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6.2
QoS parameter mapping Functions at AF
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 6.2.1 for each SDP media component to derive a Media-Component-Description AVP 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 TS 24.292 [24]). Circuit-switched bearer related media shall not be included in the service information sent to the PCRF.

Table 6.2.1: Rules for derivation of service information within
Media-Component-Description AVP from SDP media component

	service information per Media-Component-Description AVP

(see notes 1 and 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 AF-Application-Identifier AVP may be supplied or omitted, depending on the application.

For IMS, if the AF-Application-Identifier AVP is supplied, its value should not demand application specific bandwidth or QoS class handling unless the IMS application is capable of handling a QoS downgrading.

	Media-Type
	The Media Type AVP 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

    Flow-Status:= REMOVED;

ELSE

  IF Transport in m-line is “TCP” or “ TCP/MSRP” THEN (NOTE 9)

     Flow-Status := ENABLED;

  ELSE /* UDP or RTP/AVP transport
    IF a=rtcp-mux is negotiated THEN

      Flow-Status :=ENABLED; (NOTE 12 and 13)
    ELSE 
      IF a=recvonly THEN

        IF <SDP direction> = UE originated (NOTE 8) THEN

          Flow-Status := ENABLED_DOWNLINK; (NOTE 4)

        ELSE /* UE terminated (NOTE 8) */

          Flow-Status := ENABLED_UPLINK; (NOTE 4)

        ENDIF;

      ELSE

        IF a=sendonly THEN

          IF <SDP direction> = UE originated (NOTE 8) THEN

            Flow-Status := ENABLED_UPLINK; (NOTE 4)

          ELSE /* UE terminated (NOTE 8) */

            Flow-Status := ENABLED_DOWNLINK; (NOTE 4)

          ENDIF;

        ELSE

          IF a=inactive THEN

               Flow-Status :=DISABLED;

          ELSE /* a=sendrecv or no direction attribute */

               Flow-Status := 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” 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
        Max-Requested-Bandwidth-UL:= <bandwidth> * 1000; /* Unit bit/s

      ELSE

        IF b=TIAS:<Tibandwidth> is present and supported THEN

          Max-Requested-Bandwidth-UL:= <Transport-dependent bandwidth>
            (NOTE 11) /* Unit bit/s
        ELSE

          Max-Requested-Bandwidth-UL:= <Operator specific setting>;

        ENDIF;

      ENDIF;
    ELSE

      Max-Requested-Bandwidth-UL:= <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
          Max-Requested-Bandwidth-UL:= <bandwidth> * 1000 +

            <rrbandwidth> + <rsbandwidth>; (NOTE 3; NOTE 6)
        ELSE

          Max-Requested-Bandwidth-UL:= <bandwidth> * 1050;
            /* Unit is bit/s
        ENDIF
      ELSE
        Max-Requested-Bandwidth-UL:= <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
            Max-Requested-Bandwidth-UL:= 
              <Transport-dependent bandwidth> (NOTE 11) +

              <rrbandwidth> + <rsbandwidth>; (NOTE 3; NOTE 6)
          ELSE

            Max-Requested-Bandwidth-UL:= 
              <Transport-dependent bandwidth>
              * 1.05 (NOTE 11) /* Unit bit/s
          ENDIF

        ELSE

          Max-Requested-Bandwidth-UL:= <Transport-dependent bandwidth>
           (NOTE 11) /* Unit bit/s
        ENDIF;

      ELSE

        Max-Requested-Bandwidth-UL:= <Operator specific setting>,

        or AVP 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” 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
        Max-Requested-Bandwidth-DL:= <bandwidth> * 1000; /* Unit bit/s
      ELSE
        IF b=TIAS:<Tibandwidth> is present and supported THEN

          Max-Requested-Bandwidth-DL:= <Transport-dependant bandwidth>
             /*
 Unit bit/s (see NOTE 11)
          OR Operator specific setting
        ELSE

          Max-Requested-Bandwidth-DL:= <Operator specific setting>;

        ENDIF;

      ELSE

        Max-Requested-Bandwidth-DL:= <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
          Max-Requested-Bandwidth-DL:= <bandwidth> * 1000 +

            <rrbandwidth> + <rsbandwidth>; (NOTE 3; NOTE 6)
        ELSE
          Max-Requested-Bandwidth-DL:= <bandwidth> * 1050;
             /* Unit is bit/s
        ENDIF
      ELSE
        Max-Requested-Bandwidth-DL:= <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
            Max-Requested-Bandwidth-DL:= 
              <Transport-dependent bandwidth> (NOTE 11) +
              <rrbandwidth> + <rsbandwidth>; (NOTE 3; NOTE 6)
          ELSE

            Max-Requested-Bandwidth-DL:= 
              <Transport-dependent bandwidth>
              * 1.05 (NOTE 11) /* Unit bit/s
          ENDIF
        ELSE

          Max-Requested-Bandwidth-DL:= <Transport-dependent bandwidth> 
           (NOTE 11) /* Unit bit/s

        ENDIF;

      ELSE

        Max-Requested-Bandwidth-DL:= <Operator specific setting>,

        or AVP not supplied;

      ENDIF;

    ENDIF;
  ENDIF

ELSE

  Consider SDP in opposite direction
ENDIF

	RR-Bandwidth
	IF b=RR:<bandwidth> is present THEN

   RR-Bandwidth:= <bandwidth>;

ELSE

   AVP not supplied

ENDIF;

(NOTE 3; NOTE 6)

	RS-Bandwidth
	IF b=RS:<bandwidth> is present THEN

   RS-Bandwidth:= <bandwidth>;

ELSE

   AVP not supplied

ENDIF;

(NOTE 3: NOTE 6)

	Media-Sub-Component
	Supply one AVP 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-Sub-Component AVPs. However, if a=rtcp-mux is negotiated, RTP and RTCP use the same IP flow and shall be described in a single Media-Sub-Component AVP.
The encoding of the AVP is described in Table 6.2.2

	Reservation-Priority
	The AF may supply or omit this AVP.

	Codec-Data
	Codec Data AVP(s) are provisioned as specified in clause 5.3.16 of TS 29.214 [10], including the codec-related information detailed in clause 5.3.7 of TS 29.214 [10].

	NOTE 1:
The encoding of the service information is defined in TS 29.214 [10].

NOTE 2:
The SDP parameters are described in RFC 2327 [11].

NOTE 3:
The ‘b=RS:’ and ‘b=RR:’ SDP bandwidth modifiers are defined in RFC 3556 [13].

NOTE 4:
As an operator policy to disable forward and/or backward early media, for media with UDP as transport  protocol only the Flow-Status may be downgraded before a SIP dialogue is established, i.e. until a 200 OK(INVITE) is received. The Value “DISABLED” may be used instead of the Values “ENABLED_UPLINK” or “ENABLED_DOWNLINK”. The Values “DISABLED”, “ENABLED_UPLINK” or “ENABLED_DOWNLINK” may be used instead of the Value “ENABLED”.

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 AVPs may be omitted if they have been supplied in previous service information and have not changed, as detailed in TS 29.214 [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 Max-Requested-Bandwidth-UL/DL values may be downgraded before a SIP dialogue is established, i.e. until a 200 OK(INVITE) 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 [23]. 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 RFC 3890). 
NOTE 12:
Multiplexed RTP/RTCP flows need to have Flow-Status set to “ENABLED” in order to always permit the RTCP traffic.
NOTE 13:
RTP/RTCP multiplexing is defined in IETF RFC 5761 [xx].


Table 6.2.2: Rules for derivation of Media-Sub-Component AVP from SDP media component

	service information per Media-Sub-Component AVP

(see notes 1 and 5)
	Derivation from SDP Parameters
(see Note 2)

	Flow-Number
	The AF shall assign a number to the media-subcomponent AVP that is unique within the surrounding media component AVP 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 RFC 3264 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
	AVP not supplied

	Max-Requested-Bandwidth-UL
	AVP not supplied

	Max-Requested-Bandwidth-DL
	AVP not supplied

	Flow-Description
	For uplink and downlink direction, a Flow-Description AVP 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 Flow-Description AVP

      ELSE /* UE terminated (NOTE 7) */

         Provide only uplink Flow-Description AVP

      ENDIF;

   ELSE

      IF a=sendonly THEN (NOTE 3)

         IF <SDP direction> = UE originated (NOTE 7) THEN

            Provide only uplink Flow-Description AVP

         ELSE /* UE terminated (NOTE 7) */

            Provide only downlink Flow-Description AVP

         ENDIF;

      ELSE /* a=sendrecv or a=inactive or no direction attribute */

         Provide uplink and downlink Flow-Description AVPs

      ENDIF;

   ENDIF;

However, for RTCP and RTP/RTCP multiplexed IP flows uplink and downlink Flow-Description AVPs 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 AVPs 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 TS 29.214 [10]. However, a P-CSCF acting as AF and applying NAT traversal procedures in Annex C 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 wildcared, 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 C shall derive the downlink source ports using those procedures.
Proto shall be derived from the transport of the “m=” line. For “RTP/AVP” proto is 17(UDP). For “TCP”, as defined in RFC 4145 [16], or “ TCP/MSRP”, as defined in RFC 4975 [17], proto is 6(TCP).

	Flow-Usage
	The Flow-Usage AVP shall be supplied with value “RTCP” if the IP flow(s) described in the Media-Sub-Component AVP are used to transport RTCP only. Otherwise the Flow-Usage AVP shall not be supplied. RFC 2327 [11] specifies how RTCP flows are described within SDP.

If the IP flows(s) are used to transport signallingthe value should be “AF-SIGNALLING”


	NOTE 1:
The encoding of the service information is defined in TS 29.214 [10].

NOTE 2:
The SDP parameters are described in RFC 2327 [11].

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 Flow-Description AVPs 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 AVPs may be omitted if they have been supplied in previous service information and have not changed, as detailed in TS 29.214 [10].

NOTE 6:
If the session information is derived from an SDP offer, the required SDP may not yet be available. The corresponding Flow Description AVP shall nethertheless 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 is derived from the SDP “a:setup” attribute according to the rules in RFC 4145 [16], or, if that attribute is not present, from the rules in RFC 4975 [17].
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