (i.e. "CS Voice preferred, IMS PS Voice secondary") and the NAS sublayer has indicated a successful NAS combined attach or combined TA update then the UE shall send back a SIP 488 (Not Acceptable Here) response without SDP body;

d)
set to "2" and the NAS sublayer has not indicated a successful NAS combined attach or combined TA update and the IMSVoPS indicator indicates:

I)
voice is supported; or

II)
voice is not supported and a persistent EPS bearer context exists at the UE;


then the UE shall use a RTP-based PS bearer for the related audio media stream;

e)
set to "2" and the UE fails to access the CS domain and the IMSVoPS indicator indicates voice is not supported and a persistent EPS bearer context does not exist at the UE, then the UE shall send back a SIP 606 (Not Acceptable) response;

f)
set to "3" (i.e. "IMS PS Voice preferred, CS Voice secondary") and the IMSVoPS indicator indicates:

I)
voice is supported; or

II)
voice is not supported and a persistent EPS bearer context exists at the UE;


then the UE shall use a RTP-based PS bearer for the related audio media stream;

g)
set to "3" and the IMSVoPS indicator indicates voice is not supported, a persistent EPS bearer context does not exist at the UE and the NAS sublayer has indicated a successful NAS combined attach or combined TA update, then the UE send back a SIP 488 (Not Acceptable Here) response without SDP body;

h)
set to "3" and the IMSVoPS indicator indicates voice is not supported, a persistent EPS bearer context does not exist at the UE and the UE fails to access the CS domain , then the UE shall send back a SIP 606 (Not Acceptable) response;
i)
set to "4" (i.e. "PS Voice only") and the IMSVoPS indicator indicates:

i)
voice is supported; or

II)
voice is not supported and a persistent EPS bearer context exists at the UE;


then the UE shall use a RTP-based PS bearer for the related audio media stream or;

j)
set to "4" and the IMSVoPS indicator indicates voice is not supported and a persistent EPS bearer context does not exist at the UE, then the UE shall send back a SIP 606 (Not Acceptable) response;
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, then the following applies, if the Voice_Domain_Preference_UTRAN leaf of the 3GPP IMS Management Object (see 3GPP TS 24.167 [8A]) is configured and is:

a)
set to "1" (i.e. "CS Voice only"), then the UE shall use the CS bearer for the related audio media stream;

b)
set to "2" (i.e. "CS Voice preferred, IMS PS Voice secondary") and the IMSVoPS indicator indicates voice is not supported, then the UE shall use the CS bearer for the related audio media stream;

c)
set to "2" (i.e. "CS Voice preferred, IMS PS Voice secondary") 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)
set to "3" (i.e. "IMS PS Voice preferred, CS Voice secondary") 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; or

e)
set to "3" and the IMSVoPS indicator indicates voice is not supported, then the UE shall use CS bearer for the related audio media stream.
3)
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 Voice_Domain_Preference_E_UTRAN leaf of the 3GPP IMS Management Object (see 3GPP TS 24.167 [8A]) is not configured:

a)
if the IMSVoPS indicator indicates:

I)
voice is supported; or

II)
voice is not supported and a persistent EPS bearer context exists at the UE;


then the UE can use a RTP-based PS bearer for the related audio media stream; and

b)
if the IMSVoPS indicator indicates voice is not supported and a persistent EPS bearer context does not exist at the UE, then the UE shall send back a SIP 488 (Not Acceptable Here) response without SDP body;

4)
if the UE in the response to the INVITE request includes a P-Access-Network header field including an access-type field set to one of "3GPP-UTRAN-FDD" or "3GPP-UTRAN-TDD", and the Voice_Domain_Preference_UTRAN leaf of the 3GPP IMS Management Object (see 3GPP TS 24.167 [8A]) is not configured:

NOTE 1:
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 the IMSVoPS indicator indicates voice is supported, then the UE can use a RTP-based PS bearer for the related audio media stream;

b)
if the IMSVoPS indicator indicates voice is not supported, then the UE shall:

I)
not use this access technology for a RTP-based PS bearer for the related audio media stream (e.g. using a SIP 3xx response); or

II)
send back a SIP 606 (Not Acceptable) response;

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 SIP 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 RFC 5939 [40].

If the ICS UE decides to use a CS bearer then the ICS UE shall:
1)
send a reliable SIP 1xx provisional response towards the IM CN subsystems as specified in 3GPP TS 24.229 [11]. The UE shall populate the SIP 1xx provisional response as follows:

a)
the SDP answer proposing an audio stream over a circuit-switched bearer as described by IETF RFC 7195 [36], as follows:

-
a "c=" line with the nettype portion to "PSTN" and the addrtype portion and connection-address portions both set to "-";

-
a CS media "m=" line with the media portion set to "audio", port portion set to "9", proto portion to "PSTN" and connection-address portion set to "-" as described in IETF RFC 7195 [36];

-
an a=setup attribute set to "active";

-
an a=connection attribute set to "new"; and

-
an a=cs-correlation attribute set to "callerid" along with the MSISDN, of ICS UE in the CS domain, in international E.164 number format;
b)
indicate within the SDP answer that the CS bearer is used in accordance with RFC 5939 [40]; and

c)
indicate that the local preconditions for QoS as not met as specified in 3GPP TS 24.229 [11];

2)
setup a CS call by sending a CC SETUP message in accordance with 3GPP TS 24.008 [7] for 3GPP systems. The UE shall populate the CC SETUP message for 3GPP systems as follows:

a)
the called party BCD number information element set to the E.164  number obtained from the connection data capability attribute "ccap" received in the SDP body of the SIP INVITE request; and

b)
Type Of Number is set to "International" and Numbering Plan Indicator set to "E.164".in the Called Party BCD Number information element.

3)
when the resources are available to the UE, and if the UE has already received an indication from the origination side that related local preconditions for QoS as met on the originating side, shall send a SIP 180 (Ringing) response and continue the CS call setup as specified in 3GPP TS 24.229 [11]; and

4)
if the UE fails to access the CS domain the UE shall send back a SIP 606 (Not Acceptable) response.

***** Next change *****
10.4.4
SCC AS for call control over Gm and voice or voice and video over CS

When the SCC AS serving the t ICS UE receives an initial SIP INVITE request due to initial filter criteria and the T-ADS results in choosing to deliver media in the CS domain, the SCC AS shall act as a B2BUA, the SCC AS shall:
0)
store the information received in the initial SIP INVITE request received from the remote UE;
1)
allocate an SCC AS PSI DN which is specified as an E.164 number, and shall identify and be associated with the stored information in step 1) and associated with the SCC AS ;

2)
create a SIP INVITE request and include:

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

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

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

b1)
an Accept-Contact header field with the values received in the Accept-Contact header field in the incoming SIP INVITE 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 media feature tag values they will be placed in separate Accept-Contact header fields.
c)
an SDP offer based on the received SDP from the originator and including the following:
i)
in the SDP offer towards the terminating ICS UE, include an additional CS media "m=" line with media portion set to audio, port portion set to "9", proto portion set to "PSTN" and fmt portion set to "-", as described in IETF RFC 7195 [36] and may also include a CS video media stream according to the initial SIP INVITE received by the SCC AS;
ii)
a media level "c=" line, , with the nettype portion set to "PSTN" and with the addrtype portion set to "E164" and the connection-address portion set to the SCC AS PSI DN allocated in step 1), in international E.164 number format, in accordance with IETF RFC 7195 [36];
iii)
an a=setup attribute set to "passive"

iv)
an a=connection attribute set to "new"; 
v)
an a=cs-correlation attribute set to "callerid";
vi)
codecs based on local policy and the received SDP offer from the remote UE; and

vii)
an indication that preconditions are not met; 
d)
a new Record-Route header field that contains only a SIP URI pointing to the SCC AS; and

e)
a Contact header field that includes the contents of the Contact header field received in the incoming initial SIP INVITE request; and

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

When the SCC AS has received the 18x response containing the SDP answer accepting an audio stream over a circuit-switched bearer from the ICS UE and receives a SIP INVITE request with the Request-URI a valid  SCC AS PSI DN as allocated in the above step 1and with the P-Asserted-Identity header field containing the E.164 number received in the a=cs-correlation attribute contained in the SDP answer from the response to the SIP INVITE request received from the ICS UE then, the SCC AS shall:

NOTE 3:
The SCC AS could receive the SIP INVITE request before the SIP 18x response. IETF RFC 7195 [36] provides guidance on handling this situation.
1)
check that 

the SCC AS PSN DN is 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.
NOTE 3:
The SCC AS could receive the SIP INVITE request before the SIP 18x response. IETF RFC 7195 [36] provides guidance on handling this situation.


2)
use the SCC AS PSI DN and E.164 number received in the a=cs-correlation attribute contained in the SDP answer from the response to the SIP INVITE request received from the ICS UE to with the SIP INVITE request from the remote UE; and
3)
send a response to the initial SIP INVITE request with the Request-URI containing the SCC AS PSI DN in accordance with 3GPP TS 24.229 [11], indicating local preconditions met.

When the SCC AS receives a 18x response containing the SDP answer accepting an audio stream over a circuit-switched bearer from the ICS UE and the SIP INVITE request with the Request-URI containing the SCC AS PSI DN number,, the SCC AS shall generate a SIP 18x response toward the remote UE that includes the information received in the SIP 18x response with the following exceptions:
a)
prepare an SDP answer to be sent to the originating UE. The SDP answer shall be based on the SDP answer received from the ICS UE and the SDP offer received from the initial SIP INVITE request with the Request-URI containing the SCC AS PSI DN. If the "m=" lines of the SDP offer from the CS domain includes more than one codecs the SCC AS shall delete the lowest priority codecs. The status line in the response sent to the originating UE shall be the same as received in the 18x response from the ICS UE. The SDP answer sent to the remote UE shall be in accordance with IETF RFC 3264 [31];

b)
replace the Record-Route header field(s) received in the SIP 18x response with a new Record-Route header field that only contains a SIP URI pointing to the SCC AS; and

c)
set the  Contact header field to include the contents of the Contact header received in the SIP 183 (Session Progress) response, except the g.3gpp.ics media feature tag.

When the SCC AS gets aware that the remote precondition is fulfilled on the leg with the remote UE and on the leg with the CS domain, the SCC AS shall send a SIP UPDATE request to the ICS UE indicating that precondition is met.

When the SCC AS receives preconditions are met on the leg with the CS domain the SCC AS shall:
1)
send a SIP 200 (OK) for the SIP UPDATE request on the leg with the CS domain; and

2)
send a SIP 200 (OK) for the SIP INVITE request on the leg with the CS domain.
***** Next change *****
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 with the value of the g.3gpp.ics media feature tag set to "principal", appended with the value "explicit" and "require";

NOTE 1:
Other media feature tags can also be included in the dedicated Accept-Contact header field if the media 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:
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 IETF RFC 5939 [40], IETF RFC 7006 [39], IETF RFC 7195 [36] and IETF RFC 6871 [41] indicating that:

-
the required capability negotiation extensions attribute "creq" set to "med-v0", indicating that the SDP capability negotiation mechanism for negotiating media capabilities must be supported by the terminating UE in order to initiate T-ADS;

-
the media capability attribute "omcap" with a "-" for the <encoding-name> ;

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

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

-
the related preconditions of the originating side are not met as specified in 3GPP TS 24.229 [11]; 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 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 with the Request-URI containing 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 then the SCC AS shall proceed as defined in subclause 10.4.4.
When the SCC AS has received the SIP 18x response containing the SDP answer accepting an audio stream over a circuit-switched bearer from the ICS UE;

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 SIP 488 (Not Acceptable Here) response, from a UE:

i.
 not including any SDP body; or

ii.
including an SDP body:

a)
without a media description ("m=") indicating "audio";

b)
with a media description ("m=") only indicating "audio" with the <proto> subfield set to "PSTN" and with a connection data line ("c=") with <nettype> set to "PSTN";

then, the SCC-AS may follow the procedures in: 

1)
subclause 10.4.5 if one or more registered contacts for the URI in the Request-URI of the initial SIP INVITE request contains the g.3gpp.ics media feature tag set to "server"; or 

2)
subclause 10.4.7.

If the SCC AS receives a SIP 18x 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.
***** Next change *****
11.4.2
SCC AS for service control over Gm

When the SCC AS receives a SIP BYE request the SCC AS shall:

1)
determine if the SIP BYE request was originated due to release of a service control session or if the SIP BYE requested was originated in the CS domain as a result of ICS UE bearer release procedures; and

2)
if the SIP BYE request was received from an endpoint involved in the session to be released, this indicates a user's desire to release the service control session forward the SIP BYE request towards the other endpoint involved in the session. 

The SCC AS distinguishes the SIP BYE requests generated by the MGCF and the SIP BYE requests from the ICS UE by the associated dialog IDs. 

When the SCC AS receives a SIP BYE request from the ICS UE, the SCC AS shall:

-
forward the SIP BYE request towards the remote leg in accordance with the procedures defined in 3GPP TS 24.229 [11]; and
-
if the CS bearer is not used by any other session, send a SIP BYE request towards the MGCF, in accordance with the procedures defined in 3GPP TS 24.229 [11], to release the CS bearer.

When the SCC AS receives a SIP BYE request from the MGCF, the SCC AS shall do the following for every session associated with the ICS UE which has a CS bearer:

-
if the session includes other PS media in addition to the CS media, the SCC AS shall send a SIP re-INVITE or a SIP UPDATE request towards 

-
the access leg, removing the CS media by setting the port number to zero for the CS media "m=" line set to "PSTN" as described in IETF RFC 7195 [36]; and

-
the remote leg, removing the corresponding audio media by setting the port number to zero; and
-
if the session only contains CS media, the SCC AS shall send a SIP BYE request towards both the access and remote legs in accordance to the procedures defined in 3GPP TS 24.229 [11].

***** Next change *****
A.4
Signalling flows for call origination

A.4.1
Signalling flows for ICS UE origination with CS media using Gm reference point when using an MSC Server enhanced for ICS

Figure A.4.1-1 shows the origination of a call from an ICS UE using CS bearers controlled through the IM CN subsystem. In this example the MSC Server is enhanced for ICS and is capable of translating NAS signalling received from the ICS UE to SIP and vice versa. If the MSC is not enhanced for ICS, translation of NAS signalling to ISUP is required before routing towards a MGCF for interworking with the IM CN subsystem, as shown in subclause A.4.2.
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Figure A.4.1-1: ICS UE Origination with CS media using Gm reference point when using an MSC Server enhanced for ICS
The details of the signalling flows are as follows:

1.
Determination of call establishment
As a result of some stimulus to establish a session with voice media, the ICS UE based on a combination of user policy, and access technology availability, decides to establish the service control signalling using the IM CN subsystem.


The ICS UE initiates service control signalling in the IM CN subsystem towards the SCC AS by sending a SIP INVITE request to the intermediate IM CN subsystem entities.
2.
SIP INVITE request (ICS UE to intermediate IM CN subsystem entities) – see example in table A.4.1-2.
Table A.4.1-2: SIP INVITE request (ICS UE to intermediate IM CN subsystem entities) 

INVITE tel:+1-212-555-2222 SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:pcscf1.home1.net:7531;lr;comp=sigcomp>, <sip:orig@scscf1.home1.net;lr>

P-Preferred-Identity: <sip:user2_public1@home1.net>

P-Access-Network-Info: 3GPP-UTRAN-FDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

From: <sip:user2_public1@home1.net>;tag=171828

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

Call-ID: cb03a0s09a2sdfglkj490333
Cseq: 127 INVITE

Supported: 100rel, precondition, 199, gruu
Accept: application/sdp,application/3gpp-ims+xml

Require: sec-agree

Proxy-Require: sec-agree

Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

P-Preferred-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel 

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi=87654321; port=7531

Contact: <sip:user2_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6> ;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel";+g.3gpp.ics="principal"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp
Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
s=

c=PSTN - -
t=0 0
m=audio 9 PSTN -
a=setup:active

a=connection:new
a=cs-correlation:callerid:+358504821437
a=curr: qos local none
a=curr: qos remote none
a=des: qos mandatory local sendrcv
a=des: qos mandatory remote sendrcv

a=inactive

Request-URI:
the SIP URI or tel URI of the called party. In this example the tel URI of the called party is included in the tel URI.

The SDP included in this SIP INVITE request indicates that the session is to be setup using CS bearers as described in IETF RFC 7195 [36].
3.
SIP 100 (Trying) response (intermediate IM CN subsystem entities to ICS UE)

The intermediate IM CN subsystem entities respond to the ICS UE with a SIP 100 (Trying) response 


There is no ICS specific content in this response. 

4.
Evaluation of initial filter criteria

The S-CSCF evaluates initial filter criteria for the served ICS user and as a result routes the SIP INVITE request towards the SCC AS. 

5.
SIP INVITE request (intermediate IM CN subsystem entities to SCC AS) – see example in table A.4.1-5.

Table A.4.1-5: SIP INVITE request (intermediate IM CN subsystem entities to SCC AS)
INVITE tel:+1-212-555-2222 SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=z9hG4bK240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 68

Route: <sip:sccas.home1.net;lr>,<sip:cb03a0s09a2sdfglkj490333@scscf1.home1.net;lr>;orig-dialog-id="O:73935718_92645110-712786jd246395302d-zKE"

Record-Route: <sip:scscf1.home1.net;lr>, <sip:pcscf1.home1.net;lr>

P-Asserted-Identity: <sip:user2_public1@home1.net>,<tel:+358-50-4821437>
P-Access-Network-Info:
Privacy:
From:
To:
Call-ID:
Cseq:
Supported:
Accept:

Require:
Proxy-Require: 
Accept-Contact: 

P-Asserted-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel
Security-Verify:

Contact:
Allow:
Content-Type:
Content-Length: (…)

v=0

o=

s=

c=
t=

m=

a=

a=

a=

a=

a=

6.
SIP 100 (Trying) response (SCC AS to intermediate IM CN subsystem entities)

The SCC AS responds to the intermediate IM CN subsystem entities with a SIP 100 (Trying) response.


There is no ICS specific content in this response.
7.
SCC AS allocates an SCC AS PSI DN to the ICS UE

The SCC AS stores the information received in the initial INVITE request and associates an SCC AS PSI DN with this request. The SCC AS PSI DN is returned in a SIP to the ICS UE together with an inidcation that CS bearer establishment is to be initiated by the ICS UE. For this example the SCC AS PSI DN is chosen as +1212556666.
8.
SIP 183 (Session Progress) response (SCC AS to intermediate IM CN subsystem entities) – see example in table A.4.1-8

Table A.4.1-8: SIP 183 (Session Progress) response (SCC AS to intermediate IM CN subsystem entities) 

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP pcscf1.visited1.net;branch=z9hG4bK240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Record-Route: <sip:sccas.home1.net;lr>, <sip:scscf1.home1.net;lr>, <sip:pcscf1.visited1.net;lr>

P-Access-Network-Info: 3GPP-UTRAN-FDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

From: <tel:+1-212-555-1111>;tag=171828

To: <sip:user2_public1@home1.net>

Call-ID:
CSeq:
Require: 100rel, precondition

Contact:<sip:sccas.home1.net>
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933622 2987933622 IN IP6 5555::eee:fff:aaa:bbb
s=-

c=PSTN E164 +12125556666
t=0 0
m=audio – PSTN -
a=setup:passive

a=connection:new
a=cs-correlation:callerid
a=curr: qos local none
a=curr: qos remote none
a=des: qos mandatory sendrcv
a=des: qos mandatory sendrcv

a=inactive

The SCC AS PSI DN is returned in the SDP body using the mechanisms described in IETF RFC 7195 [36].
9.
SIP 183 (Session Progress) response (intermediate IM CN subsystem entities to ICS UE)

The SIP 183 (Session Progress) response is routed towards the ICS UE from the intermediate IM CN subsystem entities.
10.
SIP PRACK request and SIP 200 (OK) response

The ICS UE sends a SIP PRACK request towards the SCC AS via the intermediate IM CN subsystem entities as a result of receiving the reliably sent SIP 183 (Session Progress) response containing the SDP answer.

Upon receipt of the SIP PRACK request, the SCC AS responds with a SIP 200 (OK) response towards the ICS UE via the intermediate IM CN subsystem entities.

The is no ICS specific content in these SIP messages.
NOTE:
In the event that the SCC AS does not receive a PRACK request, the SCC AS is capable of handling a new SIP INVITE request sent from the ICS UE as per normal SIP procedures. In this case a new SCC AS PSI DN would be returned to the ICS UE in the SIP 183 (Session Progress) response.
11.
ICS UE proceeds to setup CS bearers

Upon receipt of the SCC AS PSI DN, the ICS UE proceeds with setting up the call using CS bearers.
12.
SETUP message (ICS UE to MSC Server enhanced for ICS)

The ICS UE initiates the call over CS bearers by sending a SETUP message to the MSC Server enhanced for ICS.


Specifically for this signalling flow, the SETUP message includes:

-
Called Party Number information element = [(Numbering plan identifier = ISDN/telephony numbering plan), (type of number = international number ), (Number digits = 1212556666)] . The Called Party Number information element is set to the SCC AS PSI DN.
-
Bearer Capability information element = [(information transfer capability  = speech), (speech versions = FR AMR, GSM EFR, GSM FR)]
-
Supported Codec List information element = {[(SysID 1 = UMTS), (Codec Bitmap for SysID 1 = UMTS AMR 2)], [(SysID 2 = GSM), (Codec Bitmap for SysID 2 = FR AMR, GSM EFR, GSM FR)]}

The MSC Server enhanced for ICS knows the calling party number corresponding to the UE.
13.
CALL PROCEEDING message (MSC Server enhanced for ICS to ICS UE)

Upon receipt of the SETUP message from the ICS UE, the MSC Server enhanced for ICSresponds with a CALL PROCEEDING message. There is no ICS specific content in this message.

14.
SIP INVITE request (MSC Server enhanced for ICS to intermediate IM CN subsystem entities) – see example in table A.4.1-14

The MSC Server enhanced for ICS maps the received SETUP message to a SIP INVITE request which is addressed to the IUA PSI DN.

Table A.4.1-14: SIP INVITE request (MSC Server enhanced for ICS to intermediate IM CN subsystem entities)
INVITE tel:+1-212-555-6666 SIP/2.0

Via: SIP/2.0/UDP msc1.hom1.net;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:icscf1.home1.net:lr>

P-Asserted-Identity: <sip:user2_public1@home1.net>,<tel:+358-50-4821437>
P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024"; orig-ioi=home1.net

P-Access-Network-Info: 

Privacy: none

From: <sip:user2_public1@home1.net>;tag=171828

To: <tel:+1-212-555-6666>

Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6

Cseq: 127 INVITE

Supported: 100rel, precondition, gruu, 199
Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

P-Asserted-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel 

Contact: <sip:user2_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6>; +g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel";+g.3gpp.ics="server"
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER

Content-Type: application/sdp
Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee

s=

c=IN IP6 5555::aaa:bbb:ccc:eee

t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv
a=rtpmap:97 AMR
a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20

Request-URI:
SCC AS PSI DN as received in the SETUP message

P-Asserted-Identity:
The MSC Server enhanced for ICS inserts the tel-URI containing the subscriber number, as received from the ICS UE
Accept-Contact: The MSC Server enhanced for ICS includes the mmtel feature tag in the INVITE request .
Contact:
The MSC Server enhanced for ICS includes the GRUU received at registration, the feature tag g.3gpp.icsi-ref set to "urn%3Aurn-7%3gpp-service.ims.icsi.mmtel" and the feature tag g.3gpp.ics set to "server".
SDP:
The SDP contains preconfigured set of codecs supported by the MGW.

15.
SIP 100 (Trying) response (intermediate IM CN subsystem entities to enahanced MSC Server)

The intermediate IM CN subsystem entities respond to the MSC Server enhanced for ICS with a SIP 100 (Trying) response.


There is no ICS specific content in this response.
16.
SIP INVITE request (intermediate IM CN subsystem entities to SCC AS) – see example in table A.4.1-16


The SIP INVITE request is routed towards the SCC AS.

Table A.4.1-16: SIP INVITE request (intermediate IM CN subsystem entities to SCC AS)
INVITE tel:+1-212-555-6666 SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP icscf1.home1.net;branch=z9hG4bKdwe534, SIP/2.0/UDP msc1.hom1.net;branch=z9hG4bKnashds7

Max-Forwards: 68

Route: <sip:sccas1.home1.net:lr>, <sip:scscf1.home1.net;lr>;orig-dialog-id="yuflsae80r3rb3fh31ondyr829cnyr381cn932YDWref0w0-wwtg374"

Record-Route: <sip:scscf1.home1.net:lr>

P-Asserted-Identity: <sip:user2_public1@home1.net>,<tel:+358-50-4821437>
P-Charging-Function-Addresses: ccf=[5555::b99:c88:d77:e66]; ccf=[5555::a55:b44:c33:d22]; ecf=[5555::1ff:2ee:3dd:4ee]; ecf=[5555::6aa:7bb:8cc:9dd]

P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024"; orig-ioi="type 3home1.net"; orig-ioi="home1.net"

P-Access-Network-Info:
Privacy: none

From: 

To: 

Call-ID:

Cseq: 

Supported:
Accept-Contact:

P-Asserted-Service:
Contact: Allow:
Content-Type:
Content-Length:
v=

o=

s=

c=
t=

m=

b=

a=

a=

a=

a=
a=
a=

a=

a=

17.
SIP 100 (Trying) response (SCC AS to intermediate IM CN subsystem entities)

The SCC AS responds to the intermediate IM CN subsystem entities with a SIP 100 (Trying) response.


There is no ICS specific content in this response.
18.
SIP INVITE request (SCC AS to intermediate IM CN subsystem entities) – see example in table A.4.1-18

The SCC AS acting as a routing B2BUA, generates a SIP INVITE request based upon the received SIP INVITE request and the information previously stored against this session and routes it towards UE B via the intermediate IM CN subsystem entities.

Table A.4.1-18: SIP INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE tel:+1-212-555-2222 SIP/2.0

Via: SIP/2.0/UDP sccas1.home1.net;branch=z9hG4bKnas34r5

Max-Forwards: 67

Route: <sip:scscf1.home1.net:lr>;orig-dialog-id="yuflsae80r3rb3fh31ondyr829cnyr381cn932YDWref0w0-wwtg374"
Record-Route: <sip: sccas1.home1.net;lr>

P-Asserted-Identity: <sip:user2_public1@home1.net>,<tel:+358-50-4821437>
P-Charging-Function-Addresses: ccf=[5555::b99:c88:d77:e66]; ccf=[5555::a55:b44:c33:d22]; ecf=[5555::1ff:2ee:3dd:4ee]; ecf=[5555::6aa:7bb:8cc:9dd]

P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024"; orig-ioi="type3home1.net"

P-Access-Network-Info: 3GPP-UTRAN-FDD; utran-cell-id=3gpp=234151D0FCE11

Privacy: none

From: <sip:user2_public1@home1.net>;tag=274890
To: <tel:+1-212-555-2222>

Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6

Cseq: 127 INVITE

Supported: 100rel, precondition, gruu, 199
Require: sec-agree

Proxy-Require: sec-agree

Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

P-Asserted-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi=87654321; port=7531

Contact: <sip:user2_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6> ;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp
Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee

s=

c=IN IP6 5555::aaa:bbb:ccc:eee
t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv
a=rtpmap:97 AMR
a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20


Request-URI:
The SCC AS replaces the SCC AS PSI DN with the tel URI of the called party which was stored from the initial SIP INVITE request sent in step 2.

Contact:
In this example the SCC AS includes the contents of the Contact header from the received SIP INVITE request except the g.3gpp.ics media feature tag which is removed by the SCC AS.

Record-Route:
The SCC AS includes a Record-Route header field that contains its SIP URI and specifies the address where the SCC AS will receive subsequent in-dialog SIP requests originating from the UE B.
19.
SIP 100 (Trying) response (intermediate IM CN subsystem entities to SCC AS)
 
The intermediate IM CN subsystem entities respond to the SCC AS with a SIP 100 (Trying) response.


There is no ICS specific content in this response.
20.
SIP INVITE request (intermediate IM CN subsystem entities to UE B)

The intermediate IM CN subsystem entities route the SIP INVITE request to UE B.

21.
SIP 100 (Trying) response (UE B to intermediate IM CN subsystem entities)

UE B responds to the intermediate IM CN subsystem entities with a SIP 100 (Trying) response.


There is no ICS specific content in this response.
22-23. SIP 180 (Ringing) response (UE B to SCC AS via intermediate IM CN subsystem entities)

UE B responds to the received SIP INVITE request with a SIP 180 (Ringing) response. The response contains no SDP body and contains no ICS specific content.

24-25. SIP 180 (Ringing) response (SCC AS to ICS UE A via intermediate IM CN subsystem entities)

Upon receiving the SIP 180 (Ringing) response from the terminating UE, the SCC AS sends a SIP 180 (Ringing) response to the ICS UE A via the intermediate IM CN subsystem entities. The response is associated with the SIP INVITE in step 2 and contains no ICS specific content. In this example the SCC AS includes in the Contact header field the contents of the Contact header field received in the SIP 180 (Ringing) response from the terminating side. Furthermore, the SIP 180 (Ringing) contains no SDP body.

26.
SIP 200 (OK) response (UE B to to intermediate IM CN subsystem entities) – see example in table A.4.1-26

The terminating side sends an SDP answer in a SIP 200 (OK) response to the received SIP INVITE request.

Table A.4.1-26: SIP 200 (OK) response (UE B to intermediate IM CN subsystem entities)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.visited2.net:5088;comp=sigcomp;branch=z9hG4bK361k21.1, scscf2.home1.net;branch=z9hG4bK764z87.1, icscf1.home1.net;branch=z9hG4bK871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP sccas1.home1.net;branch= z9hG4bKnas34r5

Record-Route: <sip:pcscf2.visited2.net:5088;lr;comp=sigcomp>, <sip:scscf2.visited2.net;lr>, <sip:scscf1.home1.net;lr>, <sip: sccas1.home1.net;lr>
P-Access-Network-Info: 3GPP-UTRAN-FDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

From: <tel:+1-212-555-1111>;tag=274890
To: <sip:user2_public1@home1.net>;tag=4fa328
Call-ID:
CSeq:
Require: 100rel, precondition

Contact: <sip:user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74>; +g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933623 2987933623 IN IP6 5555::ggg:fff:aaa:bbb

s=-

c=IN IP6 5555::ggg:fff:aaa:bbb

t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrcv

a=curr:qos remote sendrcv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=maxptime:20

27.
SIP 200 (OK) response (intermediate IM CN subsystem entities to SCC AS)


The SIP 200 (OK) response from UE is routed towards the SCC AS.

28-29. SIP 200 (OK) response (SCC AS to MSC Server enhanced for ICS via intermediate IM CN subsystem entities)


The SDP answer received in the SIP 200 (OK) response is routed to the MSC Server enhanced for ICS via the intermediate IM CN subsystem entities. In this example the SCC AS includes in the Contact header field the contents of the Contact header field received in the SIP 200 (OK) response from the terminating side.
30. CONNECT message (MSC Server enhanced for ICS to ICS UE)


The MSC Server enhanced for ICS maps the received SIP 200 (OK) response to a CONNECT message. There is no ICS specific content in this message.
31.
CONNECT ACKNOWLEDGMENT (ICS UE A to MSC Server enhanced for ICS)


The ICS UE A sends a CONNECT ACKNOWLEDGMENT message upon receiving the CONNECT message.

32-33. SIP ACK request (MSC Server enhanced for ICS to SCC AS via intermediate IM CN subsystem entities)


Upon receiving the CONNECT ACKNOWLEDGEMENT from the ICS UE A, the MSC Server enhanced for ICS forwards a SIP ACK request to the SCC AS via the intermediate IM CN Subsystem entities.


There is no ICS specific content in this request.

34-35.
SIP 200 (OK) response (SCC AS to ICS UE A via intermediate IM CN subsystem entities)


The SCC AS responds with a SIP 200 (OK) response to the initial INVITE request sent by the ICS UE A in the step 2. Since the SDP answer was previously sent in the SIP 183 (Session Progress) response, the SIP 200 (OK) response contains no SDP body. In this example the SCC AS includes in the Contact header field the contents of the Contact header field received in the SIP 200 (OK) response from the terminating side.
36-37.
SIP ACK request (ICS UE A to SCC AS via intermediate IM CN subsystem entities)


The ICS UE A sends a SIP ACK request to the SCC AS via the intermediate IM CN subsystem entities. There is no ICS specific content in this response.

38-39.
SIP ACK request (SCC AS to UE B via intermediate IM CN subsystem entities)


The SCC AS sends a SIP ACK request to UE B via the IM CN subsystem entities. There is no ICS specific content in this response. 
***** Next change *****
A.5.3
Signalling flows for termination to an ICS UE with CS media using Gm reference point when using an MSC server enhanced for ICS

Figure A.5.3-1 shows the termination of a call to an ICS UE using CS bearers controlled through the IM CN subsystem. In this example the MSC Server is enhanced for ICS and is capable of translating NAS signalling received from the ICS UE to SIP and vice versa. 
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Figure A.5.3-1:
ICS UE termination with CS media using Gm reference point when using an MSC Server enhanced for ICS
The details of the signalling flows are as follows:

1.
SIP INVITE request (originating IM CN subsystem to intermediate IM CN subsystem entities in terminating network) – see example in table A.5.3-1
In this example, the originating UE initiates a voice call though its home IM CN subsystem (home2) with a terminating UE which is ICS capable which is in a different network (home1). 
Table A.5.3-1:
SIP INVITE request (originating IM CN subsystem to intermediate IM CN subsystem entities in terminating network)
INVITE sip:user2_public1@home1.net SIP/2.0

Via: SIP/2.0/UDP icscf1.home1.net;branch=z9hG4bK871y12.1, SIP/2.0/UDP scscf1.home2.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP pcscf1.visited2.net;branch=z9hG4bK431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 67

Route: <sip:scscf1.home1.net;lr>

Record-Route: <sip:scscf1.home2.net;lr>, <sip:pcscf1.visted2.net;lr>

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151D0FCE11

P-Asserted-Identity: "John Doe" <sip:user1_public1@home2.net>, <tel:+1-212-555-1111>

P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024"; orig-ioi=home1.net

P-Asserted-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Privacy: none

From: <sip:user1_public1@home2.net>;tag=171828

To: <sip:user2_public1@home1.net>

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 INVITE

Supported: 100rel, precondition, gruu, 199
Contact: <sip:user1_public1@home2.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf7>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel">

Accept: application/sdp,application/3gpp-ims+xml
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=0 0

m=audio 3456 RTP/AVP 97 0 96

b=AS:25.4

a=curr:qos local sendrcv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:97 AMR
a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20

NOTE 1:
This example assumes the session was originated from a 3GPP Release 8 IMS UE and thus includes the ICSI value defined for MMTel in the Contact header field and Accept Contact header field. However, termination procedures for ICS do not rely upon the MMTel ICSI value being present in the incoming request. 

2.
SIP 100 (Trying) response (intermediate IM CN subsystem entities to originating IM CN subsystem)


The intermediate IM CN subsystem entities respond to the originating IM CN subsystem with a SIP 100 (Trying) response. There is no ICS specific content in this response. 

3.
Evaluation of initial filter criteria


The S-CSCF evaluates initial filter criteria for the served ICS user and as a result routes the SIP INVITE request towards the SCC AS.

NOTE 2:
for terminating scenario, the SCC AS is configured as the last AS in the terminating iFC chain.

4.
SIP INVITE request (intermediate IM CN subsystem entities to SCC AS) – see example in table A.5.3-4


As a result of iFC evaluation, the S-CSCF routes the INVITE request to the SCC AS.

Table A.5.3-4:
SIP INVITE request (intermediate IM CN subsystem entities to SCC AS)

INVITE sip:user2_public1@home1.net SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b33.1,SIP/2.0/UDP  icscf1.home1.net;branch=z9hG4bK871y12.1, SIP/2.0/UDP scscf1.home2.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP pcscf1.visited2.net;branch=z9hG4bK431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 66
Route: <sip:sccas.home1.net;lr>, <sip:cb03a0s09a2sdfglkj490333@scscf1.home1.net;lr>;orig-dialog-id="O:73935718_92645110-712786jd246395302d-zKE"

Record-Route: <sip:scscf1.home1.net;lr>, <sip:scscf1.home2.net;lr>, <sip:pcscf1.visited2.net;lr>

P-Access-Network-Info:
P-Asserted-Identity:
P-Charging-Vector:
P-Asserted-Service:
Accept-Contact:
Privacy:
From:
To:
Call-ID:
Cseq:
Supported:
Accept:

Contact:
Allow:
Content-Type:
Content-Length:
v=0

o=-
s=-

c=
t=

m=

b=

a=

a=

a=

a=

a=
a=

a=

a=

5.
SIP 100 (Trying) response (SCC AS to intermediate IM CN subsystem entities)


The SCC AS responds to the intermediate IM CN subsystem entities with a SIP 100 (Trying) response. There is no ICS specific content in this response.

6.
Terminating Access Domain Selection

The SCC AS performs Terminating Access Domain Selection and chooses the CS domain for the setup of the media. 

7.
SIP INVITE request (SCC AS to intermediate IM CN subsystem entities) – see example in Table A.5.3-7.
The SCC AS, acting as a routing B2BUA, generates a SIP INVITE request based upon the received SIP INVITE request and send it to the intermediate subsystem entities. The SDP indicates that the ICS UE B should establish a CS media bearer.
Table A.5.3-7:
SIP INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE sip:user2_public1@home1.net SIP/2.0

Via: SIP/2.0/UDP sccas2.home2.net;branch=z9hG4bKnas34r5

Max-Forwards: 65
Route: <sip:cb03a0s09a2sdfglkj490333@scscf1.home1.net;lr>;orig-dialog-id="O:73935718_92645110-712786jd246395302d-zKE"

Record-Route:<sip:sccas.home1.net;lr>

P-Access-Network-Info:
P-Asserted-Identity:
P-Charging-Function-Addresses: ccf=[5555::b99:c88:d77:e66]; ccf=[5555::a55:b44:c33:d22]; ecf=[5555::1ff:2ee:3dd:4ee]; ecf=[5555::6aa:7bb:8cc:9dd]
P-Charging-Vector:
P-Asserted-Service:
Accept-Contact*;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Accept-Contact:+*;g.3gpp.ics="principal";explicit;require
Privacy:
From:<sip:user1_public1@home2.net>;tag=274890
To:
Call-ID:

Cseq:
Supported:
Accept:

Contact:
Allow:
Content-Type:
Content-Length:
v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
s=-

c=PSTN E164 +12125556666
t=0 0
m=audio 9 PSTN -
a=setup:passive
a=connection:new
a=cs-correlation:callerid
a=curr: qos local none
a=curr: qos remote none
a=des: qos mandatory local sendrcv
a=des: qos mandatory remote sendrcv
a=inactive
8.
SIP 100 (Trying) response (intermediate IM CN subsystem entities to SCC AS)


The intermediate IM CN subsystem entities respond to the SCC AS with a SIP 100 (Trying) response. There is no ICS specific content in this response.

9.
SIP INVITE request (intermediate IM CN subsystem entties to ICS UE B) 

The SIP INVITE request is routed towards the called party ICS UE B since further iFC evaluation is not necessary.

10.
SIP 100 (Trying) response (ICS UE B to intermediate IM CN subsystem entities)


The ICS UE B responds to the intermediate IM CN subsystem entities with a SIP 100 (Trying) response. There is no ICS specific content in this response.
11
SIP 183 (Session Progress) response (ICS UE B to intermediate IM CN subsystem entities) – see example in table A.5.3-11
The ICS UE generates a SIP 183 (Session Progress) response based upon the received SIP INVITE request and indicates in the SDP that the CS media bearer is used.

Table A.5.3-11: SIP 183 (Session Progress) response (ICS UE to intermediate IM CN subsystem entities) 

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP pcscf1.home1.net;branch=z9hG4bK240f34.1,

SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b23.1,

SIP/2.0/UDP sccas.home1.net;branch=z9hG4bKnas34r5,

Record-Route: <sip:pcscf1.home1.net;lr;<sip:scscf1.home1.net;lr>;<sip:sccas .home1.net;lr>

P-Access-Network-Info: 3GPP-UTRAN-FDD; utran-cell-id-3gpp=234151D0FCE11

P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024"

Privacy: none

From: <sip:user1_public1@home2.net>;tag=171828

To: <sip:user2_public1@home1.net>;tag=171820
Call-ID:
CSeq:

Require: 100rel

Contact: <sip:user2_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel";+g.3gpp.ics="principal"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp

Content-Length: (…)

v=0

o=2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
s=

t=0 0

m=audio 9 PSTN -

c=PSTN - -

a=setup:active

a=connection:new

a=cs-correlation:callerid:+12125552222
a=curr:qos local none
a=curr:qos remote none
a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv
12.
SIP 183 (Session Progress) response (intermediate IM CN subsystem entities to SCC AS)

The SIP 183 (Session Progress) response is routed towards the SCC AS.
13.
SETUP message (ICS UE B to MSC Server enhanced for ICS)


The ICS UE B inititates bearer setup in the CS domain by sending a SETUP message to the MSC Server enhanced for ICS.


Specifically for this signalling flow, the SETUP message includes:

-
Called Party Number information element = = [(Numbering plan identifier = ISDN/telephony numbering plan), (type of number = international number ), (Number digits = 1212556666)].
The Called Party Number information element is set to the SCC AS PSI DN.
-
Bearer Capability information element = [(information transfer capability  = speech), (speech versions = FR AMR, GSM EFR, GSM FR)]

-
Supported Codec List information element = {[(SysID 1 = UMTS), (Codec Bitmap for SysID 1 = UMTS AMR 2)], [(SysID 2 = GSM), (Codec Bitmap for SysID 2 = FR AMR, GSM EFR, GSM FR)]}


The MSC Server enhanced for ICS knows the calling party number corresponding to the ICS UE B.

14.
CALL PROCEEDING message (MSC Server enhanced for ICS to ICS UE B)


Upon receipt of the SETUP message from the ICS UE B, the MSC Server enhanced for ICS responds with a CALL PROCEEDING message. There is no ICS specific content in this message.
15.
SIP INVITE request (MSC Server enhanced for ICS to intermediate IM CN subsystem entities) – see example in table A.5.3-15.

The MSC Server enhanced for ICS maps the received SETUP message to a SIP INVITE request which is routed towards the intermediate IM CN subsystem entities. The INVITE request is addressed to the SCC AS PSI DN in the Request-URI.
Table A.5.3-15: SIP INVITE request (MSC Server enhanced for ICS to intermediate IM CN subsystem entities)
INVITE tel:+1-212-555-6666 SIP/2.0

Via: SIP/2.0/UDP msc2.home1.net;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:icscf1.home1.net:lr>

P-Asserted-Identity: <sip:user2_public1@home1.net>,<tel:+1-212-555-2222>

P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024"; orig-ioi=home2.net

Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

P-Access-Network-Info:
Privacy: none

From: <sip:user2_public1@home1.net>;tag=171828

To: <tel:+1-212-555-6666>

Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6

Cseq: 127 INVITE

Supported: 100rel, precondition, gruu, 199
Contact: <sip:user2_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6>; +g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel";+g.3gpp.ics="server"
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee

s=

c=IN IP6 5555::aaa:bbb:ccc:eee

t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20


Request-URI:
SCC AS PSI DN as received in the SETUP message.


P-Asserted-Identity:
The MSC Server enhanced for ICS inserts the tel-URI containing the subscriber number, as received from the ICS UE B.

Accept-Contact: The MSC Server enhanced for ICS includes the mmtel media feature tag in the INVITE request .

Contact:
The MSC Server enhanced for ICS includes the GRUU received at registration, the media feature tag g.3gpp.icsi-ref set to "urn%3Aurn-7%3gpp-service.ims.icsi.mmtel" and the media feature tag g.3gpp.ics set to "server".

SDP:
The SDP contains preconfigured set of codecs supported by the MGW.
16.
SIP 100 (Trying) response (intermediate IM CN subsystem entities to MSC Server enhanced for ICS)

The intermediate IM CN subsystem entities respond to the MSC Server enhanced for ICS with a SIP 100 (Trying) response. There is no ICS specific content in this response.
17.
SIP INVITE request (intermediate IM CN subsystem entities to SCC AS) – see example in Table A.5.3-17

The SIP INVITE request is sent to the SCC AS.

Table A.5.3-17: SIP INVITE request (intermediate IM CN subsystem entities to SCC AS)

INVITE tel:+1-212-555-6666 SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b33.1,SIP/2.0/UDP  icscf1.home1.net;branch=z9hG4bK871y12.1, SIP/2.0/UDP msc2.home1.net;branch=z9hG4bKnashds7

Max-Forwards: 68

Route: <sip:sccas .home1.net:lr>, <sip:scscf1.home1.net;lr>;orig-dialog-id="yuflsae80r3rb3fh31ondyr829cnyr381cn932YDWref0w0-wwtg374"

Record-Route: <sip:scscf1.home1.net;lr>

P-Asserted-Identity:
P-Charging-Vector:
P-Access-Network-Info:
Accept-Contact:

Privacy:
From:
To:
Call-ID:

Cseq:
Supported:
Require:
Proxy-Require:
Security-Verify:
Contact:

Allow:
Content-Type:
Content-Length: (…)

v=

o=-
s=

c=

t=

m=

b=

a=

a=

a=

a=

a=

a=

a=

a=

18.
SIP 100 (Trying) response (SCC AS to intermediate IM CN subsystem entities)

The SCC AS responds to the intermediate IM CN subsystem entities with a SIP 100 (Trying) response. There is no ICS specific content in this response.

19.
SIP 200 (OK) response (SCC AS to intermediate IM CN subsystem entities) – see example in table A.5.3-19.

The SCC AS responds to the SIP INVITE request with a SIP 200 (OK) response that includes an SDP answer. 

Table A.5.3-19: SIP 200 (OK) response (SCC AS to intermediate IM CN subsystem entities)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK332b33.1,SIP/2.0/UDP  icscf2.home2.net;branch=z9hG4bK871y12.1, SIP/2.0/UDP msc2.home2.net;branch=z9hG4bKnashds7

Record-Route: <sip:sccas.home1.net;lr>,<sip:scscf1.home1.net;lr>

P-Access-Network-Info:
Privacy: none

From: <tel: +1-212-555-2222>;tag=171828

To: <tel:+1-212-555-6666>;tag=378959
Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6

CSeq:

Require: 100rel, precondition

Contact: <sip:user1_public1@home2.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel">

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933623 2987933623 IN IP6 5555::ggg:fff:aaa:bbb

s=-

c=IN IP6 5555::ggg:fff:aaa:bbb

t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrcv

a=curr:qos remote sendrcv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=maxptime:20

20.
SIP 200 (OK) response (intermediate IM CN subsystem to MSC Server enhanced for ICS) 


The intermediate IM CN subsystem entities route the SIP 200 (OK) response to the MSC Server enhanced for ICS. 

21.
CONNECT message (MSC Server enhanced for ICS to ICS UE B)


The enhance MSC Server maps the received SIP 200 (OK) response to a CONNECT message. There is no ICS specific content in this message.
22.
CONNECT ACKNOWLEDGEMENT message (ICS UE B to MSC Server enhanced for ICS)


The ICS UE A sends a CONNECT ACKNOWLEDGMENT message upon receiving the CONNECT message. There is no ICS specific content in this message. 
23-24.
SIP ACK request (MSC Server enhanced for ICS to SCC AS via intermediate IM CN subsystem entities)


The MSC Server enhanced for ICS interworks the received CONNECT ACKNOWLEDGEMENT message to a SIP ACK request which is routed to the SCC AS via the intermediate IM CN subsystem entities. There is no ICS specific content in this response.
25-26.
SIP 180 (Ringing) response (ICS UE B to SCC AS via intermediate IM CN subsystem entities)

The ICS UE B responds to the received SIP INVITE request with a SIP 180 (Ringing) response. The response contains no SDP body and contains no ICS specific content. The SIP 180 (Ringing) response is routed to the SCC AS.

27-28.
SIP 180 (Ringing) response (SCC AS to originating IM CN subsystem via intermediate IM CN subsystem entities)

The SCC AS routes the received SIP 180 (Ringing) response towards the originating network and the calling party.
29. SIP 200 (OK) response (ICS UE B to intermediate IM CN subsystem entities) – see example in Table A.5.3-29

The ICS UE B responds to the received initial SIP INVITE request with a SIP 200 (OK) response. This SIP 200 (OK) response includes an SDP answer from the ICS UE and indicates resources have been reserved and the dialog can be established.

Table A.5.3-29: SIP 200 (OK) response (ICS UE B to intermediate IM CN subsystem entities)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.home2.net;branch=z9hG4bKfeh9083, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK332b44.1, SIP/2.0/UDP sccas2.home2.net;branch=z9hG4bKnas34r5

Record-Route: <sip:pcscf2.visited2.net;lr>, <sip:scscf2.home2.net;lr>

P-Access-Network-Info: 3GPP-UTRAN-FDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

From: <tel: +1-212-555-1111>;tag=171828

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

Call-ID: cb03a0s09a2sdfglkj490333

CSeq:

Require: 100rel, precondition

Contact: 

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933623 2987933623 IN IP6 5555::eee:fff:aaa:bbb

s=-

c=PSTN - - 
t=0 0

m=audio 9 PSTN -
a=setup:active

a=connection:new
a=cs-correlation:callerid:+358504821437
a=curr:qos local sendrcv

a=curr:qos remote sendrcv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

30.
SIP 200 (OK) response (intermediate IM CN subsystem entities to SCC AS)


The SIP 200 (OK) response and final SDP answer from the ICS UE is routed towards the SCC AS.

31.
SIP 200 (OK) response (SCC AS to intermediate IM CN subsystem entities) - see example in Table A.5.3-31

The SCC AS, acting as a B2BUA, generates a SIP 200 (OK) response based upon the SIP 200 (OK) response reeceived and is routed towards the intermediate IM CN subsystem entities. This SIP 200 (OK) response includes an answer SDP in response to the offer SDP that was received by the SCC AS in the original SIP INVITE request.  The answer SDP indicates the IP addressed and codecs of the MGW as received by the SCC AS during CS bearer setup. 

Table A.5.3-31: SIP 200 (OK) response (SCC AS to intermediate IM CN subsystem entities)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.home2.net;branch=z9hG4bKfeh9083, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK332b44.1, SIP/2.0/UDP sccas2.home2.net;branch=z9hG4bKnas34r5

Record-Route: <sip:pcscf2.visited2.net;lr>, <sip:scscf2.home2.net;lr>

P-Access-Network-Info: 3GPP-UTRAN-FDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

From: <tel: +1-212-555-1111>;tag=171828

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

Call-ID: cb03a0s09a2sdfglkj490333

CSeq:

Require: 100rel, precondition

Contact: 

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933623 2987933623 IN IP6 5555::eee:fff:aaa:eee

s=-

c=IN IP6 5555::eee:fff:aaa:eee

t=0 0

m=audio 3456 RTP/AVP 97 96

a=curr:qos local sendrcv

a=curr:qos remote sendrcv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=maxptime:20

32.
SIP 200 (OK) response (intermediate IM CN subsystem entities to originating IM CN subsystem via)

The SIP 200 (OK) response is routed towards the originating UE via the originating IM CN subsystem.
33-34.
SIP ACK request (originating IM CN subsystem to SCC AS via intermediate IM CN subsystem entities and SCC AS)


The originating IM CN subsystem sends a SIP ACK request to the SCC AS via the intermediate IM CN subsystem entities. There is no ICS specific content in this response.
35-36.
SIP ACK request (SCC AS to ICS UE B via intermediate IM CN subsystem entities and SCC AS)


The SCC AS sends a SIP ACK request to the ICS UE B via the intermediate IM CN subsystem entities. There is no ICS specific content in this response.
***** Next change *****
A.5.5
Signalling flows for termination to an ICS UE with CS media using Gm reference point when using an MSC Server enhanced for ICS and UE assisted T-ADS

Figure A.5.5-1 shows the termination of a call to an ICS UE using CS bearers controlled through the IM CN subsystem. In this example the MSC Server is enhanced for ICS and is capable of translating NAS signalling received from the ICS UE to SIP and vice versa. In this example, the UE supports UE assisted terminating access domain selection.
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Figure A.5.5-1:
ICS UE termination with CS media using Gm reference point when using an MSC Server enhanced for ICS – UE assisted T-ADS

The details of the signalling flows are as follows:

1-5:
These steps are identical to steps 1-5 described in subclause A.5.3.
The SDP shows that local preconditions on the originating side are met. 
6.
Terminating Access Domain Selection
The SCC AS performs initial T-ADS selecting IMS for the service control signalling when UE-B is registered in the IMS. 
7.
SIP INVITE request (SCC AS to intermediate IM CN subsystem entities) – see example in Table A.5.5-7.
The SCC AS, acting as a routing B2BUA, generates a SIP INVITE request based upon the received SIP INVITE request and sends it to the intermediate subsystem entities.

Table A.5.5-7:
SIP INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE sip:user2_public1@home1.net SIP/2.0

Via: SIP/2.0/UDP sccas.home1.net;branch=z9hG4bKnas34r5

Max-Forwards: 65

Route: <sip:cb03a0s09a2sdfglkj490333@scscf1.home1.net;lr>;orig-dialog-id="O:73935718_92645110-712786jd246395302d-zKE"

Record-Route:<sccas.home1.net;lr>

P-Access-Network-Info:

P-Asserted-Identity:

P-Charging-Function-Addresses: ccf=[5555::b99:c88:d77:e66]; ccf=[5555::a55:b44:c33:d22]; ecf=[5555::1ff:2ee:3dd:4ee]; ecf=[5555::6aa:7bb:8cc:9dd]

P-Charging-Vector:

P-Asserted-Service:

Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Accept-Contact: *;+g.3gpp.ics="principal";explicit;require
Privacy:

From: <sip:user2_public1@home2.net>;tag=171828
To:

Call-ID:

Cseq:

Supported:

Accept:

Contact:

Allow:

Content-Type:

Content-Length:

v=0

o=2987933615 2987933615 IN IP6 5555::eee:ccc:aaa:bbb 
s=-

c=IN IP6 5555::eee:fff:aaa:bbb
t=0 0
a=creq:med-v0

m=audio 49170 RTP/AVP 97 3 98
a=rtpmap:97 AMR/8000/1
a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:98 telephone-event/8000

a=fmtp:98 0-15

a=ccap:2 PSTN E164 +12125556666

a=tcap:2 PSTN

a=omcap:4 -

a=acap:1 setup:actpass

a=acap:2 connection:new

a=pcfg:1

a=pcfg:2 t=2 m=4 c=2 a=1,2

a=curr:qos local none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos optional remote sendrecv
8.
SIP 100 (Trying) response (intermediate IM CN subsystem entities to SCC AS)


The intermediate IM CN subsystem entities respond to the SCC AS with a SIP 100 (Trying) response. There is no ICS specific content in this response.

9.
SIP INVITE request (intermediate IM CN subsystem entities to ICS UE B) 

The SIP INVITE request is routed towards the called party ICS UE B since further iFC evaluation is not necessary.

10.
SIP 100 (Trying) response (ICS UE B to intermediate IM CN subsystem entities)


The ICS UE B responds to the intermediate IM CN subsystem entities with a SIP 100 (Trying) response. There is no ICS specific content in this response.

11.
Terminating Access Domain Selection

The ICS UE performs T-ADS. In this example the UE chooses a CS bearer for media
12
SIP 183 (Session Progress) response (ICS UE to intermediate IM CN subsystem entities) – see example in table A.5.5-12
The ICS UE generates a SIP 183 (Session Progress) response based upon the received SIP INVITE request and indicates in the SDP that the CS media bearer is used.

Table A.5.5-12: SIP 183 (Session Progress) response (IMS UE to intermediate IM CN subsystem entities) 

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP pcscf1.home1.net;branch=z9hG4bK240f34.1,

SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b23.1,

SIP/2.0/UDP sccas .home1.net;branch=z9hG4bKnas34r5,

Record-Route: <sip:pcscf1.home1.net;lr;<sip:scscf1.home1.net;lr>;<sip:sccas .home1.net;lr>

P-Access-Network-Info: 3GPP-UTRAN-FDD; utran-cell-id-3gpp=234151D0FCE11

P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024"

Privacy: none

From: <sip:user2_public1@home2.net>;tag=171828

To: <tel:+1-212-555-2222>;tag=171820

Call-ID:

CSeq:

Require: 100rel

Contact: <sip:user1_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel";+g.3gpp.ics="principal"
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp

Content-Length: (…)

v=0

o=2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
s=

t=0 0

m=audio 9 PSTN -

c=PSTN - -

a=acfg:2 t=2 m=4 c=2 a=1,2
a=setup:active

a=connection:new

a=cs-correlation:callerid:+12125552222
a=curr:qos local none
a=curr:qos remote none
a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv
14.
SETUP message (ICS UE B to MSC Server enhanced for ICS)


The ICS UE B inititates bearer setup in the CS domain by sending a SETUP message to the MSC Server enhanced for ICS.


Specifically for this signalling flow, the SETUP message includes:

-
Called Party Number information element = = [(Numbering plan identifier = ISDN/telephony numbering plan), (type of number = international number ), (Number digits = 1212556666)].
The Called Party Number information element is set to the SCC AS PSI DN.
-
Bearer Capability information element = [(information transfer capability  = speech), (speech versions = FR AMR, GSM EFR, GSM FR)]

-
Supported Codec List information element = {[(SysID 1 = UMTS), (Codec Bitmap for SysID 1 = UMTS AMR 2)], [(SysID 2 = GSM), (Codec Bitmap for SysID 2 = FR AMR, GSM EFR, GSM FR)]}


The MSC Server enhanced for ICS knows the calling party number corresponding to the ICS UE B.

15.
CALL PROCEEDING message (MSC Server enhanced for ICS to ICS UE B)


Upon receipt of the SETUP message from the ICS UE B, the MSC Server enhanced for ICS responds with a CALL PROCEEDING message. There is no ICS specific content in this message.
16.
SIP PRACK request (SCC AS to IM CN subsystem entities) 

SCC AS acknowledges the receipt of SIP 183 (Session Progress) response.

16.
SIP PRACK request and SIP 200 (OK) response

The SCC AS sends a SIP PRACK request towards the ICS UE via the intermediate IM CN subsystem entities as a result of receiving the reliably sent SIP 183 (Session Progress) response containing the SDP answer.


Upon receipt of the SIP PRACK request, the ICS UE responds with a SIP 200 (OK) response towards the SCC AS via the intermediate IM CN subsystem entities.


The is no ICS specific content in these SIP messages.

17.
SIP INVITE request (MSC Server enhanced for ICS to intermediate IM CN subsystem entities) – see example in A.5.5-17.

The MSC Server enhanced for ICS maps the received SETUP message to a SIP INVITE request which is routed towards the intermediate IM CN subsystem entities. The INVITE request is addressed to the SCC AS PSI DN in the Request-URI.

Table A.5.5-17: SIP INVITE request (MSC Server enhanced for ICS to intermediate IM CN subsystem entities)
INVITE tel:+1-212-555-6666 SIP/2.0

Via: SIP/2.0/UDP msc2.home1.net;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:icscf2.home1.net:lr>

P-Asserted-Identity: <tel: +1-212-555-2222>

P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024"; orig-ioi=home2.net

P-Access-Network-Info:

Privacy: none
Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

From: <sip:user2_public1@home1.net>;tag=276859
To: <tel:+1-212-555-6666>

Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6

Cseq: 127 INVITE

Supported: 100rel, precondition, gruu, 199
Contact: <sip:user2_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel";+g.3gpp.ics="server"
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:fff

s=

c=IN IP6 5555::aaa:bbb:ccc:fff

t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20


Request-URI:
SCC AS PSI DN as received in the SETUP message.


P-Asserted-Identity:
The MSC Server enhanced for ICS inserts the tel-URI containing the subscriber number, as received from the ICS UE B.


Accept-Contact:
The MSC Server enhanced for ICS includes the mmtel feature tag in the INVITE request .

Contact:
The MSC Server enhanced for ICS includes the GRUU received at registration, the media feature tag g.3gpp.icsi-ref set to "urn%3Aurn-7%3gpp-service.ims.icsi.mmtel" and the media feature tag g.3gpp.ics set to "server".

SDP:
The SDP contains preconfigured set of codecs supported by the MGW.

18.
SIP 100 (Trying) response (intermediate IM CN subsystem entities to MSC Server enhanced for ICS)

The intermediate IM CN subsystem entities respond to the MSC Server enhanced for ICS with a SIP 100 (Trying) response. There is no ICS specific content in this response.
19.
SIP INVITE request (intermediate IM CN subsystem entities to SCC AS) – see example in Table A.5.5-19

The SIP INVITE request is sent to the SCC AS.

Table A.5.5-19: SIP INVITE request (intermediate IM CN subsystem entities to SCC AS)

INVITE tel:+1-212-555-6666 SIP/2.0

Via: SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK332b33.1,SIP/2.0/UDP  icscf1.home1.net;branch=z9hG4bK871y12.1, SIP/2.0/UDP msc2.home1.net;branch=z9hG4bKnashds7

Max-Forwards: 68

Route: <sip:sccas.home1.net:lr>, <sip:scscf1.home1.net;lr>;orig-dialog-id="yuflsae80r3rb3fh31ondyr829cnyr381cn932YDWref0w0-wwtg374"

Record-Route: <sip:scscf1.home1.net;lr>

P-Asserted-Identity:

P-Charging-Vector:

P-Access-Network-Info:

Privacy:

From:

To:

Call-ID:

Accept-Contact:

Cseq:

Supported:

Contact:

Allow:

Content-Type:

Content-Length: (…)

v=

o=-

s=

c=

t=

m=

b=

a=

a=

a=

a=

a=

a=

a=

a=

20.
SIP 100 (Trying) response (SCC AS to intermediate IM CN subsystem entities)

The SCC AS responds to the intermediate IM CN subsystem entities with a SIP 100 (Trying) response. There is no ICS specific content in this response.

21.
SIP 200 (OK) response (SCC AS to intermediate IM CN subsystem entities) – see example in table A.5.5-21.

The SCC AS responds to the SIP INVITE request with a SIP 200 (OK) response that includes an SDP answer. The SDP shows local preconditions as received in the SIP INVITE request in step 4.

Table A.5.5-21: SIP 200 (OK) response (SCC AS to intermediate IM CN subsystem entities)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b33.1,SIP/2.0/UDP  icscf1.home1.net;branch=z9hG4bK871y12.1, SIP/2.0/UDP msc2.home1.net;branch=z9hG4bKnashds7

Record-Route: <sip:sccas.home1.net;lr>,<sip:scscf1.home1.net;lr>

P-Access-Network-Info:

Privacy: none

From: <tel: +1-212-555-2222>;tag=276859
To: <tel:+1-212-555-6666>;tag=347529
Call-ID: f81d4fae-7dec-11d0-a765-00a0c91e6bf6

CSeq:

Require: 100rel, precondition

Contact:<sip:user1_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel">
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933623 2987933623 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd

t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrcv

a=curr:qos remote sendrcv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=maxptime:20

22.
SIP 200 (OK) response (intermediate IM CN subsystem to MSC Server enhanced for ICS) 


The intermediate IM CN subsystem entities route the SIP 200 (OK) response to the MSC Server enhanced for ICS. 

23.
CONNECT message (MSC Server enhanced for ICS to ICS UE B)


The enhance MSC Server maps the received SIP 200 (OK) response to a CONNECT message. There is no ICS specific content in this message.
24.
CONNECT ACKNOWLEDGEMENT message (ICS UE B to MSC Server enhanced for ICS)


The ICS UE A sends a CONNECT ACKNOWLEDGMENT message upon receiving the CONNECT message. There is no ICS specific content in this message. 
25-26.
SIP ACK request (MSC Server enhanced for ICS to SCC AS via intermediate IM CN subsystem entities)


The MSC Server enhanced for ICS interworks the received CONNECT ACKNOWLEDGEMENT message to a SIP ACK request which is routed to the SCC AS via the intermediate IM CN subsystem entities. There is no ICS specific content in this response.
27-28.
SIP 180 (Ringing) response (ICS UE B to SCC AS via intermediate IM CN subsystem entities)

The ICS UE B responds to the received SIP INVITE request with a SIP 180 (Ringing) response. The response contains no SDP body and contains no ICS specific content. The SIP 180 (Ringing) response is routed to the SCC AS.

29-30.
SIP 180 (Ringing) response (SCC AS to originating IM CN subsystem via intermediate IM CN subsystem entities)

The SCC AS routes the received SIP 180 (Ringing) response towards the originating network and the calling party.

31. SIP 200 (OK) response (ICS UE B to intermediate IM CN subsystem entities) – see example in Table A.5.5-27

The ICS UE B responds to the received initial SIP INVITE request with a SIP 200 (OK) response. This SIP 200 (OK) does not include an SDP body.

32.
SIP 200 (OK) response (intermediate IM CN subsystem entities to SCC AS)


The SIP 200 (OK) response from the ICS UE is routed towards the SCC AS.

33-34.
SIP 200 (OK) response (SCC AS to originating IM CN subsystem via intermediate IM CN subsystem entities)


The SIP 200 (OK) response is routed towards the originator of the session in the originating IM CN subsystem. This SIP 200 (OK) response includes an SDP answer the correponds to the SDP received from the MSC server enhanced for ICS and indicates that local preconditions are met.

Table A.5.5-33: SIP 200 (OK) response (SCC AS to intermediate IM CN subsystem entities)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b33.1,SIP/2.0/UDP  icscf1.home1.net;branch=z9hG4bK871y12.1, SIP/2.0/UDP scscf1.home2.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP pcscf1.visited2.net;branch=z9hG4bK431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Record-Route: <sip:pcscf1.visited1.net;lr>, <sip:scscf1.home1.net;lr>, <sccas.home1net;lr>
P-Access-Network-Info: 3GPP-UTRAN-FDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

From: <tel: +1-212-555-1111>;tag=171828

To: <tel:+1-212-555-2222>;tag=684213
Call-ID: cb03a0s09a2sdfglkj490333

CSeq:

Require: 100rel, precondition

Contact:<sip:user2_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933623 2987933623 IN IP6 5555::aaa:bbb:ccc:eee

s=-

c=IN IP6 5555::aaa:bbb:ccc:eee

t=0 0

m=audio 3456 RTP/AVP 97 96

a=curr:qos local sendrcv

a=curr:qos remote sendrcv

a=des:qos mandatory local sendrecv

a=des:qos mandatory remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=maxptime:20

35-36.
SIP ACK request (originating IM CN subsystem to SCC AS via intermediate IM CN subsystem entities and SCC AS)


The originating IM CN subsystem sends a SIP ACK request to the SCC AS via the intermediate IM CN subsystem entities. There is no ICS specific content in this response.
37-38.
SIP ACK request (SCC AS to ICS UE B via intermediate IM CN subsystem entities and SCC AS)


The SCC AS sends a SIP ACK request to the ICS UE B via the intermediate IM CN subsystem entities. There is no ICS specific content in this response.
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