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1. Overview

This document lists all changes needed to correct problems in the TTCN implementation of test case 12.23 which is part of the IMS test suite in the ‘iwd-TTCN3-B2015-03_D16wk10’ ATS delivery.

The test case can be demonstrated to run one IMS UE (see below). Execution logs are provided as evidence.

2. Verification Test Summary

Test Case:
TC_12_23
ATS Version:
iwd-TTCN3-B2015-03_D16wk10
System Simulator used:
R&S CMW500
Anite Conformance Toolset solution
Anritsu Protocol Conformance Test System ME7834L
UE used:
Qualcomm MSM 8996
Verification Status:
PASS
3. Corrections required for test case 12.23
Change 1 
	Function name
	f_IMS_SDP_CheckMediaDescr_VoiceCodec()

	Reason for change
	When checking SDP media description, specific FMTP parameters need to be applied for EVS codec

	Summary of change
	Pass FMTP paramters for EVS into function f_SDP_MediaDescr_GetVoiceCodec()

	TTCN module
	IMS_Procedures_CallControl.ttcn

	MCC160 Comment
	Accepted in principle (see below)


Before change

function f_IMS_SDP_CheckMediaDescr_VoiceCodec(SDP_media_desc p_SDP_Media_Desc,

                                                IMS_SDP_VoiceCodec_Type p_VoiceCodec) runs on IMS_PTC

  { /* @sic R5-151968: new function replacing f_IMS_SDP_CheckMediaDescr_AMR_8000_1, f_IMS_SDP_CheckMediaDescr_AMR_16000_1, f_IMS_SDP_CheckMediaDescr_EVS_16000_1 sic@ */

    var charstring v_Fmt := f_SDP_MediaDescr_GetVoiceCodec(p_SDP_Media_Desc, p_VoiceCodec);
    if (v_Fmt == "") {

      f_IMS_SetVerdictFailOrInconc(__FILE__, __LINE__, "expected voice codec not found in given media description");

    }

    /* check of the red-max parameter: */

    fl_IMS_SDP_Fmtp_CheckMaxRed(p_SDP_Media_Desc.attributes, v_Fmt);

  }
After change

   function f_IMS_SDP_CheckMediaDescr_VoiceCodec(SDP_media_desc p_SDP_Media_Desc,

                                                IMS_SDP_VoiceCodec_Type p_VoiceCodec) runs on IMS_PTC

  { /* @sic R5-151968: new function replacing f_IMS_SDP_CheckMediaDescr_AMR_8000_1, f_IMS_SDP_CheckMediaDescr_AMR_16000_1, f_IMS_SDP_CheckMediaDescr_EVS_16000_1 sic@ */
var charstring v_fmt;
if(p_VoiceCodec == EVS_16000){
    v_Fmt := f_SDP_MediaDescr_GetVoiceCodec(p_SDP_Media_Desc, p_VoiceCodec, cr_EVS_Fmtp_DefaultParameters);
}
else

{
    v_Fmt := f_SDP_MediaDescr_GetVoiceCodec(p_SDP_Media_Desc, p_VoiceCodec);
}
    if (v_Fmt == "") {

      f_IMS_SetVerdictFailOrInconc(__FILE__, __LINE__, "expected voice codec not found in given media description");

    }

    /* check of the red-max parameter: */

    fl_IMS_SDP_Fmtp_CheckMaxRed(p_SDP_Media_Desc.attributes, v_Fmt);

  }
MCC160 Implementation
	  function f_SDP_FmtpDefaultParametersVoiceCodecRX(IMS_SDP_VoiceCodec_Type p_VoiceCodec) return template (present) SDP_attribute_fmtp_format_specific_params

  {

    var template (present) SDP_attribute_fmtp_format_specific_params v_FmtpParameters;

    select (p_VoiceCodec) {

      case (EVS_16000) {

        v_FmtpParameters := cr_EVS_Fmtp_DefaultParameters;

      }

      case (AMR_8000, AMR_16000) {

        v_FmtpParameters := cr_AMR_Fmtp_DefaultParameters;

      }

      case else {

        FatalError(__FILE__, __LINE__, "Unknown codec");

      }

    }

    return v_FmtpParameters;

  }

	  function f_IMS_SDP_CheckMediaDescr_VoiceCodec(SDP_media_desc p_SDP_Media_Desc,

                                                IMS_SDP_VoiceCodec_Type p_VoiceCodec) runs on IMS_PTC

  { /* @sic R5-151968: new function replacing f_IMS_SDP_CheckMediaDescr_AMR_8000_1, f_IMS_SDP_CheckMediaDescr_AMR_16000_1, f_IMS_SDP_CheckMediaDescr_EVS_16000_1 sic@ */ 
    var template (present) SDP_attribute_fmtp_format_specific_params v_FmtpParameters := f_SDP_FmtpDefaultParametersVoiceCodecRX(p_VoiceCodec); 
    var charstring v_Fmt := f_SDP_MediaDescr_GetVoiceCodec(p_SDP_Media_Desc, p_VoiceCodec, v_FmtpParameters);

    if (v_Fmt == "") {

      f_IMS_SetVerdictFailOrInconc(__FILE__, __LINE__, "expected voice codec not found in given media description");

    }

    /* check of the red-max parameter: */

    fl_IMS_SDP_Fmtp_CheckMaxRed(p_SDP_Media_Desc.attributes, v_Fmt);

  }

	  function f_SDP_MediaDescr_GetVoiceCodec(SDP_media_desc p_SDP_Media_Desc,

                                          IMS_SDP_VoiceCodec_Type p_VoiceCodec,

                                          template SDP_attribute_fmtp_format_specific_params p_FmtpParameters) return charstring

  {

    var template (present) SDP_attribute_rtpmap_codec v_RtpmapCodecInfo := f_SDP_AttributeRtpmapVoiceRX(p_VoiceCodec);

    return f_SDP_MediaDescr_GetMediaFormat(p_SDP_Media_Desc, v_RtpmapCodecInfo, p_FmtpParameters);

  }


Change 2
	Function name
	f_IMS_BuildSDP_AnnexC21_step4()

	Reason for change
	1. When creating FMTP attributes, specific parameters need to be applied for EVS codec 

2. Currently the function f_SDP_MediaAttributes_EVS_AudioDef() is incorrectly called for WB-AMR codec

	Summary of change
	1. Create FMTP attribute separately for each audio codec

2.  Correct function call to create media attributes for WB-AMR codec.

	TTCN module
	IMS_SDP_Messages.ttcn

	MCC160 Comment
	Accepted in principle (see below)


Before change

function f_IMS_BuildSDP_AnnexC21_Step4(SDP_Message p_SDP_MessageInvite,

                                         boolean p_PreconditionsRequired := true,

                                         IMS_SDP_VoiceCodec_Type p_VoiceCodec := AMR_8000)

    runs on IMS_PTC

    return template (value) SDP_Message

  { /* @sic R5-135020: parameter p_SDP_MessageInvite to get RR and RS values sic@ */

    /* @sic R5-144402: p_IPAddrOrigin removed sic@ */

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

    /* @sic R5-151968: p_IsC44 sic@ */

    /* @sic R5s150704, R5s150751 - Additional changes: p_PreconditionsRequired sic@ */

    /* @sic R5-153999: p_IsC44 renamed to p_VoiceCodec sic@ */

    var integer i;

    var template (omit) SDP_attribute v_Attribute;

    var SDP_media_desc v_SDP_Media_Invite := p_SDP_MessageInvite.media_list[0];

    var charstring v_FmtAudio := f_SDP_MediaDescr_GetVoiceCodec(v_SDP_Media_Invite, p_VoiceCodec);
    var integer v_BandwidthRS := f_SDP_BandwidthList_GetBandwidth(v_SDP_Media_Invite.bandwidth, "RS");

    var integer v_BandwidthRR := f_SDP_BandwidthList_GetBandwidth(v_SDP_Media_Invite.bandwidth, "RR");

    var template (value) SDP_bandwidth_list v_Bandwidth_List_Media := cs_SDP_Bandwidth_List_Media(37, v_BandwidthRS, v_BandwidthRR); // @sic R5-123505, R5-135020; R5-144700: AS=37 sic@

    var template (omit) SDP_attribute_list v_SDP_MediaAttributes;

    var template (value) SDP_attribute_list v_AdditionalOptionalAttributes;

    var template (omit) SDP_attribute_list v_SDP_PrecondionAttributes := omit;

    var template (omit) SemicolonParam_List v_FmtpParameterList_Step4 := omit;

    var SemicolonParam_List v_FmtpParameterList_Step2;

    var CharStringList_Type v_FmtpParametersToBoCopied;

    select (p_VoiceCodec) {    // @sic R5-151968, R5-153999 sic@

      case (EVS_16000){     // C.44 @sic R5-153999 sic@

        v_FmtpParametersToBoCopied := { "br", "br-send", "br-recv" };

        v_FmtpParameterList_Step2 := f_SDP_MediaDescr_GetCodecParameters(v_SDP_Media_Invite.attributes, v_FmtAudio);

        v_FmtpParameterList_Step4 := f_SIP_SemicolonParamList_CopyParams(v_FmtpParameterList_Step2, v_FmtpParameterList_Step4, v_FmtpParametersToBoCopied);

        v_FmtpParameterList_Step4 := f_SemicolonParam_List_Add_TX(v_FmtpParameterList_Step4, cs_AMR_MaxRed);

        v_SDP_MediaAttributes := f_SDP_MediaAttributes_EVS_AudioDef(v_FmtAudio, v_FmtpParameterList_Step4);

      }

      case (AMR_16000){       // @sic R5-153950 sic@

        v_SDP_MediaAttributes := f_SDP_MediaAttributes_EVS_AudioDef(v_FmtAudio);

        v_Bandwidth_List_Media := cs_SDP_Bandwidth_List_Media(38, v_BandwidthRS, v_BandwidthRR);

      }

      case (AMR_8000){

        v_SDP_MediaAttributes := f_SDP_MediaAttributes_AudioDef(v_FmtAudio);   /* @sic R5-144693: new function f_SDP_MediaAttributes_AudioDef sic@ */

      }

    }

    if (f_SDP_AttributeList_CheckAttribute(v_SDP_Media_Invite.attributes, cr_SDP_Attribute_inactive)) {               /* @sic R5-150694 sic@ */

      v_SDP_MediaAttributes := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes, cs_SDP_Attribute_inactive);

    }

    // additional attributes to be added (using f_SDP_Attributes_Add_TX):

    // a=ecn-capable-rtp: leap; ect=0 [Note 3]

    // a=rtcp-fb:* nack ecn [Note 3]

    // a=rtcp-xr:ecn-sum [Note 3]

    // a=3ge2ae: requested [Note 1]

    // a=crypto:1 AES_CM_128_HMAC_SHA1_80inline:PS1uQCVeeCFCanVmcjkpPywjNWhcYD0mXXtxaVBR|2^20|1:4 [Note 4]

    v_AdditionalOptionalAttributes := {    /* @sic R5s140359 - Additional Changes sic@ */

      cs_SDP_Attribute_ecn_capable_rtp("leap", "ect=0"),

      cs_SDP_Attribute_rtcp_fb("*", "nack ecn"),

      cs_SDP_Attribute_rtcp_xr("ecn-sum"),

      cs_SDP_Attribute_3ge2ae("requested"),

      cs_SDP_Attribute_crypto("1", "AES_CM_128_HMAC_SHA1_80", "inline:PS1uQCVeeCFCanVmcjkpPywjNWhcYD0mXXtxaVBR|2^20|1:4")

    };

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

      v_Attribute := f_SDP_AttributeList_GetAttribute(p_SDP_MessageInvite.attributes, v_AdditionalOptionalAttributes[i]);

      v_SDP_MediaAttributes := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes, v_Attribute);

    }

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

      v_SDP_PrecondionAttributes := cs_SDP_PrecondionAttributes(c_none, c_none, c_mandatory, c_mandatory);

      v_SDP_PrecondionAttributes := f_SDP_Attributes_Add_TX(v_SDP_PrecondionAttributes, cs_SDP_Attribute_conf_qos);   // @sic R5s120530 change 3.5 sic@

    }

    return f_IMS_BuildSDP_TX(cs_SDP_Media_Audio(v_FmtAudio), v_Bandwidth_List_Media, v_SDP_MediaAttributes, v_SDP_PrecondionAttributes);

  }
After change

function f_IMS_BuildSDP_AnnexC21_Step4(SDP_Message p_SDP_MessageInvite,

                                         boolean p_PreconditionsRequired := true,

                                         IMS_SDP_VoiceCodec_Type p_VoiceCodec := AMR_8000)

    runs on IMS_PTC

    return template (value) SDP_Message

  { /* @sic R5-135020: parameter p_SDP_MessageInvite to get RR and RS values sic@ */

    /* @sic R5-144402: p_IPAddrOrigin removed sic@ */

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

    /* @sic R5-151968: p_IsC44 sic@ */

    /* @sic R5s150704, R5s150751 - Additional changes: p_PreconditionsRequired sic@ */

    /* @sic R5-153999: p_IsC44 renamed to p_VoiceCodec sic@ */

    var integer i;

    var template (omit) SDP_attribute v_Attribute;

    var SDP_media_desc v_SDP_Media_Invite := p_SDP_MessageInvite.media_list[0];

    var charstring v_FmtAudio; 

    var integer v_BandwidthRS := f_SDP_BandwidthList_GetBandwidth(v_SDP_Media_Invite.bandwidth, "RS");

    var integer v_BandwidthRR := f_SDP_BandwidthList_GetBandwidth(v_SDP_Media_Invite.bandwidth, "RR");

    var template (value) SDP_bandwidth_list v_Bandwidth_List_Media := cs_SDP_Bandwidth_List_Media(37, v_BandwidthRS, v_BandwidthRR); // @sic R5-123505, R5-135020; R5-144700: AS=37 sic@

    var template (omit) SDP_attribute_list v_SDP_MediaAttributes;

    var template (value) SDP_attribute_list v_AdditionalOptionalAttributes;

    var template (omit) SDP_attribute_list v_SDP_PrecondionAttributes := omit;

    var template (omit) SemicolonParam_List v_FmtpParameterList_Step4 := omit;

    var SemicolonParam_List v_FmtpParameterList_Step2;

    var CharStringList_Type v_FmtpParametersToBoCopied;

    select (p_VoiceCodec) {    // @sic R5-151968, R5-153999 sic@

      case (EVS_16000){     // C.44 @sic R5-153999 sic@
        v_FmtAudio := f_SDP_MediaDescr_GetVoiceCodec(v_SDP_Media_Invite, p_VoiceCodec, cr_EVS_Fmtp_DefaultParameters);
        v_FmtpParametersToBoCopied := { "br", "br-send", "br-recv" };

        v_FmtpParameterList_Step2 := f_SDP_MediaDescr_GetCodecParameters(v_SDP_Media_Invite.attributes, v_FmtAudio);

        v_FmtpParameterList_Step4 := f_SIP_SemicolonParamList_CopyParams(v_FmtpParameterList_Step2, v_FmtpParameterList_Step4, v_FmtpParametersToBoCopied);

        v_FmtpParameterList_Step4 := f_SemicolonParam_List_Add_TX(v_FmtpParameterList_Step4, cs_AMR_MaxRed);

        v_SDP_MediaAttributes := f_SDP_MediaAttributes_EVS_AudioDef(v_FmtAudio, v_FmtpParameterList_Step4);

      }

      case (AMR_16000){       // @sic R5-153950 sic@
        v_FmtAudio := f_SDP_MediaDescr_GetVoiceCodec(v_SDP_Media_Invite, p_VoiceCodec);
        v_SDP_MediaAttributes := f_SDP_MediaAttributes_AMR_WB_AudioDef(v_FmtAudio);

        v_Bandwidth_List_Media := cs_SDP_Bandwidth_List_Media(38, v_BandwidthRS, v_BandwidthRR);

      }

      case (AMR_8000){
        v_FmtAudio := f_SDP_MediaDescr_GetVoiceCodec(v_SDP_Media_Invite, p_VoiceCodec);
        v_SDP_MediaAttributes := f_SDP_MediaAttributes_AudioDef(v_FmtAudio);   /* @sic R5-144693: new function f_SDP_MediaAttributes_AudioDef sic@ */

      }

    }

    if (f_SDP_AttributeList_CheckAttribute(v_SDP_Media_Invite.attributes, cr_SDP_Attribute_inactive)) {               /* @sic R5-150694 sic@ */

      v_SDP_MediaAttributes := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes, cs_SDP_Attribute_inactive);

    }

    // additional attributes to be added (using f_SDP_Attributes_Add_TX):

    // a=ecn-capable-rtp: leap; ect=0 [Note 3]

    // a=rtcp-fb:* nack ecn [Note 3]

    // a=rtcp-xr:ecn-sum [Note 3]

    // a=3ge2ae: requested [Note 1]

    // a=crypto:1 AES_CM_128_HMAC_SHA1_80inline:PS1uQCVeeCFCanVmcjkpPywjNWhcYD0mXXtxaVBR|2^20|1:4 [Note 4]

    v_AdditionalOptionalAttributes := {    /* @sic R5s140359 - Additional Changes sic@ */

      cs_SDP_Attribute_ecn_capable_rtp("leap", "ect=0"),

      cs_SDP_Attribute_rtcp_fb("*", "nack ecn"),

      cs_SDP_Attribute_rtcp_xr("ecn-sum"),

      cs_SDP_Attribute_3ge2ae("requested"),

      cs_SDP_Attribute_crypto("1", "AES_CM_128_HMAC_SHA1_80", "inline:PS1uQCVeeCFCanVmcjkpPywjNWhcYD0mXXtxaVBR|2^20|1:4")

    };

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

      v_Attribute := f_SDP_AttributeList_GetAttribute(p_SDP_MessageInvite.attributes, v_AdditionalOptionalAttributes[i]);

      v_SDP_MediaAttributes := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes, v_Attribute);

    }

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

      v_SDP_PrecondionAttributes := cs_SDP_PrecondionAttributes(c_none, c_none, c_mandatory, c_mandatory);

      v_SDP_PrecondionAttributes := f_SDP_Attributes_Add_TX(v_SDP_PrecondionAttributes, cs_SDP_Attribute_conf_qos);   // @sic R5s120530 change 3.5 sic@

    }

    return f_IMS_BuildSDP_TX(cs_SDP_Media_Audio(v_FmtAudio), v_Bandwidth_List_Media, v_SDP_MediaAttributes, v_SDP_PrecondionAttributes);

  }
MCC160 Implementation
	  function f_IMS_BuildSDP_AnnexC21_Step4(SDP_Message p_SDP_MessageInvite,

                                         boolean p_PreconditionsRequired := true,

                                         IMS_SDP_VoiceCodec_Type p_VoiceCodec := AMR_8000)

    runs on IMS_PTC

    return template (value) SDP_Message

  { /* @sic R5-135020: parameter p_SDP_MessageInvite to get RR and RS values sic@ */

    /* @sic R5-144402: p_IPAddrOrigin removed sic@ */

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

    /* @sic R5-151968: p_IsC44 sic@ */

    /* @sic R5s150704, R5s150751 - Additional changes: p_PreconditionsRequired sic@ */

    /* @sic R5-153999: p_IsC44 renamed to p_VoiceCodec sic@ */

    var integer i;

    var template (omit) SDP_attribute v_Attribute;

    var SDP_media_desc v_SDP_Media_Invite := p_SDP_MessageInvite.media_list[0];
    var template (present) SDP_attribute_fmtp_format_specific_params v_FmtpParameters := f_SDP_FmtpDefaultParametersVoiceCodecRX(p_VoiceCodec);
    var charstring v_FmtAudio := f_SDP_MediaDescr_GetVoiceCodec(v_SDP_Media_Invite, p_VoiceCodec, v_FmtpParameters);

    var integer v_BandwidthRS := f_SDP_BandwidthList_GetBandwidth(v_SDP_Media_Invite.bandwidth, "RS");

    var integer v_BandwidthRR := f_SDP_BandwidthList_GetBandwidth(v_SDP_Media_Invite.bandwidth, "RR");

    var template (value) SDP_bandwidth_list v_Bandwidth_List_Media := cs_SDP_Bandwidth_List_Media(37, v_BandwidthRS, v_BandwidthRR); // @sic R5-123505, R5-135020; R5-144700: AS=37 sic@

    var template (omit) SDP_attribute_list v_SDP_MediaAttributes;

    var template (value) SDP_attribute_list v_AdditionalOptionalAttributes;

    var template (omit) SDP_attribute_list v_SDP_PrecondionAttributes := omit;

    var template (omit) SemicolonParam_List v_FmtpParameterList_Step4 := omit;

    var SemicolonParam_List v_FmtpParameterList_Step2;

    var CharStringList_Type v_FmtpParametersToBoCopied;

    select (p_VoiceCodec) {    // @sic R5-151968, R5-153999 sic@

      case (EVS_16000){     // C.44 @sic R5-153999 sic@

        v_FmtpParametersToBoCopied := { "br", "br-send", "br-recv" };

        v_FmtpParameterList_Step2 := f_SDP_MediaDescr_GetCodecParameters(v_SDP_Media_Invite.attributes, v_FmtAudio);

        v_FmtpParameterList_Step4 := f_SIP_SemicolonParamList_CopyParams(v_FmtpParameterList_Step2, v_FmtpParameterList_Step4, v_FmtpParametersToBoCopied);

        v_FmtpParameterList_Step4 := f_SemicolonParam_List_Add_TX(v_FmtpParameterList_Step4, cs_AMR_MaxRed);

        v_SDP_MediaAttributes := f_SDP_MediaAttributes_EVS_AudioDef(v_FmtAudio, valueof(v_FmtpParameterList_Step4));   // valueof to avoid compiler warning

      }

      case (AMR_16000){       // @sic R5-153950 sic@

        v_SDP_MediaAttributes := f_SDP_MediaAttributes_AMR_WB_AudioDef (v_FmtAudio);

        v_Bandwidth_List_Media := cs_SDP_Bandwidth_List_Media(38, v_BandwidthRS, v_BandwidthRR);

      }

      case (AMR_8000){

        v_SDP_MediaAttributes := f_SDP_MediaAttributes_AudioDef(v_FmtAudio);   /* @sic R5-144693: new function f_SDP_MediaAttributes_AudioDef sic@ */

      }

    }

    if (f_SDP_AttributeList_CheckAttribute(v_SDP_Media_Invite.attributes, cr_SDP_Attribute_inactive)) {               /* @sic R5-150694 sic@ */

      v_SDP_MediaAttributes := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes, cs_SDP_Attribute_inactive);

    }

    // additional attributes to be added (using f_SDP_Attributes_Add_TX):

    // a=ecn-capable-rtp: leap; ect=0 [Note 3]

    // a=rtcp-fb:* nack ecn [Note 3]

    // a=rtcp-xr:ecn-sum [Note 3]

    // a=3ge2ae: requested [Note 1]

    // a=crypto:1 AES_CM_128_HMAC_SHA1_80inline:PS1uQCVeeCFCanVmcjkpPywjNWhcYD0mXXtxaVBR|2^20|1:4 [Note 4]

    v_AdditionalOptionalAttributes := {    /* @sic R5s140359 - Additional Changes sic@ */

      cs_SDP_Attribute_ecn_capable_rtp("leap", "ect=0"),

      cs_SDP_Attribute_rtcp_fb("*", "nack ecn"),

      cs_SDP_Attribute_rtcp_xr("ecn-sum"),

      cs_SDP_Attribute_3ge2ae("requested"),

      cs_SDP_Attribute_crypto("1", "AES_CM_128_HMAC_SHA1_80", "inline:PS1uQCVeeCFCanVmcjkpPywjNWhcYD0mXXtxaVBR|2^20|1:4")

    };

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

      v_Attribute := f_SDP_AttributeList_GetAttribute(p_SDP_MessageInvite.attributes, v_AdditionalOptionalAttributes[i]);

      v_SDP_MediaAttributes := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes, v_Attribute);

    }

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

      v_SDP_PrecondionAttributes := cs_SDP_PrecondionAttributes(c_none, c_none, c_mandatory, c_mandatory);

      v_SDP_PrecondionAttributes := f_SDP_Attributes_Add_TX(v_SDP_PrecondionAttributes, cs_SDP_Attribute_conf_qos);   // @sic R5s120530 change 3.5 sic@

    }

    return f_IMS_BuildSDP_TX(cs_SDP_Media_Audio(v_FmtAudio), v_Bandwidth_List_Media, v_SDP_MediaAttributes, v_SDP_PrecondionAttributes);

  }


Change 3
	Function name
	f_IMS_BuildSDP_AnnexC21_step5or7()

	Reason for change
	Currently the SDP media description is created based on AMR 8000 codec so paramters for EVS are not correct.

	Summary of change
	Create SDP media description based on p_VoiceCodec parameter using new functions (see changes 4 and 5)

	TTCN module
	IMS_SDP_Messages.ttcn

	MCC160 Comment
	Accepted in principle (see below)


Before change

function f_IMS_BuildSDP_AnnexC21_Step5or7(SDP_Message p_SDP_MessageInvite,

                                            boolean p_ResourcesEstablished := false,

                                            IMS_SDP_VoiceCodec_Type p_VoiceCodec := AMR_8000)

    runs on IMS_PTC

    return template (present) SDP_Message

  { /* @sic R5-145726: function restructured to allow it to be used by e.g. f_IMS_BuildSDP_AnnexC8_Step1; new parameter p_CallHoldC8 sic@ */

    /* @sic R5-151968 new parameter: p_VoiceCodec sic@ */

    /* @sic R5-153610: p_SDP_MessageInvite instead of p_Fmt sic@ */

    /* @sic R5-151953: p_CallHoldC8 renamed to p_ResourcesEstablished: to be set to true whenever the resources are established already e.g. in case of call-hold or CAT sic@ */

    var SDP_media_desc v_SDP_Media_Invite := p_SDP_MessageInvite.media_list[0];

    var charstring v_Fmt := f_SDP_MediaDescr_GetAMR_8000_1(v_SDP_Media_Invite);  // @sic R5-153610 sic@

    var template (present) SDP_media_field v_SDP_Media_Field := cr_SDP_Media_Audio(v_Fmt);
    var template (present) SDP_attribute_rtpmap_codec v_RtpmapAttr := f_SDP_AttributeRtpmapVoiceRX(p_VoiceCodec); /* @sic R5-1551968 sic@ */

    var template (present) SDP_attribute_list v_SDP_MediaAttributes;

    var template (present) charstring v_DirectionRemote;

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

      cr_SDP_Attribute_rtpmap(v_Fmt, v_RtpmapAttr),     // @sic R5s130681 change 2 sic@

      cr_SDP_Attribute_fmtp(v_Fmt)   /* @sic R5s130497 change 2: format parameters added; R5s130586 change 4: format parameters changed back to any parameters sic@ */

    };

    if (not p_ResourcesEstablished) {

      if (f_SDP_AttributeList_CheckAttribute(v_SDP_Media_Invite.attributes, cr_SDP_Attribute_inactive)) {               /* @sic R5-153610 sic@ */

        v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_sendrecv);

      }

      v_DirectionRemote := c_none;

    } else {

      v_DirectionRemote := c_sendrecv;

    }

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

    return f_IMS_BuildSDP_RX(-, v_SDP_Media_Field, v_SDP_MediaAttributes, v_SDP_PrecondionAttributes);

  }

After change

function f_IMS_BuildSDP_AnnexC21_Step5or7(SDP_Message p_SDP_MessageInvite,

                                            boolean p_ResourcesEstablished := false,

                                            IMS_SDP_VoiceCodec_Type p_VoiceCodec := AMR_8000)

    runs on IMS_PTC

    return template (present) SDP_Message

  { /* @sic R5-145726: function restructured to allow it to be used by e.g. f_IMS_BuildSDP_AnnexC8_Step1; new parameter p_CallHoldC8 sic@ */

    /* @sic R5-151968 new parameter: p_VoiceCodec sic@ */

    /* @sic R5-153610: p_SDP_MessageInvite instead of p_Fmt sic@ */

    /* @sic R5-151953: p_CallHoldC8 renamed to p_ResourcesEstablished: to be set to true whenever the resources are established already e.g. in case of call-hold or CAT sic@ */

    var SDP_media_desc v_SDP_Media_Invite := p_SDP_MessageInvite.media_list[0];

    var charstring v_Fmt;  // @sic R5-153610 sic@ 
    var template (present) SDP_media_field v_SDP_Media_Field;

    var template (present) SDP_attribute_rtpmap_codec v_RtpmapAttr := f_SDP_AttributeRtpmapVoiceRX(p_VoiceCodec); /* @sic R5-1551968 sic@ */

    var template (present) SDP_attribute_list v_SDP_MediaAttributes;

    var template (present) charstring v_DirectionRemote;

    var template (present) SDP_attribute_list v_SDP_PrecondionAttributes;
    if(p_VoiceCodec == EVS_16000)

    {

      v_Fmt := f_SDP_MediaDescr_GetEVS_16000_1(v_SDP_Media_Invite);

    }

    else if(p_VoiceCodec == AMR_16000)

    {

      v_Fmt := f_SDP_MediaDescr_GetAMR_16000_1(v_SDP_Media_Invite);

    }

    else {

      v_Fmt := f_SDP_MediaDescr_GetAMR_8000_1(v_SDP_Media_Invite);

    }

    v_SDP_Media_Field := cr_SDP_Media_Audio(v_Fmt);
    v_SDP_MediaAttributes := {

      cr_SDP_Attribute_rtpmap(v_Fmt, v_RtpmapAttr),     // @sic R5s130681 change 2 sic@

      cr_SDP_Attribute_fmtp(v_Fmt)   /* @sic R5s130497 change 2: format parameters added; R5s130586 change 4: format parameters changed back to any parameters sic@ */

    };

    if (not p_ResourcesEstablished) {

      if (f_SDP_AttributeList_CheckAttribute(v_SDP_Media_Invite.attributes, cr_SDP_Attribute_inactive)) {               /* @sic R5-153610 sic@ */

        v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_sendrecv);

      }

      v_DirectionRemote := c_none;

    } else {

      v_DirectionRemote := c_sendrecv;

    }

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

    return f_IMS_BuildSDP_RX(-, v_SDP_Media_Field, v_SDP_MediaAttributes, v_SDP_PrecondionAttributes);

  }
MCC160 Implementation
	  function f_IMS_BuildSDP_AnnexC21_Step5or7(SDP_Message p_SDP_MessageInvite,

                                            boolean p_ResourcesEstablished := false,

                                            IMS_SDP_VoiceCodec_Type p_VoiceCodec := AMR_8000)

    runs on IMS_PTC

    return template (present) SDP_Message

  { /* @sic R5-145726: function restructured to allow it to be used by e.g. f_IMS_BuildSDP_AnnexC8_Step1; new parameter p_CallHoldC8 sic@ */

    /* @sic R5-151968 new parameter: p_VoiceCodec sic@ */

    /* @sic R5-153610: p_SDP_MessageInvite instead of p_Fmt sic@ */

    /* @sic R5-151953: p_CallHoldC8 renamed to p_ResourcesEstablished: to be set to true whenever the resources are established already e.g. in case of call-hold or CAT sic@ */

    var SDP_media_desc v_SDP_Media_Invite := p_SDP_MessageInvite.media_list[0]; 
    var template (present) SDP_attribute_fmtp_format_specific_params v_FmtpParameters := f_SDP_FmtpDefaultParametersVoiceCodecRX(p_VoiceCodec);
    var template (present) SDP_attribute_rtpmap_codec v_RtpmapAttr := f_SDP_AttributeRtpmapVoiceRX(p_VoiceCodec); /* @sic R5-1551968 sic@ */ 
    var charstring v_Fmt := f_SDP_MediaDescr_GetMediaFormat(v_SDP_Media_Invite, v_RtpmapAttr, v_FmtpParameters);

    var template (present) SDP_media_field v_SDP_Media_Field := cr_SDP_Media_Audio(v_Fmt);


    var template (present) SDP_attribute_list v_SDP_MediaAttributes;

    var template (present) charstring v_DirectionRemote;

    var template (present) SDP_attribute_list v_SDP_PrecondionAttributes;

    v_SDP_MediaAttributes := {

      cr_SDP_Attribute_rtpmap(v_Fmt, v_RtpmapAttr),     // @sic R5s130681 change 2 sic@

      cr_SDP_Attribute_fmtp(v_Fmt)   /* @sic R5s130497 change 2: format parameters added; R5s130586 change 4: format parameters changed back to any parameters sic@ */

    };

    if (not p_ResourcesEstablished) {

      if (f_SDP_AttributeList_CheckAttribute(v_SDP_Media_Invite.attributes, cr_SDP_Attribute_inactive)) {               /* @sic R5-153610 sic@ */

        v_SDP_MediaAttributes := f_SDP_Attributes_Add_RX(v_SDP_MediaAttributes, cr_SDP_Attribute_sendrecv);

      }

      v_DirectionRemote := c_none;

    } else {

      v_DirectionRemote := c_sendrecv;

    }

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

    return f_IMS_BuildSDP_RX(-, v_SDP_Media_Field, v_SDP_MediaAttributes, v_SDP_PrecondionAttributes);

  }


Change 4
	Function name
	New function f_SDP_MediaDescr_GetEVS_16000_1()

	Reason for change
	New function to return media attributes for EVS codec

	Summary of change
	New function f_SDP_MediaDescr_GetEVS_16000_1() created

	TTCN module
	IMS_SDP_Temapltes.ttcn

	MCC160 Comment
	Not needed


New function
function f_SDP_MediaDescr_GetEVS_16000_1(SDP_media_desc p_SDP_Media_Desc,

                                          template SDP_attribute_fmtp_format_specific_params p_FmtpParameters := cr_EVS_Fmtp_DefaultParameters) return charstring

  { /* @sic R5w140113, R5w140009: cr_AMR_Fmtp_DefaultParameters replaces tsc_AMR_Fmtp_DefaultParameters_RX sic@ */

    return f_SDP_MediaDescr_GetMediaFormat(p_SDP_Media_Desc, cr_RTPMAP_EVS_16000, p_FmtpParameters);

  } 
Change 5
	Function name
	New function f_SDP_MediaDescr_GetAMR_16000_1()

	Reason for change
	New function to return media attributes for AMR-WB codec

	Summary of change
	New function f_SDP_MediaDescr_GetAMR_16000_1() created

	TTCN module
	IMS_SDP_Temapltes.ttcn

	MCC160 Comment
	Not needed


New function
function f_SDP_MediaDescr_GetAMR_16000_1(SDP_media_desc p_SDP_Media_Desc,

                                          template SDP_attribute_fmtp_format_specific_params p_FmtpParameters := cr_AMR_Fmtp_DefaultParameters) return charstring

  { /* @sic R5w140113, R5w140009: cr_AMR_Fmtp_DefaultParameters replaces tsc_AMR_Fmtp_DefaultParameters_RX sic@ */

    return f_SDP_MediaDescr_GetMediaFormat(p_SDP_Media_Desc, cr_RTPMAP_AMR_16000, p_FmtpParameters);

  } 
Change 6 
	Function name
	f_GetTestcaseAttrib_Eutra_Release

	Reason for change
	The functionality used in EVS does not mandate any special features from underlying RATs, especially LTE, that go beyond what “normal” IMS voice calls need. 

	Summary of change
	Changed the minimum 3GPP Release to state Rel 8 for EVS test cases by removing the explicit listing of these test cases. By that the default of Rel 8 will become effective.

	TTCN module
	IMS\Common\TestcaseProperties.ttcn

	MCC160 Comment
	Accepted subject to prose CR approval


Before change

    function f_GetTestcaseAttrib_Eutra_Release(charstring p_Testcase) return charstring

  {

    select (p_Testcase) {

      case ("TC_12_23") { return "rel_12"; }

      case ("TC_12_24") { return "rel_12"; }

      case ("TC_12_25") { return "rel_12"; }

      case ("TC_12_26") { return "rel_12"; }
      case ("TC_19_1_1") { return "rel_9"; }

      case ("TC_19_1_2") { return "rel_9"; }

      case ("TC_19_1_5") { return "rel_9"; }

      case ("TC_19_3_1") { return "rel_9"; }

      case ("TC_19_3_3") { return "rel_9"; }

      case ("TC_19_3_4") { return "rel_9"; }

      case ("TC_19_5_10") { return "rel_9"; }

      case ("TC_19_5_6") { return "rel_9"; }

      case ("TC_19_5_7") { return "rel_9"; }

      case ("TC_19_5_8") { return "rel_9"; }

      case ("TC_19_5_9") { return "rel_9"; }

      case ("TC_8_15") { return "rel_10"; }

      case ("TC_8_16") { return "rel_9"; }

    }

    return "";

  }

After change

     function f_GetTestcaseAttrib_Eutra_Release(charstring p_Testcase) return charstring

  {

    select (p_Testcase) {

      //removed: case ("TC_12_23") { return "rel_12"; } 

      //removed: case ("TC_12_24") { return "rel_12"; }

      //removed: case ("TC_12_25") { return "rel_12"; }

      //removed: case ("TC_12_26") { return "rel_12"; }
      case ("TC_19_1_1") { return "rel_9"; }

      case ("TC_19_1_2") { return "rel_9"; }

      case ("TC_19_1_5") { return "rel_9"; }

      case ("TC_19_3_1") { return "rel_9"; }

      case ("TC_19_3_3") { return "rel_9"; }

      case ("TC_19_3_4") { return "rel_9"; }

      case ("TC_19_5_10") { return "rel_9"; }

      case ("TC_19_5_6") { return "rel_9"; }

      case ("TC_19_5_7") { return "rel_9"; }

      case ("TC_19_5_8") { return "rel_9"; }

      case ("TC_19_5_9") { return "rel_9"; }

      case ("TC_8_15") { return "rel_10"; }

      case ("TC_8_16") { return "rel_9"; }

    }

    return "";

  }

Additional Change by MCC160 
	Function name
	f_IMS_BuildSDP_AnnexC21_Step4

	Reason for change
	For step 4 C.44 specifies the fmtp parameters for the EVS codec to be "a=fmtp: (format) bw=swb; bw-send= swb; bw-recv=swb; max-red=220 [Note 1, 8]" with Note 8 saying "All present br, br-send and br-recv parameter=value pairs are copied from step 2"

Nevertheless in TTCN only the br, br-send and br-recv parameter=value pairs have been copied and max-red added but bw, bw-send, bw-recv have been missing.. 

	Summary of change
	bw, bw-send, bw-recv added to the fmtp parameters for the EVS codec at step 4

	TTCN module
	IMS_SDP_Messages


	  function f_IMS_BuildSDP_AnnexC21_Step4(SDP_Message p_SDP_MessageInvite,

                                         boolean p_PreconditionsRequired := true,

                                         IMS_SDP_VoiceCodec_Type p_VoiceCodec := AMR_8000)

    runs on IMS_PTC

    return template (value) SDP_Message

  { 
    var integer i;

    var template (omit) SDP_attribute v_Attribute;

    var SDP_media_desc v_SDP_Media_Invite := p_SDP_MessageInvite.media_list[0];

    var template (present) SDP_attribute_fmtp_format_specific_params v_FmtpParameters := f_SDP_FmtpDefaultParametersVoiceCodecRX(p_VoiceCodec);   /* @sic R5s160379 change 2 sic@ */

    var charstring v_FmtAudio := f_SDP_MediaDescr_GetVoiceCodec(v_SDP_Media_Invite, p_VoiceCodec, v_FmtpParameters);

    var integer v_BandwidthRS := f_SDP_BandwidthList_GetBandwidth(v_SDP_Media_Invite.bandwidth, "RS");

    var integer v_BandwidthRR := f_SDP_BandwidthList_GetBandwidth(v_SDP_Media_Invite.bandwidth, "RR");

    var template (value) SDP_bandwidth_list v_Bandwidth_List_Media := cs_SDP_Bandwidth_List_Media(37, v_BandwidthRS, v_BandwidthRR); // @sic R5-123505, R5-135020; R5-144700: AS=37 sic@

    var template (omit) SDP_attribute_list v_SDP_MediaAttributes;

    var template (value) SDP_attribute_list v_AdditionalOptionalAttributes;

    var template (omit) SDP_attribute_list v_SDP_PrecondionAttributes := omit;

    var template (omit) SemicolonParam_List v_FmtpParameterList_Step4 := omit;

    var SemicolonParam_List v_FmtpParameterList_Step2;

    var CharStringList_Type v_FmtpParametersToBoCopied;

    select (p_VoiceCodec) {    // @sic R5-151968, R5-153999 sic@

      case (EVS_16000){     // C.44 @sic R5-153999 sic@ 
        v_FmtpParameterList_Step4 := {cs_EVS_Bw, cs_EVS_BwSend, cs_EVS_BwRecv, cs_AMR_MaxRed};
        v_FmtpParametersToBoCopied := { "br", "br-send", "br-recv" };

        v_FmtpParameterList_Step2 := f_SDP_MediaDescr_GetCodecParameters(v_SDP_Media_Invite.attributes, v_FmtAudio);

        v_FmtpParameterList_Step4 := f_SIP_SemicolonParamList_CopyParams(v_FmtpParameterList_Step2, v_FmtpParameterList_Step4, v_FmtpParametersToBoCopied);


        v_SDP_MediaAttributes := f_SDP_MediaAttributes_EVS_AudioDef(v_FmtAudio, valueof(v_FmtpParameterList_Step4));   // valueof to avoid compiler warning

      }

      case (AMR_16000){       // @sic R5-153950 sic@

        v_SDP_MediaAttributes := f_SDP_MediaAttributes_AMR_WB_AudioDef(v_FmtAudio);  /* @sic R5s160379 change 2 sic@ */

        v_Bandwidth_List_Media := cs_SDP_Bandwidth_List_Media(38, v_BandwidthRS, v_BandwidthRR);

      }

      case (AMR_8000){

        v_SDP_MediaAttributes := f_SDP_MediaAttributes_AudioDef(v_FmtAudio);   /* @sic R5-144693: new function f_SDP_MediaAttributes_AudioDef sic@ */

      }

    }

    if (f_SDP_AttributeList_CheckAttribute(v_SDP_Media_Invite.attributes, cr_SDP_Attribute_inactive)) {               /* @sic R5-150694 sic@ */

      v_SDP_MediaAttributes := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes, cs_SDP_Attribute_inactive);

    }

    // additional attributes to be added (using f_SDP_Attributes_Add_TX):

    // a=ecn-capable-rtp: leap; ect=0 [Note 3]

    // a=rtcp-fb:* nack ecn [Note 3]

    // a=rtcp-xr:ecn-sum [Note 3]

    // a=3ge2ae: requested [Note 1]

    // a=crypto:1 AES_CM_128_HMAC_SHA1_80inline:PS1uQCVeeCFCanVmcjkpPywjNWhcYD0mXXtxaVBR|2^20|1:4 [Note 4]

    v_AdditionalOptionalAttributes := {    /* @sic R5s140359 - Additional Changes sic@ */

      cs_SDP_Attribute_ecn_capable_rtp("leap", "ect=0"),

      cs_SDP_Attribute_rtcp_fb("*", "nack ecn"),

      cs_SDP_Attribute_rtcp_xr("ecn-sum"),

      cs_SDP_Attribute_3ge2ae("requested"),

      cs_SDP_Attribute_crypto("1", "AES_CM_128_HMAC_SHA1_80", "inline:PS1uQCVeeCFCanVmcjkpPywjNWhcYD0mXXtxaVBR|2^20|1:4")

    };

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

      v_Attribute := f_SDP_AttributeList_GetAttribute(p_SDP_MessageInvite.attributes, v_AdditionalOptionalAttributes[i]);

      v_SDP_MediaAttributes := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes, v_Attribute);

    }

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

      v_SDP_PrecondionAttributes := cs_SDP_PrecondionAttributes(c_none, c_none, c_mandatory, c_mandatory);

      v_SDP_PrecondionAttributes := f_SDP_Attributes_Add_TX(v_SDP_PrecondionAttributes, cs_SDP_Attribute_conf_qos);   // @sic R5s120530 change 3.5 sic@

    } 
    return f_IMS_BuildSDP_TX(cs_SDP_Media_Audio(v_FmtAudio), v_Bandwidth_List_Media, v_SDP_MediaAttributes, v_SDP_PrecondionAttributes);

  }


4. Execution Log Files
The Qualcomm UE MSM 8996 passed this test case on R&S CMW500, Anite Conformance Toolset Solution, and Anritsu Protocol Conformance Test System ME7834L. The documentation below is enclosed as evidence of the successful test case runs:

· Test Case Execution log files: R5s160380

