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	Reason for change:
	In the function fl_SIP_BuildReferToUri_RX(), a TEL URI may be converted to a SIP URI according to RFC 3621 19.1.6. Currently the “userOrTelephoneSubscriber” field of the SIP URI is set to the “subscriber” part of the TEL URI which was previously decoded from the INVITE message. The referred part of RFC 3261 has:
 
When a tel URL (RFC 2806 [9]) is converted to a SIP or SIPS URI, the entire telephone-subscriber portion of the tel URL, including any parameters, is placed into the userinfo part of the SIP or SIPS URI.

When the TEL URI was decoded, any URL parameters (e.g. “phone-context=test.3gpp.com”) should be assigned to the “urlParamters” field of v_ReferToUri and will not be part of the “subscriber” field so will not be part of the derived SIP URI, causing a mismatch with the Refer-To URI derived by the UE.

As an example:

Received INVITE has URI: “tel:123;phone-context=test.3gpp.com”

On decoding, “v_ReferTo.components.tel.subscriber” has “123” so the derived SIP URI is “sip:123@test.3gpp.com;user=phone......” 

But the Refer-To URI from the UE (following SIP URI->TEL URI conversion as per RFC3261) has “sip:123;phone-context=test.3gpp.com@test.3gpp.com;user=phone................”




	
	

	Summary of change:
	Set the userInfo from the undecoded URI string, taking all characters after “tel:”, rather than from the decoded structure

	
	

	Consequences if not approved:
	A conformant UE may not pass these test cases
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	8.34.NR5GC, 8.35.NR5GC
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1. [bookmark: _Toc122434485][bookmark: _Toc135750918]Overview
This document lists all the changes needed to correct issues in the ATS iwd-TTCN3-B2022-09_D23wk24 related to the title of this CR.
Contact:	Shaun Harry 
	shaun.harry@keysight.com
1. [bookmark: _Toc122434488][bookmark: _Toc295288959][bookmark: _Toc135750919]Corrections required
1.1 [bookmark: _Toc122605392][bookmark: _Toc135750920][bookmark: _Toc122434493][bookmark: _Toc295288970][bookmark: _Toc325725665]Change 1
	Function name
	fl_SIP_BuildReferToUri_RX()

	Reason for change
	In the function fl_SIP_BuildReferToUri_RX(), a TEL URI may be converted to a SIP URI according to RFC 3621 19.1.6. Currently the “userOrTelephoneSubscriber” field of the SIP URI is set to the “subscriber” part of the TEL URI which was previously decoded from the INVITE message. The referred part of RFC 3261 has:
 
When a tel URL (RFC 2806 [9]) is converted to a SIP or SIPS URI, the entire telephone-subscriber portion of the tel URL, including any parameters, is placed into the userinfo part of the SIP or SIPS URI.

When the TEL URI was decoded, any URL parameters (e.g. “phone-context=test.3gpp.com”) should be assigned to the “urlParamters” field of v_ReferToUri and will not be part of the “subscriber” field so will not be part of the derived SIP URI, causing a mismatch with the Refer-To URI derived by the UE.

As an example:

Received INVITE has URI: “tel:123;phone-context=test.3gpp.com”

On decoding, “v_ReferTo.components.tel.subscriber” has “123” so the derived SIP URI is “sip:123@test.3gpp.com;user=phone......” 

But the Refer-To URI from the UE (following SIP URI->TEL URI conversion as per RFC3261) has “sip:123;phone-context=test.3gpp.com@test.3gpp.com;user=phone................”



	Summary of change
	Set the userInfo from the undecoded URI string, taking all characters after “tel:”, rather than from the decoded structure

	TTCN module
	IMS_Procedures_Conferencing.ttcn

	MCC160 Comment
	


 
Before Change:
	function fl_SIP_BuildReferToUri_RX(charstring p_ReferToUriString,
                                     boolean p_ReplacesHeaderIsRequired) return template (present) SipUrl
  { // @sic R5s220849: p_RequireHeaderIsRequired removed sic@
    var template (present) SipUrl v_ReferToUri := f_SIP_BuildSipUri_RX(p_ReferToUriString);
    var template (present) UserInfo v_UserInfo;
    var template (present) UriComponents v_UriComponents;
    var template SemicolonParam_List v_Params;
    var template (present) AmpersandParam_List v_AllowedHeaders;

    if (p_ReplacesHeaderIsRequired) {
      if (ischosen(v_ReferToUri.components.tel)) {
        /* convert tel URI to SIP URI acc. to RFC 3261 clause 19.1.6: */
        v_UserInfo := cr_UserInfo(v_ReferToUri.components.tel.subscriber, omit);

        v_Params := superset(cr_GenericParam_Common("user", cr_GenValueToken("phone")));    // @sic R5s160295; NOTE: per default f_SIP_BuildSipUri_RX initialises urlParameters with * sic@
        v_UriComponents := cr_SipUriComponent(v_UserInfo, *, *);
        v_ReferToUri := cr_SipUrl_Common(c_sipScheme, v_UriComponents, v_Params);
      }
      v_AllowedHeaders := { cr_GenericParam_Common("Replaces", cr_GenValueToken(?)), cr_GenericParam("Require", "replaces") };
      v_ReferToUri.headers := subset(all from v_AllowedHeaders); /* @sic R5s220849 change 4: whether a respective header is there, is checked explicitly in a_IMS_REFER_ReceiveRequest sic@ */
    }
    return v_ReferToUri;
  }









After Change:
	function fl_SIP_BuildReferToUri_RX(charstring p_ReferToUriString,
                                     boolean p_ReplacesHeaderIsRequired) return template (present) SipUrl
  { // @sic R5s220849: p_RequireHeaderIsRequired removed sic@
    var template (present) SipUrl v_ReferToUri := f_SIP_BuildSipUri_RX(p_ReferToUriString);
    var template (present) UserInfo v_UserInfo;
    var template (present) UriComponents v_UriComponents;
    var template SemicolonParam_List v_Params;
    var template (present) AmpersandParam_List v_AllowedHeaders;

    if (p_ReplacesHeaderIsRequired) {
      if (ischosen(v_ReferToUri.components.tel)) {
        /* convert tel URI to SIP URI acc. to RFC 3261 clause 19.1.6: */
       v_UserInfo := cr_UserInfo(substr(p_ReferToUriString, 4, lengthof(p_ReferToUriString)-4), omit);

        v_Params := superset(cr_GenericParam_Common("user", cr_GenValueToken("phone")));    // @sic R5s160295; NOTE: per default f_SIP_BuildSipUri_RX initialises urlParameters with * sic@
        v_UriComponents := cr_SipUriComponent(v_UserInfo, *, *);
        v_ReferToUri := cr_SipUrl_Common(c_sipScheme, v_UriComponents, v_Params);
      }
      v_AllowedHeaders := { cr_GenericParam_Common("Replaces", cr_GenValueToken(?)), cr_GenericParam("Require", "replaces") };
      v_ReferToUri.headers := subset(all from v_AllowedHeaders); /* @sic R5s220849 change 4: whether a respective header is there, is checked explicitly in a_IMS_REFER_ReceiveRequest sic@ */
    }
    return v_ReferToUri;
  }





