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Change 1
	Function name
	function f_IMS_BuildSDP_AnnexC21_Step2

	Reason for change
	34.229-1, C.21, Step 2 on INVITE specifies that RR and RS must be 0 when A.12/35 is no. This test is missing in the corresponding TTCN function (while the test for A.12/35 being yes is in there). 

	Summary of change
	Added value 0 for RR and RS into the template for the SDP body being expected from the UE.  

	TTCN module
	Common/IMS/IMS_SDP_Messages

	MCC160 Comment
	


Before change

        function f_IMS_BuildSDP_AnnexC21_Step2(boolean p_RtcpDuringVoiceSession := pc_IMS_RtcpDuringVoiceSession) runs on IMS_PTC return template (present) SDP_Message

  { /* @sic R5-135020, R5-135021: new PICS pc_IMS_RtcpDuringVoiceSession sic@ */

    /* @sic R5w140113, R5w140009: new SDP type definitions */

    var charstring v_AddrType := f_IMS_PTC_NW_Address_GetTypeStr();

    var template (present) integer v_BandwidthRS := 0;

    var template (present) integer v_BandwidthRR := 0;

    var template (present) charstring v_IPAddrOrigin := ?;

    var template (present) charstring v_IPAddrConnection := ?;

    var template (present) SDP_media_desc v_SDP_Media_Desc;

    var template (present) SDP_attribute_list v_SDP_Attribute_List := {

      // media attributes:

      cr_SDP_Attribute_rtpmap(-, cr_RTPMAP_AMR_8000),                // @sic R5s130681 change 2 sic@

      cr_SDP_Attribute_fmtp(-, cr_AMR_Fmtp_DefaultParameters),       /* @sic R5w140113, R5w140009: cr_AMR_Fmtp_DefaultParameters replaces tsc_AMR_Fmtp_DefaultParameters_RX sic@ */

      cr_SDP_Attribute_rtpmap(-, cr_RTPMAP_TelephoneEvent),          // @sic R5s130333 change 14.2 - pattern needs to include a rate; R5s130798 change 5 - MCC160 Comment: rate is optional sic@

      cr_SDP_Attribute_ptime,

      cr_SDP_Attribute_maxptime,

      cr_SDP_Attribute_inactive,

      // precondition attributes:

      cr_SDP_Attribute_curr_qos(c_local),

      cr_SDP_Attribute_curr_qos(c_remote),

      cr_SDP_Attribute_des_qos(c_mandatory, c_local),

      cr_SDP_Attribute_des_qos(c_optional, c_remote),

      *

    };

    if (p_RtcpDuringVoiceSession) {    /* @sic R5-135020 sic@ */

      v_BandwidthRS := ?;

      v_BandwidthRR := (1..infinity);

    }

    v_SDP_Media_Desc := cr_SDP_Media_Desc(cr_SDP_Media_Audio,

                                          cr_SDP_Connection(v_AddrType, v_IPAddrConnection),

                                          cr_SDP_Bandwidth_List_Media(?, v_BandwidthRS, v_BandwidthRR),

                                          v_SDP_Attribute_List);

    return cr_SDP_Message_AnySession(v_AddrType, v_IPAddrOrigin, v_IPAddrConnection, v_SDP_Media_Desc);

  }
After change

     function f_IMS_BuildSDP_AnnexC21_Step2(boolean p_RtcpDuringVoiceSession := pc_IMS_RtcpDuringVoiceSession) runs on IMS_PTC return template (present) SDP_Message

  { /* @sic R5-135020, R5-135021: new PICS pc_IMS_RtcpDuringVoiceSession sic@ */

    /* @sic R5w140113, R5w140009: new SDP type definitions */

    var charstring v_AddrType := f_IMS_PTC_NW_Address_GetTypeStr();

    var template (present) integer v_BandwidthRS := 0;

    var template (present) integer v_BandwidthRR := 0;

    var template (present) charstring v_IPAddrOrigin := ?;

    var template (present) charstring v_IPAddrConnection := ?;

    var template (present) SDP_media_desc v_SDP_Media_Desc;

    var template (present) SDP_attribute_list v_SDP_Attribute_List := {

      // media attributes:

      cr_SDP_Attribute_rtpmap(-, cr_RTPMAP_AMR_8000),                // @sic R5s130681 change 2 sic@

      cr_SDP_Attribute_fmtp(-, cr_AMR_Fmtp_DefaultParameters),       /* @sic R5w140113, R5w140009: cr_AMR_Fmtp_DefaultParameters replaces tsc_AMR_Fmtp_DefaultParameters_RX sic@ */

      cr_SDP_Attribute_rtpmap(-, cr_RTPMAP_TelephoneEvent),          // @sic R5s130333 change 14.2 - pattern needs to include a rate; R5s130798 change 5 - MCC160 Comment: rate is optional sic@

      cr_SDP_Attribute_ptime,

      cr_SDP_Attribute_maxptime,

      cr_SDP_Attribute_inactive,

      // precondition attributes:

      cr_SDP_Attribute_curr_qos(c_local),

      cr_SDP_Attribute_curr_qos(c_remote),

      cr_SDP_Attribute_des_qos(c_mandatory, c_local),

      cr_SDP_Attribute_des_qos(c_optional, c_remote),

      *

    };

    if (p_RtcpDuringVoiceSession) {    /* @sic R5-135020 sic@ */

      v_BandwidthRS := ?;

      v_BandwidthRR := (1..infinity);

    }

    if (not p_RtcpDuringVoiceSession) {   

      v_BandwidthRS := 0;

      v_BandwidthRR := 0;

    }
    v_SDP_Media_Desc := cr_SDP_Media_Desc(cr_SDP_Media_Audio,

                                          cr_SDP_Connection(v_AddrType, v_IPAddrConnection),

                                          cr_SDP_Bandwidth_List_Media(?, v_BandwidthRS, v_BandwidthRR),

                                          v_SDP_Attribute_List);

    return cr_SDP_Message_AnySession(v_AddrType, v_IPAddrOrigin, v_IPAddrConnection, v_SDP_Media_Desc);

  }
Change 2
	Function name
	f_IMS_CallHoldResume_AnnexC8_CheckBandwidthList

	Reason for change
	34.229-1 section C.8 Step 1 specifies that RR and RS must be zero for A.12/23 when resuming a call. Current TTCN only checks that these bandwidth modifiers are not positive, allowing negative values.

	Summary of change
	Replace check for greater than by inequality check.  

	TTCN module
	Common/IMS/IMS_Procedures_CallHold

	MCC160 Comment
	


Before change

function f_IMS_CallHoldResume_AnnexC8_CheckBandwidthList(IMS_CallHoldResume_Type p_HoldResume,

                                                           template (omit) SDP_bandwidth_list p_BandwidthList,

                                                           boolean p_RtcpDuringHold := pc_SendRTCPOnlyOnHold) runs on IMS_PTC

  { /* @sic R5-145730: new parameter p_RtcpDuringHold sic@ */

    var integer i;

    var SDP_bandwidth_list v_BandwidthList;

    var charstring v_Modifier;

    var integer v_Bandwidth;

    if (isvalue(p_BandwidthList)) {

      v_BandwidthList := valueof(p_BandwidthList);

      for (i := 0; i < lengthof(v_BandwidthList); i := i+1) {

        v_Modifier := v_BandwidthList[i].modifier;

        v_Bandwidth := v_BandwidthList[i].bandwidth;

        select (p_HoldResume) {

          case (HOLD) {

            select (v_Modifier) {

              case ("RR") {                                             /* @sic R5-145730: bandwith shall be changed for RR only sic@ */

                if (p_RtcpDuringHold and not (v_Bandwidth > 0)) {       /* @sic R5-145730: p_RtcpDuringHold sic@ */

                  f_IMS_SetVerdictFailOrInconc(__FILE__, __LINE__, "Call hold: " & v_Modifier & " bandwidth shall be greater than zero");

                  return;

                }

              }

            }

          }

          case (RESUME) {

            select (v_Modifier) {

              case ("RR", "RS") {

                if (p_RtcpDuringHold and (v_Bandwidth > 0)) {           /* @sic R5-145730: p_RtcpDuringHold sic@ */

                  f_IMS_SetVerdictFailOrInconc(__FILE__, __LINE__, "Call resume: " & v_Modifier & " bandwidth shall be zero");

                  return;

                }

              }

            }

          }

        }

      }

    }

  }
After change

function f_IMS_CallHoldResume_AnnexC8_CheckBandwidthList(IMS_CallHoldResume_Type p_HoldResume,

                                                           template (omit) SDP_bandwidth_list p_BandwidthList,

                                                           boolean p_RtcpDuringHold := pc_SendRTCPOnlyOnHold) runs on IMS_PTC

  { /* @sic R5-145730: new parameter p_RtcpDuringHold sic@ */

    var integer i;

    var SDP_bandwidth_list v_BandwidthList;

    var charstring v_Modifier;

    var integer v_Bandwidth;

    if (isvalue(p_BandwidthList)) {

      v_BandwidthList := valueof(p_BandwidthList);

      for (i := 0; i < lengthof(v_BandwidthList); i := i+1) {

        v_Modifier := v_BandwidthList[i].modifier;

        v_Bandwidth := v_BandwidthList[i].bandwidth;

        select (p_HoldResume) {

          case (HOLD) {

            select (v_Modifier) {

              case ("RR") {                                             /* @sic R5-145730: bandwith shall be changed for RR only sic@ */

                if (p_RtcpDuringHold and not (v_Bandwidth > 0)) {       /* @sic R5-145730: p_RtcpDuringHold sic@ */

                  f_IMS_SetVerdictFailOrInconc(__FILE__, __LINE__, "Call hold: " & v_Modifier & " bandwidth shall be greater than zero");

                  return;

                }

              }

            }

          }

          case (RESUME) {

            select (v_Modifier) {

              case ("RR", "RS") {

                if (p_RtcpDuringHold and (v_Bandwidth != 0)) {          /* @sic R5-145730: p_RtcpDuringHold sic@ */

                  f_IMS_SetVerdictFailOrInconc(__FILE__, __LINE__, "Call resume: " & v_Modifier & " bandwidth shall be zero");

                  return;

                }

              }

            }

          }

        }

      }

    }

  }
