
3GPP TSG-RAN WG5 Testing 
(
 R5s140235
01 Jan – 31 Dec 2014

	CR-Form-v11

	CHANGE REQUEST

	

	
	36.523-3
	CR
	2068
	rev
	-
	Current version:
	11.3.0
	

	

	For HELP on using this form: comprehensive instructions can be found at 
http://www.3gpp.org/Change-Requests.

	


	Proposed change affects:
	UICC apps
	
	ME
	
	Radio Access Network
	
	Core Network
	


	

	Title:

	Correction to GCF WI-167 EUTRA Rel9 SRVCC test Case 13.4.3.6

	
	

	Source to WG:
	Anritsu Ltd

	Source to TSG:
	R5

	
	

	Work item code:
	TEI9_Test
	
	Date:
	2014-03-18

	
	
	
	
	

	Category:
	F
	
	Release:
	Rel-11

	
	Use one of the following categories:
F  (correction)
A  (mirror corresponding to a change in an earlier release)
B  (addition of feature), 
C  (functional modification of feature)
D  (editorial modification)

Detailed explanations of the above categories can
be found in 3GPP TR 21.900.
	Use one of the following releases:
Rel-4
(Release 4)
Rel-5
(Release 5)
Rel-6
(Release 6)
Rel-7
(Release 7)
Rel-8
(Release 8)
Rel-9
(Release 9)
Rel-10
(Release 10)
Rel-11
(Release 11)
Rel-12
(Release 12)
Rel-13
(Release 13)

	
	

	Reason for change:
	Test case fails at step 33 per prose for the following reasons:

1) The testcase fails at 34.229.Annex C.31 step 1 - Re-INVITE PDU “reason parameter” mismatch due to the impementation of R5-147099. Current prose expects UE to set reason-text value to "handover cancelled" or “failure to transition to CS domain” regardless of the UE’s release capabilty. However, this condition should only be applicable to the release >= 10 capable UEs.

2) The testcase fails at 34.229.Annex C.31 step 1 - Re-INVITE PDU “CSeq parameter” mismatch due to incorrect TTCN implementation. CSeq generation/increment is not required for the first UE initiated transaction PDU.



	
	

	Summary of change:
	1) Implement UE release capabily version dependant reason text check logics for the Re-INVITE PDU in function f_IMS_InviteRequest_MessageHeaderRX
2) Replace CSeq increment function f_IMS_PTC_ImsInfo_CseqIncr in function f_IMS_InviteRequest_MessageHeaderRX with wildcard for any value statement instead.

	
	

	Consequences if not approved:
	Conformant UE will not pass the testcase.
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Change 1
	Function name
	function f_IMS_SRVCC_ReInvite_AnnexC31_Step1

	Reason for change
	The testcase fails in 34.229.Annex C.31 step 1 - Re-INVITE PDU “reason parameter” mismatch due to the impementation of R5-147099. Current prose expects UE to set reason-text value to "handover cancelled" or “failure to transition to CS domain” regardless of the UE’s release capabilty. However, this condition should only be applicable to the release >=10 capable UEs.

Note: A draft prose CR is required and will be presented at RAN5#63 meeting

	Summary of change
	Implement UE release capabily version dependant reason text check logics for the Re-INVITE PDU in function f_IMS_InviteRequest_MessageHeaderRX


	TTCN module
	TTCN\Common\IMS\IMS_Procedures_CallControl.ttcn


Before change

	  function f_IMS_SRVCC_ReInvite_AnnexC31_Step1(boolean p_GeolocationInfoAvailable := false)

    runs on IMS_PTC return IMS_DATA_REQ

  { /* @sic R5s140020, R5-140799: new function sic@ */

    /* @sic R5-140799 sic@ */

    var template (omit) float v_WaitDuration := omit;   // no wait duration

    var template (omit) integer v_UE_Release := f_IMS_PTC_GetUE_Release();

    var template (present) SDP_Message v_SDP_MessageRX := f_IMS_BuildSDP_AnnexC31_Step1();

    var template (present) MessageBody v_MessageBody := f_SIP_MessageBodySDP_RX(v_SDP_MessageRX, p_GeolocationInfoAvailable);

    var template (present) MessageHeader v_MessageHeader := cr_MessageHeader_Dummy;

    var template charstring v_ReasonText := ("failure to transition to CS domain", "handover cancelled");

    var IMS_DATA_REQ v_IMS_DATA_REQ;

    var SDP_Message v_SDP_Message;
    /*

    if (not (ispresent(v_UE_Release) and (valueof(v_UE_Release) >= 11))) {

       v_ReasonText := omit;

    }
    */

    v_MessageHeader.reason := cr_Reason(487, v_ReasonText);     // @sic R5-140799 sic@

    v_IMS_DATA_REQ := valueof(f_IMS_INVITE_ReceiveRequest_Common(A_2_1_A5, v_MessageHeader, -, v_MessageBody, -, v_WaitDuration, -, p_GeolocationInfoAvailable));

    v_SDP_Message := f_IMS_MessageBody_CheckGeolocationAndGetSDP(v_IMS_DATA_REQ.Request.Invite.messageBody, p_GeolocationInfoAvailable);

    // check at least one connections field sent

    f_IMS_SDP_CheckConnections(v_SDP_Message);

    return v_IMS_DATA_REQ;

  }


After change

	  function f_IMS_SRVCC_ReInvite_AnnexC31_Step1(boolean p_GeolocationInfoAvailable := false)

    runs on IMS_PTC return IMS_DATA_REQ

  { /* @sic R5s140020, R5-140799: new function sic@ */

    /* @sic R5-140799 sic@ */

    var template (omit) float v_WaitDuration := omit;   // no wait duration

    var template (omit) integer v_UE_Release := f_IMS_PTC_GetUE_Release();

    var template (present) SDP_Message v_SDP_MessageRX := f_IMS_BuildSDP_AnnexC31_Step1();

    var template (present) MessageBody v_MessageBody := f_SIP_MessageBodySDP_RX(v_SDP_MessageRX, p_GeolocationInfoAvailable);

    var template (present) MessageHeader v_MessageHeader := cr_MessageHeader_Dummy;

    var template charstring v_ReasonText := ("failure to transition to CS domain", "handover cancelled");

    var IMS_DATA_REQ v_IMS_DATA_REQ;

    var SDP_Message v_SDP_Message;

    // Anritsu_13436 R5-147099 update skip the v_ReasonText check for UE release >=10 

    if (not (ispresent(v_UE_Release) and (valueof(v_UE_Release) >= 10))) {

       v_ReasonText := omit;

    }    
    v_MessageHeader.reason := cr_Reason(487, v_ReasonText);     // @sic R5-140799 sic@

    v_IMS_DATA_REQ := valueof(f_IMS_INVITE_ReceiveRequest_Common(A_2_1_A5, v_MessageHeader, -, v_MessageBody, -, v_WaitDuration, -, p_GeolocationInfoAvailable));

    v_SDP_Message := f_IMS_MessageBody_CheckGeolocationAndGetSDP(v_IMS_DATA_REQ.Request.Invite.messageBody, p_GeolocationInfoAvailable);

    // check at least one connections field sent

    f_IMS_SDP_CheckConnections(v_SDP_Message);

    return v_IMS_DATA_REQ;

  }
	


Change 2
	Function name
	f_IMS_InviteRequest_MessageHeaderRX

	Reason for change
	The testcase fails at 34.229.Annex C.31 step 1 - Re-INVITE PDU “CSeq parameter” mismatch due to incorrect TTCN implementation. CSeq generation/increment is not required for the first UE initiated transaction PDU.



	Summary of change
	Replace CSeq increment function f_IMS_PTC_ImsInfo_CseqIncr in function f_IMS_InviteRequest_MessageHeaderRX with wildcard for any value statement instead.

	TTCN module
	TTCN\Common\IMS\IMS_Procedures_CallControl.ttcn


Before change

	  function f_IMS_InviteRequest_MessageHeaderRX(template (present) MessageHeader p_MessageHeader := cr_MessageHeader_Dummy,

                                               template (present) SipUrl p_ExpectedCalleeUri,

                                               OptionTag_List p_AdditionalOptionTagsForSupported := tsc_OptionTagList_Empty,

                                               INVITE_A_2_1_Context_Type p_Context := A_2_1_A4,

                                               boolean p_A3 := pc_MultimediaTelephonyService,    /* @sic R5s130510 additional change 1: tsc_IMS_MTSI replaced by pc_MultimediaTelephonyService sic@ */

                                               boolean p_A8 := pc_IMS_Geolocation,

                                               boolean p_A9 := false,

                                               boolean p_A11 := false)

    runs on IMS_PTC return template (present) MessageHeader

  { /* p_A3:          MTSI
    :

    :
    var OptionTag_List v_OptionTag_List := tsc_OptionTagList_100rel & p_AdditionalOptionTagsForSupported;

    if (p_Context == A_2_1_A6) {  // INVITE for creating an emergency session in case of no registration

      // Via, Route, Contact: ports to be used

      v_Port_us := ?;

      v_Port_ps := tsc_IMS_PortNumber_5060;

      // From: Display

      v_Displayname := cr_QuotedStringOrToken("Anonymous");     /* @sic R5s140005, R5-140901 sic@ */

    }

    else {

      // Via, Route, Contact: ports to be used

      if (not v_IsGiba or (p_Context == A_2_1_A7)) {

        v_Protected := f_IMS_PTC_Security_GetProtectedPorts();

        v_Port_us := v_Protected.Port_us;

        v_Port_ps := v_Protected.Port_ps;

      }

    }

    if (p_Context == A_2_1_A5)  {                  /* re-invite @sic R5s140017 MCC160 implementation sic@ */

      v_RouteBodyList := fl_RouteSet_RouteBodyList_RX();

      v_CallId := f_IMS_PTC_ImsInfo_DialogGetCallId();

      v_From := f_IMS_RequestInDialog_FromHeaderRX();

      v_To := f_IMS_RequestInDialog_ToHeaderRX();

      v_CSeqValue := f_IMS_PTC_ImsInfo_CseqIncr(dialogRemote);
      v_SessionId := f_IMS_PTC_ImsInfo_DialogGetSessionId();

    }


After change

	  function f_IMS_InviteRequest_MessageHeaderRX(template (present) MessageHeader p_MessageHeader := cr_MessageHeader_Dummy,

                                               template (present) SipUrl p_ExpectedCalleeUri,

                                               OptionTag_List p_AdditionalOptionTagsForSupported := tsc_OptionTagList_Empty,

                                               INVITE_A_2_1_Context_Type p_Context := A_2_1_A4,

                                               boolean p_A3 := pc_MultimediaTelephonyService,    /* @sic R5s130510 additional change 1: tsc_IMS_MTSI replaced by pc_MultimediaTelephonyService sic@ */

                                               boolean p_A8 := pc_IMS_Geolocation,

                                               boolean p_A9 := false,

                                               boolean p_A11 := false)

    runs on IMS_PTC return template (present) MessageHeader

  { /* p_A3:          MTSI
    :

    :
    var OptionTag_List v_OptionTag_List := tsc_OptionTagList_100rel & p_AdditionalOptionTagsForSupported;

    if (p_Context == A_2_1_A6) {  // INVITE for creating an emergency session in case of no registration

      // Via, Route, Contact: ports to be used

      v_Port_us := ?;

      v_Port_ps := tsc_IMS_PortNumber_5060;

      // From: Display

      v_Displayname := cr_QuotedStringOrToken("Anonymous");     /* @sic R5s140005, R5-140901 sic@ */

    }

    else {

      // Via, Route, Contact: ports to be used

      if (not v_IsGiba or (p_Context == A_2_1_A7)) {

        v_Protected := f_IMS_PTC_Security_GetProtectedPorts();

        v_Port_us := v_Protected.Port_us;

        v_Port_ps := v_Protected.Port_ps;

      }

    }

    if (p_Context == A_2_1_A5)  {                  /* re-invite @sic R5s140017 MCC160 implementation sic@ */

      v_RouteBodyList := fl_RouteSet_RouteBodyList_RX();

      v_CallId := f_IMS_PTC_ImsInfo_DialogGetCallId();

      v_From := f_IMS_RequestInDialog_FromHeaderRX();

      v_To := f_IMS_RequestInDialog_ToHeaderRX();

      // Anritsu_13436 - UE initiated transaction
      // v_CSeqValue := f_IMS_PTC_ImsInfo_CseqIncr(dialogRemote);

      v_CSeqValue := ?;
      v_SessionId := f_IMS_PTC_ImsInfo_DialogGetSessionId();

    }
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