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1 Overview

This document lists all the essencial changes needed to correct problems in the TTCN implementation of test case G.17.1  which is part of the ATS iWD-TTCN3-B2017-06_D17wk51 test suite. 
With these changes applied the test case can be demonstrated to run with one or more UEs (see section 4). Execution log files are provided as evidence. 

Contact:
Hans Rohnert

hans.rohnert@rohde-schwarz.com
1.1 Verification Test Summary

Test Case:
G.17.1
ATS Version:
iWD-TTCN3-B2017-06_D17wk51
System Simulator used:
Rohde & Schwarz CMW500 Multi-RAT Protocol Tester
UE used:
Qualcomm SDM845
Verification Status:
PASS
2 Corrections required

2.1 f_IMS_CC_MO_SpeechCall
	Function name
	f_IMS_CC_MO_SpeechCall

	Reason for change
	f_IMS_MOSpeechAddVideoRemoveVideo calls f_IMS_CC_MO_SpeechCall. Both of these functions call f_IMS_CC_StartCall. In order to not trigger the Upper Tester twice, one of these calls to f_IMS_CC_StartCall has to go, taking into account that the two calls display different actual parameters. 
The call in f_IMS_MOSpeechAddVideoRemoveVideo uses value normalCall_ReturnID for the third parameter when calling f_IMS_CC_StartCall while the other two usages of f_IMS_CC_MO_SpeechCall (which have an embedded call to f_IMS_CC_StartCall) in communication waiting and call answering resp call cancelling scenarios do not have such argument for f_IMS_CC_StartCall. We can preserve this distinction by moving the call to f_IMS_CC_StartCall out of  f_IMS_CC_MO_SpeechCall, and add such call then where it is needed.

Note: independent of this change, it should also be investigated why test case 17.1 and its two variants in appendices G and H are the only ones using such third argument while the many other MO call initiations do not have such third argument of f_IMS_CC_StartCall.

	Summary of change
	In order to preserve the special nature of the call to f_IMS_CC_StartCall for test case 17.1 and variants, removed the call to f_IMS_CC_StartCall from f_IMS_CC_MO_SpeechCall.

	TTCN module
	IMS_CC_CommonFunctions.ttcn

	MCC160 Comment
	


Before change
  function f_IMS_CC_MO_SpeechCall(IMS_SDP_AudioCodecList_Type p_AudioCodecList := tsc_IMS_SDP_AudioCodecList_WBAMR_AMR,

                                  template (omit) IMS_SDP_AudioCodec_Type p_AudioCodecToBeSelected := omit,

                                  boolean p_PreconditionsRequired := true) runs on IMS_PTC return INVITE_Request

  {

    var INVITE_Request v_InviteRequest;

    var IMS_SDP_AudioCodec_Type v_AudioCodecToBeSelected;

    var boolean v_IsWLAN := f_IMS_PTC_RanTypeIsWLAN();

    var boolean v_IsFBBA := f_IMS_PTC_RanTypeIsFBBA();
    f_IMS_CC_StartCall(IPCAN_MO_SpeechCall);
    if (v_IsWLAN or (v_IsFBBA and not p_PreconditionsRequired)) {

      v_InviteRequest := f_IMS_MOCallSetup_AnnexC21aC21cC25aC25b(IPCAN_MO_SpeechCall, p_AudioCodecList, p_PreconditionsRequired);

    }

    else {

      if (ispresent(p_AudioCodecToBeSelected)) {

        v_AudioCodecToBeSelected := valueof(p_AudioCodecToBeSelected);

      } else {

        v_AudioCodecToBeSelected := p_AudioCodecList[0];

      }

      v_InviteRequest := f_IMS_MOCallSetup_AnnexC21C21b(p_AudioCodecList, v_AudioCodecToBeSelected);

    }

    return v_InviteRequest;

  }  
After change
  function f_IMS_CC_MO_SpeechCall(IMS_SDP_AudioCodecList_Type p_AudioCodecList := tsc_IMS_SDP_AudioCodecList_WBAMR_AMR,

                                  template (omit) IMS_SDP_AudioCodec_Type p_AudioCodecToBeSelected := omit,

                                  boolean p_PreconditionsRequired := true) runs on IMS_PTC return INVITE_Request

  {

    var INVITE_Request v_InviteRequest;

    var IMS_SDP_AudioCodec_Type v_AudioCodecToBeSelected;

    var boolean v_IsWLAN := f_IMS_PTC_RanTypeIsWLAN();

    var boolean v_IsFBBA := f_IMS_PTC_RanTypeIsFBBA();

    //REMOVED f_IMS_CC_StartCall(IPCAN_MO_SpeechCall); 
    if (v_IsWLAN or (v_IsFBBA and not p_PreconditionsRequired)) {

      v_InviteRequest := f_IMS_MOCallSetup_AnnexC21aC21cC25aC25b(IPCAN_MO_SpeechCall, p_AudioCodecList, p_PreconditionsRequired);

    }

    else {

      if (ispresent(p_AudioCodecToBeSelected)) {

        v_AudioCodecToBeSelected := valueof(p_AudioCodecToBeSelected);

      } else {

        v_AudioCodecToBeSelected := p_AudioCodecList[0];

      }

      v_InviteRequest := f_IMS_MOCallSetup_AnnexC21C21b(p_AudioCodecList, v_AudioCodecToBeSelected);

    }

    return v_InviteRequest;

  }  
2.2 f_IMS_CW_Answering
	Function name
	f_IMS_CW_Answering

	Reason for change
	As Change 2.1 removes call to f_IMS_CC_StartCall from f_IMS_CC_MO_SpeechCall, the two other users of f_IMS_CC_MO_SpeechCall (displayed in Changes 2.2 and 2.3) need to have the call to f_IMS_CC_StartCall in an appropriate place.

	Summary of change
	Added call to f_IMS_CC_StartCall right before calling f_IMS_CC_MO_SpeechCall

	TTCN module
	IMS_CC_TestcaseImplementation_15.ttcn

	MCC160 Comment
	


Before change
  function f_IMS_CW_Answering(IMS_SDP_AudioCodecList_Type p_AudioCodecList := tsc_IMS_SDP_AudioCodecList_WBAMR_AMR) runs on IMS_PTC

  { /* @sic R5-173555 p_AudioCodec := AMR_16000 sic@ */

    var template (value) INVITE_Request v_InviteRequest_Dialog1;

    var template (value) INVITE_Request v_InviteRequest_Dialog2;

    var template (present) MessageHeader v_MessageHeader_ExpectedBye_Dialog1;

    var template (present) MessageHeader v_MessageHeader_Expected200_Dialog2;

    var template (present) SipUrl v_ContactUrl_Dialog1;

    var SipUrl v_ContactUrl_Dialog2;

    var template (value) MessageHeader v_MessageHeader;

    var MessageHeader v_MessageHeader_ReceivedBye;

    var InternetProtocol_Type v_Protocol;

    var IMS_DATA_RSP v_IMS_DATA_RSP;

    var IMS_DATA_REQ v_IMS_DATA_REQ;

    var IMS_SDP_AudioCodec_Type v_AudioCodecToBeSelected := p_AudioCodecList[0];

    v_InviteRequest_Dialog1 := f_IMS_CC_MO_SpeechCall(p_AudioCodecList, v_AudioCodecToBeSelected);

    f_IMS_TestBody_Set(true);

    // @siclog "Step 1 - 11" siclog@

    f_IMS_PTC_ImsInfo_ActivateDialog(secondDialog);

    v_InviteRequest_Dialog2 := fl_IMS_CW_IncomingCall(v_AudioCodecToBeSelected);

    // @siclog "Step 11a: terminate previous session and take over waiting call"

    f_UT_HangupIMSCall(MMI);                    // @sic R5-142955, R5s140307 sic@

    //  @siclog "Step 12: Receive BYE corresponding to first call"

    /* @sic R5-142955: the BYE comes as reaction of the UE on the UT command at ste 11a sic@ */

    f_IMS_PTC_ImsInfo_ActivateDialog(firstDialog);

    v_MessageHeader_ExpectedBye_Dialog1 := f_IMS_ByeRequest_MessageHeaderRX(v_InviteRequest_Dialog1);

    v_ContactUrl_Dialog1 := f_SIP_BuildSipUri_RX(px_IMS_CalleeContactUri);   /* as used in the C.21 procedure */

    v_IMS_DATA_REQ := f_IMS_ReceiveRequest(car_IMS_Bye_Request(cr_BYE_Request(v_ContactUrl_Dialog1, v_MessageHeader_ExpectedBye_Dialog1)));

    v_MessageHeader_ReceivedBye := v_IMS_DATA_REQ.Request.Bye.msgHeader;

    f_IMS_MessageHeader_Request_CheckVia(v_MessageHeader_ReceivedBye, v_IMS_DATA_REQ.RoutingInfo.Protocol);

    //  @siclog "Step 13: Send 200 OK"

    v_MessageHeader := f_IMS_OtherResponse_200_MessageHeaderTX(v_MessageHeader_ReceivedBye);

    IMS_Server.send(cas_IMS_DATA_RSP(f_IMS_RoutingInfo_ULtoDL(v_IMS_DATA_REQ.RoutingInfo), cs_Response(c_statusLine200, v_MessageHeader)));

    f_IMS_PTC_ImsInfo_DialogRelease();

    // @siclog "Step 13a: Accept incoming call"

    f_UT_AnswerCall(MMI); // @sic R5-142955, R5s140307 sic@

    //  @siclog "Step 14: SS expects and receives 200 OK for INVITE from the UE"

    f_IMS_PTC_ImsInfo_ActivateDialog(secondDialog);

    v_MessageHeader_Expected200_Dialog2 := f_IMS_OtherResponse_200_MessageHeaderRX(v_InviteRequest_Dialog2.msgHeader);

    v_ContactUrl_Dialog2 := f_IMS_PTC_ImsInfo_GetContactUrl(dialog);       /* @sic R5s150908 change 4: dialog sic@ */

    v_Protocol := f_IMS_PTC_ImsInfo_GetTransportProtocol();

    v_IMS_DATA_RSP := f_IMS_ReceiveResponse(v_InviteRequest_Dialog2.msgHeader,

                                            v_Protocol,

                                            cr_Response(c_statusLine200, v_MessageHeader_Expected200_Dialog2));

    //  @siclog "Step 15: SS sends ACK to the UE"

    v_MessageHeader := f_IMS_AckRequest_MessageHeaderTX(v_InviteRequest_Dialog2);

    IMS_Client.send(cas_IMS_Ack_Request(cs_IMS_RoutingInfo(v_Protocol), cs_ACK_Request(v_ContactUrl_Dialog2, v_MessageHeader)));

    f_IMS_TestBody_Set(false);

    f_IMS_CallReleaseMT(v_InviteRequest_Dialog2, v_ContactUrl_Dialog2); // @sic R5s140606 sic@

  }  
After change
   function f_IMS_CW_Answering(IMS_SDP_AudioCodecList_Type p_AudioCodecList := tsc_IMS_SDP_AudioCodecList_WBAMR_AMR) runs on IMS_PTC

  { /* @sic R5-173555 p_AudioCodec := AMR_16000 sic@ */

    var template (value) INVITE_Request v_InviteRequest_Dialog1;

    var template (value) INVITE_Request v_InviteRequest_Dialog2;

    var template (present) MessageHeader v_MessageHeader_ExpectedBye_Dialog1;

    var template (present) MessageHeader v_MessageHeader_Expected200_Dialog2;

    var template (present) SipUrl v_ContactUrl_Dialog1;

    var SipUrl v_ContactUrl_Dialog2;

    var template (value) MessageHeader v_MessageHeader;

    var MessageHeader v_MessageHeader_ReceivedBye;

    var InternetProtocol_Type v_Protocol;

    var IMS_DATA_RSP v_IMS_DATA_RSP;

    var IMS_DATA_REQ v_IMS_DATA_REQ;

    var IMS_SDP_AudioCodec_Type v_AudioCodecToBeSelected := p_AudioCodecList[0];

    f_IMS_CC_StartCall(IPCAN_MO_SpeechCall);
    v_InviteRequest_Dialog1 := f_IMS_CC_MO_SpeechCall(p_AudioCodecList, v_AudioCodecToBeSelected);

    f_IMS_TestBody_Set(true);

    // @siclog "Step 1 - 11" siclog@

    f_IMS_PTC_ImsInfo_ActivateDialog(secondDialog);

    v_InviteRequest_Dialog2 := fl_IMS_CW_IncomingCall(v_AudioCodecToBeSelected);

    // @siclog "Step 11a: terminate previous session and take over waiting call"

    f_UT_HangupIMSCall(MMI);                    // @sic R5-142955, R5s140307 sic@

    //  @siclog "Step 12: Receive BYE corresponding to first call"

    /* @sic R5-142955: the BYE comes as reaction of the UE on the UT command at ste 11a sic@ */

    f_IMS_PTC_ImsInfo_ActivateDialog(firstDialog);

    v_MessageHeader_ExpectedBye_Dialog1 := f_IMS_ByeRequest_MessageHeaderRX(v_InviteRequest_Dialog1);

    v_ContactUrl_Dialog1 := f_SIP_BuildSipUri_RX(px_IMS_CalleeContactUri);   /* as used in the C.21 procedure */

    v_IMS_DATA_REQ := f_IMS_ReceiveRequest(car_IMS_Bye_Request(cr_BYE_Request(v_ContactUrl_Dialog1, v_MessageHeader_ExpectedBye_Dialog1)));

    v_MessageHeader_ReceivedBye := v_IMS_DATA_REQ.Request.Bye.msgHeader;

    f_IMS_MessageHeader_Request_CheckVia(v_MessageHeader_ReceivedBye, v_IMS_DATA_REQ.RoutingInfo.Protocol);

    //  @siclog "Step 13: Send 200 OK"

    v_MessageHeader := f_IMS_OtherResponse_200_MessageHeaderTX(v_MessageHeader_ReceivedBye);

    IMS_Server.send(cas_IMS_DATA_RSP(f_IMS_RoutingInfo_ULtoDL(v_IMS_DATA_REQ.RoutingInfo), cs_Response(c_statusLine200, v_MessageHeader)));

    f_IMS_PTC_ImsInfo_DialogRelease();

    // @siclog "Step 13a: Accept incoming call"

    f_UT_AnswerCall(MMI); // @sic R5-142955, R5s140307 sic@

    //  @siclog "Step 14: SS expects and receives 200 OK for INVITE from the UE"

    f_IMS_PTC_ImsInfo_ActivateDialog(secondDialog);

    v_MessageHeader_Expected200_Dialog2 := f_IMS_OtherResponse_200_MessageHeaderRX(v_InviteRequest_Dialog2.msgHeader);

    v_ContactUrl_Dialog2 := f_IMS_PTC_ImsInfo_GetContactUrl(dialog);       /* @sic R5s150908 change 4: dialog sic@ */

    v_Protocol := f_IMS_PTC_ImsInfo_GetTransportProtocol();

    v_IMS_DATA_RSP := f_IMS_ReceiveResponse(v_InviteRequest_Dialog2.msgHeader,

                                            v_Protocol,

                                            cr_Response(c_statusLine200, v_MessageHeader_Expected200_Dialog2));

    //  @siclog "Step 15: SS sends ACK to the UE"

    v_MessageHeader := f_IMS_AckRequest_MessageHeaderTX(v_InviteRequest_Dialog2);

    IMS_Client.send(cas_IMS_Ack_Request(cs_IMS_RoutingInfo(v_Protocol), cs_ACK_Request(v_ContactUrl_Dialog2, v_MessageHeader)));

    f_IMS_TestBody_Set(false);

    f_IMS_CallReleaseMT(v_InviteRequest_Dialog2, v_ContactUrl_Dialog2); // @sic R5s140606 sic@

  } 
2.3 f_IMS_CW_Cancelling
	Function name
	f_IMS_CW_Cancelling

	Reason for change
	See Change 2.2

	Summary of change
	See Change 2.2

	TTCN module
	IMS_CC_TestcaseImplementation_15.ttcn

	MCC160 Comment
	


Before change
  function f_IMS_CW_Cancelling(IMS_SDP_AudioCodecList_Type p_AudioCodecList := tsc_IMS_SDP_AudioCodecList_WBAMR_AMR) runs on IMS_PTC

  { /* @sic R5-173555 p_AudioCodec := AMR_16000 sic@ */

    var IMS_DATA_RSP v_IMS_DATA_RSP;

    var INVITE_Request v_InviteRequest_Dialog1;

    var template (value) INVITE_Request v_InviteRequest_Dialog2;

    var template (value) MessageHeader v_MessageHeader_Cancel;

    var template (value) MessageHeader v_MessageHeader_Ack;

    var InternetProtocol_Type v_Protocol;

    var SipUrl v_ContactUrl;

    var boolean v_WaitingFor200 := true;

    var boolean v_WaitingFor487 := true;

    var IMS_SDP_AudioCodec_Type v_AudioCodecToBeSelected := p_AudioCodecList[0];

    // Initial conditions - Setup an MO Call according to Annex C.21

    v_InviteRequest_Dialog1 := f_IMS_CC_MO_SpeechCall(p_AudioCodecList, v_AudioCodecToBeSelected);           // @sic R5-140909 sic@

    f_IMS_TestBody_Set(true);

    // @siclog "Step 1 - 11" siclog@

    f_IMS_PTC_ImsInfo_ActivateDialog(secondDialog);               /* @sic R5s140092 change 1.5 sic@ */

    v_InviteRequest_Dialog2 := fl_IMS_CW_IncomingCall(v_AudioCodecToBeSelected);          /* @sic R5-140909 sic@ */

    // Step 12 - SS sends CANCEL request to terminate the INVITE transaction

    v_MessageHeader_Cancel := f_IMS_CancelRequest_MessageHeaderTX(v_InviteRequest_Dialog2);        /* @sic R5s140178 sic@ */

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

    v_Protocol := f_IMS_PTC_ImsInfo_GetTransportProtocol();

    IMS_Client.send(cas_IMS_Cancel_Request(cs_IMS_RoutingInfo(v_Protocol), cs_CANCEL_Request(v_ContactUrl, v_MessageHeader_Cancel)));

    while (v_WaitingFor200 or v_WaitingFor487) {

      alt { // @sic R5-125773, R5s140350: interleave is not allowed for altsteps sic@

        // Step 13 - The UE acknowledges the CANCEL with 200 OK.

        [v_WaitingFor200] a_IMS_ReceiveResponse(v_MessageHeader_Cancel,

                                                v_Protocol,

                                                cr_Response(c_statusLine200, f_IMS_OtherResponse_200_MessageHeaderRX(v_MessageHeader_Cancel)),

                                                v_IMS_DATA_RSP) {

          v_WaitingFor200 := false;

        }

        // Step 14.  The UE responds to INVITE with a 487 Request Terminated final response after transaction was terminated.

        [v_WaitingFor487] a_IMS_ReceiveResponse(v_InviteRequest_Dialog2.msgHeader,

                                                v_Protocol,

                                                cr_Response(c_statusLine487, f_IMS_InviteResponse_4XX_MessageHeaderRX(v_InviteRequest_Dialog2.msgHeader)),       /* @sic R5s140178 sic@ */

                                                v_IMS_DATA_RSP) {

          v_WaitingFor487 := false;

        }

      }

    }

    // Step 15. Send ACK. The SS acknowledges the receipt of 200 OK for INVITE.

    v_MessageHeader_Ack := f_IMS_AckRequest_MessageHeaderTX(v_InviteRequest_Dialog2, c_statusLine487);   /* @sic R5s140092 change 1.3; R5s140178 sic@ */

    IMS_Client.send(cas_IMS_Ack_Request(cs_IMS_RoutingInfo(v_Protocol), cs_ACK_Request(v_ContactUrl, v_MessageHeader_Ack)));

    f_IMS_PTC_ImsInfo_DialogRelease();                              /* @sic R5s140092 change 1.5 sic@ */

    f_IMS_PTC_ImsInfo_ActivateDialog(firstDialog);                  /* @sic R5s140092 change 1.5 sic@ */

    f_IMS_TestBody_Set(false);

    f_IMS_CallReleaseMO(v_InviteRequest_Dialog1);

  }  
After change
   function f_IMS_CW_Cancelling(IMS_SDP_AudioCodecList_Type p_AudioCodecList := tsc_IMS_SDP_AudioCodecList_WBAMR_AMR) runs on IMS_PTC

  { /* @sic R5-173555 p_AudioCodec := AMR_16000 sic@ */

    var IMS_DATA_RSP v_IMS_DATA_RSP;

    var INVITE_Request v_InviteRequest_Dialog1;

    var template (value) INVITE_Request v_InviteRequest_Dialog2;

    var template (value) MessageHeader v_MessageHeader_Cancel;

    var template (value) MessageHeader v_MessageHeader_Ack;

    var InternetProtocol_Type v_Protocol;

    var SipUrl v_ContactUrl;

    var boolean v_WaitingFor200 := true;

    var boolean v_WaitingFor487 := true;

    var IMS_SDP_AudioCodec_Type v_AudioCodecToBeSelected := p_AudioCodecList[0];

    f_IMS_CC_StartCall(IPCAN_MO_SpeechCall);
    // Initial conditions - Setup an MO Call according to Annex C.21

    v_InviteRequest_Dialog1 := f_IMS_CC_MO_SpeechCall(p_AudioCodecList, v_AudioCodecToBeSelected);           // @sic R5-140909 sic@

    f_IMS_TestBody_Set(true);

    // @siclog "Step 1 - 11" siclog@

    f_IMS_PTC_ImsInfo_ActivateDialog(secondDialog);               /* @sic R5s140092 change 1.5 sic@ */

    v_InviteRequest_Dialog2 := fl_IMS_CW_IncomingCall(v_AudioCodecToBeSelected);          /* @sic R5-140909 sic@ */

    // Step 12 - SS sends CANCEL request to terminate the INVITE transaction

    v_MessageHeader_Cancel := f_IMS_CancelRequest_MessageHeaderTX(v_InviteRequest_Dialog2);        /* @sic R5s140178 sic@ */

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

    v_Protocol := f_IMS_PTC_ImsInfo_GetTransportProtocol();

    IMS_Client.send(cas_IMS_Cancel_Request(cs_IMS_RoutingInfo(v_Protocol), cs_CANCEL_Request(v_ContactUrl, v_MessageHeader_Cancel)));

    while (v_WaitingFor200 or v_WaitingFor487) {

      alt { // @sic R5-125773, R5s140350: interleave is not allowed for altsteps sic@

        // Step 13 - The UE acknowledges the CANCEL with 200 OK.

        [v_WaitingFor200] a_IMS_ReceiveResponse(v_MessageHeader_Cancel,

                                                v_Protocol,

                                                cr_Response(c_statusLine200, f_IMS_OtherResponse_200_MessageHeaderRX(v_MessageHeader_Cancel)),

                                                v_IMS_DATA_RSP) {

          v_WaitingFor200 := false;

        }

        // Step 14.  The UE responds to INVITE with a 487 Request Terminated final response after transaction was terminated.

        [v_WaitingFor487] a_IMS_ReceiveResponse(v_InviteRequest_Dialog2.msgHeader,

                                                v_Protocol,

                                                cr_Response(c_statusLine487, f_IMS_InviteResponse_4XX_MessageHeaderRX(v_InviteRequest_Dialog2.msgHeader)),       /* @sic R5s140178 sic@ */

                                                v_IMS_DATA_RSP) {

          v_WaitingFor487 := false;

        }

      }

    }

    // Step 15. Send ACK. The SS acknowledges the receipt of 200 OK for INVITE.

    v_MessageHeader_Ack := f_IMS_AckRequest_MessageHeaderTX(v_InviteRequest_Dialog2, c_statusLine487);   /* @sic R5s140092 change 1.3; R5s140178 sic@ */

    IMS_Client.send(cas_IMS_Ack_Request(cs_IMS_RoutingInfo(v_Protocol), cs_ACK_Request(v_ContactUrl, v_MessageHeader_Ack)));

    f_IMS_PTC_ImsInfo_DialogRelease();                              /* @sic R5s140092 change 1.5 sic@ */

    f_IMS_PTC_ImsInfo_ActivateDialog(firstDialog);                  /* @sic R5s140092 change 1.5 sic@ */

    f_IMS_TestBody_Set(false);

    f_IMS_CallReleaseMO(v_InviteRequest_Dialog1);

  } 
3 Branches executed
n/a
4 Execution Log Files

4.1 Qualcomm SDM845

The Qualcomm SDM845 UE passed this test case on R&S CMW500 Multi-RAT Protocol Tester. The documentation below is enclosed as evidence of the successful test case run [1]:

· Test Case Execution log file
Rohde-Schwarz\tc_IMS_G_17_1_Qualcomm.log   
(Note: PICS/PIXIT settings are captured at the beginning of the TLI log)


In the log file (in .txt / -html format) the complete test case execution can be seen. All TLI events are presented and message contents are fully decoded and can be verified. Preliminary verdicts and the final test case verdict can be seen in the log file.

5 References
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	R5s180268: Supporting information for agreement of IMS test case G.17.1



