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Introduction:
At CT3#92, contribution C3-175162 proposed the following change in the definition of the media-component AVP in TS 29.214:
Bandwidth information and Flow-Status information provided within the Media-Component-Description AVP applies to all those IP flows each media subcomponent within the media component, for which no corresponding information is being provided within Media-Sub-Component AVP(s).

Concerns were raised that such a change might not fit to the SDP to session information mapping at ´the AF as standardized in 3GPP TS 29.213. The present contribution investigates those issues
Meaning of the SDP bandwidth information and mapping into the service information

The mapping tables in TS 29.213 mandate that the b=AS SDP bandwidth modifier is mapped into the media-component level Max-Requested-Bandwidth-UL/DL-DL AVPs. And that those AVPs are not supplied at media subcomponent level.

The b=AS bandwidth modifier in SDP exist at media component level and describes for RTP-based applications, the RTP "session bandwidth. Each medium is typically carried in a separate RTP session with its own RTCP packet. Due to the rules for RTCP ports ("For RTP, the default is that only the even-numbered ports are used for data with the corresponding one-higher odd ports used for the RTCP belonging to the RTP session"), it can be derived that all media that are being sent and received on the same port and their associated RTCP packets belong to the same RTP session.

SDP only allows one way to define that media described by the same media component use different ports and are thus in separate RTP sessions: For applications where hierarchically encoded streams several ports can be specified using  "m=<media> <port>/<number of ports>".

For this case, the IP flows described by the media component would thus together require <number of ports> times the b=AS bandwidth for that media component. Note that TS 29.213 also mandates that <number of ports> media subcomponents for media (plus the same number of subcomponents for the associated RTCP streams) are supplied. 

However, applications where hierarchically encoded streams are very rare and not used for MTSI as defined in TS 26.114.

RTCP streams and their associated RTP streams are described by separate media subcomponents. SDP specifies that a default of 5% of the b=AS SDP bandwidth modifier bandwidth is allocated for the RTCP streams. In this case, the media component level Max-Requested-Bandwidth-UL and Max-Requested-Bandwidth-DL AVPs have significance for two media subcomponets

The b=TIAS SDP bandwidfth modifier excludes the IP overhead but also relates to RTP sessions, The abover considerations also apply for it.

However the SDP a=bw-info’ attribute ‘ defined in TS 26.114 lacks any information how it relates to RTP sessions and its semantics are entirely unclear for the case where one media component describes several RTP sessions. This information. This information is mapped into Max-Supported-Bandwidth-UL/DL, Min-Desired-Bandwidth-UL/DL, and Min-Requested-Bandwidth-UL/DL AVPs

Mapping of the service information bandwidth information at the PCRF.

TS 29.213 describes that the mappingof bandwidth information. is executed seaparately for each IP flöow or bidirectional combinations of IP flows.

This is appropriate for the value of the  Max-Requested-Bandwidth-UL/DL-DL AVPs derived from SDP and for the RTCP bandwidth.

However, it is unclear if this is also appropriate for Max-Supported-Bandwidth-UL/DL, Min-Desired-Bandwidth-UL/DL, and Min-Requested-Bandwidth-UL/DL AVPs,

Findings.

While the existing TS 29.214 text is misleading for the rare caes whete a media component describes hierarchical media sessions only.

The original proposed change is appropriate only for RTP media. RTCP media are nor adequateky considered. Also, it is unclear if this is appropriate for Max-Supported-Bandwidth-UL/DL, Min-Desired-Bandwidth-UL/DL, and Min-Requested-Bandwidth-UL/DL AVPs

Possible changes to:TS 29.214
Bandwidth information and Flow-Status information provided within the Media-Component-Description AVP applies to all those IP flows within the media component, for which no corresponding information is being provided within Media-Sub-Component AVP(s). The media component level Max-Requested-Bandwidth-UL/DL-DL AVPs relate to a  media component and the associated  RTCP media component.

From TS 29.214
5.3.16
Media-Component-Description AVP

The Media-Component-Description AVP (AVP code 517) is of type Grouped, and it contains service information for a single media component within an AF session or the AF signalling information. The service information may be based on the SDI exchanged between the AF and the AF session client in the UE. The information may be used by the PCRF to determine authorized QoS and IP flow classifiers for bearer authorization and PCC rule selection.

Within one Diameter message, a single IP flow shall not be described by more than one Media-Component-Description AVP.

Bandwidth information and Flow-Status information provided within the Media-Component-Description AVP applies to all those IP flows within the media component, for which no corresponding information is being provided within Media-Sub-Component AVP(s).
….
AVP format:

Media-Component-Description ::= < AVP Header: 517 >








 { Media-Component-Number } ; Ordinal number of the media comp.








*[ Media-Sub-Component ]    ; Set of flows for one flow identifier








 [ AF-Application-Identifier ]








 [ Media-Type ]








 [ Max-Requested-Bandwidth-UL ]








 [ Max-Requested-Bandwidth-DL ]







 [ Max-Supported-Bandwidth-UL ]








 [ Max-Supported-Bandwidth-DL ]








 [ Min-Desired-Bandwidth-UL ]








 [ Min-Desired-Bandwidth-DL ]







 [ Min-Requested-Bandwidth-UL ]








 [ Min-Requested-Bandwidth-DL ]







 [ Extended-Max-Requested-BW-UL ]








 [ Extended-Max-Requested-BW-DL ]








 [ Extended-Max-Supported-BW-UL ]








 [ Extended-Max-Supported-BW-DL ]








 [ Extended-Min-Desired-BW-UL ]








 [ Extended-Min-Desired-BW-DL ]








 [ Extended-Min-Requested-BW-UL ]








 [ Extended-Min-Requested-BW-DL ]







 [ Flow-Status ]







 [ Priority-Sharing-Indicator ]








 [ Pre-emption-Capability ]








 [ Pre-emption-Vulnerability ]







 [ Reservation-Priority ]







 [ RS-Bandwidth ]








 [ RR-Bandwidth ]








*[ Codec-Data ]








 [ Sharing-Key-DL ]








 [ Sharing-Key-UL ]







 [ Content-Version ]







*[ AVP ]

From TS 29.213

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 3GPP 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
(NOTE 17)
	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 notpresent 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

	Max-Supported-Bandwidth-UL

(NOTE 18)
	IF a=bw-info is present and includes MaxSupBw: <bandwidth> and direction: recv (UE terminated) or send (UE originated) or sendrecv (NOTE 14) THEN     Max-Supported-Bandwidth-UL:= [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

       AVP not supplied

ENDIF;

(NOTE 15)

	Max-Supported-Bandwidth-DL

(NOTE 18)
	IF a=bw-info is present and includes MaxSupBw : <bandwidth> and direction: send (UE terminated) or recv (UE originated) or sendrecv (NOTE 14)THEN

     Max-Supported-Bandwidth-DL:= [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

       AVP not supplied

ENDIF;   

(NOTE 15) 

	Min-Desired-Bandwidth-UL

(NOTE 19)


	IF a=bw-info is present and includes MinDesBw : <bandwidth> and direction: recv (UE terminated) or send (UE originated) or sendrecv (NOTE 14) THEN

     Min-Desired-Bandwidth-UL:= 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

       AVP not supplied

ENDIF;

	Min-Desired-Bandwidth-DL

(NOTE 19)


	IF a=bw-info is present and includes MinDesBw : <bandwidth> and direction: send (UE terminated) or recv (UE originated) or sendrecv (NOTE 14) THEN

     Min-Desired-Bandwidth-DL:= [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

       AVP not supplied

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 3GPP TS 29.214 [10], including the codec-related information detailed in clause 5.3.7 of 3GPP TS 29.214 [10].

	NOTE 1:
The encoding of the service information is defined in 3GPP TS 29.214 [10].

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

NOTE 3:
The "b=RS:" and "b=RR:" SDP bandwidth modifiers are defined in IETF 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 AVP may be downgraded by using the gate control procedures defined in the annex A of 3GPP TS 29.214 [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 AVPs may be omitted if they have been supplied in previous service information and have not changed, as detailed in 3GPP 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 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 [23]. 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 Flow-Status set to "ENABLED" in order to always permit the RTCP traffic. 

NOTE 13:
RTP/RTCP multiplexing is defined in IETF RFC 5761 [39].

NOTE 14:
This AVP 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 [29].
NOTE 17:
When the Extended-Max-Requested-BW-NR feature is supported and if the bandwidth values are higher than 2^32-1 bps, Extended-Max-Requested-BW-UL/DL shall be derived instead of Max-Requested-Bandwidth-UL/DL. The same derivation procedure shall apply, with the exception that the units for the derived bandwidth shall be kbit per second instead of bit per second.

NOTE 18:
When the Extended-BW-E2EQOSMTSI-NR feature is supported and if the bandwidth values are higher than 2^32-1 bps, Extended-Max-Supported-BW-UL/DL shall be derived instead of Max-Supported-Bandwidth-UL/DL. The same derivation procedure shall apply, with the exception that the units for the derived bandwidth shall be kbit per second instead of bit per second.

NOTE 19:
When the Extended-BW-E2EQOSMTSI-NR feature is supported and if the bandwidth values are higher than 2^32-1 bps, Extended-Min-Desired-BW-UL/DL shall be derived instead of Min-Desired-Bandwidth-UL/DL. The same derivation procedure shall apply, with the exception that the units for the derived bandwidth shall be kbit per second instead of bit per second.


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 IETF 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 3GPP 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 IETF RFC 4145 [16], or "TCP/MSRP", as defined in IETF 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. IETF RFC 2327 [11] 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 29.214 [10].

NOTE 2:
The SDP parameters are described in IETF 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 3GPP 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 IETF RFC 4145 [16], or, if that attribute is not present, from the rules in IETF RFC 4975 [17].


6.3
QoS parameter mapping Functions at PCRF

The QoS authorization process consists of the derivation of the parameters Authorized QoS Class Identifier (QCI), Allocation and Retention Priority (ARP), and Authorized Maximum/Guaranteed Data Rate UL/DL.

When a session is initiated or modified the PCRF shall derive Authorized IP QoS parameters (i.e. QCI, Authorized Maximum/Guaranteed Data Rate DL/UL (if bandwidth values are lower or equal to 2^32-1 bps), Extended Authorized Maximum/Guaranteed Data Rate DL/UL (if bandwidth values are higher than 2^32-1 bps and if the Extended-BW-NR feature is supported), ARP) from the service information. If the selected Bearer Control Mode (BCM) is UE-only this process shall be performed according to the mapping rules in table 6.3.1 to avoid undesired misalignments with the UE QoS parameters mapping.

In the case of forking, the various forked responses may have different QoS requirements for the IP flows of the same media component. Each Authorized IP QoS Parameter should be set to the highest value requested for the IP flow(s) of that media component by any of the active forked responses.

Table 6.3.1: Rules for derivation of the Maximum Authorized Data Rates, Authorized Guaranteed Data Rates
and Maximum Authorized QoS Class per IP flow or bidirectional combination of IP flows in the PCRF

	Authorized IP QoS Parameter 
	Derivation from service information
(see Note 4)

	Maximum Authorized Data Rate DL (Max_DR_DL) and UL (Max_DR_UL)
(NOTE 21)

	IF operator special policy exists THEN

  Max_DR_UL:= as defined by operator specific algorithm;

  Max_DR_DL:= as defined by operator specific algorithm;

ELSE

  IF AF-Application-Identifier AVP demands application specific data rate

  handling THEN

    Max_DR_UL:= as defined by application specific algorithm;

    Max_DR_DL:= as defined by application specific algorithm;

  ELSE IF Codec-Data AVP provides Codec information for a codec that is

  supported by a specific algorithm (NOTE 19,20) THEN

    Max_DR_UL:= as defined by specific algorithm;

    Max_DR_DL:= as defined by specific algorithm;

  ELSE

    IF not RTCP flow(s) according to Flow-Usage AVP THEN

      IF Flow-Status = REMOVED THEN

        Max_DR_UL:= 0;

        Max_DR_DL:= 0;

      ELSE

        IF uplink Flow Description AVP is supplied THEN
          IF Max-Supported-Bandwidth-UL is present and supported THEN

             Max_DR_UL:= Max-Supported-Bandwidth-UL;

         ELSE IF Max-Requested-Bandwidth-UL is present THEN

            Max_DR_UL:= Max-Requested-Bandwidth-UL ;

          ELSE

            Max_DR_UL:= as set by the operator;

          ENDIF;

        ELSE

          Max_DR_UL:= 0;

        ENDIF;

        IF downlink Flow Description AVPs is supplied THEN
          IF Max-Supported-Bandwidth-DL is present and supported THEN

            Max_DR_DL:= Max-Supported-Bandwidth-DL;
          ELSE IF Max-Requested-Bandwidth-DL is present THEN

            Max_DR_DL:= Max-Requested-Bandwidth-DL;

          ELSE

            Max_DR_DL:= as set by the operator;

          ENDIF;

        ELSE

          Max_DR_DL:= 0;

        ENDIF;

      ENDIF;

    ELSE /* RTCP IP flow(s) */

      IF RS-Bandwidth is present and RR-Bandwidth is present THEN 
        Max_DR_UL:= (RS-Bandwidth + RR-Bandwidth);
        Max_DR_DL:= (RS-Bandwidth + RR-Bandwidth);
      ELSE
        IF Max-Requested-Bandwidth-UL is present THEN

          IF RS-Bandwidth is present and RR-Bandwidth is not present THEN

            Max_DR_UL:= MAX[0.05 * Max-Requested-Bandwidth-UL,RS-Bandwidth];

          ENDIF;

          IF RS-Bandwidth is not present and RR-Bandwidth is present THEN

            Max_DR_UL:= MAX[0.05 * Max-Requested-Bandwidth-UL,RR-Bandwidth];

          ENDIF;
          IF RS-Bandwidth and RR-Bandwidth are not present THEN

            Max_DR_UL:= 0.05 * Max-Requested-Bandwidth_UL ;

          ENDIF;
        ELSE

          Max_DR_UL:= as set by the operator;

        ENDIF;

        IF Max-Requested-Bandwidth-DL is present THEN

          IF RS-Bandwidth is present and RR-Bandwidth is not present THEN

            Max_DR_DL:= MAX[0.05 * Max-Requested-Bandwidth-DL,RS-Bandwidth];

          ENDIF;

          IF RS-Bandwidth is not present and RR-Bandwidth is present THEN

            Max_DR_DL:= MAX[0.05 * Max-Requested-Bandwidth-DL,RR-Bandwidth];

          ENDIF;

          IF RS-Bandwidth and RR-Bandwidth are not present THEN

            Max_DR_DL:= 0.05 * Max-Requested-Bandwidth-DL;
          ENDIF;

        ELSE

          Max_DR_DL:= as set by the operator;

        ENDIF;

      ENDIF;

    ENDIF;

  ENDIF;

ENDIF;

IF SIP-Forking-Indication AVP indicates SEVERAL_DIALOGUES THEN

   Max_DR_UL = MAX[Max_DR_UL, previous Max_DR_UL]
   Max_DR_DL = MAX[Max_DR_DL, previous Max_DR_DL]

ENDIF;



	Authorized Guaranteed Data Rate DL (Gua_DR_DL) and UL (Gua_DR_UL)

(see NOTE 11, 13, 15, 16. 21)
	IF operator special policy exists THEN

  Gua_DR_UL:= as defined by operator specific algorithm;

  Gua_DR_DL:= as defined by operator specific algorithm;

ELSE

  IF AF-Application-Identifier AVP demands application specific data rate

  handling THEN

    Gua_DR_UL:= as defined by application specific algorithm;

    Gua_DR_DL:= as defined by application specific algorithm;

  ELSE IF Codec-Data AVP provides Codec information for a codec that is

  supported by a specific algorithm (NOTE 5,19,20)THEN

    Gua_DR_UL:= as defined by specific algorithm;

    Gua_DR_DL:= as defined by specific algorithm;

  ELSE

       IF uplink Flow-Description AVP is supplied THEN
          IF Min-Desired-Bandwidth-UL is present and supported THEN

            Gua_DR_UL:= Min-Desired-Bandwidth-UL ;
          ELSE IF Min-Requested-Bandwidth-UL is present THEN

            Gua_DR_UL:= Min-Requested-Bandwidth-UL ;

          ELSE

            Gua_DR_UL:= as set by the operator;

          ENDIF;

       ELSE

          Gua_DR_UL:= Max DR UL;

       ENDIF;

       IF downlink Flow-Description AVP is supplied THEN
          IF Min-Desired-Bandwidth-DL is present and supported THEN

            Gua_DR_DL:= Min-Desired-Bandwidth-DL
          ELSE IF Min-Requested-Bandwidth-DL is present THEN

            Gua_DR_DL:= Min-Requested-Bandwidth-DL ;

          ELSE

            Gua_DR_DL:= as set by the operator;

          ENDIF;

       ELSE

          Gua_DR_DL:= Max DR DL;

       ENDIF;

  ENDIF;

ENDIF;

IF SIP-Forking-Indication AVP indicates SEVERAL_DIALOGUES THEN

   Gua_DR_UL = MAX[Gua_DR_UL, previous Gua_DR_UL]
   Gua_DR_DL = MAX[Gua_DR_DL, previous Gua_DR_DL]

ENDIF;



	Authorized QoS Class Identifier [QCI]

(see NOTE 1, 2, 7, 12 and 14)
	IF an operator special policy exists THEN

  QCI:= as defined by operator specific algorithm;

ELSE IF MPS-Identifier AVP demands MPS specific QoS Class handling THEN

     QCI:= as defined by MPS specific algorithm (NOTE 18);

ELSE IF GCS-Identifier AVP demands Group Communication specific handling THEN

     QCI:= as defined by GCS specific algorithm (NOTE 17);

ELSE IF AF-Application-Identifier AVP demands application specific QoS Class handling THEN

     QCI:= as defined by application specific algorithm;

ELSE IF Codec-Data AVP provides Codec information for a codec that is supported by a specific algorithm THEN

     QCI:= as defined by specific algorithm; (NOTE 5)

ELSE

     /* The following QCI derivation is an example of how to obtain the QCI

         values in a GPRS network */

     IF Media-Type is present THEN

          /* for GPRS: streaming */

          IF (only uplink Flow Description AVPs are supplied for all IP

          flows of the AF session, which have media type “audio” or “video”

          and no flow usage “RTCP”, or

          only downlink Flow Desription AVPs are supplied for all IP

          flows of the AF session, which have media type “audio” or “video”

          and no flow usage “RTCP”) THEN

             CASE Media-Type OF

               “audio”:        MaxClassDerivation := 3 OR 4; (NOTE 9)

               “video”:        MaxClassDerivation := 4

             END;

           /* for GPRS: conversational */

           ELSE

             CASE Media-Type OF

               “audio”:        MaxClassDerivation:= 1 OR 2; (NOTE 6)

               “video”:        MaxClassDerivation:= 2

             END;

           ENDIF;

           CASE Media-Type OF

             “audio”:        QCI := MaxClassDerivation

             “video”:        QCI := MaxClassDerivation

             “application”:  QCI := 1 OR 2; (NOTE 6)

                /*e.g. for GPRS: conversational*/

             “data”:         QCI := 6 OR 7 OR 8; (NOTE 8)

                /*e.g. for GPRS: interactive with prio 1, 2 AND 3
                   respectively*/

             “control”:      QCI := 6;

                /*e.g. for GPRS: interactive with priority 1*/

/* NOTE: include new media types here */

             OTHERWISE:      QCI := 9;

                /*e.g. for GPRS: background*/

           END;
   ENDIF;
ENDIF;

IF SIP-Forking-Indication AVP indicates SEVERAL_DIALOGUES THEN

   QCI = MAX[QCI, previous QCI](NOTE 10)

ENDIF ;


	NOTE 1:
The QCI assigned to a RTCP IP flow is the same as for the corresponding RTP media IP flow.

NOTE 2:
When audio or video IP flow(s) are removed from a session, the parameter MaxClassDerivation shall keep the originally assigned value.

NOTE 3:
When audio or video IP flow(s) are added to a session, the PCRF shall derive the parameter MaxClassDerivation taking into account the already existing media IP flow(s) within the session.

NOTE 4:
The encoding of the service information is defined in 3GPP TS 29.214 [10]. Possible Bandwidth information and Flow-Status information provided within the Media-Sub-Component AVP takes precedence over information within the encapsulating Media-Component-Description AVP as specified in 3GPP TS 29.214 [10]. If AVPs are omitted within a Media-Component-Description AVP or Media-Sub-Component AVP of the service information, the corresponding information from previous service information shall be used, as specified in 3GPP TS 29.214 [10].

NOTE 5:
3GPP TS 26.234 [6], 3GPP TS 26.114 [29], 3GPP2 C.S0046 [18], and 3GPP2 C.S0055 [19] contain examples of QoS parameters for codecs of interest. The support of any codec specific algorithm in the PCRF is optional.

NOTE 6:
The final QCI value will depend on the value of SSID (speech/unknown) according to 3GPP TS 23.107 [4]. If the PCRF is not able to determine the SSID, it should use the QCI value 2 that corresponds to SSID unknown. For UE-init and mixed mode, the PCRF may derive from the requested QoS of an IP CAN bearer which SSID is applicable.

NOTE 7:
The numeric value of the QCI are based on 3GPP TS 29.212 [9].

NOTE 8:
The QCI value also encodes the traffic handling priority for GPRS. If the PCRF is not able to determine a traffic handling priority, it should choose QCI 8 that corresponds to priority 3. Also, for UE-initiated bearers the PCRF should only use QCI 8 in order to have the same mapping rules in both UE and PCRF.

NOTE 9:
The final QCI value will depend on the value of SSID (speech/unknown) according to 3GPP TS 23.107 [4]. If the PCRF is not able to determine the SSID, it should use the QCI value 4 that corresponds to SSID unknown. For UE-init and mixed mode, the PCRF may derive from the requested QoS of an IP CAN bearer which SSID is applicable.

NOTE 10:
The Max function shall use the following precedence order for the QCI values:  2 > 1 > 4 > 3 > 5 > 6 > 7 > 8 > 9

NOTE 11:
Authorized Guaranteed Data Rate DL and UL shall not be derived for QCI values 5, 6, 7, 8 and 9.

NOTE 12:
Recommended QCI values for standardised QCI characteristics are shown in table 6.1.7 in 3GPP TS 23.203 [2].
NOTE 13:
The PCRF may be configured with operator specific preconditions for setting the Authorized Guaranteed Data Rate lower than the corresponding Maximum Authorized Data Rate.
NOTE 14:
In a network where SRVCC is enabled, the QCI=1 shall be used for IMS services in accordance to 3GPP TS 23.216 [27]. Non-IMS services using QCI=1 may suffer service interruption and/or inconsistent service experience if SRVCC is triggered. Triggering SRVCC for WebRTC IMS session will cause service interruption and/or inconsistent service experience when using QCI=1. Operator policy (e.g. use of specific AF application identifier) may be used to avoid using QCI 1 for a voice service, e.g. WebRTC IMS session.
NOTE 15:
For certain services (e.g. DASH services according to 3GPP TS 26.247 [30]), the AF may also provide a minimum required bandwidth so that the PCRF can derive an Authorized Guaranteed Data Rate lower than the Maximum Authorized Data Rate.
NOTE 16:
For GPRS and EPS, the PCRF shall assign an Authorized Guaranteed Data Rate UL/DL value within the limit supported by the serving network.
NOTE 17:
The GCS specific algorithm shall consider various inputs, including the received Reservation-Priority AVP, for deriving the QCI.
NOTE 18:
The MPS specific algorithm shall consider various inputs, including the received MPS-Identifier AVP and Reservation-Priority AVP, for deriving the QCI.
NOTE 19:
When multiple codecs are supported per media stream (e.g. as part of multi-stream multiparty conferencing media handling are negotiated as described in 3GPP TS 26.114 [29]) the codec specific algorithm shall consider the bandwidth related to each codec when calculating the total bandwidth.

NOTE 20:
3GPP TS 26.114 [29] contains examples of how the Authorized Guaranteed Data Rate and Maximum Authorized Data Rate are assumed to be derived for multi-party multimedia conference media handling support. The support of this behaviour is optional.

NOTE 21:
For bandwidth values higher than 2^32-1 bps and if the Extended-BW-NR feature is supported over Gx/Gxx interface, Extended-Max_DR_DL/UL and Extended-Gua_DR_DL/UL shall be derived instead of Max_DR_DL/UL and Gua_DR_DL/UL.


The PCRF should per ongoing session store the Authorized IP QoS parameters per for each IP flow or bidirectional combination of IP flows (as described within a Media Subcomponent AVP).

If the PCRF provides a QoS-Information AVP within a Charging-Rule-Definition AVP it may apply the rules in table 6.3.2 to combine the Authorized QoS per IP flow or bidirectional combination of IP flows (as derived according to table 6.3.1) for all IP flows described by the corresponding PCC rule.

If the PCRF provides a QoS-Information AVP for an entire IP CAN bearer (for a UE-initiated IP-CAN bearer in the GPRS case) or IP CAN session, it may apply the rules in table 6.3.2 to combine the Authorized QoS per IP flow or bidirectional combination of IP flows (as derived according to table 6.3.1) for all IP flows allowed to be transported within the IP CAN bearer or session. It is recommended that the rules in table 6.3.2 are applied for all IP flows with corresponding AF session. The PCRF may increase the authorized QoS further to take into account the requirements of predefined PCC rules without ongoing AF sessions.
NOTE 1:
QoS-Information AVP provided at IP-CAN session level is not derived based on mapping tables, but based on subscription and operator specific policies.
NOTE 2:
Allocation-Retention-Priority AVP is always calculated at PCC rule level according to table 6.3.2.
For a UE initiated PDP context within GPRS, the PCRF applies the binding mechanism described in clause 5 to decide which flows are allowed to be transported within the IP CAN bearer.

Table 6.3.2: Rules for calculating the Maximum Authorized/Guaranteed Data Rates,
QCI and ARP in the PCRF

	Authorized IP QoS Parameter 
	Calculation Rule

	Maximum Authorized Data Rate DL and UL
(see NOTE 6)
	Maximum Authorized Data Rate DL/UL is the sum of all Maximum Authorized Data Rate DL/UL for all the IP flows or bidirectional combinations of IP flows (as according to table 6.3.1).

IF Network = GPRS AND Maximum Authorized Data Rate DL/UL > 256 Mbps THEN
   Maximum Authorized Data Rate DL/UL = 256 Mbps  /* See 3GPP TS 23.107 [4] */
ENDIF;



	Guaranteed Authorized Data Rate DL and UL

(see NOTE 3,6)
	Guaranteed Authorized Data Rate DL/UL is the sum of all Guaranteed Authorized Data Rate DL/UL for all the IP flows or bidirectional combinations of IP flows (as according to table 6.3.1).



	QCI 
	QCI = MAX [needed QoS parameters per IP flow or bidirectional combination of IP flows (as operator’s defined criteria) among all the IP flows or bidirectional combinations of IP flows.]



	ARP
(see NOTE 1)
	IF an operator special policy exists THEN

  ARP:= as defined by operator specific algorithm;

ELSE IF MPS-Identifier AVP demands MPS specific ARP handling THEN

    ARP:= as defined by MPS specific algorithm (NOTE 2);

ELSE IF GCS-Identifier AVP demands Group Communication Service specific ARP handling THEN

    ARP:= as defined by GCS specific algorithm (NOTE 4);

ELSE IF MCPTT-Identifier AVP demands MCPTT specific ARP handling THEN

    ARP:= as defined by MCPTT specific algorithm (NOTE 5);

ELSE  IF AF-Application-Identifier AVP demands application specific ARP

    handling THEN

      ARP:= as defined by application specific algorithm;

ELSE IF Reservation-Priority AVP demands application specific ARP handling THEN

        ARP:= as defined by application specific algorithm;
ENDIF;



	NOTE 1:
The ARP priority levels 1-8 should only be assigned to resources for services that are authorized to receive prioritized treatment within an operator domain.
NOTE 2:
The MPS specific algorithm shall consider various inputs, including the received MPS-Identifier AVP and Reservation-Priority AVP, for deriving the ARP.
NOTE 3:  For GPRS and EPS, the PCRF may check that the Guaranteed Authorized Data Rate DL/UL does not exceed the limit supported by the serving network to minimize the risk of rejection of the bearer by the serving network.

NOTE 4:
The GCS specific algorithm shall consider various inputs, including the received Reservation-Priority AVP, for deriving the ARP.
NOTE 5:
The MCPTT specific algorithm shall consider the value of the MCPTT-Identifier AVP and the value of the Reservation-Priority AVP.

NOTE 6:
For bandwidth values higher than 2^32-1 bps and if the Extended-BW-NR feature is supported, Extended Guaranteed Authorized Data Rate DL/UL and Extended Maximum Data Rated DL/UL shall be used instead of Maximum Authorized Data Rate DL/UL and Guaranteed Authorized Data Rate DL/UL.


From RFC 4566 ("SDP: Session Description Protocol"):

5.8.  Bandwidth ("b=")
      b=<bwtype>:<bandwidth>

   This OPTIONAL field denotes the proposed bandwidth to be used by the

   session or media.  The <bwtype> is an alphanumeric modifier giving

   the meaning of the <bandwidth> figure.  Two values are defined in

   this specification, but other values MAY be registered in the future

   (see Section 8 and [21], [25]):

   CT If the bandwidth of a session or media in a session is different

      from the bandwidth implicit from the scope, a "b=CT:..." line

      SHOULD be supplied for the session giving the proposed upper limit

      to the bandwidth used (the "conference total" bandwidth).  The

      primary purpose of this is to give an approximate idea as to

      whether two or more sessions can coexist simultaneously.  When

      using the CT modifier with RTP, if several RTP sessions are part

      of the conference, the conference total refers to total bandwidth

      of all RTP sessions.

   AS The bandwidth is interpreted to be application specific (it will

      be the application's concept of maximum bandwidth).  Normally,

      this will coincide with what is set on the application's "maximum

      bandwidth" control if applicable.  For RTP-based applications, AS

      gives the RTP "session bandwidth" as defined in Section 6.2 of

      [19].
   Note that CT gives a total bandwidth figure for all the media at all

   sites.  AS gives a bandwidth figure for a single media at a single

   site, although there may be many sites sending simultaneously.

…
   The <bandwidth> is interpreted as kilobits per second by default.

   The definition of a new <bwtype> modifier MAY specify that the

   bandwidth is to be interpreted in some alternative unit (the "CT" and

   "AS" modifiers defined in this memo use the default units).
5.14.  Media Descriptions ("m=")
      m=<media> <port> <proto> <fmt> ...

   A session description may contain a number of media descriptions.

   Each media description starts with an "m=" field and is terminated by

   either the next "m=" field or by the end of the session description.

   A media field has several sub-fields:

   <media> is the media type.  Currently defined media are "audio",

      "video", "text", "application", and "message", although this list

      may be extended in the future (see Section 8).

   <port> is the transport port to which the media stream is sent.  The

      meaning of the transport port depends on the network being used as

      specified in the relevant "c=" field, and on the transport

      protocol defined in the <proto> sub-field of the media field.

      Other ports used by the media application (such as the RTP Control

      Protocol (RTCP) port [19]) MAY be derived algorithmically from the

      base media port or MAY be specified in a separate attribute (for

      example, "a=rtcp:" as defined in [22]).

      If non-contiguous ports are used or if they don't follow the

      parity rule of even RTP ports and odd RTCP ports, the "a=rtcp:"

      attribute MUST be used.  Applications that are requested to send

      media to a <port> that is odd and where the "a=rtcp:" is present

      MUST NOT subtract 1 from the RTP port: that is, they MUST send the

      RTP to the port indicated in <port> and send the RTCP to the port

      indicated in the "a=rtcp" attribute.

      For applications where hierarchically encoded streams are being

      sent to a unicast address, it may be necessary to specify multiple

      transport ports.  This is done using a similar notation to that

      used for IP multicast addresses in the "c=" field:

         m=<media> <port>/<number of ports> <proto> <fmt> ...

      In such a case, the ports used depend on the transport protocol.

      For RTP, the default is that only the even-numbered ports are used

      for data with the corresponding one-higher odd ports used for the

      RTCP belonging to the RTP session, and the <number of ports>

      denoting the number of RTP sessions.  For example:

         m=video 49170/2 RTP/AVP 31

      would specify that ports 49170 and 49171 form one RTP/RTCP pair

      and 49172 and 49173 form the second RTP/RTCP pair.  RTP/AVP is the
      transport protocol and 31 is the format (see below).  If non-

      contiguous ports are required, they must be signalled using a

      separate attribute (for example, "a=rtcp:" as defined in [22]).

      If multiple addresses are specified in the "c=" field and multiple

      ports are specified in the "m=" field, a one-to-one mapping from

      port to the corresponding address is implied.  For example:

         c=IN IP4 224.2.1.1/127/2

         m=video 49170/2 RTP/AVP 31

      would imply that address 224.2.1.1 is used with ports 49170 and

      49171, and address 224.2.1.2 is used with ports 49172 and 49173.

      The semantics of multiple "m=" lines using the same transport

      address are undefined.  This implies that, unlike limited past

      practice, there is no implicit grouping defined by such means and

      an explicit grouping framework (for example, [18]) should instead

      be used to express the intended semantics.

   [19]  Schulzrinne, H., Casner, S., Frederick, R., and V. Jacobson,

         "RTP: A Transport Protocol for Real-Time Applications", STD 64,

         RFC 3550, July 2003.

From RFC 3890 ("A Transport Independent Bandwidth Modifier for the Session Description Protocol (SDP)"):

6.2.2.  Definition
…

   For RTP transported media streams, TIAS at the SDP media level can be

   used to derive the RTP "session bandwidth", defined in section 6.2 of

   [4].  In the context of RTP transport, the TIAS value is defined as:

      Only the RTP payload as defined in [4] SHALL be used in the

      calculation of the bit-rate, i.e., excluding the lower layers

      (IP/UDP) and RTP headers including RTP header, RTP header

      extensions, CSRC list, and other RTP profile specific fields.

      Note that the RTP payload includes both the payload format header

      and the data.  This may allow one to use the same value for RTP-

      based media transport, non-RTP transport, and stored media.

From RFC 3550 ("SDP: RTP: A Transport Protocol for Real-Time Applications "):

   RTP session: An association among a set of participants

      communicating with RTP.  A participant may be involved in multiple

      RTP sessions at the same time.  In a multimedia session, each

      medium is typically carried in a separate RTP session with its own

      RTCP packets unless the the encoding itself multiplexes multiple

      media into a single data stream.  A participant distinguishes

      multiple RTP sessions by reception of different sessions using

      different pairs of destination transport addresses, where a pair

      of transport addresses comprises one network address plus a pair

      of ports for RTP and RTCP.  All participants in an RTP session may

      share a common destination transport address pair, as in the case

      of IP multicast, or the pairs may be different for each

      participant, as in the case of individual unicast network

      addresses and port pairs.  In the unicast case, a participant may

      receive from all other participants in the session using the same

      pair of ports, or may use a distinct pair of ports for each.

      The distinguishing feature of an RTP session is that each

      maintains a full, separate space of SSRC identifiers (defined

      next).  The set of participants included in one RTP session

      consists of those that can receive an SSRC identifier transmitted

      by any one of the participants either in RTP as the SSRC or a CSRC

      (also defined below) or in RTCP.  For example, consider a three-

      party conference implemented using unicast UDP with each

      participant receiving from the other two on separate port pairs.

      If each participant sends RTCP feedback about data received from

      one other participant only back to that participant, then the

      conference is composed of three separate point-to-point RTP

      sessions.  If each participant provides RTCP feedback about its

      reception of one other participant to both of the other

      participants, then the conference is composed of one multi-party

      RTP session.  The latter case simulates the behavior that would

      occur with IP multicast communication among the three

      participants.

   For each session, it is assumed that the data traffic is subject to

   an aggregate limit called the "session bandwidth" to be divided among

   the participants.  This bandwidth might be reserved and the limit

   enforced by the network.  If there is no reservation, there may be

   other constraints, depending on the environment, that establish the

   "reasonable" maximum for the session to use, and that would be the

   session bandwidth.  The session bandwidth may be chosen based on some

   cost or a priori knowledge of the available network bandwidth for the

   session.  It is somewhat independent of the media encoding, but the

   encoding choice may be limited by the session bandwidth.  Often, the

   session bandwidth is the sum of the nominal bandwidths of the senders

   expected to be concurrently active.  For teleconference audio, this

   number would typically be one sender's bandwidth.  For layered

   encodings, each layer is a separate RTP session with its own session

   bandwidth parameter.
   The session bandwidth parameter is expected to be supplied by a

   session management application when it invokes a media application,
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