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Change 1 
	Function name
	f_IMS_InviteResponse_180_MessageHeaderTX   

	Reason for change
	For DL, move audio feature parameter from Feature-Caps to Contact header  

	Summary of change
	Added resp renamed template variables such that we have two variables now, one for Contact header and one for Feature-Caps header. Contact header takes audio (unconditional), and Feature-Caps header takes alterting (when PICS set and when this is a voice call).  

	TTCN module
	Common/IMS/IMS_Procedures_CallControl.ttcn 

	MCC160 Comment
	


Before change

  function f_IMS_InviteResponse_180_MessageHeaderTX(INVITE_Request p_InviteRequest,

                                                    charstring p_ContactUri := px_IMS_CalleeContactUri,

                                                    boolean p_PrackRequested := true,

                                                    IMS_CallType_Type p_CallType := NORMAL_CALL,

                                                    boolean p_SrvccAlertingSupported := pc_IMS_SRVCCAlert) runs on IMS_PTC return template (value) MessageHeader

  { // p_PrackRequested  ..  condition A3; needs to be true when the 180 response shall be acknowleged with a PRACK i.e. is "sent reliably" acc. to A.2.6 A3

    // p_SrvccAlertingSupported  .. if voice call => condition A6; needs to be set to false for non-voice calls

    /* @sic R5s130333 change 2: new parameter p_PrackRequested sic@ */

    /* @sic R5s130756 additional changes: p_IsGIBA removed sic@ */

    /* @sic R5s140370 change 6: new parameter p_SrvccAlertingSupported sic@ */

    /* @sic R5s150692 change 11: parameter p_CallType sic@ */

    var MessageHeader v_MessageHeader_Invite := p_InviteRequest.msgHeader;

    var template (value) MessageHeader v_MessageHeader_Response := cs_MessageHeader_Dummy;

    var template (value) RouteBody_List v_RouteBodyList := f_IMS_RouteSet_MO_Call_TX(p_CallType); /* @sic R5s150692 change 11 sic@ */

    var template (value) SemicolonParam_List v_FeatureParams := {};
    v_MessageHeader_Response.recordRoute     := cs_RecordRoute(v_RouteBodyList);

    v_MessageHeader_Response.via             := v_MessageHeader_Invite.via;

    v_MessageHeader_Response.fromField       := v_MessageHeader_Invite.fromField;

    v_MessageHeader_Response.toField         := f_IMS_Response_ToHeaderTX(v_MessageHeader_Invite); /* @sic R5-131897, R5-132063 - generic handling of to-tags sic@ */

    v_MessageHeader_Response.contact         := cs_Contact(f_SIP_BuildSipUri_TX(p_ContactUri)); // @sic R5s130109 sic@

    v_MessageHeader_Response.callId          := v_MessageHeader_Invite.callId;

    v_MessageHeader_Response.sessionId       := v_MessageHeader_Invite.sessionId;   /* @sic R5s130195 BASELINE MOVING 2013 - SessionId sic@ */

    v_MessageHeader_Response.cSeq            := v_MessageHeader_Invite.cSeq;

    if (p_PrackRequested) {     // Condition A3 @sic R5s130333 change 2 sic@

      v_MessageHeader_Response.require       := cs_Require(tsc_OptionTagList_100rel);            /* -> reliable provisional responses acc. RFC 3262 */

      v_MessageHeader_Response.rSeq          := cs_RSeq(tsc_IMS_RSeqNumFor183 + 1);

    }

    select (p_CallType) {

      case (REGULAR_EMERGENCY, ASSERTED_EMERGENCY) { // Condition A4 @sic R5s150692 change 11 sic@

        v_MessageHeader_Response.pAssertedID := cs_PAssertedId(f_SIP_BuildSipUri_lr_TX(tsc_IMS_Emergency_TelUri));

      }

    }

    if (p_SrvccAlertingSupported) {

      v_FeatureParams := f_SemicolonParam_List_Add_TX(v_FeatureParams, cs_GenericParam(tsc_IMS_FeatureCap_SrvccAlerting)); // @sic R5-145796 sic@

    }

    v_FeatureParams := f_SemicolonParam_List_Add_TX(v_FeatureParams, cs_GenericParam("audio"));                            // @sic R5-165943 sic@

    v_MessageHeader_Response.featureCaps   := cs_FeatureCaps(v_FeatureParams);

    return v_MessageHeader_Response;

  }
After change

  function f_IMS_InviteResponse_180_MessageHeaderTX(INVITE_Request p_InviteRequest,

                                                    charstring p_ContactUri := px_IMS_CalleeContactUri,

                                                    boolean p_PrackRequested := true,

                                                    IMS_CallType_Type p_CallType := NORMAL_CALL,

                                                    boolean p_SrvccAlertingSupported := pc_IMS_SRVCCAlert) runs on IMS_PTC return template (value) MessageHeader

  { // p_PrackRequested  ..  condition A3; needs to be true when the 180 response shall be acknowleged with a PRACK i.e. is "sent reliably" acc. to A.2.6 A3

    // p_SrvccAlertingSupported  .. if voice call => condition A6; needs to be set to false for non-voice calls

    /* @sic R5s130333 change 2: new parameter p_PrackRequested sic@ */

    /* @sic R5s130756 additional changes: p_IsGIBA removed sic@ */

    /* @sic R5s140370 change 6: new parameter p_SrvccAlertingSupported sic@ */

    /* @sic R5s150692 change 11: parameter p_CallType sic@ */

    var MessageHeader v_MessageHeader_Invite := p_InviteRequest.msgHeader;

    var template (value) MessageHeader v_MessageHeader_Response := cs_MessageHeader_Dummy;

    var template (value) RouteBody_List v_RouteBodyList := f_IMS_RouteSet_MO_Call_TX(p_CallType); /* @sic R5s150692 change 11 sic@ */

    var template (value) SemicolonParam_List v_FeatureParamsContact := {cr_FeatureParam_Audio};

    var template (value) SemicolonParam_List v_FeatureParamsFeatureCaps := {};

    if (p_SrvccAlertingSupported) { 

      v_FeatureParamsFeatureCaps := f_SemicolonParam_List_Add_TX(v_FeatureParamsFeatureCaps, cs_GenericParam(tsc_IMS_FeatureCap_SrvccAlerting)); // @sic R5-145796 sic@

    }
    v_MessageHeader_Response.recordRoute     := cs_RecordRoute(v_RouteBodyList);

    v_MessageHeader_Response.via             := v_MessageHeader_Invite.via;

    v_MessageHeader_Response.fromField       := v_MessageHeader_Invite.fromField;

    v_MessageHeader_Response.toField         := f_IMS_Response_ToHeaderTX(v_MessageHeader_Invite); /* @sic R5-131897, R5-132063 - generic handling of to-tags sic@ */

    v_MessageHeader_Response.contact         := cs_Contact(f_SIP_BuildSipUri_TX(p_ContactUri), v_FeatureParamsContact); // @sic R5s130109 sic@

    v_MessageHeader_Response.callId          := v_MessageHeader_Invite.callId;

    v_MessageHeader_Response.sessionId       := v_MessageHeader_Invite.sessionId;   /* @sic R5s130195 BASELINE MOVING 2013 - SessionId sic@ */

    v_MessageHeader_Response.cSeq            := v_MessageHeader_Invite.cSeq;

    if (p_PrackRequested) {     // Condition A3 @sic R5s130333 change 2 sic@

      v_MessageHeader_Response.require       := cs_Require(tsc_OptionTagList_100rel);            /* -> reliable provisional responses acc. RFC 3262 */

      v_MessageHeader_Response.rSeq          := cs_RSeq(tsc_IMS_RSeqNumFor183 + 1);

    }

    select (p_CallType) {

      case (REGULAR_EMERGENCY, ASSERTED_EMERGENCY) { // Condition A4 @sic R5s150692 change 11 sic@

        v_MessageHeader_Response.pAssertedID := cs_PAssertedId(f_SIP_BuildSipUri_lr_TX(tsc_IMS_Emergency_TelUri));

      }

    }
    //removed if (p_SrvccAlertingSupported) {

    //removed  v_FeatureParams := f_SemicolonParam_List_Add_TX(v_FeatureParams, cs_GenericParam(tsc_IMS_FeatureCap_SrvccAlerting)); // @sic R5-145796 sic@

    //removed }

    //removed v_FeatureParams := f_SemicolonParam_List_Add_TX(v_FeatureParams, cs_GenericParam("audio"));  
    v_MessageHeader_Response.featureCaps   := cs_FeatureCaps(v_FeatureParamsFeatureCaps);
    return v_MessageHeader_Response;

  }
Change 2 
	Function name
	f_IMS_InviteResponse_180_MessageHeaderRX   

	Reason for change
	For UL, move audio from Feature-Caps to Contact header.



	Summary of change
	Removed the Feature-Caps header entirely, and added audio (unconditional) and added alerting (conditional on PICS setting – as there are only voice call scenarios for MT scenarios).

Note 1: the naming of constant tsc_IMS_FeatureCap_SrvccAlerting is not quite appropriate. It should be more neutral.

Note 2: It is not clear why existing code lists 3gpp-icsi-ref feature tag in Contact.  

	TTCN module
	Common/IMS/IMS_Procedures_CallControl.ttcn 

	MCC160 Comment
	


Before change

  function f_IMS_InviteResponse_180_MessageHeaderRX(template (value) INVITE_Request p_InviteRequest,

                                                    IMS_CallType_Type p_CallType := NORMAL_CALL,

                                                    template ContentType p_ContentType := *) runs on IMS_PTC return template (present) MessageHeader

  { /* @sic R5s130756 additional changes: p_IsGIBA removed sic@ */

    /* @sic R5-140975: new parameters p_ContentType, p_ContentLength to ensure that the content type is omit in case of C.11 sic@ */

    /* @sic R5s150692 change 22: parameter p_CallType sic@ */

    /* @sic R5-169122: p_ContentLength removed as contentLength is checked in a_IMS_ReceiveResponse sic@ */

    var template (value) MessageHeader v_MessageHeader_Invite := p_InviteRequest.msgHeader;

    var template (present) MessageHeader v_MessageHeader_Response := cr_MessageHeader_Dummy;

    var integer v_Port_us := f_IMS_PTC_GetPort_us();

    var template (present) SemicolonParam_List v_MandatoryParamList;

    v_MessageHeader_Response.recordRoute     := f_IMS_RecordRoute_AsInInvite_RX(v_MessageHeader_Invite.recordRoute);                   /* @sic R5s130510 change 9 sic@

                                                                                                                                          @sic R5s150039 change 2 sic@ */

    v_MessageHeader_Response.via             := f_Via_ResponseRX(v_MessageHeader_Invite.via);         /* @sic R5s140350 sic@ */

    v_MessageHeader_Response.fromField       := f_IMS_Response_FromHeaderRX(v_MessageHeader_Invite);  /* @sic R5s130453 sic@ */

    v_MessageHeader_Response.toField         := f_IMS_Response_ToHeaderRX(v_MessageHeader_Invite);    /* @sic R5s130453 sic@ */

    v_MessageHeader_Response.contact         := cr_Contact(f_Contact_SipUri_HostPortRX(?, v_Port_us), cr_FeatureParamList_3gpp_icsi_ref);  /* host address needs to be checked after receiving

                                                                                                                                              @sic R5s150721, R5-153760: cr_SipUri_HostPort replaced by f_Contact_SipUri_HostPortRX sic@ */

    v_MessageHeader_Response.callId          := v_MessageHeader_Invite.callId;

    v_MessageHeader_Response.sessionId       := v_MessageHeader_Invite.sessionId;   /* @sic R5s130195 BASELINE MOVING 2013 - SessionId sic@ */

    v_MessageHeader_Response.cSeq            := v_MessageHeader_Invite.cSeq;

    v_MessageHeader_Response.contentType     := p_ContentType;                      /* @sic R5-140975 sic@ */

    /* @sic R5-169122: contentLength removed sic@ */

    v_MessageHeader_Response.pAccessNetworkInfo := cr_PAccessNetworkInfo(f_IMS_PTC_GetRanType());    // NOTE: acc. A.2.6 there is no condition regarding GIBA

    if (p_CallType == ASSERTED_EMERGENCY) {    // Condition A4 @sic R5s150692 change 22 sic@

      v_MessageHeader_Response.pAssertedID      := cr_PAssertedId(f_SIP_BuildSipUri_lr_RX(tsc_IMS_Emergency_TelUri));

    }

    v_MandatoryParamList := {cr_FeatureParam_Audio};               // @sic R5-165943, R5-170564 sic@

    v_MessageHeader_Response.featureCaps   := cr_FeatureCaps(v_MandatoryParamList);
    return v_MessageHeader_Response;

  }
After change

       function f_IMS_InviteResponse_180_MessageHeaderRX(template (value) INVITE_Request p_InviteRequest,

                                                    IMS_CallType_Type p_CallType := NORMAL_CALL,

                                                    template ContentType p_ContentType := *) runs on IMS_PTC return template (present) MessageHeader

  { /* @sic R5s130756 additional changes: p_IsGIBA removed sic@ */

    /* @sic R5-140975: new parameters p_ContentType, p_ContentLength to ensure that the content type is omit in case of C.11 sic@ */

    /* @sic R5s150692 change 22: parameter p_CallType sic@ */

    /* @sic R5-169122: p_ContentLength removed as contentLength is checked in a_IMS_ReceiveResponse sic@ */

    var template (value) MessageHeader v_MessageHeader_Invite := p_InviteRequest.msgHeader;

    var template (present) MessageHeader v_MessageHeader_Response := cr_MessageHeader_Dummy;

    var integer v_Port_us := f_IMS_PTC_GetPort_us();

    var template (present) SemicolonParam_List v_MandatoryParamList;

    v_MessageHeader_Response.recordRoute     := f_IMS_RecordRoute_AsInInvite_RX(v_MessageHeader_Invite.recordRoute);                   /* @sic R5s130510 change 9 sic@

                                                                                                                                          @sic R5s150039 change 2 sic@ */

    v_MessageHeader_Response.via             := f_Via_ResponseRX(v_MessageHeader_Invite.via);         /* @sic R5s140350 sic@ */

    v_MessageHeader_Response.fromField       := f_IMS_Response_FromHeaderRX(v_MessageHeader_Invite);  /* @sic R5s130453 sic@ */

    v_MessageHeader_Response.toField         := f_IMS_Response_ToHeaderRX(v_MessageHeader_Invite);    /* @sic R5s130453 sic@ */

    v_MandatoryParamList := { cr_FeatureParam_Audio };

    if (pc_IMS_SRVCCAlert) { 

      v_MandatoryParamList := f_SemicolonParam_List_Add_TX(v_MandatoryParamList, cs_GenericParam(tsc_IMS_FeatureCap_SrvccAlerting)); // @sic R5-145796 sic@

    }

    v_MessageHeader_Response.contact         := cr_Contact(f_Contact_SipUri_HostPortRX(?, v_Port_us), superset(all from v_MandatoryParamList));  /* host address needs to be checked after receiving

                                                                                                                                              @sic R5s150721, R5-153760: cr_SipUri_HostPort replaced by f_Contact_SipUri_HostPortRX sic@ */

    v_MessageHeader_Response.callId          := v_MessageHeader_Invite.callId;

    v_MessageHeader_Response.sessionId       := v_MessageHeader_Invite.sessionId;   /* @sic R5s130195 BASELINE MOVING 2013 - SessionId sic@ */

    v_MessageHeader_Response.cSeq            := v_MessageHeader_Invite.cSeq;

    v_MessageHeader_Response.contentType     := p_ContentType;                      /* @sic R5-140975 sic@ */

    /* @sic R5-169122: contentLength removed sic@ */

    v_MessageHeader_Response.pAccessNetworkInfo := cr_PAccessNetworkInfo(f_IMS_PTC_GetRanType());    // NOTE: acc. A.2.6 there is no condition regarding GIBA

    if (p_CallType == ASSERTED_EMERGENCY) {    // Condition A4 @sic R5s150692 change 22 sic@

      v_MessageHeader_Response.pAssertedID      := cr_PAssertedId(f_SIP_BuildSipUri_lr_RX(tsc_IMS_Emergency_TelUri));

    }

    //removed v_MandatoryParamList := {cr_FeatureParam_Audio};               // @sic R5-165943, R5-170564 sic@

    //removed v_MessageHeader_Response.featureCaps   := cr_FeatureCaps(v_MandatoryParamList);    
    return v_MessageHeader_Response;

  }
Change 3 
	Function name
	f_IMS_MTCallSetup_Common_Steps7_11   

	Reason for change
	Focus checking of the two affected headers in f_IMS_InviteResponse_180_MessageHeaderRX  

	Summary of change
	Removed check for alerting feature parameter from after reception checks.  

Note: it is not clear why such checks are located there in cases when they can be put into the receive template built in f_IMS_InviteResponse_180_MessageHeaderRX. 

	TTCN module
	Common/IMS/IMS_Procedures_CallControl.ttcn 

	MCC160 Comment
	


Before change

  function f_IMS_MTCallSetup_Common_Steps7_11(template (value) INVITE_Request p_InviteRequest,

                                              template (value) SDP_Message p_SDP_MessageStep7,

                                              template (present) SDP_Message p_SDP_MessageStep8,

                                              InternetProtocol_Type p_ProtocolUsedForInvite,

                                              boolean p_SrvccAlerting := false,

                                              float p_WaitDuration_Ringing := 5.0) runs on IMS_PTC return template (omit) MessageHeader

  { /* @sic R5-140975: p_MessageBodyRinging removed as it is never used i.e. always omit sic@ */

    /* @sic R5s140385 change 8: new parameter p_SrvccAlerting sic@ */

    /* @sic R5-169122: v_ContentLengthRinging removed as contentLength is checked in a_IMS_ReceiveResponse sic@ */

    var IMS_DATA_RSP v_IMS_DATA_RSP;

    var template (value) MessageHeader v_MessageHeader_Update;

    var MessageHeader v_MessageHeader_Ringing;

    var InternetProtocol_Type v_ProtocolForUpdate := f_IMS_PTC_ImsInfo_GetTransportProtocol();

    var SipUrl v_ContactUrl := f_IMS_PTC_ImsInfo_GetContactUrl(dialog);       /* @sic R5s150908 change 4: dialog sic@ */

    var boolean v_WaitingFor180 := true;

    var boolean v_WaitingFor200 := true;

    var template ContentType v_ContentTypeRinging := omit;                                /* @sic R5-140975 sic@ */

    var template MessageBody v_MessageBodyRinging := omit;                                /* @sic R5-140975 sic@ */

    var SemicolonParam_List v_ContactParams := {};

    timer t_Timer := p_WaitDuration_Ringing;

    // Step 7: Send UPDATE

    v_MessageHeader_Update := f_IMS_UpdateRequest_MessageHeaderTX(p_InviteRequest, PreconditionRequired);  /* @sic R5-160790, R5-162930: PreconditionRequired (Require header in C.11, C.26) sic@ */

    IMS_Client.send(cas_IMS_Update_Request(cs_IMS_RoutingInfo(v_ProtocolForUpdate), cs_UPDATE_Request(v_ContactUrl, v_MessageHeader_Update, cs_MessageBody_SDP(p_SDP_MessageStep7))));

    t_Timer.start; // @sic R5-125772 sic@ Have introduced the timer to accommodate optional messages that may not arrive

    while (v_WaitingFor180 or v_WaitingFor200) {

      alt {

        // Step 8. Receive 200 OK. The UE acknowledges the UPDATE with 200 OK and includes SDP answer to acknowledge its current precondition status.

        [v_WaitingFor200] a_IMS_ReceiveResponse(v_MessageHeader_Update,

                                                v_ProtocolForUpdate,

                                                cr_Response(c_statusLine200,

                                                            f_IMS_OtherResponse_200_MessageHeaderRX(v_MessageHeader_Update, cr_ContentTypeSDP), /* @sic R5s130685 change 4 sic@ @sic R5-160790, R5-162930, R5-162930 sic@ */

                                                            cr_MessageBody_SDP),

                                                v_IMS_DATA_RSP)                     /* @sic R5s140350: v_IMS_DATA_RSP is 'out' parameter sic@ */

          {

            // check at least one connections field sent

            f_IMS_SIP_SdpMessageBody_DecodeMatchAndCheckSDP(v_IMS_DATA_RSP.Response.messageBody, p_SDP_MessageStep8);  // @sic R5w140112 sic@

            v_WaitingFor200 := false;

          }

        [v_WaitingFor180] a_IMS_ReceiveResponse(p_InviteRequest.msgHeader,

                                                p_ProtocolUsedForInvite,

                                                cr_Response(c_statusLine180,

                                                            f_IMS_InviteResponse_180_MessageHeaderRX(p_InviteRequest, -, v_ContentTypeRinging),

                                                            v_MessageBodyRinging),

                                                v_IMS_DATA_RSP)                     /* @sic R5s140350: v_IMS_DATA_RSP is 'out' parameter sic@ */

          {

            t_Timer.stop;

            v_MessageHeader_Ringing := v_IMS_DATA_RSP.Response.msgHeader;

            v_WaitingFor180 := false;

          }

        [] t_Timer.timeout

          {

            v_WaitingFor180 := false;

          }

      }

    }

    if (isbound(v_MessageHeader_Ringing)) {

      f_IMS_MessageHeader_Response_CheckRecordRoute (v_MessageHeader_Ringing);   /* @sic R5s150039 Change 5 sic@ */

      f_IMS_MessageHeader_CheckContactAddr(v_MessageHeader_Ringing);      // check whether contact contains "SIP URI with IP address or FQDN" (see @sic R5s120727 sic@)

      if (p_SrvccAlerting) { /* @sic R5s140385 change 8 sic@ */

        v_ContactParams := v_MessageHeader_Ringing.contact.contactBody.contactAddresses[0].contactParams;

        if (not match(v_ContactParams, cr_SemicolonParam_List_OneSpecificParamNoValue(tsc_IMS_FeatureCap_SrvccAlerting))) { /* @sic R5s140385 change 8 sic@ */

          f_IMS_SetVerdictFailOrInconc(__FILE__, __LINE__, "A.2.6 condition A5: Missing feature-param");

        }

      }
      if (f_MessageHeader_CheckRequire(v_MessageHeader_Ringing, c_tag100rel)) {

        // Step 10 - 11. Send PRACK, Receive 200 OK if the 180 response contains 100rel option tag within the Require header

        f_IMS_MTCallSetup_SendPRACK_ReceiveOK(p_InviteRequest, v_MessageHeader_Ringing);

      }

      return v_MessageHeader_Ringing;

    }

    return omit;

  }      
After change

  function f_IMS_MTCallSetup_Common_Steps7_11(template (value) INVITE_Request p_InviteRequest,

                                              template (value) SDP_Message p_SDP_MessageStep7,

                                              template (present) SDP_Message p_SDP_MessageStep8,

                                              InternetProtocol_Type p_ProtocolUsedForInvite,

                                              boolean p_SrvccAlerting := false,

                                              float p_WaitDuration_Ringing := 5.0) runs on IMS_PTC return template (omit) MessageHeader

  { /* @sic R5-140975: p_MessageBodyRinging removed as it is never used i.e. always omit sic@ */

    /* @sic R5s140385 change 8: new parameter p_SrvccAlerting sic@ */

    /* @sic R5-169122: v_ContentLengthRinging removed as contentLength is checked in a_IMS_ReceiveResponse sic@ */

    var IMS_DATA_RSP v_IMS_DATA_RSP;

    var template (value) MessageHeader v_MessageHeader_Update;

    var MessageHeader v_MessageHeader_Ringing;

    var InternetProtocol_Type v_ProtocolForUpdate := f_IMS_PTC_ImsInfo_GetTransportProtocol();

    var SipUrl v_ContactUrl := f_IMS_PTC_ImsInfo_GetContactUrl(dialog);       /* @sic R5s150908 change 4: dialog sic@ */

    var boolean v_WaitingFor180 := true;

    var boolean v_WaitingFor200 := true;

    var template ContentType v_ContentTypeRinging := omit;                                /* @sic R5-140975 sic@ */

    var template MessageBody v_MessageBodyRinging := omit;                                /* @sic R5-140975 sic@ */

    var SemicolonParam_List v_ContactParams := {};

    timer t_Timer := p_WaitDuration_Ringing;

    // Step 7: Send UPDATE

    v_MessageHeader_Update := f_IMS_UpdateRequest_MessageHeaderTX(p_InviteRequest, PreconditionRequired);  /* @sic R5-160790, R5-162930: PreconditionRequired (Require header in C.11, C.26) sic@ */

    IMS_Client.send(cas_IMS_Update_Request(cs_IMS_RoutingInfo(v_ProtocolForUpdate), cs_UPDATE_Request(v_ContactUrl, v_MessageHeader_Update, cs_MessageBody_SDP(p_SDP_MessageStep7))));

    t_Timer.start; // @sic R5-125772 sic@ Have introduced the timer to accommodate optional messages that may not arrive

    while (v_WaitingFor180 or v_WaitingFor200) {

      alt {

        // Step 8. Receive 200 OK. The UE acknowledges the UPDATE with 200 OK and includes SDP answer to acknowledge its current precondition status.

        [v_WaitingFor200] a_IMS_ReceiveResponse(v_MessageHeader_Update,

                                                v_ProtocolForUpdate,

                                                cr_Response(c_statusLine200,

                                                            f_IMS_OtherResponse_200_MessageHeaderRX(v_MessageHeader_Update, cr_ContentTypeSDP), /* @sic R5s130685 change 4 sic@ @sic R5-160790, R5-162930, R5-162930 sic@ */

                                                            cr_MessageBody_SDP),

                                                v_IMS_DATA_RSP)                     /* @sic R5s140350: v_IMS_DATA_RSP is 'out' parameter sic@ */

          {

            // check at least one connections field sent

            f_IMS_SIP_SdpMessageBody_DecodeMatchAndCheckSDP(v_IMS_DATA_RSP.Response.messageBody, p_SDP_MessageStep8);  // @sic R5w140112 sic@

            v_WaitingFor200 := false;

          }

        [v_WaitingFor180] a_IMS_ReceiveResponse(p_InviteRequest.msgHeader,

                                                p_ProtocolUsedForInvite,

                                                cr_Response(c_statusLine180,

                                                            f_IMS_InviteResponse_180_MessageHeaderRX(p_InviteRequest, -, v_ContentTypeRinging),

                                                            v_MessageBodyRinging),

                                                v_IMS_DATA_RSP)                     /* @sic R5s140350: v_IMS_DATA_RSP is 'out' parameter sic@ */

          {

            t_Timer.stop;

            v_MessageHeader_Ringing := v_IMS_DATA_RSP.Response.msgHeader;

            v_WaitingFor180 := false;

          }

        [] t_Timer.timeout

          {

            v_WaitingFor180 := false;

          }

      }

    }

    if (isbound(v_MessageHeader_Ringing)) {

      f_IMS_MessageHeader_Response_CheckRecordRoute (v_MessageHeader_Ringing);   /* @sic R5s150039 Change 5 sic@ */

      f_IMS_MessageHeader_CheckContactAddr(v_MessageHeader_Ringing);      // check whether contact contains "SIP URI with IP address or FQDN" (see @sic R5s120727 sic@)

      //REMOVED if (p_SrvccAlerting) { /* @sic R5s140385 change 8 sic@ */

      //REMOVED  v_ContactParams := v_MessageHeader_Ringing.contact.contactBody.contactAddresses[0].contactParams;

      //REMOVED  

      //REMOVED  if (not match(v_ContactParams, cr_SemicolonParam_List_OneSpecificParamNoValue(tsc_IMS_FeatureCap_SrvccAlerting))) { /* @sic R5s140385 change 8 sic@ */

      //REMOVED    f_IMS_SetVerdictFailOrInconc(__FILE__, __LINE__, "A.2.6 condition A5: Missing feature-param");

      //REMOVED }

      //REMOVED }
      if (f_MessageHeader_CheckRequire(v_MessageHeader_Ringing, c_tag100rel)) {

        // Step 10 - 11. Send PRACK, Receive 200 OK if the 180 response contains 100rel option tag within the Require header

        f_IMS_MTCallSetup_SendPRACK_ReceiveOK(p_InviteRequest, v_MessageHeader_Ringing);

      }

      return v_MessageHeader_Ringing;

    }

    return omit;

  }     
