Page 1



3GPP TSG-RAN WG5 Testing 
R5s180038
01 Jan 2018 – 31 Dec 2018
	CR-Form-v11.2

	CHANGE REQUEST

	

	
	34.229-3
	CR
	0534
	rev
	-
	Current version:
	14.1.0
	

	

	For HELP on using this form: comprehensive instructions can be found at 
http://www.3gpp.org/Change-Requests.

	


	Proposed change affects:
	UICC apps
	
	ME
	
	Radio Access Network
	
	Core Network
	


	

	Title:

	Addition of IMS test case J.15.1 for CAT-M1 UEs

	
	

	Source to WG:
	Rohde & Schwarz

	Source to TSG:
	R5

	
	

	Work item code:
	TEI13_Test, LTE_MTCe2_L1-UEConTest
	
	Date:
	2018-01-16

	
	
	
	
	

	Category:
	B
	
	Release:
	Rel-14

	
	Use one of the following categories:
F  (correction)
A  (mirror corresponding to a change in an earlier release)
B  (addition of feature), 
C  (functional modification of feature)
D  (editorial modification)

Detailed explanations of the above categories can
be found in 3GPP TR 21.900.
	Use one of the following releases:
Rel-8
(Release 8)
Rel-9
(Release 9)
Rel-10
(Release 10)
Rel-11
(Release 11)
Rel-12
(Release 12)
Rel-13
(Release 13)
Rel-14
(Release 14)
Rel-15
(Release 15)
Rel-16
(Release 16)

	
	

	Reason for change:
	To add Rel-13 IMS over eMTC test case J.15.1 to the TTCN-3 ATS.

	
	

	Summary of change:
	This document lists all changes applied to Rel-13 IMS  test case J.15.1 required for approval. See detailed change description for further information.

	
	

	Consequences if not approved:
	Test case will not be added to the TTCN-3 ATS.

	
	

	Clauses affected:
	J.15.1

	
	

	
	Y
	N
	
	

	Other specs
	
	x
	 Other core specifications

	TS/TR ... CR ... 

	affected:
	
	X
	 Test specifications
	TS/TR ... CR ...

	(show related CRs)
	
	x
	 O&M Specifications
	TS/TR ... CR ... 

	
	

	Other comments:
	Log=R5s180039


3GPP TSG-RAN WG5 E-Mail 2018
R5s180038
Title:
Addition of IMS test case J.15.1 for CAT-M1 UEs
Source:
Rohde & Schwarz







Agenda Item:
TTCN Issues

Document for:
Approval


Contact:



Holger Jauch
















Holger.Jauch@rohde-schwarz.com











Tel. +49 89 4129 11534
1. Overview

This document lists all changes needed to correct problems in the TTCN implementation of Rel-13 IMS over eMTC test case J.15.1 which is part of the IMS test suite in the ‘iwd-TTCN3-B2017-06_D17wk37’ ATS delivery.

The test case can be demonstrated to run with one Rel-13 LTE UE (see section 5). Execution log is provided as evidence.
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3. Verification Test Summary

Test Case:
J.15.1
Test Group:
ATS_IMS_EUTRA\15\IMS_CC_SSTestcases.ttcn
ATS Version:
iwd-TTCN3-B2017-06_D17wk37
System Simulator used:
R&S CMW500




UE used:
Spreadtrum RDA8910
Verification Status:
PASS


4. Corrections required for TC J.15.1
Change 1 – Correction to function ‘f_TC_15_27_IMS’
	Function name
	f_TC_15_27_IMS1 ()

	Reason for change
	TC is not handling the media attribute AMR/8000 according to IMS CAT-M1 requirement.

	Summary of change
	Implemented the condition in case of IMS CAT-M1 scenario to handle media attribute AMR/8000.

	TTCN module
	15/IMS_CC_SSTestcases.ttcn

	MCC160 Comment
	


Before change
  function f_TC_15_27_IMS1(IMS_SDP_AudioCodec_Type p_AudioCodec := AMR_16000) runs on IMS_PTC

  { /* @sic R5-173555 p_AudioCodec := AMR_16000 sic@ */

    var template (value) INVITE_Request v_InviteRequest_Dialog1;

    var template (value) INVITE_Request v_InviteRequest_Dialog2;

    var template (present) MessageHeader v_MessageHeader_ExpectedBye_Dialog1;

    var template (present) MessageHeader v_MessageHeader_Expected200_Dialog2;

    var template (present) SipUrl v_ContactUrl_Dialog1;

    var SipUrl v_ContactUrl_Dialog2;

    var template (value) MessageHeader v_MessageHeader;

    var MessageHeader v_MessageHeader_ReceivedBye;

    var InternetProtocol_Type v_Protocol;

    var IMS_DATA_RSP v_IMS_DATA_RSP;

    var IMS_DATA_REQ v_IMS_DATA_REQ;

    f_IMS_CC_Preamble(IPCAN_SpeechCall, IMS_REGISTERED);

    v_InviteRequest_Dialog1 := f_IMS_CC_MO_SpeechCall();

    f_IMS_TestBody_Set(true);

    // @siclog "Step 1 - 11" siclog@

    f_IMS_PTC_ImsInfo_ActivateDialog(secondDialog);

    v_InviteRequest_Dialog2 := fl_IMS_CW_IncomingCall(p_AudioCodec);

    // @siclog "Step 11a: terminate previous session and take over waiting call"

    f_UT_HangupIMSCall(MMI);                    // @sic R5-142955, R5s140307 sic@

    //  @siclog "Step 12: Receive BYE corresponding to first call"

    /* @sic R5-142955: the BYE comes as reaction of the UE on the UT command at ste 11a sic@ */

    f_IMS_PTC_ImsInfo_ActivateDialog(firstDialog);

    v_MessageHeader_ExpectedBye_Dialog1 := f_IMS_ByeRequest_MessageHeaderRX(v_InviteRequest_Dialog1);

    v_ContactUrl_Dialog1 := f_SIP_BuildSipUri_RX(px_IMS_CalleeContactUri);   /* as used in the C.21 procedure */

    v_IMS_DATA_REQ := f_IMS_ReceiveRequest(car_IMS_Bye_Request(cr_BYE_Request(v_ContactUrl_Dialog1, v_MessageHeader_ExpectedBye_Dialog1)));

    v_MessageHeader_ReceivedBye := v_IMS_DATA_REQ.Request.Bye.msgHeader;

    f_IMS_MessageHeader_Request_CheckVia(v_MessageHeader_ReceivedBye, v_IMS_DATA_REQ.RoutingInfo.Protocol);

    //  @siclog "Step 13: Send 200 OK"

    v_MessageHeader := f_IMS_OtherResponse_200_MessageHeaderTX(v_MessageHeader_ReceivedBye);

    IMS_Server.send(cas_IMS_DATA_RSP(f_IMS_RoutingInfo_ULtoDL(v_IMS_DATA_REQ.RoutingInfo), cs_Response(c_statusLine200, v_MessageHeader)));

    f_IMS_PTC_ImsInfo_DialogRelease();

    // @siclog "Step 13a: Accept incoming call"

    f_UT_AnswerCall(MMI); // @sic R5-142955, R5s140307 sic@

    //  @siclog "Step 14: SS expects and receives 200 OK for INVITE from the UE"

    f_IMS_PTC_ImsInfo_ActivateDialog(secondDialog);

    v_MessageHeader_Expected200_Dialog2 := f_IMS_OtherResponse_200_MessageHeaderRX(v_InviteRequest_Dialog2.msgHeader);

    v_ContactUrl_Dialog2 := f_IMS_PTC_ImsInfo_GetContactUrl(dialog);       /* @sic R5s150908 change 4: dialog sic@ */

    v_Protocol := f_IMS_PTC_ImsInfo_GetTransportProtocol();

    v_IMS_DATA_RSP := f_IMS_ReceiveResponse(v_InviteRequest_Dialog2.msgHeader,

                                            v_Protocol,

                                            cr_Response(c_statusLine200, v_MessageHeader_Expected200_Dialog2));

    //  @siclog "Step 15: SS sends ACK to the UE"

    v_MessageHeader := f_IMS_AckRequest_MessageHeaderTX(v_InviteRequest_Dialog2);

    IMS_Client.send(cas_IMS_Ack_Request(cs_IMS_RoutingInfo(v_Protocol), cs_ACK_Request(v_ContactUrl_Dialog2, v_MessageHeader)));

    f_IMS_TestBody_Set(false);

    f_IMS_CallReleaseMT(v_InviteRequest_Dialog2, v_ContactUrl_Dialog2); // @sic R5s140606 sic@

    f_IMS_CC_Postamble(IPCAN_MO_SpeechCall);

  }  

After change
  function function f_TC_15_27_IMS1(IMS_SDP_AudioCodec_Type p_AudioCodec := AMR_16000) runs on IMS_PTC

  { /* @sic R5-173555 p_AudioCodec := AMR_16000 sic@ */

    var template (value) INVITE_Request v_InviteRequest_Dialog1;

    var template (value) INVITE_Request v_InviteRequest_Dialog2;

    var template (present) MessageHeader v_MessageHeader_ExpectedBye_Dialog1;

    var template (present) MessageHeader v_MessageHeader_Expected200_Dialog2;

    var template (present) SipUrl v_ContactUrl_Dialog1;

    var SipUrl v_ContactUrl_Dialog2;

    var template (value) MessageHeader v_MessageHeader;

    var MessageHeader v_MessageHeader_ReceivedBye;

    var InternetProtocol_Type v_Protocol;

    var IMS_DATA_RSP v_IMS_DATA_RSP;

    var IMS_DATA_REQ v_IMS_DATA_REQ;

    //J.15.1_Change1

    var boolean v_IsCatM1 := f_IMS_TestcaseIsCatM1(); 

    if(v_IsCatM1) {

    
 p_AudioCodec := AMR_8000; 

    }

    //J.15.1_Change1_end
    f_IMS_CC_Preamble(IPCAN_SpeechCall, IMS_REGISTERED);

    v_InviteRequest_Dialog1 := f_IMS_CC_MO_SpeechCall();

    f_IMS_TestBody_Set(true);

    // @siclog "Step 1 - 11" siclog@

    f_IMS_PTC_ImsInfo_ActivateDialog(secondDialog);

    v_InviteRequest_Dialog2 := fl_IMS_CW_IncomingCall(p_AudioCodec);

    // @siclog "Step 11a: terminate previous session and take over waiting call"

    f_UT_HangupIMSCall(MMI);                    // @sic R5-142955, R5s140307 sic@

    //  @siclog "Step 12: Receive BYE corresponding to first call"

    /* @sic R5-142955: the BYE comes as reaction of the UE on the UT command at ste 11a sic@ */

    f_IMS_PTC_ImsInfo_ActivateDialog(firstDialog);

    v_MessageHeader_ExpectedBye_Dialog1 := f_IMS_ByeRequest_MessageHeaderRX(v_InviteRequest_Dialog1);

    v_ContactUrl_Dialog1 := f_SIP_BuildSipUri_RX(px_IMS_CalleeContactUri);   /* as used in the C.21 procedure */

    v_IMS_DATA_REQ := f_IMS_ReceiveRequest(car_IMS_Bye_Request(cr_BYE_Request(v_ContactUrl_Dialog1, v_MessageHeader_ExpectedBye_Dialog1)));

    v_MessageHeader_ReceivedBye := v_IMS_DATA_REQ.Request.Bye.msgHeader;

    f_IMS_MessageHeader_Request_CheckVia(v_MessageHeader_ReceivedBye, v_IMS_DATA_REQ.RoutingInfo.Protocol);

    //  @siclog "Step 13: Send 200 OK"

    v_MessageHeader := f_IMS_OtherResponse_200_MessageHeaderTX(v_MessageHeader_ReceivedBye);

    IMS_Server.send(cas_IMS_DATA_RSP(f_IMS_RoutingInfo_ULtoDL(v_IMS_DATA_REQ.RoutingInfo), cs_Response(c_statusLine200, v_MessageHeader)));

    f_IMS_PTC_ImsInfo_DialogRelease();

    // @siclog "Step 13a: Accept incoming call"

    f_UT_AnswerCall(MMI); // @sic R5-142955, R5s140307 sic@

    //  @siclog "Step 14: SS expects and receives 200 OK for INVITE from the UE"

    f_IMS_PTC_ImsInfo_ActivateDialog(secondDialog);

    v_MessageHeader_Expected200_Dialog2 := f_IMS_OtherResponse_200_MessageHeaderRX(v_InviteRequest_Dialog2.msgHeader);

    v_ContactUrl_Dialog2 := f_IMS_PTC_ImsInfo_GetContactUrl(dialog);       /* @sic R5s150908 change 4: dialog sic@ */

    v_Protocol := f_IMS_PTC_ImsInfo_GetTransportProtocol();

    v_IMS_DATA_RSP := f_IMS_ReceiveResponse(v_InviteRequest_Dialog2.msgHeader,

                                            v_Protocol,

                                            cr_Response(c_statusLine200, v_MessageHeader_Expected200_Dialog2));

    //  @siclog "Step 15: SS sends ACK to the UE"

    v_MessageHeader := f_IMS_AckRequest_MessageHeaderTX(v_InviteRequest_Dialog2);

    IMS_Client.send(cas_IMS_Ack_Request(cs_IMS_RoutingInfo(v_Protocol), cs_ACK_Request(v_ContactUrl_Dialog2, v_MessageHeader)));

    f_IMS_TestBody_Set(false);

    f_IMS_CallReleaseMT(v_InviteRequest_Dialog2, v_ContactUrl_Dialog2); // @sic R5s140606 sic@

    f_IMS_CC_Postamble(IPCAN_MO_SpeechCall);

  }

Change 2 – Correction to function ‘fl_IMS_CW_IncomingCall’
	Function name
	fl_IMS_CW_IncomingCall ()

	Reason for change
	See change 1.

	Summary of change
	See change 1.

	TTCN module
	15/IMS_CC_SSTestcases.ttcn

	MCC160 Comment
	


Before change
  function fl_IMS_CW_IncomingCall(IMS_SDP_AudioCodec_Type p_AudioCodec := AMR_16000) runs on IMS_PTC return INVITE_Request

  { /* @sic R5-173555 p_AudioCodec := AMR_16000 sic@ */

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

    var IMS_ResponseWithSdp_Type v_ResponseWithSdp;           /* @sic R5w140112 sic@ */

    var IMS_Response_Type v_SessionInProgress183;

    var MessageHeader v_MessageHeader_PrevReliableResponse;

    var template (omit) MessageHeader v_MessageHeader_Ringing;

    v_InviteRequestWithSdp := f_IMS_MTCallSetup_AnnexC11_INVITE();

    v_ResponseWithSdp := f_IMS_MTCallSetup_AnnexC11_Steps1_4(v_InviteRequestWithSdp, p_AudioCodec);

    v_SessionInProgress183 := v_ResponseWithSdp.Response;

    // Establish Dedicated EPS bearer

    // See TS. 36.508 EUTRA/EPS signalling for IMS MT speech call Table 4.5A.7.3-1 Step 9-12

    // Step 5 - 6. Send PRACK, Receive 200 OK

    v_MessageHeader_PrevReliableResponse := v_SessionInProgress183.msgHeader;

    f_IMS_MTCallSetup_SendPRACK_ReceiveOK(v_InviteRequestWithSdp.Invite, v_MessageHeader_PrevReliableResponse);

    // Step 7 - 11. Send UPDATE, Receive 200 OK, Receive 180 Ringing and send PRACK if requested

    v_MessageHeader_Ringing := f_IMS_MTCallSetup_AnnexC11_Steps7_11(v_InviteRequestWithSdp, v_ResponseWithSdp);  /* @sic R5-153798: parameter v_ResponseWithSdp sic@ */

    fl_IMS_CW_180Ringing_CheckAlertInfo(v_MessageHeader_Ringing, "urn:alert:service:call-waiting");  // Requirement step 9

    return v_InviteRequestWithSdp.Invite;

  }

After change
  function fl_IMS_CW_IncomingCall(IMS_SDP_AudioCodec_Type p_AudioCodec := AMR_16000) runs on IMS_PTC return INVITE_Request

  { /* @sic R5-173555 p_AudioCodec := AMR_16000 sic@ */

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

    var IMS_ResponseWithSdp_Type v_ResponseWithSdp;           /* @sic R5w140112 sic@ */

    var IMS_Response_Type v_SessionInProgress183;

    var MessageHeader v_MessageHeader_PrevReliableResponse;

    var template (omit) MessageHeader v_MessageHeader_Ringing;

    //J.15.1_15.2_change2

    var boolean v_IsCatM1 := f_IMS_TestcaseIsCatM1(); 

    if(v_IsCatM1) {

    
 p_AudioCodec := AMR_8000;

    }
    //J.15.1_15.2_change2_end
    v_InviteRequestWithSdp := f_IMS_MTCallSetup_AnnexC11_INVITE();

    v_ResponseWithSdp := f_IMS_MTCallSetup_AnnexC11_Steps1_4(v_InviteRequestWithSdp, p_AudioCodec);

    v_SessionInProgress183 := v_ResponseWithSdp.Response;

    // Establish Dedicated EPS bearer

    // See TS. 36.508 EUTRA/EPS signalling for IMS MT speech call Table 4.5A.7.3-1 Step 9-12

    // Step 5 - 6. Send PRACK, Receive 200 OK

    v_MessageHeader_PrevReliableResponse := v_SessionInProgress183.msgHeader;

    f_IMS_MTCallSetup_SendPRACK_ReceiveOK(v_InviteRequestWithSdp.Invite, v_MessageHeader_PrevReliableResponse);

    // Step 7 - 11. Send UPDATE, Receive 200 OK, Receive 180 Ringing and send PRACK if requested

    v_MessageHeader_Ringing := f_IMS_MTCallSetup_AnnexC11_Steps7_11(v_InviteRequestWithSdp, v_ResponseWithSdp);  /* @sic R5-153798: parameter v_ResponseWithSdp sic@ */

    fl_IMS_CW_180Ringing_CheckAlertInfo(v_MessageHeader_Ringing, "urn:alert:service:call-waiting");  // Requirement step 9

    return v_InviteRequestWithSdp.Invite;

  }
Change 3 – Correction to function ‘f_IMS_MTCallSetup_AnnexC11_Steps7_11’
	Function name
	f_IMS_MTCallSetup_AnnexC11_Steps7_11 ()

	Reason for change
	See change 1.

	Summary of change
	See change 1.

	TTCN module
	Common/IMS/IMS_Procedures_CallControl.ttcn

	MCC160 Comment
	


Before change
  function f_IMS_MTCallSetup_AnnexC11_Steps7_11(IMS_InviteRequestWithSdp_Type p_InviteRequestWithSdp,

                                                IMS_ResponseWithSdp_Type p_SessionProgress183,

                                                IMS_SDP_AudioCodec_Type p_AudioCodec := AMR_16000) runs on IMS_PTC return template (omit) MessageHeader

  { /* @sic R5w140112: p_InviteRequestWithSdp instead of p_InviteRequest sic@ */

    /* @sic R5-153798: new parameter p_SessionProgress183, p_AudioCodec sic@ */

    /* @sic R5-168057, R5-168142: p_AudioCodec := AMR_16000 sic@ */

    var template (value) INVITE_Request v_InviteRequest := p_InviteRequestWithSdp.Invite;

    var InternetProtocol_Type v_ProtocolUsedForInvite := p_InviteRequestWithSdp.RoutingInfo.Protocol;

    var SDP_Message v_SDP_Message183 := p_SessionProgress183.SdpMessage;

    var template (value)   SDP_Message v_Tx_SDP;

    var template (present) SDP_Message v_Rx_SDP;

    // Step 7 - 8. Send UPDATE, Receive 200 OK

    v_Tx_SDP := f_IMS_BuildSDP_MTSpeechCall_Step7(v_SDP_Message183, p_AudioCodec);  /* @sic R5-153798 sic@*/

    v_Rx_SDP := f_IMS_BuildSDP_MTSpeechCall_Step4or8("step 8", p_AudioCodec); // @sic R5s120530 change 3.16 sic@  @sic R5-153798 sic@

    return f_IMS_MTCallSetup_Common_Steps7_11(v_InviteRequest, v_Tx_SDP, v_Rx_SDP, v_ProtocolUsedForInvite);

  }

After change
  function f_IMS_MTCallSetup_AnnexC11_Steps7_11(IMS_InviteRequestWithSdp_Type p_InviteRequestWithSdp,

                                                IMS_ResponseWithSdp_Type p_SessionProgress183,

                                                IMS_SDP_AudioCodec_Type p_AudioCodec := AMR_16000) runs on IMS_PTC return template (omit) MessageHeader

  { /* @sic R5w140112: p_InviteRequestWithSdp instead of p_InviteRequest sic@ */

    /* @sic R5-153798: new parameter p_SessionProgress183, p_AudioCodec sic@ */

    /* @sic R5-168057, R5-168142: p_AudioCodec := AMR_16000 sic@ */

    var template (value) INVITE_Request v_InviteRequest := p_InviteRequestWithSdp.Invite;

    var InternetProtocol_Type v_ProtocolUsedForInvite := p_InviteRequestWithSdp.RoutingInfo.Protocol;

    var SDP_Message v_SDP_Message183 := p_SessionProgress183.SdpMessage;

    var template (value)   SDP_Message v_Tx_SDP;

    var template (present) SDP_Message v_Rx_SDP;

    //J.15.1_15.2_change3
    var boolean v_IsCatM1 := f_IMS_TestcaseIsCatM1(); 

    if(v_IsCatM1) {

    
 p_AudioCodec := AMR_8000; 

    }
    //J.15.1_15.2_change3_end
    // Step 7 - 8. Send UPDATE, Receive 200 OK

    v_Tx_SDP := f_IMS_BuildSDP_MTSpeechCall_Step7(v_SDP_Message183, p_AudioCodec);  /* @sic R5-153798 sic@*/

    v_Rx_SDP := f_IMS_BuildSDP_MTSpeechCall_Step4or8("step 8", p_AudioCodec); // @sic R5s120530 change 3.16 sic@  @sic R5-153798 sic@

    return f_IMS_MTCallSetup_Common_Steps7_11(v_InviteRequest, v_Tx_SDP, v_Rx_SDP, v_ProtocolUsedForInvite);

  }  
Change 4 – Correction to function ‘f_IMS_MOCallSetup_AnnexC21_Step2_Common’
	Function name
	f_IMS_MOCallSetup_AnnexC21_Step2_Common ()

	Reason for change
	See change 1.

	Summary of change
	See change 1.

	TTCN module
	Common/IMS/ IMS_Procedures_CallControl.ttcn

	MCC160 Comment
	


Before change
  function f_IMS_MOCallSetup_AnnexC21_Step2_Common(template SipUrl p_OtherCalleeUri := omit,

                                                   INVITE_A_2_1_Context_Type p_A_2_1_Context := A_2_1_A4,

                                                   boolean p_GeolocationInfoAvailable := false,

                                                   IMS_SDP_AudioCodecList_Type p_AudioCodecList := tsc_IMS_SDP_AudioCodecList_WBAMR_AMR,

                                                   boolean p_OIR := false,

                                                   boolean p_PreconditionSupported := true) runs on IMS_PTC return IMS_InviteRequestWithSdp_Type

  { /* @sic R5-133276, R5-133301 Cleanup of functions for MO Call Setup sic@ */

    /* @sic R5s130756 additional changes: p_IsGIBA removed sic@ */

    /* @sic R5w140112: return type changed to IMS_InviteRequestWithSdp_Type to carry decoded SDP offer */

    /* @sic R5s150204: p_OtherCalleeUri charstring -> SipUrl sic@ */

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

    /* @sic R5-160975: p_OIR sic@ */

    /* @sic R5-174483: p_AudioCodecList instead of p_AdditionalAudioCodecList sic@ */

    var template (omit) float v_WaitDuration := omit;

    var IMS_InviteRequestWithSdp_Type v_InviteRequestWithSdp;

    var OptionTag_List v_AdditionalOptionTagsForSupported := f_IMS_AdditionalOptionTagsForSupported(p_PreconditionSupported);

    var boolean v_IsCatM1 := f_IMS_TestcaseIsCatM1();   /* @sic R5-174483: C.21d sic@ */

    var template (present) SDP_Message v_SDP_Message_Step2 := f_IMS_BuildSDP_AnnexC21_Step2(p_PreconditionSupported, p_AudioCodecList); /* @sic R5s150704 - additional changes sic@ @sic R5-172931 sic@ */

    v_InviteRequestWithSdp := valueof(f_IMS_MOCallSetup_AnnexC21_Step2_Optional(v_SDP_Message_Step2,

                                                                                p_OtherCalleeUri,

                                                                                p_A_2_1_Context,

                                                                                v_WaitDuration,

                                                                                p_AudioCodecList,

                                                                                v_AdditionalOptionTagsForSupported,

                                                                                p_GeolocationInfoAvailable,

                                                                                p_OIR));

    if (v_IsCatM1) {

      f_IMS_CheckSDP_AnnexC21d_Step2(v_InviteRequestWithSdp.SdpOffer);

    }

    return v_InviteRequestWithSdp;

  }  

After change
  function f_IMS_MOCallSetup_AnnexC21_Step2_Common(template SipUrl p_OtherCalleeUri := omit,

                                                   INVITE_A_2_1_Context_Type p_A_2_1_Context := A_2_1_A4,

                                                   boolean p_GeolocationInfoAvailable := false,

                                                   IMS_SDP_AudioCodecList_Type p_AudioCodecList := tsc_IMS_SDP_AudioCodecList_WBAMR_AMR,

                                                   boolean p_OIR := false,

                                                   boolean p_PreconditionSupported := true) runs on IMS_PTC return IMS_InviteRequestWithSdp_Type

  { /* @sic R5-133276, R5-133301 Cleanup of functions for MO Call Setup sic@ */

    /* @sic R5s130756 additional changes: p_IsGIBA removed sic@ */

    /* @sic R5w140112: return type changed to IMS_InviteRequestWithSdp_Type to carry decoded SDP offer */

    /* @sic R5s150204: p_OtherCalleeUri charstring -> SipUrl sic@ */

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

    /* @sic R5-160975: p_OIR sic@ */

    /* @sic R5-174483: p_AudioCodecList instead of p_AdditionalAudioCodecList sic@ */

    var template (omit) float v_WaitDuration := omit;

    var IMS_InviteRequestWithSdp_Type v_InviteRequestWithSdp;

    var OptionTag_List v_AdditionalOptionTagsForSupported := f_IMS_AdditionalOptionTagsForSupported(p_PreconditionSupported);

    var boolean v_IsCatM1 := f_IMS_TestcaseIsCatM1();   /* @sic R5-174483: C.21d sic@ */

    //J.15.1_change_4

    //var template (present) SDP_Message v_SDP_Message_Step2 := f_IMS_BuildSDP_AnnexC21_Step2(p_PreconditionSupported, p_AudioCodecList); /* @sic R5s150704 - additional changes sic@ @sic R5-172931 sic@ */

   var template (present) SDP_Message v_SDP_Message_Step2;

   var IMS_SDP_AudioCodecList_Type v_AudioCodecList;

   if (v_IsCatM1) {

   

v_AudioCodecList := tsc_IMS_SDP_AudioCodecList_AMR_only; 

   }

   if (v_IsCatM1) {

   v_SDP_Message_Step2 := f_IMS_BuildSDP_AnnexC21_Step2(p_PreconditionSupported, v_AudioCodecList ); /* @sic R5s150704 - additional changes sic@ @sic R5-172931 sic@ */

   v_InviteRequestWithSdp := valueof(f_IMS_MOCallSetup_AnnexC21_Step2_Optional(v_SDP_Message_Step2,

                                                                                p_OtherCalleeUri,

                                                                                p_A_2_1_Context,

                                                                                v_WaitDuration,

                                                                                v_AudioCodecList,

                                                                                v_AdditionalOptionTagsForSupported,

                                                                                p_GeolocationInfoAvailable,

                                                                                p_OIR));

   }

   else {

   v_SDP_Message_Step2 := f_IMS_BuildSDP_AnnexC21_Step2(p_PreconditionSupported, p_AudioCodecList); /* @sic R5s150704 - additional changes sic@ @sic R5-172931 sic@ */

   v_InviteRequestWithSdp := valueof(f_IMS_MOCallSetup_AnnexC21_Step2_Optional(v_SDP_Message_Step2,

                                                                                p_OtherCalleeUri,

                                                                                p_A_2_1_Context,

                                                                                v_WaitDuration,

                                                                                p_AudioCodecList,

                                                                                v_AdditionalOptionTagsForSupported,

                                                                                p_GeolocationInfoAvailable,

                                                                                p_OIR));

   }
    //J.15.1_change_4_end

    if (v_IsCatM1) {

      f_IMS_CheckSDP_AnnexC21d_Step2(v_InviteRequestWithSdp.SdpOffer);

    }

    return v_InviteRequestWithSdp;

  }    
Change 5 – Correction to function ‘f_IMS_MOCallSetup_AnnexC21_Step3_4’
	Function name
	f_IMS_MOCallSetup_AnnexC21_Step3_4 ()

	Reason for change
	See change 1.

	Summary of change
	See change 1.

	TTCN module
	Common/IMS/ IMS_Procedures_CallControl.ttcn

	MCC160 Comment
	


Before change
  function f_IMS_MOCallSetup_AnnexC21_Step3_4(IMS_InviteRequestWithSdp_Type p_InviteRequestWithSdp,

                                              charstring p_ContactUri := px_IMS_CalleeContactUri,

                                              template (omit) SemicolonParam_List p_AditionalContactParams := omit,

                                              IMS_CallType_Type p_CallType := NORMAL_CALL,

                                              IMS_SDP_AudioCodec_Type p_AudioCodec := AMR_16000,

                                              integer p_BandwidthAS := 37) runs on IMS_PTC return MessageHeader

  { /* @sic R5s130756 additional changes: p_IsGIBA removed sic@ */

    /* @sic R5w140112: p_InviteRequestWithSdp instead of p_RoutingInfo_DL, p_InviteRequest sic@ */

    /* @sic R5s140359 - Additional Changes: split (f_IMS_MOCallSetup_AnnexC21_Step3, f_IMS_MOCallSetup_AnnexC21_Step4) sic@ */

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

    /* @sic R5s150692 change 12: parameter p_CallType sic@ */

    /* @sic R5s153535, R5-153950 parameter p_AudioCodec sic@ */

    /* @sic R5s150841: p_IsC44 removed sic@ */

    /* @sic R5-168031: p_AudioCodec := AMR_16000, p_BandwidthAS sic@ */

    var MessageHeader v_MessageHeader_Response183;

    // Step 3. SS sends a 100 Trying provisional response.

    f_IMS_MOCallSetup_AnnexC21_Step3(p_InviteRequestWithSdp);

    // Step 4. Send 183 Session In Progress.

    v_MessageHeader_Response183 := f_IMS_MOCallSetup_AnnexC21_Step4(p_InviteRequestWithSdp, p_ContactUri, p_AditionalContactParams, p_CallType, p_AudioCodec, p_BandwidthAS);  /* @sic R5s150692 change 12 sic@

                                                                                                                                                                                  @sic R5s153535, R5-153950, R5-168031 sic@*/

    return v_MessageHeader_Response183;

  }  

After change
  function f_IMS_MOCallSetup_AnnexC21_Step3_4(IMS_InviteRequestWithSdp_Type p_InviteRequestWithSdp,

                                              charstring p_ContactUri := px_IMS_CalleeContactUri,

                                              template (omit) SemicolonParam_List p_AditionalContactParams := omit,

                                              IMS_CallType_Type p_CallType := NORMAL_CALL,

                                              IMS_SDP_AudioCodec_Type p_AudioCodec := AMR_16000,

                                              integer p_BandwidthAS := 37) runs on IMS_PTC return MessageHeader

  { /* @sic R5s130756 additional changes: p_IsGIBA removed sic@ */

    /* @sic R5w140112: p_InviteRequestWithSdp instead of p_RoutingInfo_DL, p_InviteRequest sic@ */

    /* @sic R5s140359 - Additional Changes: split (f_IMS_MOCallSetup_AnnexC21_Step3, f_IMS_MOCallSetup_AnnexC21_Step4) sic@ */

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

    /* @sic R5s150692 change 12: parameter p_CallType sic@ */

    /* @sic R5s153535, R5-153950 parameter p_AudioCodec sic@ */

    /* @sic R5s150841: p_IsC44 removed sic@ */

    /* @sic R5-168031: p_AudioCodec := AMR_16000, p_BandwidthAS sic@ */

    var MessageHeader v_MessageHeader_Response183;

    //J.15.1_change5.1

    var boolean v_IsCatM1 := f_IMS_TestcaseIsCatM1(); 

    var IMS_SDP_AudioCodec_Type v_AudioCodec;    

    if(v_IsCatM1) {

    
 v_AudioCodec := AMR_8000; 

    }

    //J.15.1_change5.1_end
    // Step 3. SS sends a 100 Trying provisional response.

    f_IMS_MOCallSetup_AnnexC21_Step3(p_InviteRequestWithSdp);

    // Step 4. Send 183 Session In Progress.

    //J.15.1_change5.2

    if(v_IsCatM1) {

      v_MessageHeader_Response183 := f_IMS_MOCallSetup_AnnexC21_Step4(p_InviteRequestWithSdp, p_ContactUri, p_AditionalContactParams, p_CallType, v_AudioCodec, p_BandwidthAS);  //Piyush_J.15.1

    }

    else {

      v_MessageHeader_Response183 := f_IMS_MOCallSetup_AnnexC21_Step4(p_InviteRequestWithSdp, p_ContactUri, p_AditionalContactParams, p_CallType, p_AudioCodec, p_BandwidthAS);  /* @sic R5s150692 change 12 sic@*/

    }                                                                                                                                                                             /* @sic R5s153535, R5-153950, R5-168031 sic@*/

    //J.15.1_change5.2_end
    return v_MessageHeader_Response183;

  }

  }  
Change 6 – Correction to function ‘f_IMS_MOCallSetup_AnnexC21C25_Steps5_8’
	Function name
	f_IMS_MOCallSetup_AnnexC21C25_Steps5_8 ()

	Reason for change
	See change 1.

	Summary of change
	See change 1.

	TTCN module
	Common/IMS/ IMS_Procedures_CallControl.ttcn

	MCC160 Comment
	


Before change
  function f_IMS_MOCallSetup_AnnexC21C25_Steps5_8(IMS_InviteRequestWithSdp_Type p_InviteRequestWithSdp,

                                                  template (value) MessageHeader p_MessageHeader_Prev183Response,

                                                  boolean p_GeolocationInfoAvailable := false,

                                                  template SDP_Message p_SDP_Message_Step5or7 := omit,

                                                  template (omit) SDP_Message p_PrevSDP_Message := omit,

                                                  IMS_CallType_Type p_CallType := NORMAL_CALL,

                                                  boolean p_ResourcesEstablished := false,

                                                  IMS_SDP_AudioCodec_Type p_AudioCodec := AMR_16000,

                                                  IMS_PreconditionIndication_Type p_PreconditionIndicationStep5and7 := PreconditionRequired) runs on IMS_PTC return SDP_Message

  { /* p_SDP_Message_Step5or7 .. used in case of video (C.25) */

    /* @sic R5s130756 additional changes: p_IsGIBA removed sic@ */

    /* @sic R5w140112: p_InviteRequest changed to p_InviteRequestWithSdp */

    /* @sic R5s140686, R5-144755: parameter p_PrevSDP_Message sic@ */

    /* @sic R5-151953 new parameter: p_ResourcesEstablished sic@ */

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

    /* @sic R5s150692 change 16: parameter p_CallType sic@ */

    /* @sic R5-160794 (17.1): p_PreconditionIndication sic@ */

    /* @sic R5-162925, R5-162927, R5-162928, R5-162929: p_PreconditionIndicationStep5and7 := PreconditionRequired sic@ */

    /* @sic R5-168031, R5-168032: p_AudioCodec := AMR_16000 sic@ */

    var SipUrl v_ContactUrl := f_MessageHeader_GetContactSipUrl(p_MessageHeader_Prev183Response);    /* @sic R5s130333 change 8.2 - acc. to A.2.4, A.2.5 same as in previous response sic@ */

    var INVITE_Request v_InviteRequest := p_InviteRequestWithSdp.Invite;

    var SDP_Message v_SDP_Message := p_InviteRequestWithSdp.SdpOffer;  /* @sic R5w140112 sic@ */

    var template (present) SDP_Message v_SDP_Message_Step5or7;

    var template (present) MessageBody v_MessageBody;

    var boolean v_MediaConfigured := false;

    var IMS_DATA_REQ v_IMS_DATA_REQ;

    var template (value) IMS_RoutingInfo_Type v_RoutingInfo_DL;

    var template (present) MessageHeader v_MessageHeader_Prack;

    var template (present) MessageHeader v_MessageHeader_Update;

    var template (omit) MessageBody v_MessageBodyTx := omit;

    var template (omit) ContentType v_ContentType := omit;

    var PRACK_Request v_PrackRequest;

    var UPDATE_Request v_UpdateRequest;

    var SDP_Message v_SDP_LatestOffer;

    var boolean v_CondA5 := f_IMS_PTC_SecurityScheme_IsSipDigest();    /* @sic R5-160505 FBBA registration sic@ */

    if (isvalue(p_PrevSDP_Message)) {   /* e.g. in case of C.27 the INVITE's SDP message is not the latest SDP sent by the UE */

      v_SDP_Message := valueof(p_PrevSDP_Message);

    }

    if (not ispresent(p_SDP_Message_Step5or7)) {

      v_SDP_Message_Step5or7 := f_IMS_BuildSDP_AnnexC21_Step5or7(v_SDP_Message, p_ResourcesEstablished, p_AudioCodec);  /* => use speech per default */

    } else {

      v_SDP_Message_Step5or7 := p_SDP_Message_Step5or7;         /* In case of video the SDP message needs to be handed over

                                                                   NOTE: compiler warning cannot be avoided here */

    }

    // Step 5. Receive PRACK

    v_MessageHeader_Prack := f_IMS_PrackRequest_MessageHeaderRX(v_InviteRequest, p_MessageHeader_Prev183Response, -, v_CondA5);

    v_IMS_DATA_REQ := f_IMS_ReceiveRequest(car_IMS_Prack_Request(cr_PRACK_Request(v_ContactUrl, v_MessageHeader_Prack, cr_MessageBody_SDP ifpresent)));

    v_PrackRequest := v_IMS_DATA_REQ.Request.Prack;

    v_RoutingInfo_DL := f_IMS_RoutingInfo_ULtoDL(v_IMS_DATA_REQ.RoutingInfo);

    // fl_IMS_Params_CheckSigComp(v_PrackRequest.msgHeader.route.routeBody[0].rrParam);     // acc. to 34.229-1 cl. 13.2.4 step 4 (PRACK) "comp=sigcomp" is optional for Via and Route

    if (ispresent(v_PrackRequest.messageBody)) {

      f_IMS_MessageHeader_CheckPreconditionIndicationForOffer(v_PrackRequest.msgHeader, p_PreconditionIndicationStep5and7);   /* @sic R5-160794 sic@ */

      v_SDP_LatestOffer := f_IMS_SIP_SdpMessageBody_DecodeMatchAndCheckSDP(v_PrackRequest.messageBody, v_SDP_Message_Step5or7);  // @sic R5w140112 sic@

      // check session version increased @sic R5-150702: done in f_IMS_SIP_DecodeMatchAndCheckSDP sic@ */

      v_ContentType := cs_ContentTypeSDP;

      v_MessageBodyTx := cs_MessageBody_SDP(f_IMS_BuildSDP_AnnexC21C25_Step6or8(v_SDP_LatestOffer));    /* @sic R5w140112 sic@ */

      v_MediaConfigured := true;

    }

    // Step 6. Send 200 OK

    IMS_Server.send(cas_IMS_DATA_RSP(v_RoutingInfo_DL,

                                     cs_Response(c_statusLine200,

                                                 f_IMS_OtherResponse_200_MessageHeaderTX(v_PrackRequest.msgHeader, v_ContentType, -, -, PreconditionRequired, p_CallType),

                                                 /* @sic R5s150237 change 2 sic@ @sic R5s150692 change 16 sic@ @sic R5-160794, R5-162925, R5-162927, R5-162928, R5-162929: PreconditionRequired sic@ */

                                                 v_MessageBodyTx)));

    // Step 7 Optional. Receive Update

    // Note: UE will send Update if Media is not yet configured

    if (not v_MediaConfigured) {

      v_MessageHeader_Update := f_IMS_UpdateRequest_MessageHeaderRX(v_InviteRequest, p_CallType);  /* @sic R5s150692 change 16 sic@ */

      v_MessageBody := f_SIP_MessageBodySDP_RX(p_GeolocationInfoAvailable);

      if (p_GeolocationInfoAvailable) {

        v_MessageHeader_Update.geolocation := cr_GeolocationAny;

        v_MessageHeader_Update.geolocationRouting := cr_GeolocationRoutingSupported; // @sic R5-134798 sic@

        v_MessageHeader_Update.contentType := cr_ContentType("multipart/mixed");     // @sic R5s150851: ContentType depending on condition A1 for TC_19_3_1 too sic@

      }

      v_IMS_DATA_REQ := f_IMS_ReceiveRequest(car_IMS_Update_Request(cr_UPDATE_Request(v_ContactUrl, v_MessageHeader_Update, v_MessageBody)));

      v_UpdateRequest := v_IMS_DATA_REQ.Request.Update;

      v_RoutingInfo_DL := f_IMS_RoutingInfo_ULtoDL(v_IMS_DATA_REQ.RoutingInfo);

      v_SDP_LatestOffer := f_IMS_MessageBody_CheckSdpMessageAndGeolocation(v_UpdateRequest.messageBody, v_SDP_Message_Step5or7);  /* @sic R5w140112 sic@ */

      f_IMS_MessageHeader_CheckPreconditionIndicationForOffer(v_UpdateRequest.msgHeader, p_PreconditionIndicationStep5and7);      /* @sic R5-160794 sic@ */

      //fl_IMS_Params_CheckSigComp(v_UpdateRequest.msgHeader.route.routeBody[0].rrParam);     // acc. to 34.229-1 cl. 13.2.4 step 6 (UPDATE) "comp=sigcomp" is optional for Via and Route

      // check session version increased @sic R5-150702: done in f_IMS_SIP_DecodeMatchAndCheckSDP sic@ */

      v_ContentType := cs_ContentTypeSDP;

      v_MessageBodyTx := cs_MessageBody_SDP(f_IMS_BuildSDP_AnnexC21C25_Step6or8(v_SDP_LatestOffer));    /*  @sic R5w140112 sic@ */

      if (p_CallType == ASSERTED_EMERGENCY) {  // @sic R5s150851: Acc. to 24.229, 5.1.6.10 the Contact header is well-defined for non-detectable emergency calls and needs to be checked (in contrast to R5-150692) sic@

        f_IMS_MessageHeader_CheckContactAddr(v_UpdateRequest.msgHeader);  // @sic R5-153760: check contct header sic@

      }

      // Step 8 Optional. Send 200 OK

      IMS_Server.send(cas_IMS_DATA_RSP(v_RoutingInfo_DL,

                                       cs_Response(c_statusLine200,

                                                   f_IMS_OtherResponse_200_MessageHeaderTX(v_UpdateRequest.msgHeader, v_ContentType, -, -, PreconditionRequired, p_CallType),

                                                   /* @sic R5s150237 change 2 sic@ @sic R5s150692 change 16 sic@ @sic R5-160794, R5-162925, R5-162927, R5-162928, R5-162929: PreconditionRequired sic@ */

                                                   v_MessageBodyTx)));

    }

    return v_SDP_LatestOffer;

  }

After change
  function f_IMS_MOCallSetup_AnnexC21C25_Steps5_8(IMS_InviteRequestWithSdp_Type p_InviteRequestWithSdp,

                                                  template (value) MessageHeader p_MessageHeader_Prev183Response,

                                                  boolean p_GeolocationInfoAvailable := false,

                                                  template SDP_Message p_SDP_Message_Step5or7 := omit,

                                                  template (omit) SDP_Message p_PrevSDP_Message := omit,

                                                  IMS_CallType_Type p_CallType := NORMAL_CALL,

                                                  boolean p_ResourcesEstablished := false,

                                                  IMS_SDP_AudioCodec_Type p_AudioCodec := AMR_16000,

                                                  IMS_PreconditionIndication_Type p_PreconditionIndicationStep5and7 := PreconditionRequired) runs on IMS_PTC return SDP_Message

  { /* p_SDP_Message_Step5or7 .. used in case of video (C.25) */

    /* @sic R5s130756 additional changes: p_IsGIBA removed sic@ */

    /* @sic R5w140112: p_InviteRequest changed to p_InviteRequestWithSdp */

    /* @sic R5s140686, R5-144755: parameter p_PrevSDP_Message sic@ */

    /* @sic R5-151953 new parameter: p_ResourcesEstablished sic@ */

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

    /* @sic R5s150692 change 16: parameter p_CallType sic@ */

    /* @sic R5-160794 (17.1): p_PreconditionIndication sic@ */

    /* @sic R5-162925, R5-162927, R5-162928, R5-162929: p_PreconditionIndicationStep5and7 := PreconditionRequired sic@ */

    /* @sic R5-168031, R5-168032: p_AudioCodec := AMR_16000 sic@ */

    var SipUrl v_ContactUrl := f_MessageHeader_GetContactSipUrl(p_MessageHeader_Prev183Response);    /* @sic R5s130333 change 8.2 - acc. to A.2.4, A.2.5 same as in previous response sic@ */

    var INVITE_Request v_InviteRequest := p_InviteRequestWithSdp.Invite;

    var SDP_Message v_SDP_Message := p_InviteRequestWithSdp.SdpOffer;  /* @sic R5w140112 sic@ */

    var template (present) SDP_Message v_SDP_Message_Step5or7;

    var template (present) MessageBody v_MessageBody;

    var boolean v_MediaConfigured := false;

    var IMS_DATA_REQ v_IMS_DATA_REQ;

    var template (value) IMS_RoutingInfo_Type v_RoutingInfo_DL;

    var template (present) MessageHeader v_MessageHeader_Prack;

    var template (present) MessageHeader v_MessageHeader_Update;

    var template (omit) MessageBody v_MessageBodyTx := omit;

    var template (omit) ContentType v_ContentType := omit;

    var PRACK_Request v_PrackRequest;

    var UPDATE_Request v_UpdateRequest;

    var SDP_Message v_SDP_LatestOffer;

    var boolean v_CondA5 := f_IMS_PTC_SecurityScheme_IsSipDigest();    /* @sic R5-160505 FBBA registration sic@ */

    //J.15.1_change_6.1

    var boolean v_IsCatM1 := f_IMS_TestcaseIsCatM1(); 

    var IMS_SDP_AudioCodec_Type v_AudioCodec; 

    if(v_IsCatM1)

    {

      v_AudioCodec := AMR_8000;

    }

    //J.15.1_change_6.1_end
    if (isvalue(p_PrevSDP_Message)) {   /* e.g. in case of C.27 the INVITE's SDP message is not the latest SDP sent by the UE */

      v_SDP_Message := valueof(p_PrevSDP_Message);

    }

   //J.15.1_change_6.2

    if ((v_IsCatM1) and (not ispresent(p_SDP_Message_Step5or7))){

       v_SDP_Message_Step5or7 := f_IMS_BuildSDP_AnnexC21_Step5or7(v_SDP_Message, p_ResourcesEstablished, v_AudioCodec);  /* => use speech per default */

    } else if (not ispresent(p_SDP_Message_Step5or7)) {

      v_SDP_Message_Step5or7 := f_IMS_BuildSDP_AnnexC21_Step5or7(v_SDP_Message, p_ResourcesEstablished, p_AudioCodec);  /* => use speech per default */

    } 

    //J.15.1_change_6.2_end
    else {

    v_SDP_Message_Step5or7 := p_SDP_Message_Step5or7;         /* In case of video the SDP message needs to be handed over

                                                                   NOTE: compiler warning cannot be avoided here */

    }

    // Step 5. Receive PRACK

    v_MessageHeader_Prack := f_IMS_PrackRequest_MessageHeaderRX(v_InviteRequest, p_MessageHeader_Prev183Response, -, v_CondA5);

    v_IMS_DATA_REQ := f_IMS_ReceiveRequest(car_IMS_Prack_Request(cr_PRACK_Request(v_ContactUrl, v_MessageHeader_Prack, cr_MessageBody_SDP ifpresent)));

    v_PrackRequest := v_IMS_DATA_REQ.Request.Prack;

    v_RoutingInfo_DL := f_IMS_RoutingInfo_ULtoDL(v_IMS_DATA_REQ.RoutingInfo);

    // fl_IMS_Params_CheckSigComp(v_PrackRequest.msgHeader.route.routeBody[0].rrParam);     // acc. to 34.229-1 cl. 13.2.4 step 4 (PRACK) "comp=sigcomp" is optional for Via and Route

    if (ispresent(v_PrackRequest.messageBody)) {

      f_IMS_MessageHeader_CheckPreconditionIndicationForOffer(v_PrackRequest.msgHeader, p_PreconditionIndicationStep5and7);   /* @sic R5-160794 sic@ */

      v_SDP_LatestOffer := f_IMS_SIP_SdpMessageBody_DecodeMatchAndCheckSDP(v_PrackRequest.messageBody, v_SDP_Message_Step5or7);  // @sic R5w140112 sic@

      // check session version increased @sic R5-150702: done in f_IMS_SIP_DecodeMatchAndCheckSDP sic@ */

      v_ContentType := cs_ContentTypeSDP;

      v_MessageBodyTx := cs_MessageBody_SDP(f_IMS_BuildSDP_AnnexC21C25_Step6or8(v_SDP_LatestOffer));    /* @sic R5w140112 sic@ */

      v_MediaConfigured := true;

    }

    // Step 6. Send 200 OK

    IMS_Server.send(cas_IMS_DATA_RSP(v_RoutingInfo_DL,

                                     cs_Response(c_statusLine200,

                                                 f_IMS_OtherResponse_200_MessageHeaderTX(v_PrackRequest.msgHeader, v_ContentType, -, -, PreconditionRequired, p_CallType),

                                                 /* @sic R5s150237 change 2 sic@ @sic R5s150692 change 16 sic@ @sic R5-160794, R5-162925, R5-162927, R5-162928, R5-162929: PreconditionRequired sic@ */

                                                 v_MessageBodyTx)));

    // Step 7 Optional. Receive Update

    // Note: UE will send Update if Media is not yet configured

    if (not v_MediaConfigured) {

      v_MessageHeader_Update := f_IMS_UpdateRequest_MessageHeaderRX(v_InviteRequest, p_CallType);  /* @sic R5s150692 change 16 sic@ */

      v_MessageBody := f_SIP_MessageBodySDP_RX(p_GeolocationInfoAvailable);

      if (p_GeolocationInfoAvailable) {

        v_MessageHeader_Update.geolocation := cr_GeolocationAny;

        v_MessageHeader_Update.geolocationRouting := cr_GeolocationRoutingSupported; // @sic R5-134798 sic@

        v_MessageHeader_Update.contentType := cr_ContentType("multipart/mixed");     // @sic R5s150851: ContentType depending on condition A1 for TC_19_3_1 too sic@

      }

      v_IMS_DATA_REQ := f_IMS_ReceiveRequest(car_IMS_Update_Request(cr_UPDATE_Request(v_ContactUrl, v_MessageHeader_Update, v_MessageBody)));

      v_UpdateRequest := v_IMS_DATA_REQ.Request.Update;

      v_RoutingInfo_DL := f_IMS_RoutingInfo_ULtoDL(v_IMS_DATA_REQ.RoutingInfo);

      v_SDP_LatestOffer := f_IMS_MessageBody_CheckSdpMessageAndGeolocation(v_UpdateRequest.messageBody, v_SDP_Message_Step5or7);  /* @sic R5w140112 sic@ */

      f_IMS_MessageHeader_CheckPreconditionIndicationForOffer(v_UpdateRequest.msgHeader, p_PreconditionIndicationStep5and7);      /* @sic R5-160794 sic@ */

      //fl_IMS_Params_CheckSigComp(v_UpdateRequest.msgHeader.route.routeBody[0].rrParam);     // acc. to 34.229-1 cl. 13.2.4 step 6 (UPDATE) "comp=sigcomp" is optional for Via and Route

      // check session version increased @sic R5-150702: done in f_IMS_SIP_DecodeMatchAndCheckSDP sic@ */

      v_ContentType := cs_ContentTypeSDP;

      v_MessageBodyTx := cs_MessageBody_SDP(f_IMS_BuildSDP_AnnexC21C25_Step6or8(v_SDP_LatestOffer));    /*  @sic R5w140112 sic@ */

      if (p_CallType == ASSERTED_EMERGENCY) {  // @sic R5s150851: Acc. to 24.229, 5.1.6.10 the Contact header is well-defined for non-detectable emergency calls and needs to be checked (in contrast to R5-150692) sic@

        f_IMS_MessageHeader_CheckContactAddr(v_UpdateRequest.msgHeader);  // @sic R5-153760: check contct header sic@

      }

      // Step 8 Optional. Send 200 OK

      IMS_Server.send(cas_IMS_DATA_RSP(v_RoutingInfo_DL,

                                       cs_Response(c_statusLine200,

                                                   f_IMS_OtherResponse_200_MessageHeaderTX(v_UpdateRequest.msgHeader, v_ContentType, -, -, PreconditionRequired, p_CallType),

                                                   /* @sic R5s150237 change 2 sic@ @sic R5s150692 change 16 sic@ @sic R5-160794, R5-162925, R5-162927, R5-162928, R5-162929: PreconditionRequired sic@ */

                                                   v_MessageBodyTx)));

    }

    return v_SDP_LatestOffer;

  }

Change 7 – Correction to function ‘f_IMS_BuildSDP_AnnexC21_Step4’
	Function name
	f_IMS_BuildSDP_AnnexC21_Step4 ()

	Reason for change
	See change 1.

	Summary of change
	See change 1.

	TTCN module
	Common/IMS/ IMS_SDP_Messages.ttcn

	MCC160 Comment
	


Before change
  function f_IMS_BuildSDP_AnnexC21_Step4(SDP_Message p_SDP_MessageInvite,

                                         boolean p_PreconditionsRequired := true,

                                         IMS_SDP_AudioCodec_Type p_AudioCodec := AMR_16000,

                                         integer p_BandwidthAS := 37)

    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_AudioCodec sic@ */

    /* @sic R5-168031: p_AudioCodec - default value changed from AMR_8000 to AMR_16000 sic@ */

    /* @sic R5-168031: p_BandwidthAS sic@ */

    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_FmtpDefaultParametersAudioCodecRX(p_AudioCodec);   /* @sic R5s160379 change 2 sic@ */

    var charstring v_FmtAudio := f_SDP_MediaDescr_GetAudioCodec(v_SDP_Media_Invite, p_AudioCodec, 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(p_BandwidthAS, v_BandwidthRS, v_BandwidthRR); // @sic R5-123505, R5-135020; R5-144700: AS=p_BandwidthAS sic@

    var template (omit) SDP_attribute_list v_SDP_MediaAttributes;

    var template (omit) SDP_attribute_list v_SDP_PrecondionAttributes := omit;

    var template (omit) SemicolonParam_List v_FmtpParameterList_Step4 := omit;

    var boolean v_IsFBBA := f_IMS_PTC_RanTypeIsFBBA();  /* @sic R5-174553, R5-174554: C.21b, C.21c sic@ */

    var boolean v_IsWLAN := f_IMS_PTC_RanTypeIsWLAN();  /* @sic R5-171477 sic@ */

    var boolean v_IsCatM1 := f_IMS_TestcaseIsCatM1();   /* @sic R5-174483: C.21d sic@ */

    var SemicolonParam_List v_FmtpParameterList_Step2;

    var CharStringList_Type v_FmtpParametersToBoCopied;

    var charstring v_ReceivedBw;

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

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

        v_Attribute := f_SDP_AttributeList_GetAttribute(v_SDP_Media_Invite.attributes, cr_SDP_Attribute_fmtp(v_FmtAudio));

        v_ReceivedBw := f_SIP_SemicolonParamList_GetParamValue(v_Attribute.fmtp.params.paramList, "bw");   /* @sic R5s170336/R5-172069 sic@ */

        v_FmtpParameterList_Step4 := {cs_EVS_Bw(v_ReceivedBw), cs_EVS_BwSend(v_ReceivedBw), cs_EVS_BwRecv(v_ReceivedBw), cs_AMR_MaxRed};   /* @sic R5s160379: Additional Change by MCC160 sic@

                                                                                                                                              @sic R5s170336/R5-172069: v_ReceivedBw 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_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@ */

      }

      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);

    }

    if (not v_IsWLAN and not v_IsCatM1) { // @sic R5-171476, R5-174483: not required for C.21a and C.21d sic@

      v_SDP_MediaAttributes := f_IMS_SDP_MediaAttributes_CopyEcnCapabilityAttributesTX(v_SDP_Media_Invite, v_SDP_MediaAttributes);

    }

    if (not v_IsFBBA and not v_IsWLAN and not v_IsCatM1) {                                                     /* Attributes for media security mechanism may be required for C.21 only */

      v_SDP_MediaAttributes := f_IMS_SDP_MediaAttributes_AddMediaSecurityAttributesTX(v_SDP_MediaAttributes);  /* @sic R5-160293,  R5-160915 new TC H.12.3 sic@ */

    }

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

      if (v_IsWLAN) {               /* @sic R5-171477 - WLAN Annex C.21a sic@ */

        v_SDP_PrecondionAttributes := cs_SDP_PrecondionAttributes(c_sendrecv, c_sendrecv, c_mandatory, c_mandatory);//WI=319567

      } else {

        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_AudioCodec_Type p_AudioCodec := AMR_16000,

                                         integer p_BandwidthAS := 37)

    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_AudioCodec sic@ */

    /* @sic R5-168031: p_AudioCodec - default value changed from AMR_8000 to AMR_16000 sic@ */

    /* @sic R5-168031: p_BandwidthAS sic@ */

    var template (omit) SDP_attribute v_Attribute;

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

    //J.15.6_change_7.1

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

    //var charstring v_FmtAudio := f_SDP_MediaDescr_GetAudioCodec(v_SDP_Media_Invite, p_AudioCodec, v_FmtpParameters);

    //J.15.6_change_7.1_end
    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(p_BandwidthAS, v_BandwidthRS, v_BandwidthRR); // @sic R5-123505, R5-135020; R5-144700: AS=p_BandwidthAS sic@

    var template (omit) SDP_attribute_list v_SDP_MediaAttributes;

    var template (omit) SDP_attribute_list v_SDP_PrecondionAttributes := omit;

    var template (omit) SemicolonParam_List v_FmtpParameterList_Step4 := omit;

    var boolean v_IsFBBA := f_IMS_PTC_RanTypeIsFBBA();  /* @sic R5-174553, R5-174554: C.21b, C.21c sic@ */

    var boolean v_IsWLAN := f_IMS_PTC_RanTypeIsWLAN();  /* @sic R5-171477 sic@ */

    var boolean v_IsCatM1 := f_IMS_TestcaseIsCatM1();   /* @sic R5-174483: C.21d sic@ */

    var SemicolonParam_List v_FmtpParameterList_Step2;

    var CharStringList_Type v_FmtpParametersToBoCopied;

    var charstring v_ReceivedBw;

   //J.15.6_change_7.2

    var charstring v_FmtAudio;

    var template (present) SDP_attribute_fmtp_format_specific_params v_FmtpParameters; 

    if(v_IsCatM1) {

         p_AudioCodec := AMR_8000;

     }

     v_FmtpParameters := f_SDP_FmtpDefaultParametersAudioCodecRX(p_AudioCodec);   /* @sic R5s160379 change 2 sic@ */

     v_FmtAudio := f_SDP_MediaDescr_GetAudioCodec(v_SDP_Media_Invite, p_AudioCodec, v_FmtpParameters);

    //J.15.6_change_7.2_end
    select (p_AudioCodec) {    // @sic R5-151968, R5-153999 sic@

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

        v_Attribute := f_SDP_AttributeList_GetAttribute(v_SDP_Media_Invite.attributes, cr_SDP_Attribute_fmtp(v_FmtAudio));

        v_ReceivedBw := f_SIP_SemicolonParamList_GetParamValue(v_Attribute.fmtp.params.paramList, "bw");   /* @sic R5s170336/R5-172069 sic@ */

        v_FmtpParameterList_Step4 := {cs_EVS_Bw(v_ReceivedBw), cs_EVS_BwSend(v_ReceivedBw), cs_EVS_BwRecv(v_ReceivedBw), cs_AMR_MaxRed};   /* @sic R5s160379: Additional Change by MCC160 sic@

                                                                                                                                              @sic R5s170336/R5-172069: v_ReceivedBw 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_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@ */

      }

      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);

    }

    if (not v_IsWLAN and not v_IsCatM1) { // @sic R5-171476, R5-174483: not required for C.21a and C.21d sic@

      v_SDP_MediaAttributes := f_IMS_SDP_MediaAttributes_CopyEcnCapabilityAttributesTX(v_SDP_Media_Invite, v_SDP_MediaAttributes);

    }

    if (not v_IsFBBA and not v_IsWLAN and not v_IsCatM1) {

      v_SDP_MediaAttributes := f_IMS_SDP_MediaAttributes_AddMediaSecurityAttributesTX(v_SDP_MediaAttributes);  /* @sic R5-160293,  R5-160915 new TC H.12.3 sic@ */

    }

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

      if (v_IsWLAN) {               /* @sic R5-171477 - WLAN Annex C.21a sic@ */

        v_SDP_PrecondionAttributes := cs_SDP_PrecondionAttributes(c_sendrecv, c_sendrecv, c_mandatory, c_mandatory);//WI=319567

      } else {

        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);

  }  
5. Execution Log Files

5.1 Spreadtrum RDA8910
The Spreadtrum RDA8910 UE passed this IMS test case for CAT-M1 UEs on R&S CMW500 Multi-RAT Protocol Tester in LTE FDD band 8. The documentation below is enclosed as evidence of the successful test case run [1]:

· Test Case Execution log file
Rohde-Schwarz\tc_IMS_J_15_1_Spreadtrum.log   
(Note: PICS/PIXIT settings are captured at the beginning of the TLI log)


In the log file (in .txt / -html format) the complete test case execution can be seen. All TLI events are presented and message contents are fully decoded and can be verified. Preliminary verdicts and the final test case verdict can be seen in the log file.
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