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Purpose

[1] defines a number of new SDP attributes to indicate that the CS bearer maybe used to transport the voice media stream.  The support of these attributes in a pre-release 8 network may cause issues.  This document presents an alternative mechanism.
SDP Support

With the introduction of these new attributes some new problems could be encountered especially when an ICS UE is roaming.  The problems being:
a)
A P-CSCF that performs any policing of SDP attributes sends a 488 error.
	TS24.229    6.2

Procedures at the P-CSCF

When the P-CSCF receives any SIP request containing an SDP offer, the P-CSCF shall examine the media parameters in the received SDP. If the P-CSCF finds any media parameters which are not allowed on the network by local policy or if available by bandwidth authorisation limitation information coming from the IP-CAN (e.g. via PCRF), the P-CSCF shall return a 488 (Not Acceptable Here) response containing SDP payload. This SDP payload contains either all the media types, codecs and other SDP parameters which are allowed according to the local policy, or, based on configuration by the operator of the P-CSCF, a subset of these allowed parameters. This subset may depend on the content of the received SIP request. The P-CSCF shall build the SDP payload in the 488 (Not Acceptable Here) response in the same manner as a UAS builds the SDP in a 488 (Not Acceptable Here) response as specifed in RFC 3261 [26]. The P-CSCF shall order the SDP payload with the most preferred codec listed first. If the SDP offer is encrypted, the P-CSCF may reject the request


b)
Intermediate nodes that perform some gateway functionality between networks such as the IBCF may not understand the SDP and could do a variety of things such as modifying the SDP to something they think is correct or rejecting the session based on the SDP it does not understand.
Semantics

SDP defines a C line, where by the C line would seem to identify the end points of the media stream.  

The RUA PSI DN is an identifier used by the SCC AS to correlate to signalling control layers, one control layer for service from the UE and the second control layer for the media stream.  The control layers are then combined to form a single control layer to the destined party.  The RUA PSI DN thus

a) Identifies the unique session to bridge the control layers

b) Identifies the logical SCC AS where that service control layer is anchored

c) Is used by the CS and IMS network for routing purposes to find b)

When considering this, the C line seems ill-suited as it is being used for control layer signalling purposes.
Issues Identified in C1-08xyz

Indicating CS / PS Bearers
CS bearer can be used to support both voice and video.  In the case of video, the video probably also includes a voice stream.  
Mobile originated 
The general idea is that you include a dummy SDP where the SDP is valid but the port is set to 9 (ignore – RFC 863) and the bandwidth is set to 0.  
Audio only

   m=audio 9 RTP/AVP 0

   b=AS:0
Audio CS, Video PS

   m=audio 9 RTP/AVP 0

   b=AS:0
   m=video 53000 RTP/AVP 32

   a=rtpmap:32 MPV/90000

Audio CS, Video CS

   m=audio 9 RTP/AVP 0

   b=AS:0
   m=video 9 RTP/AVP 31
   b=AS:0
Mobile Terminated 

The general idea is that you include a dummy SDP where the SDP is valid but the port is set to 9 (ignore – RFC 863) and the bandwidth is set to 0.  
Audio only

   m=audio 9 RTP/AVP 0

   b=AS:0
Audio CS, Video PS

   m=audio 9 RTP/AVP 0

   b=AS:0
   m=video 53000 RTP/AVP 32

   a=rtpmap:32 MPV/90000

Audio CS, Video CS

   m=audio 9 RTP/AVP 0

   b=AS:0
   m=video 9 RTP/AVP 31
   b=AS:0
Audio CS or PS available
   m=audio 9 RTP/AVP 0

   b=AS:0
   m=audio 46000/2 RTP/AVP 0

   a=rtpmap:0 PCMU/8000

   a=rtpmap:1 1016/8000

   a=rtpmap:3 GSM/8000

Removal of CS Bearer

Standard media stream removal mechanisms shall be applicable, the ICS UE shall be provided with a new OFFER with port of the audio line set to 0.  In addition a BYE shall be sent on the control plane that is responsible for the bearer.

UE assisted T-ADS

The SCC AS shall provide 2 SDP lines (for voice), one will be audio line with port set to  0 and b line set to zero and other audio line with the necessary parameters.  
Preconditions

Mobile Originated
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1) UE sends initial SIP INVITE (OFFER) containing SDP for 2 media streams, one Video with preconditions, 2nd with voice with B=0, Port=9 but no preconditions.  It also includes feature tag to indicate ICS call.
Note:
The voice SDP is included incase session continuity needs to be performed.
2) When SCC AS receives the SIP INVITE it sees the feature tag and knows ICS wants to be invoked for a media stream, it looks for SDP OFFER with port=9 and b=0 as this will be the stream.  It assigns RUA PSID and sends it back in the feature tag.

3) CS bearer set-up using RUA PSI DN

4) SIP INVITE, SDP contains necessary information for voice from EMSC or MGW.  Preconditions are set if COT required.

5) SIP INVITE in 1) is combined with SIP INVITE in 4).  SDP for PS is taken from 1) with its preconditions and SDP for voice is taken from 4) with its preconditions are included (if provided in 4).

6) UE B sends back 183 (ANSWER)to inform A to set up resources, B starts resource reservation.
7) SCC AS sends 183 (ANSWER) to UE A

8) SCC AS also sends 183 (ANSWER) to MGW or EMSC
9) Per any CT3 spec the ANSWER is interworked to Call proceeding
10) EMSC sends a SIP UDATE for voice when resource reservation is finished (if COT was indicated). 
11) UE sends a SIP UDATE for PS video when resource reservation is finished.
12) The SCC AS shall wait until both SIP UPDATES have been received and send a combined UPDATE to UE B 
Mobile Terminated
[image: image2.wmf]EMSC

SCC

UEB

ICS

UE

1

-

INVITE (offer 

–

preconditions) (Voice, video)

3

-

183 (answer, 

Video,cs

)

2

-

INVITE (offer 

–

preconditions)

4

-

Set

-

up

7

-

180

-

ringing

8

-

Alerting

5

-

INVITE (offer)

6

-

183 (Answer)

9

-

200 OK

13

-

180 

-

Ringing

11

-

UPDATE

10

-

UPDATE

12

-

180 

-

Ringing

14

-

200ok

17

-

Connect

16

-

200ok

15

-

200ok


References

[1]
 Conventions for the Use of the Session Description Protocol (SDP) for Circuit-Switched Bearer Connections in the Public Switched Telephone Network (PSTN)

Proposal

It is proposed that TS 24.292 does not deviater its  SDP use from IETF’s intentions and ICS session procedures are enhanced as follows:

a)
RUA PSI DN is conveyed in a media feature tag.  The RUA PSI DN is actually an attribute of the feature tag as follows: g.3gpp.SCCPSI="<E.164 address> : <purpose>".  The E.164 address is assigned by the SCC AS and is the RUA PSI DN.  The feature tag is defined in a generic manner so it can be used to convey digit strings for more than ICS, hence a purpose field has been built into the syntax to allow it to be extended for e.g, session continuity when E.164 number is required for IMS to CS domain transfer.
b)
The bandwidth "b line" shall be set to 0

c)
A flag is required for MO session to indicate to the SCC AS that this is an ICS session set-up.  This flag is feature tag that is conveyed in the Contact Header.

Detailed Changes

7
Roles for call origination

7.1
Introduction
This clause specifies the procedures for call origination for when an ICS UE originates a session, establishing the service control signalling path over Gm or I1 and when a non-ICS UE originates a session achieving IMS service control via an MSC server enhanced for ICS. The associated procedures for the SCC AS and MSC server enhanced for ICS are also specified in this clause. 

Subclause A.4 provides examples of signalling flows for call origination.
7.2
ICS UE
7.2.1
General

This clause specifies the procedures for call origination by an ICS UE. 

Annex A.4 gives examples of signalling flows for call origination.
7.2.2 ICS UE using Gm

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

When the ICS UE originates a CS call using Gm reference point, the ICS UE shall:
-
send a SIP INVITE request towards the IM CN subsystems as specified in 3GPP TS 24.229 [4]. The UE shall populate the SIP INVITE request as follows:
-
the UE shall include an SDP payload where the "m" line is set to the media that the UE wants to send over CS, the port shall be set to 9 and the "b" line set to 0.  Preconditions shall not be included for the "m" line for the media to be sent over CS.; and
-
include the g.3gpp.ICS set to PRINCIPAL feature tag in Contact Header; 
-
when the ICS UE receives a reliable 1xx provisional response from the network containing in the contact header the feature tag g.3gpp.PSI set to two values separated by a colon, where the first value represents a PSI DN and the second value is ICS, the ICS UE shall send a CC SETUP message in accordance with 3GPP TS 24.008 [8]. The UE shall populate the CC SETUP message as follows:

-
the called party BCD number information element set to the PSI DN received in the reliable 1xx provisional response; and

-
when the resources are available to the UE, the ICS UE shall send an SDP offer or answer, as appropriate, including an indication that the related local preconditions for QoS as met as specified in 3GPP TS 24.229 [4] for media where preconditions was indicated.
7.2.3
ICS UE using I1
Editor's note: This subclause will describe the role of the ICS UE during call origination when using I1 reference point.

7.2.4
ICS UE using CS

The ICS UE shall implement the call origination towards SCC AS suitable for ICS via CS domain as specified in 3GPP TS 24.008 [8].
7.3
MSC Server enhanced for ICS
Editor's note: This subclause will describe the role of the MSC Server enhanced for ICS during call origination.

7.4
SCC AS

7.4.1
General

The following subclauses describe the procedures at the SCC AS for call origination. In such scenarios, the SCC AS serves the originating user. The SCC AS shall follow procedures specified in 3GPP TS 24.229 with the additional procedures described in this specification in subclauses 7.4.2, 7.4.3 and 7.4.4. These subclauses describe the procedures for the SCC AS when using service control over Gm, I1 and CS, respectively. 

7.4.2
SCC AS for service control over Gm

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

1)
If the feature tag  g.3gpp.ICS=PRINCIPAL is present on the Contact Header:
a)
store the information received in the SIP INVITE request, including the Request-URI, P-Asserted-Identity header field, Call-ID header field, To and From header fields including tags, associated SDP; and
b)
, send a SIP 183 (Session Progress) response towards the originating ICS UE with the following:

i)
in the Contact header include the media feature tag g.3gpp.PSI set to two values separated by a colon, where the first value represents a PSI DN and the second value is ICS, where the SCC AS PSI DN is the one that identifies the stored information in step 1) and associated with the SCC AS; 


c)
Wait for a SIP INVITE request with the Request-URI set to the allocated SCC AS PSI DN; and
2)
If the feature tag g.3gpp.ICS set to PRINCIPAL is not present in the Contact Header the SCC AS shall not perform any ICS capabilities.
When the SCC AS receives a SIP INVITE request from the CS domain as a result of the ICS UE initiating CS bearer set up, the SCC AS shall check that the Request URI is set to a valid  SCC AS PSI DN as allocated in the above step 2. If the SCC AS PSI DN is present and valid, the SCC AS shall:

3)
use the SCC AS PSI DN that was allocated in step 2 above as a result of receiving the initial SIP INVITE request and correlate the previously stored information against this session with the incoming SIP INVITE request.

4)
act as a routing B2BUA, and generate a SIP INVITE request towards called party indicated in the stored information from the initial SIP INVITE request and include the following information:

i)
a Request-URI set to the called party identity received in the initial SIP INVITE request and previously stored in the above step 1);

ii)
a P-Asserted-Identity set to the identity received in the initial SIP INVITE request and previously stored in the above step 1); and

iii)
an SDP offer with the media set to 
athat received in the incoming SIP INVITE request, with any associated preconditions; and
b)
that received in the INVITE received above in step 1) for "m" line whose port is not set to 9.
If the SCC AS receives a SIP 18x the SCC behaviour shall be:

a)
send the SIP 18x to the ICS UE using Gm.  If the SIP 18x contains an SDP answer, an SDP answer shall also be included containing "m" line media that match the  received "m" line media in the SIP INVITE request in step 1) including associated preconditions if received.
b)
send the SIP 18x to the CS domain.  If the SIP 18x contains an SDP answer, an SDP answer shall also be included containing "m" line media that match the  received "m" line media in the SIP INVITE request in step 1) including associated preconditions if received.

Editor's note:
 the above assumes fast CS bearer setup. The scenario when CS bearer establishment is achieved after receiving an alerting message at the MSC requires further investigation on the interactions with the SIP preconditions mechanism and session setup.

When the SCC AS is aware of that precondition is met on all legs the SCC AS shall send an UPDATE request towards the terminating UE indicating that local precondition is met 

Upon receiving a SIP 200 (OK) response from the called party, including an SDP answer for the session, the SCC AS shall, acting as a routing B2BUA, generate a SIP 200 (OK) response based on the incoming response, and route it towards the CS domain.  
Upon receiving a SIP ACK request originated from an MSC server enhanced for ICS or from an MGCF, the SCC AS shall respond to the initial SIP INVITE request with a final 200 (OK) response.
8
Roles for call termination

8.1
Introduction
This clause specifies the procedures for call termination to an ICS UE and a non-ICS UE. The following procedures describe Terminating Access Domain Selection at both the SCC AS and terminating ICS UE, to decide the service control type for the terminating side of the session. Service control signalling path over Gm and I1 for an ICS UE and IMS service control for a non ICS UE via an MSC server enhanced for ICS are specified. Procedures specific to the SCC AS and MSC server enhanced for ICS are also described. 

Subclause A.5 provides examples of signalling flows for call termination.
8.2
ICS UE

8.2.1
General

This clause specifies the procedures for call termination by an ICS UE.  

Annex A.5 gives examples of signalling flows for call termination.
8.2.2
ICS UE using Gm

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

When the ICS UE receives a SIP INVITE request and in the Contact header includes the media feature tag g.3gpp.PSI set to two values separated by a colon, where the first value represents a SCC AS PSI DN and the second value is ICS and the ICS UE terminates a CS call using the Gm reference point, the ICS UE shall:
-
send a reliable 1xx provisional response towards the IM CN subsystems as specified in 3GPP TS 24.229 [4]. The UE shall populate the 1xx provisional response as follows:

-
include an SDP payload where the "m" line is set to the media that the UE wants to send over CS, the port shall be set to 9 and the "b" line set to 0.  Preconditions shall not be included for the "m" line for the media to be sent over CS 
-
includes g.3gpp.ICS set to PRINCIPAL feature tag in Contact Header
-
send a CC SETUP message in accordance with 3GPP TS 24.008 [8]. The UE shall populate the CC SETUP message as follows:

-
the called party BCD number information element set to the SCC AS PSI DN received in the SIP INVITE request media feature tag g.3gpp.PSI.


-
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 180 Ringing message and continue the call setup as specified in 3GPP TS 24.229 [4].
8.2.3
ICS UE using I1

Editor's note: This subclause will describe the role of the ICS UE during call termination when using I1 reference point.

8.2.4
ICS UE using CS
ICS UE shall implement the call termination suitable for ICS via CS domain as specified in 3GPP TS 24.008 [8].
8.3
MSC Server enhanced for ICS
Editor's note: This subclause will describe the role of the MSC Server enhanced for ICS during call termination.

8.4
SCC AS

8.4.1
General

The following subclauses describe the procedures at the SCC AS for call termination. In such scenarios, the SCC AS serves the terminating user. The SCC AS shall follow procedures specified in 3GPP TS 24.229 with the additional procedures described in this specification in subclauses 8.4.2, 8.4.3 and 8.4.4. These subclauses describe the procedures for the SCC AS when using service control over Gm, I1 and CS, respectively.
8.4.2
SCC AS for service control over Gm

When the SCC AS serving the terminating ICS UE receives an initial SIP INVITE request 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, Call-ID header field, To and From header fields including tags;

2)
perform Terminating Access Domain Selection (TADS) based upon criteria described in 3GPP TS 23.232 [3];

3)
if TADS results in choosing to deliver all media in the PS domain, skip the following steps and continue with call termination in the IM CN subsystem;

4)
if TADS results in choosing to deliver media in the CS domain, and using I1 for service control, follow the SCC AS procedures defined in subclause 8.4.3;

5)
if TADS results in choosing to deliver media in the CS domain, and using CS domain service control, follow the SCC AS procedures defined in subclause 8.4.4;

6)
if TADS results in choosing to deliver media in the CS domain, and using Gm for service control, acting as a B2BUA, the SCC AS shall create a SIP INVITE request based upon the incoming request and include the following:

i)
includes g.3gpp.ICS set to SERVER feature tag in Contact Header; 

ii)
allocate an SCC AS PSI DN that identifies the stored information and is associated with the SCC AS and include in the Contact header includes the media feature tag g.3gpp.PSI set to two values separated by a comma, where the first value represents a SCC AS PSI DN and the second value is ICS  in the SIP INVITE request towards the ICS UE; and

iii)
include an SDP offer in accordance with 3GPP TS 24.229 [4] where by the "b" line shall be set to zero  and the port shall be set to 0 for the "m" line that maybe sent over CS bearer.


Editor's note:
the procedures related to TADS require further cleanup with the possibility of a dedicated subclause to TADS requirements for the SCC AS and for the ICS UE.

7)
route the created SIP INVITE request towads the terminating user. 

When the SCC AS receives a SIP INVITE from the CS domain, indicating local preconditions met, the SCC AS shall check that the Request URI is set to a valid  SCC AS PSI DN as allocated in the above step 6. If the SCC AS PSI DN is present and valid, the SCC AS shall:

1)
use the SCC AS PSI DN that was allocated in step 2 above as a result of receiving the initial SIP INVITE request and correlate the previously stored information against this session with the incoming SIP INVITE request.
2)
create a SIP 200 (OK) response, indicating local preconditions met and route towards the terminating ICS UE.

When the AS has received the 18x response from the terminating ICS UE and the SIP INVITE request with the SCC AS PSI DN number from the CS domain, the SCC AS shall prepare an SDP answer to be sent to the originating user. The SDP answer shall be based on the SDP answer received from the ICS UE excluding those "m" lines and associated parameters where port is set to 9 and "b" line  set to 0 and the SDP offer received from the CS domain. If the SDP offer from the CS domain includes more than one speech codecs the SCC AS shall delete the lowest priority speech codecs
Annex X (normative): 
Media feature tags defined within the current document

X.1
General

This subclause describes the media feature tag definitions that are applicable for the 3GPP IM CN Subsystem for the realisation of ICS. 

X.2
Definition of media feature tag g.3gpp.PSI
Media feature-tag name: g.3gpp.PSI
ASN.1 Identifier: 1.3.6.1.8.2.1
Editors note:
How does this ASN.1 value get assigned?
Summary of the media feature indicated by this tag: This feature-tag conveys a digit string to be used by the UE,  The digit string is separated with a colon which is then followed with an identifier to indicate the use of the digit string.  The digit string is assigned by an application server and is used to identify a unique set of data in the application server.  This data could be associated with a session set-up or an ongoing session.   In the case of session set-up it allows the correlation of an incoming session set-up for the bearer with session data.  In the case of an ongoing session, it allows the correlation of an incoming session set-up for a bearer with an existing bearer.
Values appropriate for use with this feature-tag:  STRING
-
STRING:
The string syntax is <digit string>:<purpose>.

-
<digit string>
This consists of the values 0-9 and is RUA PSI DN in international E.164 format.  The RUA PSI DN is generated by the SCC AS and is used to correlate an incoming bearer control session set-up with either a request to set-up a session or an ongoing session. The digit string should be used as the B party number is control signalling to set-up a CS bearer associated with the session.
-
<purpose>
This identifies to the UE the reason that the <digit string> has been provided.  It can take the value of ICS.
-
ICS
Identifies that the <digit string> is to be used for ICS bearer set-up.
The feature-tag is intended primarily for use in the following applications, protocols, services, or negotiation mechanisms: This feature-tag is most useful in a communications application, for describing the capabilities of a device, such as a phone or PDA.

Examples of typical use: Provides to the UE a digit string that should be used for setting up a CS bearer.  The digit string will identify the local application server where the control signalling for the bearer set-up will be terminated.  The digit string will unique identify a session to which the bearer control signalling should be associated with.  The digit string can be used for initial bearer set-up as in ICS or could be used to identify an ongoing session that needs session continuity applied to.  To inform the UE of the purpose of the digit string an identifier is provided (comma separated) to state the use of the digit string:  ICS, Session Continuity.
Related standards or documents: 3GPP TS 24.292: " "

Security Considerations: Security considerations for this media feature-tag are discussed in subclause 11.1 of RFC 3840 [6].
X.3
Definition of media feature tag g.3gpp.ICS
Media feature-tag name: g.3gpp.ICS
ASN.1 Identifier: 1.3.6.1.8.2.2
Editors note:
How does this ASN.1 value get assigned?
Summary of the media feature indicated by this tag: This feature-tag indicates when used is a SIP REGISTER indicates that the function is ICS capability and may operate in ICS mode.  This feature-tag indicates when used is a none SIP REGISTER method indicates that the function wants to invoke ICS functionality.
Values appropriate for use with this feature-tag: PRINCIPAL; SERVER.
PRINCIPAL
When used in a SIP REGIGSTER indicates that the function that is ICS capable is a mobile phone.  When used in another SIP METHOD indicates that the function wants to invoke ICS functionality.

SERVER

Indicates that the function that is ICS capable is a network node.
The feature-tag is intended primarily for use in the following applications, protocols, services, or negotiation mechanisms: This feature-tag is most useful in a communications application, for describing the capabilities of a device, such as a phone or PDA.

Examples of typical use: Indicating that a mobile phone (PRINCIPAL) can support or wants to use ICS or that an network node (SERVER) wants to invoke ICS functionality
Related standards or documents: 3GPP TS 24.292: " "

Security Considerations: Security considerations for this media feature-tag are discussed in subclause 11.1 of RFC 3840 [6]. 



























































































































�This is different to Alfs material as I identify that the SDP needs to be split as 2 SIP INVITEs where used to create the outgoing INVITE
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