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* * * * Start of changes * * * *
[bookmark: _Toc28005424][bookmark: _Toc36038096][bookmark: _Toc45133293][bookmark: _Toc51762121][bookmark: _Toc59016526][bookmark: _Toc68167495][bookmark: _Toc138668155]2	References
The following documents contain provisions which, through reference in this text, constitute provisions of the present document.
[bookmark: OLE_LINK1][bookmark: OLE_LINK2][bookmark: OLE_LINK3][bookmark: OLE_LINK4]-	References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.
-	For a specific reference, subsequent revisions do not apply.
-	For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.
[1]	3GPP TR 21.905: "Vocabulary for 3GPP Specifications".
[2]	3GPP TS 23.501: "System Architecture for the 5G System; Stage 2".
[3]	3GPP TS 23.502: "Procedures for the 5G System; Stage 2".
[4]	3GPP TS 23.503: "Policy and Charging Control Framework for the 5G System; Stage 2".
[5]	3GPP TS 29.500: "5G System; Technical Realization of Service Based Architecture; Stage 3".
[6]	3GPP TS 29.501: "5G System; Principles and Guidelines for Services Definition; Stage 3".
[7]	3GPP TS 29.507: "5G System; Access and Mobility Policy Control Service; Stage 3".
[8]	3GPP TS 29.508: "5G System; Session Management Event Exposure Service; Stage 3".
[9]	3GPP TS 29.512: "5G System; Session Management Policy Control Service; Stage 3".
[10]	3GPP TS 29.514: "5G System; Policy Authorization Service; Stage 3".
[11]	3GPP TS 29.520: "5G System; Network Data Analytics Services; Stage 3".
[12]	3GPP TS 29.519: "5G System; Usage of the Unified Data Repository Service for Policy Data, Application Data and Structured Data for Exposure; Stage 3".
[13]	Void
[14]	3GPP TS 26.114: "IP Multimedia Subsystem (IMS); Multimedia Telephony; Media handling and interaction".
[15]	3GPP TS 29.201: "Representational State Transfer (REST) reference point between Application Function (AF) and Protocol Converter (PC)".
[16]	IETF RFC 4566: "SDP: Session Description Protocol".
[17]	3GPP TS 26.247: "Transparent end-to-end Packet-switched Streaming Service (PSS) Progressive Download and Dynamic Adaptive Streaming over HTTP (3GP-DASH)".
[18]	3GPP TS 29.214: "Policy and Charging Control over Rx reference point".
[19]	3GPP TS 26.234: "End-to-end transparent streaming service; Protocols and codecs".
[bookmark: _Hlk510034957][20]	3GPP2 C.S0046-0 v1.0: "3G Multimedia Streaming Services".
[21]	3GPP2 C.S0055-A v1.0: "Packet Switched Video Telephony Services (PSVT/MCS)".
[22]	3GPP TS 29.521: "5G System; Binding Support Management Service; Stage 3".
[23]	3GPP TS 29.594: "5G System; Spending Limit Control Service; Stage 3".
[24]	3GPP TS 29.522: "5G System; Network Exposure Function Northbound APIs; Stage 3".
[25]	3GPP TS 29.551: "5G System; Packet Flow Description Management Service; Stage 3".
[26]	3GPP TS 29.554: "5G System; Background Data Transfer Policy Control Service; Stage 3".
[27]	3GPP TS 29.504: "5G System; Unified Data Repository Services; Stage 3".
[28]	3GPP TS 32.240: "Charging management; Charging architecture and principles".
[29]	IETF RFC 6733: "Diameter Base Protocol".
[30]	3GPP TS 29.213: "Policy and charging control signalling flows and Quality of Service (QoS) parameter mapping".
[bookmark: _Hlk494379414][31]	3GPP TS 29.525: "UE Policy Control Service; Stage 3".
[32]	3GPP TS 29.518: "Access and Mobility Management Services; Stage 3".
[33]	3GPP TS 24.501: "Non-Access-Stratum (NAS) protocol for 5G System (5GS); Stage 3".
[34]	3GPP TS 29.122: "T8 reference point for northbound Application Programming Interfaces (APIs)".Non-Access-Stratum (NAS) protocol for 5G System (5GS); Stage 3".
[35]	3GPP TS 24.292: "IP Multimedia (IM) Core Network (CN) subsystem Centralized Services (ICS); Stage 3".
[36]	IETF RFC 3556: "Session Description Protocol (SDP) Bandwidth Modifiers for RTP Control Protocol (RTCP) Bandwidth".
[37]	IETF RFC 3890: "A Transport Independent Bandwidth Modifier for the Session Description Protocol (SDP)".
[38]	IETF RFC 5761: "Multiplexing RTP Data and Control Packets on a Single Port".
[39]	IETF RFC 4145: "TCP-Based Media Transport in the Session Description Protocol (SDP)".
[40]	IETF RFC 4975: "The Message Session Relay Protocol (MSRP)".
[41]	3GPP TS 24.229: " IP multimedia call control protocol based on Session Initiation Protocol (SIP) and Session Description Protocol (SDP); Stage 3".
[42]	IETF RFC 4412: "Communications Resource Priority for the Session Initiation Protocol (SIP)".
[43]	IETF RFC 3264: "An Offer/Answer model with the Session Description Protocol (SDP)". 
[44]	3GPP TS 23.216: "Single Radio Voice Call Continuity (SRVCC); Stage 2". 
[45]	3GPP TS 23.380: "IMS Restoration Procedures".
[46]	3GPP TS 23.221: "Architectural requirements".
[47]	3GPP TS 29.505: "5G System; Usage of the Unified Data Repository Service for Subscription Data; Stage 3".
[48]	3GPP TS 29.552: "5G System; Network Data Analytics signalling follows; Stage 3".
[49]	3GPP TS 29.523: "5G System; Policy Control Event Exposure Service; Stage 3".
[50]	3GPP TS 29.534: "5G System; Access and Mobility Policy Authorization Service; Stage 3".
[51]	3GPP TS 29.510: "5G System; Network function repository services; Stage 3".
[52]	3GPP TS 29.502: "5G System; Session Management Services; Stage 3".
[53]	3GPP TS 29.212: "Policy and Charging Control (PCC); Reference points".
[54]	3GPP TS 23.247: "Architectural enhancements for 5G multicast-broadcast services; Stage 2".
[55]	3GPP TS 29.537: "5G System; Multicast/Broadcast Policy Control Services; Stage 3".
[56]	3GPP TS 29.564: "5G System; User Plane Function Services; Stage 3".
[57]	3GPP TS 23.548: "5G System Enhancements for Edge Computing; Stage 2".
[58]	3GPP TS 29.532: "5G System; 5G Multicast-Broadcast Session Management Services; Stage 3".
[59]	3GPP TS 29.244: "Interface between the Control Plane and the User Plane of EPC Nodes".
[60]	3GPP TS 29.565: "5G System; Time Sensitive Communication and Time Synchronization Function services; Stage 3".
[61]	3GPP TS 29.503: "5G System; Unified Data Management services; Stage 3".
[62]	3GPP TS 38.413: "NG-RAN; NG Application Protocol (NGAP)".
[63]	IETF RFC 8655: "Deterministic Networking Architecture".
[64]	IETF draft-ietf-detnet-yang: "Deterministic Networking (DetNet) YANG Model".
Editor's note:    The reference to draft-ietf-detnet-yang will be revised to RFC when finalized by IETF.
[65]	IETF RFC 6241: "Network Configuration Protocol (NETCONF)".
[66]	IETF RFC 8040: "RESTCONF Protocol".
[67]	3GPP TS 29.591: "5G System; Network Exposure Function Southbound Services; Stage 3".
[68]	3GPP TS 29.543: "5G System; Data Transfer Policy Control Services; Stage 3".
[69]	IETF RFC 8841: "Session Description Protocol (SDP) Offer/Answer Procedures for Stream Control Transmission Protocol (SCTP) over Datagram Transport Layer Security (DTLS) Transport".
* * * * Next changes * * * *
[bookmark: _Toc28005512][bookmark: _Toc36038184][bookmark: _Toc45133381][bookmark: _Toc51762211][bookmark: _Toc59016616][bookmark: _Toc68167586][bookmark: _Toc138668280]7.2.3	AF supporting N5 interface
The mapping described in this clause is mandatory for the P-CSCF and should also be applied by other AFs, if the SDI is SDP.
When a session is initiated or modified the P-CSCF shall use the mapping rules in table 7.2.3-1 for each SDP media component to derive a media component entry of the "medComponents" attribute from the SDP Parameters. The mapping shall not apply to media components where the SDP payload is proposing to use a circuit-switched bearer (i.e. "c=" line set to "PSTN" and an "m=" line set to "PSTN", refer to 3GPP TS 24.292 [35]). Circuit-switched bearer related media shall not be included in the service information sent to the PCF.
Table 7.2.3-1: Rules for derivation of service information within
Media Component Description from SDP media component
	Service information per Media Component-Description
(see NOTE 1 and NOTE 7)
	Derivation from SDP Parameters
(see NOTE 2)

	Media Component Number
	ordinal number of the position of the "m=" line  in the SDP

	AF Application Identifier
	The "afAppId" attribute may be supplied or omitted, depending on the application.
For IMS, if the "afAppId" attribute is supplied, its value should not demand application specific bandwidth or QoS characteristics handling unless the IMS application is capable of handling a QoS downgrading.

	Media Type
	The "medType" attribute shall be included with the same value as supplied for the media type in the "m=" line.

	Flow Status
	IF port in m-line = 0 THEN
    "fStatus" := REMOVED;
ELSE
  IF Transport in m-line is "TCP" or "TCP/MSRP" or "TCP/DTLS/SCTP" or "UCP/DTLS/SCTP" THEN (NOTE 9)
     "fStatus" := ENABLED;
  ELSE /* UDP or RTP/AVP transport
   IF a=rtcp-mux is negotiated THEN
     "fStatus" :=ENABLED; (NOTE 12 and 13)
   ELSE
      IF a=recvonly THEN
        IF <SDP direction> = UE originated (NOTE 8) THEN
          "fStatus" := ENABLED-DOWNLINK; (NOTE 4)
        ELSE /* UE terminated (NOTE 8) */
          "fStatus" := ENABLED-UPLINK; (NOTE 4)
        ENDIF;
      ELSE
        IF a=sendonly THEN
          IF <SDP direction> = UE originated (NOTE 8) THEN
            "fStatus" := ENABLED-UPLINK; (NOTE 4)
          ELSE /* UE terminated (NOTE 8) */
            "fStatus" := ENABLED-DOWNLINK; (NOTE 4)
          ENDIF;
        ELSE
          IF a=inactive THEN
               "fStatus" :=DISABLED;
          ELSE /* a=sendrecv or no direction attribute */
               "fStatus" := ENABLED (NOTE 4)
          ENDIF;
        ENDIF; 
      ENDIF;
    ENDIF;
  ENDIF;
ENDIF;
(NOTE 5)

	Max Requested Bandwidth-UL
	IF <SDP direction> = UE terminated (NOTE 8) THEN
  IF Transport in m-line is "TCP" or "TCP/MSRP" or "TCP/DTLS/SCTP" or "UCP/DTLS/SCTP" THEN (NOTE 9)
    IF a=recvonly or a=sendrecv or no direction attribute THEN
      IF b=AS:<bandwidth> is present and
            ( b=TIAS:<Tibandwidth> is not
              present or is present but not supported ) THEN
        "marBwUl" := <bandwidth> * 1000; /* Unit bit/s
      ELSE
        IF b=TIAS:<Tibandwidth> is present and supported THEN
          "marBwUl" := <Transport-dependent bandwidth>
            (NOTE 11) /* Unit bit/s
        ELSE
          "marBwUl" := <Operator specific setting>;
        ENDIF;
      ENDIF; 
    ELSE
      "marBwUl" := <Operator specific setting>,
        (NOTE 10)
    ENDIF;
  ELSE /* UDP or RTP/AVP transport
    IF b=AS:<bandwidth> is present and
        ( b=TIAS:<Tibandwidth> is not
          present or is present but not supported ) THEN
      IF a=rtcp-mux is negotiated(NOTE 13) THEN
        IF b=RR:<rrbandwidth> is present 
            OR b=RS:<rsbandwidth> is present THEN
          "marBwUl" := <bandwidth> * 1000 +
            <rrbandwidth> + <rsbandwidth>; (NOTE 3; NOTE 6)
        ELSE
          "marBwUl" := <bandwidth> * 1050; 
           /* Unit is bit/s
        ENDIF
      ELSE
   "marBwUl" := <bandwidth> * 1000; 
          /* Unit is bit/s
      ENDIF;
    ELSE
      IF b=TIAS:<Tibandwidth> is present and supported THEN
        IF a=rtcp-mux is negotiated (NOTE 13) THEN
          IF b=RR:<rrbandwidth> is present 
              OR b=RS:<rsbandwidth> is present THEN
            "marBwUl" := 
              <Transport-dependent bandwidth> (NOTE 11) +
              <rrbandwidth> + <rsbandwidth>; (NOTE 3; NOTE 6)
          ELSE
            "marBwUl" := 
              <Transport-dependent bandwidth>
              * 1.05 (NOTE 11) /* Unit bit/s
          ENDIF
        ELSE
          "marBwUl" := <Transport-dependent bandwidth>
           (NOTE 11) /* Unit bit/s
        ENDIF;
      ELSE
        "marBwUl" := <Operator specific setting>,
        or attribute not supplied;
      ENDIF;
    ENDIF;
  ENDIF
ELSE
  Consider SDP in opposite direction
ENDIF

	Max Requested Bandwidth DL
	IF <SDP direction> = UE originated (NOTE 8) THEN
  IF Transport in m-line is "TCP" or "TCP/MSRP" or "TCP/DTLS/SCTP" or "UCP/DTLS/SCTP" THEN (NOTE 9)
    IF a=recvonly or a=sendrecv or no direction attribute THEN
      IF b=AS:<bandwidth> is present and 
         ( b=TIAS:<Tibandwidth> is not present or

           is present but not supported ) THEN
        "marBwDl" := <bandwidth> * 1000; /* Unit bit/s
      ELSE
        IF b=TIAS:<Tibandwidth> is present and supported THEN
          "marBwDl" := <Transport-dependant bandwidth>
             /* Unit bit/s (see NOTE 11) 
          OR Operator specific setting
        ELSE
          "marBwDl" := <Operator specific setting>;
        ENDIF;
      ELSE
        "marBwDl" := <Operator specific setting>,
          (NOTE 10)
      ENDIF;
  ELSE /* UDP or RTP/AVP transport
    IF b=AS:<bandwidth> is present and b=TIAS:<Tibandwidth> is not
            present THEN
      IF a=rtcp-mux is negotiated(NOTE 13) THEN
        IF b=RR:<rrbandwidth> is present 
            OR b=RS:<rsbandwidth> is present THEN
          "marBwDl" := <bandwidth> * 1000 +
            <rrbandwidth> + <rsbandwidth>; (NOTE 3; NOTE 6)
        ELSE
          "marBwDl" := <bandwidth> * 1050; 
             /* Unit is bit/s
        ENDIF
      ELSE
         "marBwDl" := <bandwidth> * 1000
          ;/* Unit is bit/s
      ENDIF;
    ELSE
      IF b=TIAS:<Tibandwidth> is present THEN
        IF a=rtcp-mux is negotiated (NOTE 13) THEN
          IF b=RR:<rrbandwidth> is present 
              OR b=RS:<rsbandwidth> is present THEN
            "marBwDl" := 
              <Transport-dependent bandwidth> (NOTE 11) +
              <rrbandwidth> + <rsbandwidth>; (NOTE 3; NOTE 6)
          ELSE
            "marBwDl" := 
              <Transport-dependent bandwidth>
              * 1.05 (NOTE 11) /* Unit bit/s
          ENDIF
        ELSE
          "marBwDl" := <Transport-dependent bandwidth> 
           (NOTE 11) /* Unit bit/s
        ENDIF;
      ELSE
        "marBwDl":= <Operator specific setting>,
        or attribute not supplied;
      ENDIF;
    ENDIF;
  ENDIF
ELSE
  Consider SDP in opposite direction
ENDIF

	Max Supported Bandwidth-UL
	IF a=bw-info is present and includes MaxSupBw: <bandwidth> and direction: recv (UE terminated) or send (UE originated) or sendrecv (NOTE 14) THEN
     "maxSuppBwUl":= [supplied <bandwidth>] * 1000 /Unit bit/s/

(NOTE 16)
ELSE /* a=bw-info is not present or is present but MaxSupBw is not  
          included or direction is the opposite
       Attribute not supplied
ENDIF;
(NOTE 15)

	Max Supported Bandwidth-DL
	IF a=bw-info is present and includes MaxSupBw : <bandwidth> and direction: send (UE terminated) or recv (UE originated) or sendrecv (NOTE 14)THEN
     "maxSuppBwDl":= [supplied <bandwidth>] * 1000 /Unit bit/s/

(NOTE 16)
ELSE /* a=bw-info is not present or is present but MaxSupBw is not  
          included or direction is the opposite
       Attribute not supplied
ENDIF;   
(NOTE 15)

	Min Desired Bandwidth UL
	IF a=bw-info is present and includes MinDesBw : <bandwidth> and direction: recv (UE terminated) or send (UE originated) or sendrecv (NOTE 14) THEN
     "minDesBwUl" := supplied <bandwidth> * 1000 /Unit bit/s/

(NOTE 16)
ELSE /* a=bw-info is not present or is present but MinDesBw is not  
          included or direction is the opposite
       Attribute not supplied
ENDIF;

	Min Desired Bandwidth DL
	IF a=bw-info is present and includes MinDesBw : <bandwidth> and direction: send (UE terminated) or recv (UE originated) or sendrecv (NOTE 14) THEN
     "minDesBwDl":= [supplied <bandwidth>] * 1000 /Unit bit/s/
(NOTE 16)
ELSE /* a=bw-info is not present or is present but MinDesBw is not  
          included or direction is the opposite
       Attribute not supplied
ENDIF;     

	RR Bandwidth
	IF b=RR:<bandwidth> is present THEN
   "rrBw":= <bandwidth>;
ELSE
   Attribute not supplied
ENDIF;
(NOTE 3; NOTE 6)

	RS Bandwidth
	IF b=RS:<bandwidth> is present THEN
   "rsBw" := <bandwidth>;
ELSE
   Attribute not supplied
ENDIF;
(NOTE 3: NOTE 6)

	Media SubComponent
	Supply one attribute for bidirectional combination of two corresponding IP flows, if available, and for each single IP flow without a corresponding IP flow in opposite direction.
If a media component comprises separate IP flows for RTP and RTCP, they are described in two separate Media SubComponent. However, if a=rtcp-mux is negotiated, RTP and RTCP use the same IP flow and shall be described in a single MediaSubComponent entry of the "medSubcomps" attribute.
The encoding of the "medSubcomps" attribute is described in table 6.2.2

	Reservation Priority
	The AF may supply or omit the "resPrio" attribute. (NOTE 17)

	Codec Data
	The "codecs" are provisioned as specified in clause 5.6.2.7 of 3GPP TS 29.514 [10], including the codec-related information detailed in clause 5.6.3.2 of 3GPP TS 29.514 [10].

	Maximum Packet Loss Rate DL
	IF a= PLR_adapt line is NOT present in both SDP OFFER and ANSWER THEN
  /* As UE don't support CHEM feature, AF should not use packet loss rates
     in either the uplink or downlink direction */
  maxPacketLossRateDl attribute not supplied
ELSE
  IF P-CSCF serving the OFFERER THEN
    FOR each RTP payload type of the same media line
      IF MAXimum-e2e-PLR line is present in the SDP OFFER THEN
        IF maxUL-PLR is present in the SDP ANSWER 
          maxPacketLossRateDl = value of maxe2e-PLR in the SDP OFFER - maxUL-PLR
                       in the SDP ANSWER
        ELSE /* maxUL-PLR is not present in the SDP ANSWER */
          MaxPacketLossRateDl = the default value is ½ maxe2e-PLR value present
                       in the SDP OFFER
      ELSE /* MAXimum-e2e-PLR line is not present in the SDP OFFER */
        IF maxUL-PLR is present in the SDP ANSWER THEN
          maxPacketLossRateDl = (the default value is end-to-end Maximum 
                        End-to-End Packet Loss Rate for the decoder of
                        the RTP payload type as recommended in 3GPP 
                        TS 26.114 [14] clause X.1.2 for application 
                        layer redundancy or X.1.1 for partial redundancy)
                        - maxUL-PLR in the SDP ANSWER
        ELSE /* maxUL-PLR is not present in the SDP ANSWER */
          maxPacketLossRateDl = the default value is ½ end-to-end Maximum End-to-End
                       Packet Loss Rate for the decoder of the RTP payload 
                       type as recommended in 3GPP TS 26.114 [14]
                       clause X.1.2 for application layer redundancy 
                       or X.1.1 for partial redundancy
        ENDIF; 
      ENDIF;
    END FOR LOOP of each RTP payload type of the same media
    maxPacketLossRateDl = maximum value of Max-PLR-DL among all the RTP payload 
                   types
    ELSE /* For P-CSCF serving the ANSWERER */
      FOR each RTP payload type of the same media line
        IF MAXimum-e2e-PLR line is present in the SDP ANSWER THEN
          IF maxDL-PLR is present in the SDP ANSWER 
            maxPacketLossRateDl = value of maxDL-PLR in the SDP ANSWER
          ELSE /* maxDL-PLR is not present in the SDP ANSWER */
            maxPacketLossRateDl = the default value is ½ maxe2e-PLR value present
                         in the SDP ANSWER
        ELSE /* MAXimum-e2e-PLR line is not present in the SDP ANSWER */
          maxPacketLossRateDl = the default value is ½ end-to-end Maximum End-to-End
                       Packet Loss Rate for the decoder of the RTP payload
                       type as recommended in 3GPP TS 26.114 [14]
                       clause X.1.2 for application layer redundancy 
                       or X.1.1 for partial redundancy 
        ENDIF;
      END FOR LOOP of each RTP payload type of the same media
      maxPacketLossRateDl = maximum value of Max-PLR-DL among all the RTP payload 
                   types
    ENDIF;
  ENDIF;
ENDIF;

	Maximum Packet Loss Rate UL
	IF a= PLR_adapt line is NOT present in both SDP OFFER and ANSWER THEN
  /* As UE don't support CHEM feature, AF should not use packet loss rates
     in either the uplink or downlink direction */
  maxPacketLossRateUl attribute not supplied
ELSE
  IF P-CSCF serving the OFFERER THEN
    FOR each RTP payload type of the same media line
      IF MAXimum-e2e-PLR line is present in the SDP ANSWER THEN
        IF maxDL-PLR is present in the SDP ANSWER 
          maxPacketLossRateUl = value of maxe2e-PLR in the SDP ANSWER - maxDL-PLR
                       in the SDP ANSWER
        ELSE /* maxDL-PLR is not present in the SDP ANSWER */
          maxPacketLossRateUl = the default value is ½ maxe2e-PLR value present
                       in the SDP ANSWER
      ELSE /* MAXimum-e2e-PLR line is not present in the SDP ANSWER */
        maxPacketLossRateUl = the default value is ½ end-to-end Maximum End-to-End
                       Packet Loss Rate for the decoder of the RTP payload 
                       type as recommended in 3GPP TS 26.114 [14]
                       clause X.1.2 for Application layer redundancy 
                       or X.1.1 for partial redundancy 
      ENDIF;
    END FOR LOOP of each RTP payload type of the same media
    maxPacketLossRateUl = maximum value of Max-PLR-UL among all the RTP payload 
                   types
    ELSE /* For P-CSCF serving the ANSWERER */
      FOR each RTP payload type of the same media line
        IF MAXimum-e2e-PLR line is present in the SDP OFFER THEN
          IF maxUL-PLR is present in the SDP ANSWER 
            maxPacketLossRateUl = value of maxUL-PLR in the SDP ANSWER
          ELSE /* maxUL-PLR is not present in the SDP ANSWER */
            maxPacketLossRateUl = the default value is ½ maxe2e-PLR value present
                         in the SDP OFFER
        ELSE /* MAXimum-e2e-PLR line is not present in the SDP OFFER */
          maxPacketLossRateUl = the default value is ½ end-to-end Maximum End-to-End
                       Packet Loss Rate for the decoder of the RTP payload
                       type as recommended in 3GPP TS 26.114 [14]
                       clause X.1.2 for Application layer redundancy 
                       or X.1.1 for partial redundancy 
        ENDIF;
      END FOR LOOP of each RTP payload type of the same media
      maxPacketLossRateUl = maximum value of Max-PLR-UL among all the RTP payload 
                   types
    ENDIF;
  ENDIF;
ENDIF;

	Desired-Max-Latency
	IF <SDP direction> = UE originated (NOTE 8) THEN
  IF a=3gpp-qos-hint is present and includes a qos-hint-property that indicates "latency"
     IF qos-hint-split-value for "local" is not present
        "desMaxLatency" = <qos-hint-end-to-end-value>*0.5
     ELSE /* qos-hint-split-value for "local" is present
        "desMaxLatency" = <qos-hint-split-value>
     ENDIF
  ELSE
     Attribute not supplied
  ENDIF
ELSE /* <SDP direction> = UE terminated (NOTE 8)/
  IF a=3gpp-qos-hint is present and includes a qos-hint-property that indicates "latency"
     IF qos-hint-split-value for "local" is not present
        "desMaxLatency" = <qos-hint-end-to-end-value>*0.5
     ELSE /* qos-hint-split-value for "local" is present/
        "desMaxLatency" = <qos-hint-end-to-end-value> - <qos-hint-split-value>
     ENDIF
  ELSE
     Attribute not supplied
  ENDIF
ENDIF

	Desired-Max-Loss
	IF <SDP direction> = UE originated (NOTE 8) THEN
  IF a=3gpp-qos-hint is present and includes a qos-hint-property that indicates "loss"
     IF qos-hint-split-value for "local" is not present
        "desMaxLoss" = <qos-hint-end-to-end-value>*0.5
     ELSE /* qos-hint-split-value for "local" is present/
        "desMaxLoss" = <qos-hint-split-value>
     ENDIF
  ELSE
     Attribute not supplied
  ENDIF
ELSE /* <SDP direction> = UE terminated (NOTE 8)/
  IF a=3gpp-qos-hint is present and includes a qos-hint-property that indicates "loss"
     IF qos-hint-split-value for "local" is not present
        "desMaxLoss" = < qos-hint-end-to-end-value>*0.5
     ELSE /* qos-hint-split-value for "local" is present/
        "desMaxLoss" = <qos-hint-end-to-end-value> - <qos-hint-split-value>
     ENDIF
  ELSE
     Attribute not supplied
  ENDIF
ENDIF

	NOTE 1:	The encoding of the service information is defined in 3GPP TS 29.514 [10].
NOTE 2:	The SDP parameters are described in IETF RFC 4566 [16].
NOTE 3:	The "b=RS:" and "b=RR:" SDP bandwidth modifiers are defined in IETF RFC 3556 [36].
NOTE 4:	As an operator policy to disable forward and/or backward early media, for media with UDP as transport protocol only the "fStatus" attribute may be downgraded by using the gate control procedures defined in the annex B of 3GPP TS 29.514 [10] before a SIP confirmed dialogue is established, i.e. until a 200 (OK) response to an INVITE request is received.
NOTE 5:	If the SDP answer is available when the session information is derived, the direction attributes and port number from the SDP answer shall be used to derive the flow status. However, to enable interoperability with SIP clients that do not understand the inactive SDP attribute, if "a=inactive" was supplied in the SDP offer, this shall be used to derive the flow status. If the SDP answer is not available when the session information is derived, the direction attributes from the SDP offer shall be used.
NOTE 6:	Information from the SDP answer is applicable, if available.
NOTE 7:	The attributes may be omitted if they have been supplied in previous service information and have not changed, as detailed in 3GPP TS 29.514 [10].
NOTE 8:	"Uplink SDP" indicates that the SDP was received from the UE and sent to the network. This is equivalent to <SDP direction> = UE originated.
"Downlink SDP" indicates that the SDP was received from the network and sent to the UE. This is equivalent to <SDP direction> = UE terminated.
NOTE 9:	Support for TCP at a P-CSCF acting as AF is only required if services with TCP transport are used in the corresponding IMS system.
As an operator policy to disable forward and/or backward early media, for media with TCP as transport protocol, the "marBwUl"/"marBwDl" attribute values may be downgraded before a SIP confirmed dialogue is established, i.e. until a 200 (OK) response to an INVITE request is received. Only a small bandwidth in both directions is required in this case in order for TCP control packets to flow.
NOTE 10:	TCP uses IP flows in the directionality opposite to the transferred media for feedback. To enable these flows, a small bandwidth in this direction is required.
NOTE 11:	TIAS is defined in IETF RFC 3890 [37]. IETF RFC 3890 clause 6.4 provides procedures for converting TIAS to transport-dependant values. This procedure relies on the presence of maxprate (also defined in IETF RFC 3890).
NOTE 12:	Multiplexed RTP/RTCP flows need to have "fStatus" attribute set to "ENABLED" in order to always permit the RTCP traffic.
NOTE 13:	RTP/RTCP multiplexing is defined in IETF RFC 5761 [38].
NOTE 14:	This attribute is derived from the SDP answer information and is omitted if E2EQOSMTSI feature is not supported.
NOTE 15:	When both "b =" line and "a=bw-info" including MaxSupBw are present when sending the SDP, it is expected that the values are aligned.
NOTE 16:	When the supplied bandwidth does not correspond to the bandwidth applicable to the IP version used by the UE, the AF shall re-compute it considering the IP version used by the UE as defined in 3GPP TS 26.114 [14].
NOTE 17:	When the AF recognizes the need to request prioritized access to system resources, the AF shall include the "resPrio" attribute as described in 3GPP TS 29.514 [10]. Various mechanisms used by the P-CSCF to determine if the request is eligible for priority treatment are specified in clause 4.11 of 3GPP TS 24.229 [41] (e.g. based on the Resource Priority header field as described in IETF RFC 4412 [42] or a special dialstring contained in the SIP message).



Table 7.2.3-2: Rules for derivation of Media SubComponent from SDP media component
	Service information per Media SubComponent
(see NOTE 1 and NOTE 5)
	Derivation from SDP Parameters
(see NOTE 2)

	Flow Number
	The AF shall assign a number to the media subcomponent that is unique within the surrounding media component entries included in a "medComponents" attribute and for the entire lifetime of the AF session. The AF shall select the ordinal number of the IP flow(s) within the "m=" line assigned in the order of increasing downlink destination port numbers, if downlink destination port numbers are available. For uplink or inactive unicast media IP flows, a downlink destination port number is nevertheless available, if SDP offer-answer according to IETF RFC 3264 [43] is used.
The AF shall select the ordinal number of the IP flow(s) within the "m=" line assigned in the order of increasing uplink destination port numbers, if no downlink destination port numbers are available.

	Flow Status
	Attribute not supplied

	Max Requested Bandwidth UL
	Attribute not supplied

	Max Requested Bandwidth DL
	Attribute not supplied

	Flow Description
	For uplink and downlink direction, a Flow Description entry within the "fDescs" attribute shall be provided unless no IP Flows in this direction are described within the media component.

If UDP is used as transport protocol, the SDP direction attribute (NOTE 4) indicates the direction of the media IP flows within the media component as follows:
   IF a=recvonly THEN (NOTE 3)
      IF <SDP direction> = UE originated (NOTE 7) THEN
         Provide only downlink entry within the "fDescs" attribute
      ELSE /* UE terminated (NOTE 7) */
         Provide only uplink entry within "fDescs" attribute
      ENDIF;
   ELSE
      IF a=sendonly THEN (NOTE 3)
         IF <SDP direction> = UE originated (NOTE 7) THEN
            Provide only uplink entry within the "fDescs" attribute
         ELSE /* UE terminated (NOTE 7) */
            Provide only downlink entry within the "fDescs" attribute
         ENDIF;
      ELSE /* a=sendrecv or a=inactive or no direction attribute */
         Provide uplink and downlink for "fDescs" attribute
      ENDIF;
   ENDIF;
However, for RTCP and RTP/RTCP multiplexed IP flows uplink and downlink Flow Description entries within "fDescs" attribute shall be provided irrespective of the SDP direction attribute.

If TCP is used as transport protocol (NOTE 8), IP flows in uplink and downlink direction are described in SDP irrespective of the SDP direction attribute, as TCP uses an IP flow for feedback even if contents are transferred only in the opposite direction. Thus, both uplink and downlink Flow Description entries within "fDescs" attribute shall be provided.

The uplink destination address shall be copied from the "c=" line of downlink SDP. (NOTE 6) (NOTE 7)
The uplink destination port shall be derived from the "m=" line of downlink SDP. (NOTE 6) (NOTE 7) However, for TCP transport the uplink destination port shall be wildcarded, if the local UE is the passive endpoint (NOTE 9)

The downlink destination address shall be copied from the "c=" line of uplink SDP. (NOTE 6) However, a P-CSCF acting as AF and applying NAT traversal procedures in Annex C shall derive the downlink destination address using those procedures.
The downlink destination port shall be derived from the "m=" line of uplink SDP. (NOTE 6) (NOTE 7) However, for TCP transport the downlink destination port shall be wildcarded, if the local UE is the active endpoint (NOTE 9). A P-CSCF acting as AF and applying NAT traversal procedures in Annex C shall derive the downlink destination port using those procedures.

For IPv6, uplink and downlink source addresses shall either be derived from the prefix of the destination address or be wildcarded by setting to "any", as specified in 3GPP TS 29.514 [10]. However, a P-CSCF acting as AF and applying NAT traversal procedures in Annex B shall derive the uplink source address using those procedures.
If IPv4 is being utilized, the uplink source address shall either be set to the address contained in the "c=" line of the uplink SDP or be wildcarded, and the downlink source address shall either be set to the address contained in the "c=" line of the downlink SDP or be wildcarded. However, for TCP transport, if the local UE is the passive endpoint (NOTE 9), the uplink source address shall not be wildcarded. If the local UE is the active endpoint (NOTE 9), the downlink source address shall not be wildcarded. A P-CSCF acting as AF and applying NAT traversal procedures in Annex C shall derive the uplink source address using those procedures.

Source ports shall not be supplied. However, for TCP transport, if the local UE is the passive end point (NOTE 9), the uplink source port shall be derived from the "m=" line of the uplink SDP. If the local UE is the active end point (NOTE 9), the downlink source port shall be derived from the "m=" line of the downlink SDP. A P-CSCF acting as AF and applying NAT traversal procedures in Annex B shall derive the downlink source ports using those procedures.

Proto shall be derived from the transport of the "m=" line. For "RTP/AVP" or "UCP/DTLS/SCTP" as defined in IETF RFC 8841 [69],proto is 17(UDP). For "TCP", as defined in IETF RFC 4145 [39], or "TCP/MSRP", as defined in IETF RFC 4975 [40], or "TCP/DTLS/SCTP" as defined in IETF RFC 8841 [69], proto is 6(TCP).

	Flow Usage
	The "flowUsage" attribute shall be supplied with value "RTCP" if the IP flow(s) described in the Media SubComponent are used to transport RTCP only. Otherwise the "flowUsage" attribute shall not be supplied. IETF RFC 4566 [16] specifies how RTCP flows are described within SDP.
If the IP flows(s) are used to transport signalling the value should be "AF-SIGNALLING"


	NOTE 1:	The encoding of the service information is defined in 3GPP TS 29.514 [10].
NOTE 2:	The SDP parameters are described in IETF RFC 4566 [16].
NOTE 3:	If the SDP direction attribute for the media component negotiated in a previous offer-answer exchange was sendrecv, or if no direction attribute was provided, and the new SDP direction attribute sendonly or recvonly is negotiated in a subsequent SDP offer-answer exchange, uplink and downlink within the "fDescs" attribute shall be supplied.
NOTE 4:	If the SDP answer is available when the session information is derived, the direction attributes from the SDP answer shall be used to derive the flow description. However, to enable interoperability with SIP clients that do not understand the inactive SDP attribute, if "a=inactive" was supplied in the SDP offer, this shall be used. If the SDP answer is not available when the session information is derived, the direction attributes from the SDP offer shall be used.
NOTE 5:	The attributes may be omitted if they have been supplied in previous service information and have not changed, as detailed in 3GPP TS 29.514 [10].
NOTE 6:	If the session information is derived from an SDP offer, the required SDP may not yet be available. The corresponding "fDescs" attribute shall nevertheless be included and the unavailable fields (possibly all) shall be wildcarded.
NOTE 7:	"Uplink SDP" indicates that the SDP was received from the UE and sent to the network. This is equivalent to <SDP direction> = UE originated.
"Downlink SDP" indicates that the SDP was received from the network and sent to the UE. This is equivalent to <SDP direction> = UE terminated.
NOTE 8:	Support for TCP at a P-CSCF acting as AF is only required if services with TCP transport are used in the corresponding IMS system.
NOTE 9:	For TCP transport, the passive endpoints are derived from the SDP "a=setup" attribute according to the rules in IETF RFC 4145 [39], or, if that attribute is not present, from the rules in IETF RFC 4975 [40].



* * * * End of changes * * * *
