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	Reason for change:
	A few issues have been found with the SDP contents of INVITE sent by the SS for MT IMS video call (step 1 of generic procedure C.26), following implementation of prose CR R5-168058.
1. The SDP contents in C.26 step 1 state that the SS should include “a=rtpmap” lines for AMR-WB/16000, AMR/8000 and “telephone-event” (DTMF) in for the audio stream. Current implementation incudes AMR-WB and telephone-event only.

2. The bandwidth for the audio stream (“b=AS” line) is given as 30kbps. This needs to be at least 32kbps (2 x 16000) in order for the UE to select the AMR-WB/16000 codec as expected at step 4.

3. The session bandwidth should be the sum of the audio and video stream bandwidths.

	
	

	Summary of change:
	1. Add AMR/8000 audio codec to align with SDP contents specified in prose.
2. Set audio bandwidth to be 37kbps (this aligns with SDP contents in e.g. C.11 and test case 17.2).

3. Set session bandwidth to 352kbps (=37 + 314, the sum of audio and video stream bandwidths. Applicable to both “C.26” and “addVideo” cases).

Note : A prose CR on 34.229-1 related to changes 2 and 3 will be raised at RAN5#74.
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Change 1 
	Function name
	f_IMS_BuildSDP_MTCallAudioVideo()

	Reason for change
	1. The SDP contents in C.26 step 1 state that the SS should include “a=rtpmap” lines for AMR-WB, AMR and “telephone-event” (DTMF) in for the audio stream. Current implementation incudes AMR-WB and telephone-event only.

2. The bandwidth for the audio stream (“b=AS” line) is given as 30kbps. This needs to be at least 32kbps (2 x 16000) in order for the UE to select the AMR-WB/16000 codec as expected at step 4.

The session bandwidth should be the sum of the audio and video stream bandwidths.

	Summary of change
	1. Add AMR/8000 audio codec to align with SDP contents specified in prose.

2. Set audio bandwidth to be 37kbps (this aligns with SDP contents in e.g. C.11 and test case 17.2).

3. Set session bandwidth to 352kbps (=37 + 314, the sum of audio and video stream bandwidths. Applicable to both “C.26” and “addVideo” cases).



	TTCN module
	IMS_SDP_MessagesVideo.ttcn

	MCC160 Comment
	Accepted in principle subject to prose CR approval.
NOTE: requires further prose changes


Before change
	  function f_IMS_BuildSDP_MTCallAudioVideo_TX(VideoCallTypeMT_Type p_VideoCallType,

                                              VideoCallMT_MessageTX_Type p_MessageType,

                                              charstring p_FmtAudio,

                                              charstring p_FmtVideo,

                                              charstring p_DirectionRemote := c_none)

    runs on IMS_PTC

    return template (value) SDP_Message

  {

    var template (value) SDP_media_field v_MediaVideo := cs_SDP_Media_Video(p_FmtVideo);

    var template (omit) SDP_attribute_list v_SDP_MediaAttributes_Audio := f_SDP_MediaAttributes_AMR_WB_AudioCommon(p_FmtAudio);   /* @sic R5-144693: new function f_SDP_MediaAttributes_AudioCommon; R5-168058; R5-168142 sic@ */

    var template (omit) SDP_attribute_list v_SDP_MediaAttributes_Video := {

      cs_SDP_Attribute_rtpmap(p_FmtVideo, cs_RTPMAP_H264_90000),

      cs_SDP_Attribute_fmtp(p_FmtVideo, cs_Fmtp_ParamList(cs_Fmtp_VideoParamsDef))

    };

    var integer v_SessionBandwidthAS;

    var template (value) SDP_bandwidth_list v_Bandwidth_List_Audio;

    var template (value) SDP_bandwidth_list v_Bandwidth_List_Video := cs_SDP_Bandwidth_List_Media(315, 0, 2500);

    var template (value) SDP_attribute_list v_SDP_PrecondionAttributes_Audio;

    var template (value) SDP_attribute_list v_SDP_PrecondionAttributes_Video;

    var boolean v_IsNotRemoveVideo := (p_MessageType != InviteRemoveVideo);

    var boolean v_IsUpdate := false;

    var charstring v_FmtDTMF := int2str(str2int(p_FmtVideo) + 1);  /* @sic R5-165942: DTMF sic@ */

    var SDP_fmt_list v_FmtListAudio := {p_FmtAudio};

    if (p_MessageType != InviteRemoveVideo) {

      v_SDP_MediaAttributes_Video := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes_Video, cs_SDP_Attribute_rtcp_fb("*", "trr-int 5000"), v_IsNotRemoveVideo);  /* @sic R5s141329 change 2.2: attribute is for video sic@ */

      v_SDP_MediaAttributes_Video := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes_Video, cs_SDP_Attribute_rtcp_fb("*", "nack"),         v_IsNotRemoveVideo);  /* @sic R5s141329 change 2.2: attribute is for video sic@ */

      v_SDP_MediaAttributes_Video := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes_Video, cs_SDP_Attribute_rtcp_fb("*", "nack pli"),     v_IsNotRemoveVideo);  /* @sic R5s141329 change 2.2: attribute is for video sic@ */

      v_SDP_MediaAttributes_Video := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes_Video, cs_SDP_Attribute_rtcp_fb("*", "ccm fir"),      v_IsNotRemoveVideo);  /* @sic R5s141329 change 2.2: attribute is for video sic@ */

      v_SDP_MediaAttributes_Video := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes_Video, cs_SDP_Attribute_rtcp_fb("*", "ccm tmmbr"),    v_IsNotRemoveVideo);  /* @sic R5s141329 change 2.2: attribute is for video sic@ */

    }

    select (p_MessageType) {

      case (Invite) {

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

      }

      case (Update) {

        v_SDP_PrecondionAttributes_Video := cs_SDP_PrecondionAttributes(c_sendrecv, p_DirectionRemote, c_mandatory, c_mandatory);

        v_IsUpdate := true;

      }

      case (InviteRemoveVideo) {

        v_SDP_PrecondionAttributes_Video := cs_SDP_PrecondionAttributes(c_sendrecv, c_sendrecv, c_mandatory, c_mandatory);

        v_MediaVideo.ports.port_number := 0;

      }

    }

    if (not (v_IsUpdate and (p_VideoCallType == AddVideo))) { // @sic R5-151956: there are no ptime, maxptime for UPDATE of 17.2 sic@

      v_SDP_MediaAttributes_Audio := f_SDP_Attributes_Concat_TX(v_SDP_MediaAttributes_Audio, f_SDP_MediaAttributes_TelephoneEvent(v_FmtDTMF, "8000"));  /* @sic R5-165942: DTMF sic@ */

      v_FmtListAudio := {p_FmtAudio, v_FmtDTMF};  // !!!! not in the prose yet !!!!

      // additional attributes for audio: ptime, maxptime

      v_SDP_MediaAttributes_Audio := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes_Audio, cs_SDP_Attribute_ptime);

      v_SDP_MediaAttributes_Audio := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes_Audio, cs_SDP_Attribute_maxptime);

    }

    select (p_VideoCallType) {

      case (C26) {

        v_SessionBandwidthAS := 30;                                           // @sic R5-151956 sic@

        v_Bandwidth_List_Audio := cs_SDP_Bandwidth_List_Media(30, 0, 2000);   // @sic R5-151956 sic@

        // @sic R5-153610: "sendrecv" media attribute removed from UPDATE (Step 7) for audio and Video sic@

        v_SDP_PrecondionAttributes_Audio := v_SDP_PrecondionAttributes_Video;   // same precondions for video and audio

      }

      case (AddVideo) {

        v_SessionBandwidthAS := 37;                                           // @sic R5-151956 sic@

        v_Bandwidth_List_Audio := cs_SDP_Bandwidth_List_Media(37, 0, 2500);   // @sic R5-151956 sic@

        // acc. 34.229-1 in contrast to C.26 there is no sendrecv attribute for audio or video

        v_SDP_PrecondionAttributes_Audio :=  cs_SDP_PrecondionAttributes(c_sendrecv, c_sendrecv, c_mandatory, c_mandatory);    // audio is already there

      }

    }


After change

  function f_IMS_BuildSDP_MTCallAudioVideo_TX(VideoCallTypeMT_Type p_VideoCallType,

                                              VideoCallMT_MessageTX_Type p_MessageType,

                                              charstring p_FmtAudio,

                                              charstring p_FmtVideo,

                                              charstring p_DirectionRemote := c_none)

    runs on IMS_PTC

    return template (value) SDP_Message

  {

    var template (value) SDP_media_field v_MediaVideo := cs_SDP_Media_Video(p_FmtVideo);

    var template (omit) SDP_attribute_list v_SDP_MediaAttributes_Audio := f_SDP_MediaAttributes_AMR_WB_AudioCommon(p_FmtAudio);   /* @sic R5-144693: new function f_SDP_MediaAttributes_AudioCommon; R5-168058; R5-168142 sic@ */

    var template (omit) SDP_attribute_list v_SDP_MediaAttributes_Video := {

      cs_SDP_Attribute_rtpmap(p_FmtVideo, cs_RTPMAP_H264_90000),

      cs_SDP_Attribute_fmtp(p_FmtVideo, cs_Fmtp_ParamList(cs_Fmtp_VideoParamsDef))

    };

    var integer v_SessionBandwidthAS := 352;

    var template (value) SDP_bandwidth_list v_Bandwidth_List_Audio;

    var template (value) SDP_bandwidth_list v_Bandwidth_List_Video := cs_SDP_Bandwidth_List_Media(315, 0, 2500);

    var template (value) SDP_attribute_list v_SDP_PrecondionAttributes_Audio;

    var template (value) SDP_attribute_list v_SDP_PrecondionAttributes_Video;

    var boolean v_IsNotRemoveVideo := (p_MessageType != InviteRemoveVideo);

    var boolean v_IsUpdate := false;

    var charstring v_FmtAMR := int2str(str2int(p_FmtAudio) + 1);  

    var charstring v_FmtDTMF := int2str(str2int(p_FmtAudio) + 2);  /* @sic R5-165942: DTMF sic@ */

    var SDP_fmt_list v_FmtListAudio := {p_FmtAudio};

    if (p_MessageType != InviteRemoveVideo) {

      v_SDP_MediaAttributes_Video := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes_Video, cs_SDP_Attribute_rtcp_fb("*", "trr-int 5000"), v_IsNotRemoveVideo);  /* @sic R5s141329 change 2.2: attribute is for video sic@ */

      v_SDP_MediaAttributes_Video := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes_Video, cs_SDP_Attribute_rtcp_fb("*", "nack"),         v_IsNotRemoveVideo);  /* @sic R5s141329 change 2.2: attribute is for video sic@ */

      v_SDP_MediaAttributes_Video := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes_Video, cs_SDP_Attribute_rtcp_fb("*", "nack pli"),     v_IsNotRemoveVideo);  /* @sic R5s141329 change 2.2: attribute is for video sic@ */

      v_SDP_MediaAttributes_Video := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes_Video, cs_SDP_Attribute_rtcp_fb("*", "ccm fir"),      v_IsNotRemoveVideo);  /* @sic R5s141329 change 2.2: attribute is for video sic@ */

      v_SDP_MediaAttributes_Video := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes_Video, cs_SDP_Attribute_rtcp_fb("*", "ccm tmmbr"),    v_IsNotRemoveVideo);  /* @sic R5s141329 change 2.2: attribute is for video sic@ */

    }

    select (p_MessageType) {

      case (Invite) {

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

      }

      case (Update) {

        v_SDP_PrecondionAttributes_Video := cs_SDP_PrecondionAttributes(c_sendrecv, p_DirectionRemote, c_mandatory, c_mandatory);

        v_IsUpdate := true;

      }

      case (InviteRemoveVideo) {

        v_SDP_PrecondionAttributes_Video := cs_SDP_PrecondionAttributes(c_sendrecv, c_sendrecv, c_mandatory, c_mandatory);

        v_MediaVideo.ports.port_number := 0;

      }

    }

    if (not (v_IsUpdate and (p_VideoCallType == AddVideo))) { // @sic R5-151956: there are no ptime, maxptime for UPDATE of 17.2 sic@

      v_SDP_MediaAttributes_Audio := f_SDP_Attributes_Concat_TX(v_SDP_MediaAttributes_Audio, f_SDP_MediaAttributes_AudioCommon(v_FmtAMR)); /* @sic R5-165942: DTMF sic@ */
      v_SDP_MediaAttributes_Audio := f_SDP_Attributes_Concat_TX(v_SDP_MediaAttributes_Audio, f_SDP_MediaAttributes_TelephoneEvent(v_FmtDTMF, "8000"));  /* @sic R5-165942: DTMF sic@ */

      v_FmtListAudio := {p_FmtAudio, v_FmtAmr, v_FmtDTMF};  // !!!! not in the prose yet !!!!

      // additional attributes for audio: ptime, maxptime

      v_SDP_MediaAttributes_Audio := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes_Audio, cs_SDP_Attribute_ptime);

      v_SDP_MediaAttributes_Audio := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes_Audio, cs_SDP_Attribute_maxptime);

    }

    select (p_VideoCallType) {

      case (C26) {

        //REMOVED v_SessionBandwidthAS := 30;                                           // @sic R5-151956 sic@

        v_Bandwidth_List_Audio := cs_SDP_Bandwidth_List_Media(37 0, 2000);   // @sic R5-151956 sic@

        // @sic R5-153610: "sendrecv" media attribute removed from UPDATE (Step 7) for audio and Video sic@

        v_SDP_PrecondionAttributes_Audio := v_SDP_PrecondionAttributes_Video;   // same precondions for video and audio

      }

      case (AddVideo) {

        //REMOVED v_SessionBandwidthAS := 37;                                           // @sic R5-151956 sic@

        v_Bandwidth_List_Audio := cs_SDP_Bandwidth_List_Media(37, 0, 2500);   // @sic R5-151956 sic@

        // acc. 34.229-1 in contrast to C.26 there is no sendrecv attribute for audio or video

        v_SDP_PrecondionAttributes_Audio :=  cs_SDP_PrecondionAttributes(c_sendrecv, c_sendrecv, c_mandatory, c_mandatory);    // audio is already there

      }

    }

MCC160 Implementation
	  function f_IMS_BuildSDP_MTCallAudioVideo_TX(VideoCallTypeMT_Type p_VideoCallType,

                                              VideoCallMT_MessageTX_Type p_MessageType,

                                              charstring p_FmtAudio,

                                              charstring p_FmtVideo,

                                              charstring p_DirectionRemote := c_none)

    runs on IMS_PTC

    return template (value) SDP_Message

  {

    var template (value) SDP_media_field v_MediaVideo := cs_SDP_Media_Video(p_FmtVideo);

    var template (omit) SDP_attribute_list v_SDP_MediaAttributes_Audio := f_SDP_MediaAttributes_AMR_WB_AudioCommon(p_FmtAudio);   /* @sic R5-144693: new function f_SDP_MediaAttributes_AudioCommon; R5-168058; R5-168142 sic@ */

    var template (omit) SDP_attribute_list v_SDP_MediaAttributes_Video := {

      cs_SDP_Attribute_rtpmap(p_FmtVideo, cs_RTPMAP_H264_90000),

      cs_SDP_Attribute_fmtp(p_FmtVideo, cs_Fmtp_ParamList(cs_Fmtp_VideoParamsDef))

    };

    var integer v_SessionBandwidthAS := 352;

    var template (value) SDP_bandwidth_list v_Bandwidth_List_Audio;

    var template (value) SDP_bandwidth_list v_Bandwidth_List_Video := cs_SDP_Bandwidth_List_Media(315, 0, 2500);

    var template (value) SDP_attribute_list v_SDP_PrecondionAttributes_Audio;

    var template (value) SDP_attribute_list v_SDP_PrecondionAttributes_Video;

    var boolean v_IsNotRemoveVideo := (p_MessageType != InviteRemoveVideo);

    var boolean v_IsUpdate := false; 
    var charstring v_FmtAMR := int2str(str2int(p_FmtVideo) + 1);
    var charstring v_FmtDTMF := int2str(str2int(p_FmtVideo) + 2);  /* @sic R5-165942: DTMF sic@ */

    var SDP_fmt_list v_FmtListAudio := {p_FmtAudio};

    if (p_MessageType != InviteRemoveVideo) {

      v_SDP_MediaAttributes_Video := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes_Video, cs_SDP_Attribute_rtcp_fb("*", "trr-int 5000"), v_IsNotRemoveVideo);  /* @sic R5s141329 change 2.2: attribute is for video sic@ */

      v_SDP_MediaAttributes_Video := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes_Video, cs_SDP_Attribute_rtcp_fb("*", "nack"),         v_IsNotRemoveVideo);  /* @sic R5s141329 change 2.2: attribute is for video sic@ */

      v_SDP_MediaAttributes_Video := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes_Video, cs_SDP_Attribute_rtcp_fb("*", "nack pli"),     v_IsNotRemoveVideo);  /* @sic R5s141329 change 2.2: attribute is for video sic@ */

      v_SDP_MediaAttributes_Video := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes_Video, cs_SDP_Attribute_rtcp_fb("*", "ccm fir"),      v_IsNotRemoveVideo);  /* @sic R5s141329 change 2.2: attribute is for video sic@ */

      v_SDP_MediaAttributes_Video := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes_Video, cs_SDP_Attribute_rtcp_fb("*", "ccm tmmbr"),    v_IsNotRemoveVideo);  /* @sic R5s141329 change 2.2: attribute is for video sic@ */

    }

    select (p_MessageType) {

      case (Invite) { 
        v_SDP_MediaAttributes_Audio := f_SDP_Attributes_Concat_TX(v_SDP_MediaAttributes_Audio, f_SDP_MediaAttributes_AudioCommon(v_FmtAMR)); 
        v_SDP_MediaAttributes_Audio := f_SDP_Attributes_Concat_TX(v_SDP_MediaAttributes_Audio, f_SDP_MediaAttributes_TelephoneEvent(v_FmtDTMF, "8000")); 
        v_FmtListAudio := {p_FmtAudio, v_FmtAMR, v_FmtDTMF};
        v_SDP_PrecondionAttributes_Video := cs_SDP_PrecondionAttributes(c_none, c_none, c_mandatory, c_mandatory);

      }

      case (Update) {

        v_SDP_PrecondionAttributes_Video := cs_SDP_PrecondionAttributes(c_sendrecv, p_DirectionRemote, c_mandatory, c_mandatory);

        v_IsUpdate := true;

      }

      case (InviteRemoveVideo) {

        v_SDP_PrecondionAttributes_Video := cs_SDP_PrecondionAttributes(c_sendrecv, c_sendrecv, c_mandatory, c_mandatory);

        v_MediaVideo.ports.port_number := 0;

      }

    }

    if (not (v_IsUpdate and (p_VideoCallType == AddVideo))) { // @sic R5-151956: there are no ptime, maxptime for UPDATE of 17.2 sic@



      // additional attributes for audio: ptime, maxptime

      v_SDP_MediaAttributes_Audio := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes_Audio, cs_SDP_Attribute_ptime);

      v_SDP_MediaAttributes_Audio := f_SDP_Attributes_Add_TX(v_SDP_MediaAttributes_Audio, cs_SDP_Attribute_maxptime);

    }

    select (p_VideoCallType) {

      case (C26) {


        v_Bandwidth_List_Audio := cs_SDP_Bandwidth_List_Media(37, 0, 2000);   // @sic R5-151956 sic@

        // @sic R5-153610: "sendrecv" media attribute removed from UPDATE (Step 7) for audio and Video sic@

        v_SDP_PrecondionAttributes_Audio := v_SDP_PrecondionAttributes_Video;   // same precondions for video and audio

      }

      case (AddVideo) {


        v_Bandwidth_List_Audio := cs_SDP_Bandwidth_List_Media(37, 0, 2500);   // @sic R5-151956 sic@

        // acc. 34.229-1 in contrast to C.26 there is no sendrecv attribute for audio or video

        v_SDP_PrecondionAttributes_Audio :=  cs_SDP_PrecondionAttributes(c_sendrecv, c_sendrecv, c_mandatory, c_mandatory);    // audio is already there

      }

    }

    return f_IMS_BuildSDP_AudioVideo_TX(v_SessionBandwidthAS,

                                        cs_SDP_Media_MultiAudio(v_FmtListAudio),

                                        v_Bandwidth_List_Audio,

                                        v_SDP_MediaAttributes_Audio,

                                        v_SDP_PrecondionAttributes_Audio,

                                        v_MediaVideo,

                                        v_Bandwidth_List_Video,

                                        v_SDP_MediaAttributes_Video,

                                        v_SDP_PrecondionAttributes_Video);

  }


