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1 Reason for Change

It is proposed to correct editorial errors shown in the latest CP. 

2  Impact on Backward Compatibility

None.

3 Impact on Other Specifications

None.

4 Intellectual Property Rights

Members and their Affiliates (collectively, "Members") agree to use their reasonable endeavours to inform timely the Open Mobile Alliance of Essential IPR as they become aware that the Essential IPR is related to the prepared or published Specification.  This obligation does not imply an obligation on Members to conduct IPR searches.  This duty is contained in the Open Mobile Alliance application form to which each Member's attention is drawn.  Members shall submit to the General Manager of Operations of OMA the IPR Statement and the IPR Licensing Declaration.  These forms are available from OMA or online at the OMA website at www.openmobilealliance.org.

5 Recommendation

Incorporate the editorial corrections in the latest CP.
6 Detailed Change Proposal
	Section
	Description

	6.1.3.2.2 (p.23)
	Add an indefinite article.

	
	Upon receiving a request from a PoC User to establish an Ad-hoc PoC Group Session or a 1-1 PoC Session within a Pre-established Session the PoC Client:

	6.1.3.2.3 (p.26)
	Add the ‘if’ conjuction.

	
	On receiving a SIP 200 "OK" response to the SIP INVITE request the PoC Client: 

· 1. SHALL store the list of supported SIP methods if received in the Allow header;
· 2. SHALL store the PoC Session Identity if received in the Contact header; 

	6.1.4.2 (p.28)
	Replace ‘if’ with ‘when’.

	
	This subclause describes the optional procedures that the PoC Client SHALL use when placing a media component on hold.

	6.1.4.4 (p.28)
	Correct the mis-spelled word.

	
	6.1.4.4   User Plane adaptation
This subclause describes the optional procedures that the PoC Client SHALL use when initiating User Plane adaptation during an ongoing PoC Session.

	6.1.7 (p.31)
	Change ‘send’ into ‘sent’.

	
	Upon receiving a request from the PoC User to add one or more PoC Users to an ongoing PoC Session, the PoC Client:

1. SHALL , if the SIP REFER request will be sent in a new dialog, generate an initial SIP REFER request as specified in subclause 6.1.3.1 "General" and according to rules and procedures of [RFC3515]; otherwise generate a SIP REFER request according to rules and procedures of [RFC3515];

	6.1.9 (p.33)
	Change ‘identifying  a SIP MESSAGE URI-list serviceaccording’ into ‘identifying a SIP MESSAGE URI-list service according’.

	
	4. SHALL set the Request-URI according to the PoC User's selection to a PoC Address of a PoC User, or to a PoC Group Identity identifying a Chat PoC Group or a Pre-arranged PoC Group, or to an Exploder-URI identifying a SIP MESSAGE URI-list service according to rules and procedures of [draft-uri-list-message], if the Exploder-URI is provisioned for PoC Client;

	6.1.11.1 (p.34)
	Add a pause before the second when clause.

	
	When the Participant wants to cancel the PoC Session initiation, when On-demand Session signaling is used as specified in subclause 6.1.3.3 " Establishment of an On-demand PoC Session” and when the PoC Client has not yet received a final SIP response for the SIP INVITE request, the PoC Client SHALL cancel the SIP INVITE request acting as UAC according to rules and procedures of [RFC3261].

	6.2.1.2 (p.36)
	Change ‘shall be’ into ‘is’ in the step 3. c).

	
	· 3. SHALL include in a SIP 200 "OK" response a MIME SDP body as a SDP answer according to rules and procedures of [RFC3264] and [RFC2327] as follows:

a) The IP address and port number at the PoC Client for the RTP Session;

b) The codec(s) and Media Parameters acceptable by the PoC Client for the PoC Service selected from those in the SDP offer contained in the incoming SIP INVITE request;

c) if another IP address or port is used instead of the default IP address and port number specified by [RFC3550], set the IP address and port number to be used for RTCP at the PoC Client according to rules and procedures of [RFC3605];

d) The selected Talk Burst Control Protocol(s) and Talk Burst parameters selected from those in the SDP offer contained in the SIP INVITE request; and,
e) the port number(s) to be used for the Talk Burst Control Protocol(s).

	6.2.1.3 (p.36)
	In step 2, correct the step # performed when the user accepts the PoC Session invitation and declines it. 

	
	· 2. SHALL generate and send a SIP 180 'Ringing' response towards the PoC Server as specified in the subclause 6.2.1.1 "General". If the user accepts the PoC Session invitation, perform steps 3, 4 and 6. If the user declines the PoC Session invitation, perform step 5;
· 3. SHALL generate a SIP 200 "OK" response to the SIP INVITE request as specified in the subclause 6.2.1.1 "General" if the PoC User accepts the PoC Session invitation;  

· 4. SHALL include a MIME SDP body as a SDP answer in the SIP 200 "OK" response according to rules and procedures of [RFC3264] and [RFC2327] as follows:

a) The IP address and port number at the PoC Client for the RTP Session;

b) The codec(s) and Media Parameters acceptable by the PoC Client for the PoC service selected from those in the SDP offer contained in the incoming SIP INVITE request;

c) if another IP address or port is used instead of the default IP address and port number as specified by [RFC3550], set the IP address and port number to be used for RTCP at the PoC Client according to rules and procedures of [RFC3605];

d) The selected Talk Burst Control Protocol(s) and Talk Burst parameters selected from those in the SDP offer contained in the SIP INVITE request; and,
e) the port number(s) to be used for the Talk Burst Control Protocol(s).

· 5. SHALL send a SIP 480 "Temporarily Unavailable" response towards the PoC Server if the PoC User declines the PoC Session invitation or a SIP 408 "Request Timeout" response if the invitation times out. 

· 6. SHALL, if the PoC User accepts the PoC Session invitation.

a) send the SIP 200 "OK" response to the PoC Server; and,
b) interact with the User Plane as specified in [OMA-PoC-UP] “PoC Client procedures at PoC Session initialization”.

	7.2.1.2 (p.44)
	Change ‘SIP180’ into ‘SIP 180’.

	
	Upon receiving a SIP 180 "Ringing" response as specified in subclause 7.2.2.2 "PoC Session Invitation Request" and the SIP final response or a SIP 180 “Ringing” response has not yet been sent to the Inviting PoC Client, the PoC Server:

	7.2.1.2 (p.44)
	Change ‘to’ into ‘towards’.

	
	3. SHALL send a SIP 200 "OK" response towards the Inviting PoC Client; and

	7.2.1.8 (p.51)
	Change ‘refer-To’ into ‘Refer-To’.

	
	Upon receiving a SIP REFER request that is without a method parameter in the Refer-To header or when the the method parameter is set to "INVITE" in the Refer-To header, the PoC Server:

	7.2.1.9.2 (p.52)
	Add an apostrophe in Originators.

	
	1. SHALL perform the actions to verify the Authenticated Originator’s PoC Address of the PoC Client and authorize the request and if it is not authorized the PoC Server SHALL return a SIP 403 "Forbidden" response;

	7.2.1.9.2 (p.53)
	Change ‘PoC Client’ into ‘PoC Client(s)’ in the step 5.a) vi.

	
	5. SHALL examine the URI in the Refer-To header of the SIP REFER request and 

a) if the URI is an identity of an existing PoC Session and Participant refered by the Authenticated Originator’s PoC Address of the SIP REFER request is participating in the PoC Session then the PoC Server: 

i. SHALL generate a SIP 2xx response to the SIP REFER request according to rules and procedures of [RFC3515] and send it to the SIP/IP Core along the signalling path;

ii. SHALL remove the Participant referred by the Authenticated Originator’s PoC Address from the PoC Session by performing the procedures as specified in subclause 7.3.2.6.3 "Leaving a PoC Session within a Pre-established Session";

iii. SHALL check the PoC Session release policy as specified in subclause 7.2.1.16 "PoC Session release policy" and according to the applied release policy perform for each Participant of the PoC Session  (except for the owner of the Pre-established Session) the procedures specified in subclause 7.2.2.4 "Removal of Participant from the PoC Session", if needed;

iv. SHALL generate a notification of the current state of the PoC Session to the PoC Client(s), which have subscribed to the conference state event package, as specified in subclause 7.2.1.11.2 "Generating a SIP NOTIFY request";
v. SHALL check the subscription termination policy as specified in subclause 7.2.1.11.3 "Termination of subscription" and for each PoC Clients (except the owner of the Pre-established Session) terminate the existing subscription to the conference state event package, if needed; and,

vi. SHALL send the SIP NOTIFY request to the PoC Client(s) according to rules and procedure of the SIP/IP Core.

	7.2.1.11.1 (p.54)
	Add the definite article before SIP response.

	
	10.  SHALL send the SIP response towards the PoC Client according to rules and procedures of the SIP/IP Core;

	7.2.1.11.2 (p.55)
	Change ‘FROM’ into ‘From’.

	
	2. for each Participant in the PoC Session the PoC Server SHALL include a "user" element. The "user" element:

a) SHALL include the "entity" attribute. The "entity" attribute:

i. SHALL for the originating PoC Client include the Authenticated originator’s PoC Address of the initial SIP INVITE request, if the Participant has not requested privacy; or,

ii. SHALL for the originating PoC Client include the From address, if the Participant has requested privacy; and,

	7.2.1.16 (p.57)
	Change ‘those PoC Session’ into ‘the PoC Session’.

	
	· auto-release (true/false) 

· if true the PoC Server SHALL remove rest of the Participants from Pre-arranged PoC Group Session and release the PoC Session when the originator leaves the PoC Session
· if false the PoC Server SHALL NOT remove rest of the Participants from Pre-arranged PoC Group Session nor release the PoC Session when the originator leaves the PoC Session


	7.2.2.1 (p.59)
	Add a space bar in-between 1-1PoC.

	
	· 5. SHALL include Authenticated Originator’s PoC Address as specified in subclause 5.2 “Authenticated Originator's PoC Address”
a) set to the PoC Address of the Inviting PoC Client in case of 1-1 PoC Session and Ad-hoc PoC Group Session; or,



	7.2.2.2 (p.60)
	Add a pause before ‘or’ clause.

	
	NOTE: 
Procedures towards Inviting PoC Clients, when SIP 183 "Session Progress", SIP 180 "Ringing" SIP 200 "OK", or other SIP final response (4xx, 5xx, 6xx) is received, are specified subclause 7.2.1 "Requests Terminated at the Controlling PoC Function".

	7.3.1.2 (p.63)
	Change ‘Group’ into ‘Session’.

	
	· 7. SHALL generate a SIP 200 "OK" response to the SIP INVITE request as follows:

a Contact header containing the PoC Session Identity identifying the Pre-established Session along with the PoC feature tag  '+g.poc.talkburst’ and the feature tag 'isfocus';

	7.3.1.3 (p.64)
	Correct structural error in the first sentence and change ‘initiation’ into ‘modification’ shown in NOTE 1.

	
	This subclause describes the procedures that the Participating PoC Server upon receiving a SIP UPDATE request or a SIP re-INVITE request modifies the Pre-established Session. 

The PoC Server:

· 1. SHALL examine the version parameter in the MIME SDP body and determine if a change of the Media Parameters is requested;

· 2. SHALL validate that the new media capabilities ("a=inactive" or "a=sendrecv") are acceptable by the PoC Server and if not reject the request with a SIP 488 "Not Acceptable Here" response.  Otherwise, continue with the rest of the steps;
· 3. SHALL update the User Plane with the new Media Parameters as specified in [OMA-PoC-UP] "User Plane adaptation"; and,

· 4. SHALL generate a SIP 200 "OK" response as follows:

a) include a MIME SDP body as a SDP offer according to rules and procedures of [RFC3264] and [RFC2327] with the new media capabilities; and,

b) send a SIP 200 "OK" response to the SIP/IP Core along the signalling path.
NOTE 1: In case the Pre-established Session is on hold the PoC Server performing the Participating PoC Function shall forward the PoC Session modification messages between the PoC Client and the PoC Server performing the Controlling PoC Function.

	7.3.1.5 (p.68)
	Add a space bar in-between ‘andTalk’ in the step 9. d).

	
	· 9. SHALL include in the SIP INVITE request a MIME SDP body containing the Media Parameters of the PoC Server as an SDP offer according to rules and procedures of [RFC3264] and [RFC2327] as follows:

a) The IP address and port number at the PoC Server for the RTP Session;

b) The codec(s) and Media Parameters as negotiated during the Pre-established Session establishment as specified in the subclause 7.3.1.2 “Pre-established Session”, and if the PoC Server supports transcoding, the PoC Server MAY also include the codecs and Media Parameters which can be transcoded by the PoC Server to a codec contained in the SDP offer in the incoming SIP INVITE request when Pre-established Session was established;

c) If another IP address or port is used instead of the default IP address and port number as specified in [RFC3550], set the IP address and port number to be used for RTCP  at the PoC Server according to rules and procedures of [RFC3605];
d) The offered Talk Burst Control Protocol(s) and Talk Burst Parameters as negotiated during the Pre-established Session establishment as specified in the subclause 7.3.1.2 “Pre-established Session”, and if the interworking between the Talk Burst Control Protocols is supported, the PoC Server MAY also include the Talk Burst Control Protocol(s) which can be interworked by the PoC Server to a Talk Burst Control Protocol contained in the SDP offer in the incoming SIP INVITE request; and,

	7.3.1.5 (p.68)
	Change ‘received’ into ‘if received’ in step 2. 

	
	Upon receiving SIP provisional responses for the SIP INVITE request(s) the PoC Server:

· 1. SHALL store the list of supported SIP methods if received in the Allow header;
· 2. SHALL store the contact if received in the Contact header; and,

· 3. SHALL discard the received SIP responses without forwarding them.
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