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1 Overview
This document lists all the changes needed to correct issues in the ATS iWD-TTCN3-B2016-06_D17wk37 related to the title of this CR.

Contact:
Hans Rohnert

Hans.Rohnert.ext@rohde-schwarz.com
2 Corrections required

2.1 f_TC_12_26_IMS1
	Function name
	f_TC_12_26_IMS1

	Reason for change
	TS 34.229-1 prescribes that the SS sends a bandwidth value 65 in 183 Session Progress. However, TTCN currently uses the default value 37.

	Summary of change
	Added explicit parameter to the call of f_IMS_MOCallSetup_AnnexC21_Step3_4

	TTCN module
	Common/IMS/IMS_Procedures_CallControl.ttcn

	MCC160 Comment
	Accepted


Before change
  function f_TC_12_26_IMS1() runs on IMS_PTC

  {

    var IMS_InviteRequestWithSdp_Type v_InviteRequestWithSdp;  /* @sic R5w140112: IMS_InviteRequestWithSdp_Type instead of IMS_DATA_REQ */

    var MessageHeader v_MessageHeader_Response183;

    var IMS_SDP_AudioCodecList_Type v_AudioCodecList := tsc_IMS_SDP_AudioCodecList_EVS_WBAMR_AMR;   /* @sic R5-172931: AMR_16000 is contained in the list of default audio codecs already sic@

                                                                                                      @sic R5-174483: v_AudioCodecList instead of v_AdditionalAudioCodecList sic@ */

    var template (value) MessageHeader v_MessageHeader_Invite;

    var template (value) MessageHeader v_MessageHeader_Ack;

    var template (present) MessageHeader v_MessageHeader_Response;

    var template (present) IMS_Response_Type v_ExpectedResponse;

    var SipUrl v_ContactUrl_UE;

    var SDP_Message v_SDP_LatestOffer;

    var template (value) SDP_Message v_SDP_Message;

    var template (value) INVITE_Request v_InviteRequest;

    var InternetProtocol_Type v_InternetProtocol;

    var IMS_DATA_RSP v_IMS_DATA_RSP;

    f_IMS_CC_Preamble(IPCAN_SpeechCall, IMS_REGISTERED);

    f_IMS_TestBody_Set(true);

    // @siclog "Step 1" siclog@

    f_IMS_CC_StartCall(IPCAN_MO_SpeechCall);

    // @siclog "Step 2" siclog@

    v_InviteRequestWithSdp := f_IMS_MOCallSetup_AnnexC21_Step2_A4(-, -, v_AudioCodecList);

    v_ContactUrl_UE := f_MessageHeader_GetContactSipUrl(v_InviteRequestWithSdp.Invite.msgHeader);

    // @siclog "Step 3 - 4" siclog@

    v_MessageHeader_Response183 := f_IMS_MOCallSetup_AnnexC21_Step3_4(v_InviteRequestWithSdp, -, -, -, EVS_16000);

    // See TS. 36.508 EUTRA/EPS signalling for IMS MO speech call Table 4.5A.6.3-1 Step 9-11

    f_IMS_CC_TriggerDedicatedBearerActivation(IPCAN_MO_SpeechCall);  // trigger IPCAN to continue with activation of secondary PDP context or dedicated EPS bearer

    // @siclog "Step 5 - 13" siclog@

    v_SDP_LatestOffer := f_IMS_MOCallSetup_AnnexC21_Steps5_13(v_InviteRequestWithSdp, v_MessageHeader_Response183, -, -, -, EVS_16000);

    // preparation of new SDP for Step 14

    v_SDP_Message := f_IMS_BuildSDP_AnnexC21C25_Step6or8(v_SDP_LatestOffer); // SDP offer from step 6 or 8

    // @sic R5s170232 sic@ - removed  v_SDP_Message := f_IMS_BuildSDP_CommonResponseToOfferTX(v_SDP_Message);

    v_SDP_Message.media_list := fl_SDP_MediaDesc_AddEvsModeSwitch(v_SDP_Message.media_list);

    // @siclog "Step 14" siclog@

    // Step 14 SS sends a re-INVITE with a second SDP offer to switch to EVS AMR-WB IO mode

    v_MessageHeader_Invite  := f_IMS_InviteRequest_MessageHeaderTX(A_2_1_A5);                                          /* @sic R5s170074 change 1.1: Condition A5 sic@ */

    v_InviteRequest := cs_INVITE_Request(v_ContactUrl_UE, v_MessageHeader_Invite, cs_MessageBody_SDP(v_SDP_Message));

    v_InviteRequestWithSdp := f_IMS_InviteRequestWithSdpMT(v_InviteRequest, v_SDP_Message);

    IMS_Client.send(cas_IMS_Invite_Request(v_InviteRequestWithSdp.RoutingInfo, v_InviteRequest));

    // @siclog "Step 15" siclog@

    v_MessageHeader_Invite := v_InviteRequestWithSdp.Invite.msgHeader;

    v_MessageHeader_Response := f_IMS_OtherResponse_200_MessageHeaderRX(v_MessageHeader_Invite, cr_ContentTypeSDP);     /* @sic R5-162926: Require header sic@ */

    v_InternetProtocol := v_InviteRequestWithSdp.RoutingInfo.Protocol;

    v_ExpectedResponse := cr_Response(c_statusLine200, v_MessageHeader_Response, cr_MessageBody_SDP);                   /* @sic R5s170074 change 1.2: message body sic@ */

    v_IMS_DATA_RSP := f_IMS_ReceiveResponse_OptionalTrying(v_InviteRequestWithSdp.Invite, v_InternetProtocol, v_ExpectedResponse);   /* @sic R5-162046 sic@ @sic R5s160540: further improvement sic@ */

    f_IMS_SIP_SdpMessageBody_DecodeMatchAndCheckSDP(v_IMS_DATA_RSP.Response.messageBody, fl_TC_12_26_BuildResponseSDP_Step15());

    // @siclog "Step 15A" siclog@

    v_MessageHeader_Ack := f_IMS_AckRequest_MessageHeaderTX(v_InviteRequestWithSdp.Invite);

    IMS_Client.send(cas_IMS_Ack_Request(cs_IMS_RoutingInfo(v_InternetProtocol), cs_ACK_Request(v_ContactUrl_UE, v_MessageHeader_Ack)));  /* @sic R5s170074 change 1.3 sic@ */

    // Step 16-17. SS sends BYE to release the call; UE sends 200 OK for the BYE request and ends the call

    // @siclog "Step 16 -17" siclog@

    f_IMS_CallReleaseMT(v_InviteRequestWithSdp.Invite, v_ContactUrl_UE);

    f_IMS_TestBody_Set(false);

    f_IMS_CC_Postamble(IPCAN_MO_SpeechCall);

  }  
After change
   function f_TC_12_26_IMS1() runs on IMS_PTC

  {

    var IMS_InviteRequestWithSdp_Type v_InviteRequestWithSdp;  /* @sic R5w140112: IMS_InviteRequestWithSdp_Type instead of IMS_DATA_REQ */

    var MessageHeader v_MessageHeader_Response183;

    var IMS_SDP_AudioCodecList_Type v_AudioCodecList := tsc_IMS_SDP_AudioCodecList_EVS_WBAMR_AMR;   /* @sic R5-172931: AMR_16000 is contained in the list of default audio codecs already sic@

                                                                                                      @sic R5-174483: v_AudioCodecList instead of v_AdditionalAudioCodecList sic@ */

    var template (value) MessageHeader v_MessageHeader_Invite;

    var template (value) MessageHeader v_MessageHeader_Ack;

    var template (present) MessageHeader v_MessageHeader_Response;

    var template (present) IMS_Response_Type v_ExpectedResponse;

    var SipUrl v_ContactUrl_UE;

    var SDP_Message v_SDP_LatestOffer;

    var template (value) SDP_Message v_SDP_Message;

    var template (value) INVITE_Request v_InviteRequest;

    var InternetProtocol_Type v_InternetProtocol;

    var IMS_DATA_RSP v_IMS_DATA_RSP;

    f_IMS_CC_Preamble(IPCAN_SpeechCall, IMS_REGISTERED);

    f_IMS_TestBody_Set(true);

    // @siclog "Step 1" siclog@

    f_IMS_CC_StartCall(IPCAN_MO_SpeechCall);

    // @siclog "Step 2" siclog@

    v_InviteRequestWithSdp := f_IMS_MOCallSetup_AnnexC21_Step2_A4(-, -, v_AudioCodecList);

    v_ContactUrl_UE := f_MessageHeader_GetContactSipUrl(v_InviteRequestWithSdp.Invite.msgHeader);

    // @siclog "Step 3 - 4" siclog@

    v_MessageHeader_Response183 := f_IMS_MOCallSetup_AnnexC21_Step3_4(v_InviteRequestWithSdp, -, -, -, EVS_16000, 65); 
    // See TS. 36.508 EUTRA/EPS signalling for IMS MO speech call Table 4.5A.6.3-1 Step 9-11

    f_IMS_CC_TriggerDedicatedBearerActivation(IPCAN_MO_SpeechCall);  // trigger IPCAN to continue with activation of secondary PDP context or dedicated EPS bearer

    // @siclog "Step 5 - 13" siclog@

    v_SDP_LatestOffer := f_IMS_MOCallSetup_AnnexC21_Steps5_13(v_InviteRequestWithSdp, v_MessageHeader_Response183, -, -, -, EVS_16000);

    // preparation of new SDP for Step 14

    v_SDP_Message := f_IMS_BuildSDP_AnnexC21C25_Step6or8(v_SDP_LatestOffer); // SDP offer from step 6 or 8

    // @sic R5s170232 sic@ - removed  v_SDP_Message := f_IMS_BuildSDP_CommonResponseToOfferTX(v_SDP_Message);

    v_SDP_Message.media_list := fl_SDP_MediaDesc_AddEvsModeSwitch(v_SDP_Message.media_list);

    // @siclog "Step 14" siclog@

    // Step 14 SS sends a re-INVITE with a second SDP offer to switch to EVS AMR-WB IO mode

    v_MessageHeader_Invite  := f_IMS_InviteRequest_MessageHeaderTX(A_2_1_A5);                                          /* @sic R5s170074 change 1.1: Condition A5 sic@ */

    v_InviteRequest := cs_INVITE_Request(v_ContactUrl_UE, v_MessageHeader_Invite, cs_MessageBody_SDP(v_SDP_Message));

    v_InviteRequestWithSdp := f_IMS_InviteRequestWithSdpMT(v_InviteRequest, v_SDP_Message);

    IMS_Client.send(cas_IMS_Invite_Request(v_InviteRequestWithSdp.RoutingInfo, v_InviteRequest));

    // @siclog "Step 15" siclog@

    v_MessageHeader_Invite := v_InviteRequestWithSdp.Invite.msgHeader;

    v_MessageHeader_Response := f_IMS_OtherResponse_200_MessageHeaderRX(v_MessageHeader_Invite, cr_ContentTypeSDP);     /* @sic R5-162926: Require header sic@ */

    v_InternetProtocol := v_InviteRequestWithSdp.RoutingInfo.Protocol;

    v_ExpectedResponse := cr_Response(c_statusLine200, v_MessageHeader_Response, cr_MessageBody_SDP);                   /* @sic R5s170074 change 1.2: message body sic@ */

    v_IMS_DATA_RSP := f_IMS_ReceiveResponse_OptionalTrying(v_InviteRequestWithSdp.Invite, v_InternetProtocol, v_ExpectedResponse);   /* @sic R5-162046 sic@ @sic R5s160540: further improvement sic@ */

    f_IMS_SIP_SdpMessageBody_DecodeMatchAndCheckSDP(v_IMS_DATA_RSP.Response.messageBody, fl_TC_12_26_BuildResponseSDP_Step15());

    // @siclog "Step 15A" siclog@

    v_MessageHeader_Ack := f_IMS_AckRequest_MessageHeaderTX(v_InviteRequestWithSdp.Invite);

    IMS_Client.send(cas_IMS_Ack_Request(cs_IMS_RoutingInfo(v_InternetProtocol), cs_ACK_Request(v_ContactUrl_UE, v_MessageHeader_Ack)));  /* @sic R5s170074 change 1.3 sic@ */

    // Step 16-17. SS sends BYE to release the call; UE sends 200 OK for the BYE request and ends the call

    // @siclog "Step 16 -17" siclog@

    f_IMS_CallReleaseMT(v_InviteRequestWithSdp.Invite, v_ContactUrl_UE);

    f_IMS_TestBody_Set(false);

    f_IMS_CC_Postamble(IPCAN_MO_SpeechCall);

  }  

