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Change 1 

	Function name
	function f_IMS_BuildSDP_MTSpeechCall_Step1

	Reason for change
	The annexes C.11, C.26, C.45 and C.51 are inconsistent with the TS 26.114. As per 26.114 G.3 Session setup:

When sending an SDP offer, an MTSI client should indicate support of events 0 to15 in the fmtp attribute.
If the SDP offer includes a single codec then the RTP clock rate used for DTMF shall be the same as for the offered codec.
If the SDP offer includes codecs with different RTP clock rates then it shall include one RTP payload type representing telephone events per each of these RTP clock rates.
According to this, additional telephon-event was added for missing clock rates as there are present AMR-8000 and also AMR-16000, but only one telephone-event.

Prose CR covering the changes in TS 34.229-1 will be drafted.

	Summary of change
	Additional telephon-event was added for missing clock rates.

	TTCN module
	\Common\IMS\IMS_SDP_Messages.ttcn

	MCC160 Comment
	


Before change

      function f_IMS_BuildSDP_MTSpeechCall_Step1(IMS_SDP_VoiceCodecList_Type p_AdditionalVoiceCodecs := {}, boolean p_PreconditionsRequired := true)

    runs on IMS_PTC

    return template (value) SDP_Message

  { /* @sic R5s141244: use of f_IMS_BuildSDP_TX sic@ */

    /* @sic R5-153610: "sendrecv" media attribute removed from SDP message for C.11 step 7 sic@ */

    /* @sic R5-153798: p_SDP_Message183 replacing p_SDP_Attribute_curr_qos_remote and p_Step; p_IsC45 sic@ */

    /* @sic R5-153798, R5s150841: split of f_IMS_BuildSDP_AnnexC11_Step1or7, parameter p_AdditionalVoiceCodecs for C.45 sic@ */

    /* @sic R5-169060: allow no preconditions sic@ */

    var IMS_SDP_VoiceCodecList_Type v_VoiceCodecs;

    var template (value) SDP_bandwidth_list v_MediaBandwidth_List;

    var template (omit) SDP_attribute_list v_SDP_MediaAttributes := {};

    var template (omit) SDP_attribute_list v_SDP_PrecondionAttributes;

    var template (value) SemicolonParam_List v_EVS_FmtpParams;

    var integer v_FmtVal := str2int(tsc_SDP_FmtAudio);

    var SDP_fmt_list v_FmtList := {};

    var charstring v_Fmt;

    var charstring v_TelephoneEventBandwidth;

    var integer v_NoOfAdditionalVoiceCodecs;

    var integer i;

var boolean v_FBBA := f_IMS_PTC_SecurityScheme_IsSipDigest();  /* @sic R5-170782: considere FBBA sic@ */

    var boolean v_IsWLAN := match(WLAN, f_IMS_PTC_GetRanType());  /* @sic R5-171477 sic@ */

    v_NoOfAdditionalVoiceCodecs := lengthof(p_AdditionalVoiceCodecs);

    v_VoiceCodecs := p_AdditionalVoiceCodecs;

    if (not v_FBBA) {

      v_VoiceCodecs[v_NoOfAdditionalVoiceCodecs] := AMR_16000;      // @sic R5-168057: default AMR-WB codec sic@

      v_VoiceCodecs[v_NoOfAdditionalVoiceCodecs + 1] := AMR_8000;   // default AMR codec

      v_VoiceCodecs[v_NoOfAdditionalVoiceCodecs + 2] := DTMF;       // @sic R5-165942: DTMF sic@

    } else {

      v_VoiceCodecs[v_NoOfAdditionalVoiceCodecs] := AMR_8000;       // default AMR codec

      v_VoiceCodecs[v_NoOfAdditionalVoiceCodecs + 1] := DTMF;       // @sic R5-165942: DTMF sic@

    }

    if (v_NoOfAdditionalVoiceCodecs == 0) {

      v_MediaBandwidth_List := cs_SDP_Bandwidth_List_Media(37, 0, 2500);  /* media bandwidth acc. to C.11 @sic R5-130751; R5-134270: RR=2500; R5-144700: AS=37 sic@ */

      v_TelephoneEventBandwidth := "8000";
    } else {

      v_MediaBandwidth_List := cs_SDP_Bandwidth_List_Media(65, 0, 2000);  /* media bandwidth acc. to C.45 INVITE (Step 1) */

      v_TelephoneEventBandwidth := "16000";
    }

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

      v_Fmt := int2str(v_FmtVal);

      v_FmtList[i] := v_Fmt;

      select (v_VoiceCodecs[i]) {

        case (AMR_8000) {

          v_SDP_MediaAttributes := f_SDP_Attributes_Concat_TX(v_SDP_MediaAttributes, f_SDP_MediaAttributes_AudioCommon(v_Fmt));  /* @sic R5-165942: f_SDP_MediaAttributes_AudioCommon instead of f_SDP_MediaAttributes_AudioDef to have ptime, maxptime at the end of the list sic@ */

        }

        case (AMR_16000) {  /* SDP media attributes for AMR-WB according to C.45 step 1: */

          v_SDP_MediaAttributes := f_SDP_Attributes_Concat_TX(v_SDP_MediaAttributes, f_SDP_MediaAttributes_AMR_WB_AudioCommon(v_Fmt));

        }

        case (EVS_16000) {  /* SDP media attributes for EVS according to C.45 step 1: */

          v_EVS_FmtpParams := cs_EVS_Fmtp_AudioParams("8-48", "9.6-48", "nb-swb");     /* @sic R5-163042: value for br-recv sic@ */

          v_SDP_MediaAttributes := f_SDP_Attributes_Concat_TX(v_SDP_MediaAttributes, f_SDP_MediaAttributes_EVS_AudioCommon(v_Fmt, v_EVS_FmtpParams));

        }

        case (DTMF) {  /* SDP media attributes for DTMF @sic R5-165942 sic@ */

          v_SDP_MediaAttributes := f_SDP_Attributes_Concat_TX(v_SDP_MediaAttributes, f_SDP_MediaAttributes_TelephoneEvent(v_Fmt, v_TelephoneEventBandwidth));

        }

      }

      v_FmtVal := v_FmtVal + 1;

    }

    v_SDP_MediaAttributes := f_SDP_Attributes_Concat_TX(v_SDP_MediaAttributes, cs_SDP_MediaAttributes_ptime_maxptime); // @sic R5-165942: to have ptime, maxptime at the end of the list sic@

    v_SDP_PrecondionAttributes := cs_SDP_PrecondionAttributes(c_none, c_none, c_mandatory, c_optional); /* @sic R5-153798: usage of cs_SDP_PrecondionAttributes sic@ */

    if(v_IsWLAN and p_PreconditionsRequired){ /* @sic R5-171477 - WLAN Annex C.11a sic@ */

     v_SDP_PrecondionAttributes := cs_SDP_PrecondionAttributes(c_send, c_none, c_mandatory, c_optional); /* @sic R5-153798: usage of cs_SDP_PrecondionAttributes sic@ */

    }

    return f_IMS_BuildSDP_TX(cs_SDP_Media_MultiAudio(v_FmtList), v_MediaBandwidth_List, v_SDP_MediaAttributes, v_SDP_PrecondionAttributes);

  }
After change

function f_IMS_BuildSDP_MTSpeechCall_Step1(IMS_SDP_VoiceCodecList_Type p_AdditionalVoiceCodecs := {}, boolean p_PreconditionsRequired := true)

    runs on IMS_PTC

    return template (value) SDP_Message

  { /* @sic R5s141244: use of f_IMS_BuildSDP_TX sic@ */

    /* @sic R5-153610: "sendrecv" media attribute removed from SDP message for C.11 step 7 sic@ */

    /* @sic R5-153798: p_SDP_Message183 replacing p_SDP_Attribute_curr_qos_remote and p_Step; p_IsC45 sic@ */

    /* @sic R5-153798, R5s150841: split of f_IMS_BuildSDP_AnnexC11_Step1or7, parameter p_AdditionalVoiceCodecs for C.45 sic@ */

    /* @sic R5-169060: allow no preconditions sic@ */

    var IMS_SDP_VoiceCodecList_Type v_VoiceCodecs;

    var template (value) SDP_bandwidth_list v_MediaBandwidth_List;

    var template (omit) SDP_attribute_list v_SDP_MediaAttributes := {};

    var template (omit) SDP_attribute_list v_SDP_PrecondionAttributes;

    var template (value) SemicolonParam_List v_EVS_FmtpParams;

    var integer v_FmtVal := str2int(tsc_SDP_FmtAudio);

    var SDP_fmt_list v_FmtList := {};

    var charstring v_Fmt;

    var charstring v_TelephoneEventBandwidth;

    var integer v_NoOfAdditionalVoiceCodecs;

    var integer i;

var boolean v_FBBA := f_IMS_PTC_SecurityScheme_IsSipDigest();  /* @sic R5-170782: considere FBBA sic@ */

    var boolean v_IsWLAN := match(WLAN, f_IMS_PTC_GetRanType());  /* @sic R5-171477 sic@ */

    v_NoOfAdditionalVoiceCodecs := lengthof(p_AdditionalVoiceCodecs);

    v_VoiceCodecs := p_AdditionalVoiceCodecs;

    if (not v_FBBA) {

      v_VoiceCodecs[v_NoOfAdditionalVoiceCodecs] := AMR_16000;      // @sic R5-168057: default AMR-WB codec sic@

      v_VoiceCodecs[v_NoOfAdditionalVoiceCodecs + 1] := AMR_8000;   // default AMR codec

      v_VoiceCodecs[v_NoOfAdditionalVoiceCodecs + 2] := DTMF_8000;       // @sic R5-165942: DTMF sic@

      v_VoiceCodecs[v_NoOfAdditionalVoiceCodecs + 3] := DTMF_16000;   

    } else {

      v_VoiceCodecs[v_NoOfAdditionalVoiceCodecs] := AMR_8000;       // default AMR codec

      v_VoiceCodecs[v_NoOfAdditionalVoiceCodecs + 1] := DTMF_8000;       // @sic R5-165942: DTMF sic@

    }

    if (v_NoOfAdditionalVoiceCodecs == 0) {                    

      v_MediaBandwidth_List := cs_SDP_Bandwidth_List_Media(37, 0, 2500);  /* media bandwidth acc. to C.11 @sic R5-130751; R5-134270: RR=2500; R5-144700: AS=37 sic@ */

    } else {

      v_MediaBandwidth_List := cs_SDP_Bandwidth_List_Media(65, 0, 2000);  /* media bandwidth acc. to C.45 INVITE (Step 1) */

    }

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

      v_Fmt := int2str(v_FmtVal);

      v_FmtList[i] := v_Fmt;

      select (v_VoiceCodecs[i]) {

        case (AMR_8000) {

          v_SDP_MediaAttributes := f_SDP_Attributes_Concat_TX(v_SDP_MediaAttributes, f_SDP_MediaAttributes_AudioCommon(v_Fmt));  /* @sic R5-165942: f_SDP_MediaAttributes_AudioCommon instead of f_SDP_MediaAttributes_AudioDef to have ptime, maxptime at the end of the list sic@ */

        }

        case (AMR_16000) {  /* SDP media attributes for AMR-WB according to C.45 step 1: */

          v_SDP_MediaAttributes := f_SDP_Attributes_Concat_TX(v_SDP_MediaAttributes, f_SDP_MediaAttributes_AMR_WB_AudioCommon(v_Fmt));

        }

        case (EVS_16000) {  /* SDP media attributes for EVS according to C.45 step 1: */

          v_EVS_FmtpParams := cs_EVS_Fmtp_AudioParams("8-48", "9.6-48", "nb-swb");     /* @sic R5-163042: value for br-recv sic@ */

          v_SDP_MediaAttributes := f_SDP_Attributes_Concat_TX(v_SDP_MediaAttributes, f_SDP_MediaAttributes_EVS_AudioCommon(v_Fmt, v_EVS_FmtpParams));

        }

        case (DTMF_8000) {  /* SDP media attributes for DTMF @sic R5-165942 sic@ */

          v_SDP_MediaAttributes := f_SDP_Attributes_Concat_TX(v_SDP_MediaAttributes, f_SDP_MediaAttributes_TelephoneEvent(v_Fmt, "8000"));        

        }

        case (DTMF_16000) {  /* SDP media attributes for DTMF @sic R5-165942 sic@ */

          v_SDP_MediaAttributes := f_SDP_Attributes_Concat_TX(v_SDP_MediaAttributes, f_SDP_MediaAttributes_TelephoneEvent(v_Fmt, "16000"));        

        }
      }

      v_FmtVal := v_FmtVal + 1;

    }

    v_SDP_MediaAttributes := f_SDP_Attributes_Concat_TX(v_SDP_MediaAttributes, cs_SDP_MediaAttributes_ptime_maxptime); // @sic R5-165942: to have ptime, maxptime at the end of the list sic@

    v_SDP_PrecondionAttributes := cs_SDP_PrecondionAttributes(c_none, c_none, c_mandatory, c_optional); /* @sic R5-153798: usage of cs_SDP_PrecondionAttributes sic@ */

    if(v_IsWLAN and p_PreconditionsRequired){ /* @sic R5-171477 - WLAN Annex C.11a sic@ */

     v_SDP_PrecondionAttributes := cs_SDP_PrecondionAttributes(c_send, c_none, c_mandatory, c_optional); /* @sic R5-153798: usage of cs_SDP_PrecondionAttributes sic@ */

    }

    return f_IMS_BuildSDP_TX(cs_SDP_Media_MultiAudio(v_FmtList), v_MediaBandwidth_List, v_SDP_MediaAttributes, v_SDP_PrecondionAttributes);

  }
Change 2
	Function name
	f_IMS_BuildSDP_AnnexC21_Step2

	Reason for change
	Same as in change 1.

	Summary of change
	Same as in change 1.

	TTCN module
	\Common\IMS\IMS_SDP_Messages.ttcn

	MCC160 Comment
	


Before change

    function f_IMS_BuildSDP_AnnexC21_Step2(boolean p_PreconditionsRequired := true,

                                         IMS_SDP_VoiceCodecList_Type p_VoiceCodecList := tsc_IMS_SDP_VoiceCodecList_C21) 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 */

    /* @sic R5s150704, R5s150751 - Additional changes: parameter p_PreconditionsRequired, f_IMS_BuildSDP_RX used instead of cr_SDP_Message_AnySession sic@ */

    /* @sic R5-160906: p_RtcpDuringVoiceSession removed sic@ */

    /* @sic R5-168053: p_VoiceCodecList sic@ */

    var template (present) SDP_attribute_list v_SDP_MediaAttributes := {};

    var template (present) integer v_BandwidthRS := ?;               /* @sic R5-160906 sic@ */

    var template (present) integer v_BandwidthRR := (1..infinity);   /* @sic R5-160906 sic@ */

    var template (present) SDP_attribute_list v_SDP_PrecondionAttributes := {};

    var boolean v_IsWLAN := match(WLAN, f_IMS_PTC_GetRanType());  /* @sic R5-171476 sic@ */

    var integer i;

    for (i:=0; i<lengthof(p_VoiceCodecList); i:=i+1) {   /* @sic R5-168031, R5-168053, R5-168054 sic@ */

      select (p_VoiceCodecList[i]) {

        case (AMR_8000) {

          v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_rtpmap(-, cr_RTPMAP_AMR_8000));           /* @sic R5s130681 change 2 sic@ */

          v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_fmtp(-, cr_AMR_Fmtp_DefaultParameters));  /* @sic R5w140113, R5w140009:

                                                                                                                                                cr_AMR_Fmtp_DefaultParameters replaces tsc_AMR_Fmtp_DefaultParameters_RX sic@ */

        }

        case (AMR_16000) {

          v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_rtpmap(-, cr_RTPMAP_AMR_16000));          /* @sic R5-168031  sic@ */

          v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_fmtp(-, cr_AMR_Fmtp_DefaultParameters));  /* @sic R5-168031  sic@ */

        }

        case (DTMF) {

          v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_rtpmap(-, cr_RTPMAP_TelephoneEvent));     /* @sic R5s130333 change 14.2 - pattern needs to include a rate sic@

                                                                                                                                                @sic R5s130798 change 5 - MCC160 Comment: rate is optional sic@ */

        }

        case else {

          FatalError(__FILE__, __LINE__, "");

        }

      }

    }

    v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_ptime);

    v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_maxptime);

    /* @sic R5-150709: cr_SDP_Attribute_inactive removed sic@ */

    if (pc_IMS_E2ae) {

      /* @sic R5-160293,  R5-160915 new TC H.12.3 sic@ */

      v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_3ge2ae);

      v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_crypto_sha1_80);

    }

    if (p_PreconditionsRequired) { /* @sic R5s150704, R5s150751 - Additional changes sic@ */

      v_SDP_PrecondionAttributes := cr_SDP_PrecondionAttributes(c_none, c_none, c_mandatory, c_optional);

    }

    if (v_IsWLAN and p_PreconditionsRequired){ /* @sic R5-171476 - WLAN Annex C.21a sic@ */

      v_SDP_PrecondionAttributes := cr_SDP_PrecondionAttributes(c_sendrecv, c_none, c_mandatory, c_optional);

    }

    return f_IMS_BuildSDP_RX(cr_SDP_Time_Any, cr_SDP_Media_Audio, v_SDP_MediaAttributes, v_SDP_PrecondionAttributes, -, v_BandwidthRS, v_BandwidthRR);

  }
After change

function f_IMS_BuildSDP_AnnexC21_Step2(boolean p_PreconditionsRequired := true,

                                         IMS_SDP_VoiceCodecList_Type p_VoiceCodecList := tsc_IMS_SDP_VoiceCodecList_C21) 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 */

    /* @sic R5s150704, R5s150751 - Additional changes: parameter p_PreconditionsRequired, f_IMS_BuildSDP_RX used instead of cr_SDP_Message_AnySession sic@ */

    /* @sic R5-160906: p_RtcpDuringVoiceSession removed sic@ */

    /* @sic R5-168053: p_VoiceCodecList sic@ */

    var template (present) SDP_attribute_list v_SDP_MediaAttributes := {};

    var template (present) integer v_BandwidthRS := ?;               /* @sic R5-160906 sic@ */

    var template (present) integer v_BandwidthRR := (1..infinity);   /* @sic R5-160906 sic@ */

    var template (present) SDP_attribute_list v_SDP_PrecondionAttributes := {};

    var boolean v_IsWLAN := match(WLAN, f_IMS_PTC_GetRanType());  /* @sic R5-171476 sic@ */

    var integer i;

    for (i:=0; i<lengthof(p_VoiceCodecList); i:=i+1) {   /* @sic R5-168031, R5-168053, R5-168054 sic@ */

      select (p_VoiceCodecList[i]) {

        case (AMR_8000) {

          v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_rtpmap(-, cr_RTPMAP_AMR_8000));           /* @sic R5s130681 change 2 sic@ */

          v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_fmtp(-, cr_AMR_Fmtp_DefaultParameters));  /* @sic R5w140113, R5w140009:

                                                                                                                                                cr_AMR_Fmtp_DefaultParameters replaces tsc_AMR_Fmtp_DefaultParameters_RX sic@ */

        }

        case (AMR_16000) {

          v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_rtpmap(-, cr_RTPMAP_AMR_16000));          /* @sic R5-168031  sic@ */

          v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_fmtp(-, cr_AMR_Fmtp_DefaultParameters));  /* @sic R5-168031  sic@ */

        }

        case (DTMF_8000) {      

          v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_rtpmap(-, cr_RTPMAP_TelephoneEvent));     /* @sic R5s130333 change 14.2 - pattern needs to include a rate sic@

                                                                                                                                                @sic R5s130798 change 5 - MCC160 Comment: rate is optional sic@ */

        }

        case (DTMF_16000) {

          v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_rtpmap(-, cr_RTPMAP_TelephoneEvent));     /* @sic R5s130333 change 14.2 - pattern needs to include a rate sic@

                                                                                                                                                @sic R5s130798 change 5 - MCC160 Comment: rate is optional sic@ */

        }
        case else {

          FatalError(__FILE__, __LINE__, "");

        }

      }

    }

    v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_ptime);

    v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_maxptime);

    /* @sic R5-150709: cr_SDP_Attribute_inactive removed sic@ */

    if (pc_IMS_E2ae) {

      /* @sic R5-160293,  R5-160915 new TC H.12.3 sic@ */

      v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_3ge2ae);

      v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_crypto_sha1_80);

    }

    if (p_PreconditionsRequired) { /* @sic R5s150704, R5s150751 - Additional changes sic@ */

      v_SDP_PrecondionAttributes := cr_SDP_PrecondionAttributes(c_none, c_none, c_mandatory, c_optional);

    }

    if (v_IsWLAN and p_PreconditionsRequired){ /* @sic R5-171476 - WLAN Annex C.21a sic@ */

      v_SDP_PrecondionAttributes := cr_SDP_PrecondionAttributes(c_sendrecv, c_none, c_mandatory, c_optional);

    }

    return f_IMS_BuildSDP_RX(cr_SDP_Time_Any, cr_SDP_Media_Audio, v_SDP_MediaAttributes, v_SDP_PrecondionAttributes, -, v_BandwidthRS, v_BandwidthRR);

  }
Change 3
	Type/Template name
	IMS_SDP_VoiceCodec_Type, tsc_IMS_SDP_VoiceCodecList_C21

	Reason for change
	Same as in change 1.

	Summary of change
	Same as in change 1.

	TTCN module
	\Common\IMS\IMS_CommonDefs.ttcn

	MCC160 Comment
	


Before change

    module IMS_CommonDefs {

  import from CommonDefs all;

  import from Parameters all;

  type enumerated IMS_SDP_VoiceCodec_Type { AMR_8000, AMR_16000, EVS_16000, DTMF };  /* @status    APPROVED (IMS, IMS_IRAT, LTE, LTE_A_IRAT, LTE_A_R12, LTE_IRAT)

                                                                                        @sic R5-165942: DTMF sic@*/

  type record of IMS_SDP_VoiceCodec_Type IMS_SDP_VoiceCodecList_Type;                /* @status    APPROVED (IMS, IMS_IRAT, LTE, LTE_A_IRAT, LTE_A_R12, LTE_IRAT) */

  const IMS_SDP_VoiceCodecList_Type tsc_IMS_SDP_VoiceCodecList_C21 := {AMR_16000, AMR_8000, DTMF};             /* @status    APPROVED (IMS, IMS_IRAT, LTE, LTE_A_IRAT, LTE_A_R12) */
After change

module IMS_CommonDefs {

  import from CommonDefs all;

  import from Parameters all;

  type enumerated IMS_SDP_VoiceCodec_Type { AMR_8000, AMR_16000, EVS_16000, DTMF_8000, DTMF_16000 };  /* @status    APPROVED (IMS, IMS_IRAT, LTE, LTE_A_IRAT, LTE_A_R12, LTE_IRAT)                                                                                                      @sic R5-165942: DTMF sic@*/

  type record of IMS_SDP_VoiceCodec_Type IMS_SDP_VoiceCodecList_Type;                /* @status    APPROVED (IMS, IMS_IRAT, LTE, LTE_A_IRAT, LTE_A_R12, LTE_IRAT) */

  const IMS_SDP_VoiceCodecList_Type tsc_IMS_SDP_VoiceCodecList_C21 := {AMR_16000, AMR_8000, DTMF_8000, DTMF_16000};             /* @status    APPROVED (IMS, IMS_IRAT, LTE, LTE_A_IRAT, LTE_A_R12) */ 
Change 4
	Function name
	f_TC_H_12_4_IMS1

	Reason for change
	Same as in change 1.

	Summary of change
	Same as in change 1.

	TTCN module
	IMS_FBBA\source\IMS\H_12\IMS_FBBA_CallControlTestcases.ttcn

	MCC160 Comment
	


Before change

   function f_TC_H_12_4_IMS1() runs on IMS_PTC

  {

    const IMS_CallType_Type const_NORMALCALL := NORMAL_CALL;

    var IMS_InviteRequestWithSdp_Type v_InviteRequestWithSdp;

    var charstring v_ContactUri := px_IMS_CalleeContactUri;

    var template (value) SDP_Message v_SDP_MessageTx;

    var boolean v_PreconditionsRequired := false;

    f_IMS_CC_Preamble(IPCAN_SpeechCall, IMS_NULL, SIP_Digest, FBBA);

    f_IMS_TestBody_Set(true);

    // @siclog "Step 1" siclog@

    f_IMS_CC_StartCall(IPCAN_MO_SpeechCall);

    // @siclog "Step 2 w/o precondition" siclog@

    v_InviteRequestWithSdp := valueof(f_IMS_MOCallSetup_AnnexC21_Step2_Optional(f_IMS_BuildSDP_AnnexC21_Step2(false, {AMR_8000, DTMF}), -, A_2_1_A4, -, -, {}, -, false));

    // @siclog "C21c: Step 3" siclog@

    f_IMS_MOCallSetup_AnnexC21_Step3(v_InviteRequestWithSdp);

    // @siclog "C21c: Step 4 - 8 (C21: Step 9 - 13)" siclog@

    // Step 4. SS sends a 180 Ringing.

    v_SDP_MessageTx := f_IMS_BuildSDP_AnnexC21_Step4(v_InviteRequestWithSdp.SdpOffer, v_PreconditionsRequired, AMR_8000, -);

    f_IMS_MOCallSetup_AnnexC21c_Step4_6(v_InviteRequestWithSdp, v_ContactUri, -, const_NORMALCALL,v_SDP_MessageTx);

    // @siclog "C21c: Step 7 - 8 (C21: Step 12 - 13)" siclog@

    f_IMS_MOCallSetup_AnnexC21C25_Step12_13(v_InviteRequestWithSdp, v_ContactUri, const_NORMALCALL);

    // @siclog "Step 9 - 11" siclog@

    f_IMS_CallReleaseMO(v_InviteRequestWithSdp.Invite,-,-,-,true);

    f_IMS_TestBody_Set(false);

    f_IMS_CC_Postamble(IPCAN_MO_SpeechCall);

  } 
After change

function f_TC_H_12_4_IMS1() runs on IMS_PTC

  {

    const IMS_CallType_Type const_NORMALCALL := NORMAL_CALL;

    var IMS_InviteRequestWithSdp_Type v_InviteRequestWithSdp;

    var charstring v_ContactUri := px_IMS_CalleeContactUri;

    var template (value) SDP_Message v_SDP_MessageTx;

    var boolean v_PreconditionsRequired := false;

    f_IMS_CC_Preamble(IPCAN_SpeechCall, IMS_NULL, SIP_Digest, FBBA);

    f_IMS_TestBody_Set(true);

    // @siclog "Step 1" siclog@

    f_IMS_CC_StartCall(IPCAN_MO_SpeechCall);

    // @siclog "Step 2 w/o precondition" siclog@

    v_InviteRequestWithSdp := valueof(f_IMS_MOCallSetup_AnnexC21_Step2_Optional(f_IMS_BuildSDP_AnnexC21_Step2(false, {AMR_8000, DTMF_8000}), -, A_2_1_A4, -, -, {}, -, false));    

    // @siclog "C21c: Step 3" siclog@

    f_IMS_MOCallSetup_AnnexC21_Step3(v_InviteRequestWithSdp);

    // @siclog "C21c: Step 4 - 8 (C21: Step 9 - 13)" siclog@

    // Step 4. SS sends a 180 Ringing.

    v_SDP_MessageTx := f_IMS_BuildSDP_AnnexC21_Step4(v_InviteRequestWithSdp.SdpOffer, v_PreconditionsRequired, AMR_8000, -);

    f_IMS_MOCallSetup_AnnexC21c_Step4_6(v_InviteRequestWithSdp, v_ContactUri, -, const_NORMALCALL,v_SDP_MessageTx);

    // @siclog "C21c: Step 7 - 8 (C21: Step 12 - 13)" siclog@

    f_IMS_MOCallSetup_AnnexC21C25_Step12_13(v_InviteRequestWithSdp, v_ContactUri, const_NORMALCALL);

    // @siclog "Step 9 - 11" siclog@

    f_IMS_CallReleaseMO(v_InviteRequestWithSdp.Invite,-,-,-,true);

    f_IMS_TestBody_Set(false);

    f_IMS_CC_Postamble(IPCAN_MO_SpeechCall);

  }
Change 5
	Function name
	f_IMS_BuildSDP_AnnexC39_C40_Step2

	Reason for change
	Same as in change 1.

	Summary of change
	Same as in change 1.

	TTCN module
	\LTE_A_IRAT\source\LTE_A_IRAT\13\RSRVCC_EUTRA_IMS.ttcn

	MCC160 Comment
	


Before change

    function f_IMS_BuildSDP_AnnexC39_C40_Step2() runs on IMS_PTC return template (present) SDP_Message

  { /* @sic R5-160906: p_RtcpDuringVoiceSession removed sic@ */

    var boolean v_PreconditionsRequired := false;

    var IMS_SDP_VoiceCodecList_Type v_IMS_SDP_VoiceCodecList_C39C40 := {AMR_16000, DTMF}; /* @sic R5-168053, R5-168054 sic@ */

    return f_IMS_BuildSDP_AnnexC21_Step2(v_PreconditionsRequired, v_IMS_SDP_VoiceCodecList_C39C40);

  }
After change
function f_IMS_BuildSDP_AnnexC39_C40_Step2() runs on IMS_PTC return template (present) SDP_Message

  { /* @sic R5-160906: p_RtcpDuringVoiceSession removed sic@ */

    var boolean v_PreconditionsRequired := false;

    var IMS_SDP_VoiceCodecList_Type v_IMS_SDP_VoiceCodecList_C39C40 := {AMR_16000, DTMF_16000}; /* @sic R5-168053, R5-168054 sic@ */       

    return f_IMS_BuildSDP_AnnexC21_Step2(v_PreconditionsRequired, v_IMS_SDP_VoiceCodecList_C39C40);

  }

