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	Reason for change:
	In IMS test case 15.21a, the UE can start either or both of the original calls to the two remote UEs by using TEL URI(s) to address those UEs. Core specification TS 24.147, section 5.3.1.5.3 specifies the following for this scenario: 
“If the user involved in the active session is identified by a tel URI, the UE shall convert the tel URI to an SIP URI as described in RFC 3261 [7] before including the Replaces header field.” 
This scenario is not supported in current TTCN, leading to failure. So, we need to research how to solve this. 


	
	

	Summary of change:
	Current TTCN code takes the Callee URI from input argument v_ReferToUri and feeds it into f_IMS_ReferRequest_MessageHeaderRX in order to build the expected message header. This CR now first transforms this URI, in case it is a TEL URI, from a TEL URI to a SIP URI. Then it takes the transformed URI and uses it to populate the expected message header. 
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	Other comments:
	


Change 1 –  a_IMS_REFER_ReceiveRequest
	Function name
	a_IMS_REFER_ReceiveRequest

	Reason for change
	In IMS test case 15.21a, the UE can start either or both of the original calls to the two remote UEs by using TEL URI(s) to address those UEs. Core specification TS 24.147, section 5.3.1.5.3 specifies the following for this scenario: 
“If the user involved in the active session is identified by a tel URI, the UE shall convert the tel URI to an SIP URI as described in RFC 3261 [7] before including the Replaces header field.” 
This scenario is not supported in current TTCN, leading to failure. So, we need to research how to solve this.
RFC 3261, section 19.1.6, then states the following about such URI conversion: 
“When a tel URL (RFC 2806 [9]) is converted to a SIP or SIPS URI, the entire telephone-subscriber portion of the tel URL, including any arameters, is placed into the userinfo part of the SIP or SIPS URI.”
Note that this conversion does not state anything about the other parts of the URI being constructed, i.e., there are no requirements on neither host, port, URI parameters nor headers.

	Summary of change
	Current TTCN code takes the Callee URI from input argument v_ReferToUri and feeds it into f_IMS_ReferRequest_MessageHeaderRX in order to build the expected message header. This CR now first transforms this URI, in case it is a TEL URI, from a TEL URI to a SIP URI. Then it takes the transformed URI and uses it to populate the expected message header.
Note: it is observed that the CalleeUri is fed into a_IMS_REFER_ReceiveRequest. It should be checked if CalleeContactUri would not be the appropriate value. This would be logical because after reception of 183 Session Progress during initial call setup, the contact information is being used for ensuing requests like e.g. UPDATE. However, TS 34.229-1, C.19, Step 1, only refers to “SIP URI of the user invited to the conference”, without being specific.    

	TTCN module
	IMS/15/IMS_CC_SSConferencingTestcases 

	MCC160 Comment
	


Before change

  altstep a_IMS_REFER_ReceiveRequest(out IMS_DATA_REQ p_IMS_REFER_REQ,

                                     charstring p_RequestUriString,

                                     charstring p_ReferToUriString,

                                     template (omit) IMS_PTC_DialogIndex_Type p_ActiveSessionToBeReplaced,

                                     template (present) integer p_CSeqValue := ?,

                                     boolean p_ReferCreatingDialog := false) runs on IMS_PTC

  { /* @sic R5s141343 change 3.1: p_ReferCreatingDialog := false sic@ */

    /* @sic R5-153765: new parameter p_ActiveSessionToBeReplaced sic@

     * @sic R5s150909: p_ActiveSessionToBeReplaced changed to "template (omit) IMS_PTC_DialogIndex_Type" sic@

     * NOTE: ispresent(p_ActiveSessionToBeReplaced) => there is an active session between the UE and a remote user which shall be replaced (e.g. Three way session creation; 15.121a);

     *                                                 (the remote user is referenced by p_ReferToUriString)

     *       p_ActiveSessionToBeReplaced==omit      => there is no active session with the remote user but the REFER is just ot invite the remote user */

    var IMS_DATA_REQ v_IMS_REFER_REQ;

    var template (present) SipUrl v_RequestUriRefer := f_SIP_BuildSipUri_RX(p_RequestUriString);

    var template AmpersandParam_List v_Headers := *;   /* @sic R5-151798: SIP URI may contain a "Replaces" header referring to the dialog ID which has been established before sic@ */

    var template (present) SipUrl v_ReferToUri := f_SIP_BuildSipUri_RX(p_ReferToUriString, -, -, v_Headers);  /* @sic R5s150382 change 3 sic@ */

    var template (present) MessageHeader v_MessageHeader_Refer := f_IMS_ReferRequest_MessageHeaderRX(v_RequestUriRefer, v_ReferToUri, p_ReferCreatingDialog, p_CSeqValue);

    var template (omit) GenericParam v_Replaces;

    var template (value) CallId v_CallId;

    var charstring v_FromTag;

    var charstring v_ToTag;

    var CharStringList_Type v_ReceivedDialogId;

    var template (present) CharStringList_Type v_ExpectedDialogId;

    var integer v_CSeqValue;

    [] IMS_Server.receive(car_IMS_Refer_Request(cr_REFER_Request(v_RequestUriRefer, v_MessageHeader_Refer))) -> value v_IMS_REFER_REQ

      {

        f_IMS_A_2_10_Refer_CommonChecks(v_IMS_REFER_REQ, p_ReferCreatingDialog);

        if (not isvalue(p_CSeqValue)) {       /* when there are multiple REFERs in parallel, we cannot determine CSeq in advance */

          v_CSeqValue := f_IMS_PTC_ImsInfo_CseqIncr(dialogRemote);                      /* => get next CSeq value; CSeq gets incremented for the remote (UE) side of the current dialog */

          f_IMS_MessageHeader_CheckCSeq(v_IMS_REFER_REQ.Request.Refer.msgHeader, v_CSeqValue);   /* @sic R5-151954 sic@ */

        }

        // check whether header portion of the SIP URI includes Replaces header if an active session exists @sic R5-153765 sic@

        v_Replaces := f_SIP_AmpersandParamList_GetParam(v_IMS_REFER_REQ.Request.Refer.msgHeader.referTo.nameAddr.addrSpec.headers, "Replaces");

        if (ispresent(p_ActiveSessionToBeReplaced)) {   /* @sic R5-153765, R5s150909 sic@ */

          if (ispresent(v_Replaces)) {

            v_CallId   := f_IMS_PTC_ImsInfo_DialogGetCallId(p_ActiveSessionToBeReplaced);

            v_FromTag  := valueof(f_IMS_PTC_ImsInfo_DialogGetRemoteTag(p_ActiveSessionToBeReplaced));   // @sic R5s150909 sic@

            v_ToTag    := valueof(f_IMS_PTC_ImsInfo_DialogGetLocalTag(p_ActiveSessionToBeReplaced));    // @sic R5s150909 sic@

            v_ExpectedDialogId := {

              v_CallId.callid,

              permutation("to-tag=" & v_ToTag, "from-tag=" & v_FromTag, *)

            };

            v_ReceivedDialogId := f_StringSplit(f_URL_Decoding(valueof(v_Replaces.paramValue.tokenOrHost)), {";"}); // see RFC 3891 6.1

            if (not match(v_ReceivedDialogId, v_ExpectedDialogId)) {

              f_IMS_SetVerdictFailOrInconc(__FILE__, __LINE__, "Invalid dialog id in Replaces header of Refer-To's SipUri");

            }

          } else {

            f_IMS_SetVerdictFailOrInconc(__FILE__, __LINE__, "Refer-To does not include Replaces header even though there an active session");

          }

        } else {

          if (ispresent(v_Replaces)) {

            f_IMS_SetVerdictFailOrInconc(__FILE__, __LINE__, "Refer-To includes Replaces header even though there no active session");

          }

        }

        p_IMS_REFER_REQ := v_IMS_REFER_REQ;  // return message by ref

      }

  }      
After change

  altstep a_IMS_REFER_ReceiveRequest(out IMS_DATA_REQ p_IMS_REFER_REQ,

                                     charstring p_RequestUriString,

                                     charstring p_ReferToUriString,

                                     template (omit) IMS_PTC_DialogIndex_Type p_ActiveSessionToBeReplaced,

                                     template (present) integer p_CSeqValue := ?,

                                     boolean p_ReferCreatingDialog := false) runs on IMS_PTC

  { /* @sic R5s141343 change 3.1: p_ReferCreatingDialog := false sic@ */

    /* @sic R5-153765: new parameter p_ActiveSessionToBeReplaced sic@

     * @sic R5s150909: p_ActiveSessionToBeReplaced changed to "template (omit) IMS_PTC_DialogIndex_Type" sic@

     * NOTE: ispresent(p_ActiveSessionToBeReplaced) => there is an active session between the UE and a remote user which shall be replaced (e.g. Three way session creation; 15.121a);

     *                                                 (the remote user is referenced by p_ReferToUriString)

     *       p_ActiveSessionToBeReplaced==omit      => there is no active session with the remote user but the REFER is just ot invite the remote user */

    var IMS_DATA_REQ v_IMS_REFER_REQ;

    var template (present) SipUrl v_RequestUriRefer := f_SIP_BuildSipUri_RX(p_RequestUriString);

    var template AmpersandParam_List v_Headers := *;   /* @sic R5-151798: SIP URI may contain a "Replaces" header referring to the dialog ID which has been established before sic@ */

    var template (present) SipUrl v_ReferToUri := f_SIP_BuildSipUri_RX(p_ReferToUriString, -, -, v_Headers);  /* @sic R5s150382 change 3 sic@ */

    var template (present) SipUrl v_ReferToUriSip := f_TelUri_to_SipUri_RX(v_ReferToUri);
    var template (present) MessageHeader v_MessageHeader_Refer := f_IMS_ReferRequest_MessageHeaderRX(v_RequestUriRefer, v_ReferToUriSip, p_ReferCreatingDialog, p_CSeqValue);

    var template (omit) GenericParam v_Replaces;

    var template (value) CallId v_CallId;

    var charstring v_FromTag;

    var charstring v_ToTag;

    var CharStringList_Type v_ReceivedDialogId;

    var template (present) CharStringList_Type v_ExpectedDialogId;

    var integer v_CSeqValue;

    [] IMS_Server.receive(car_IMS_Refer_Request(cr_REFER_Request(v_RequestUriRefer, v_MessageHeader_Refer))) -> value v_IMS_REFER_REQ

      {

        f_IMS_A_2_10_Refer_CommonChecks(v_IMS_REFER_REQ, p_ReferCreatingDialog);

        if (not isvalue(p_CSeqValue)) {       /* when there are multiple REFERs in parallel, we cannot determine CSeq in advance */

          v_CSeqValue := f_IMS_PTC_ImsInfo_CseqIncr(dialogRemote);                      /* => get next CSeq value; CSeq gets incremented for the remote (UE) side of the current dialog */

          f_IMS_MessageHeader_CheckCSeq(v_IMS_REFER_REQ.Request.Refer.msgHeader, v_CSeqValue);   /* @sic R5-151954 sic@ */

        }

        // check whether header portion of the SIP URI includes Replaces header if an active session exists @sic R5-153765 sic@

        v_Replaces := f_SIP_AmpersandParamList_GetParam(v_IMS_REFER_REQ.Request.Refer.msgHeader.referTo.nameAddr.addrSpec.headers, "Replaces");

        if (ispresent(p_ActiveSessionToBeReplaced)) {   /* @sic R5-153765, R5s150909 sic@ */

          if (ispresent(v_Replaces)) {

            v_CallId   := f_IMS_PTC_ImsInfo_DialogGetCallId(p_ActiveSessionToBeReplaced);

            v_FromTag  := valueof(f_IMS_PTC_ImsInfo_DialogGetRemoteTag(p_ActiveSessionToBeReplaced));   // @sic R5s150909 sic@

            v_ToTag    := valueof(f_IMS_PTC_ImsInfo_DialogGetLocalTag(p_ActiveSessionToBeReplaced));    // @sic R5s150909 sic@

            v_ExpectedDialogId := {

              v_CallId.callid,

              permutation("to-tag=" & v_ToTag, "from-tag=" & v_FromTag, *)

            };

            v_ReceivedDialogId := f_StringSplit(f_URL_Decoding(valueof(v_Replaces.paramValue.tokenOrHost)), {";"}); // see RFC 3891 6.1

            if (not match(v_ReceivedDialogId, v_ExpectedDialogId)) {

              f_IMS_SetVerdictFailOrInconc(__FILE__, __LINE__, "Invalid dialog id in Replaces header of Refer-To's SipUri");

            }

          } else {

            f_IMS_SetVerdictFailOrInconc(__FILE__, __LINE__, "Refer-To does not include Replaces header even though there an active session");

          }

        } else {

          if (ispresent(v_Replaces)) {

            f_IMS_SetVerdictFailOrInconc(__FILE__, __LINE__, "Refer-To includes Replaces header even though there no active session");

          }

        }

        p_IMS_REFER_REQ := v_IMS_REFER_REQ;  // return message by ref

      }

  }     
Change 2 –  f_TelUri_to_SipUri_RX
	Function name
	f_TelUri_to_SipUri_RX (new function)

	Reason for change
	We need a function doing the required URI transformation  

	Summary of change
	The newly proposed function transforms a TEL URI into a SIP URI but changing the scheme and otherwise uses wildcards to allow any input. It might be worthwhile to discuss a refinement such that the userinfo part of the components part of the SIP URI corresponds to the subscriber portion of the TEL URI. However this might trigger failures later on when UEs use the liberties described in RFC 3261, section 19.1.6:

To mitigate this problem, elements constructing telephone-subscriber fields to place in the userinfo part of a SIP or SIPS URI SHOULD fold any case-insensitive portion of telephone-subscriber to lower case, and order the telephone-subscriber parameters lexically by parameter name
As it is not entirely clear if UEs actually are mandated to apply the above, there could be many variations on how the userinfo part of the constructed SIP URI will look like. Therefore, a wildcard approach seems safer.

	TTCN module
	IMS/15/IMS_CC_SSConferencingTestcases 

	MCC160 Comment
	


Before change

n/a      
After change

  function f_TelUri_to_SipUri_RX(SipUrl p_URI) return template (present) SipUrl

  {

    var template (present) SipUrl v_SipUrl := p_URI;

    //transform the TEL URI into a SIP URI now

    if (v_SipUrl.scheme == "tel") {

      v_SipUrl.scheme := "sip";

      v_SipUrl.components := *; //take everything from tel uri and put it into the userinfo part of components  

      v_SipUrl.urlParameters := *;

      v_SipUrl.headers := *;  

    }

    return v_SipUrl;

  }     
