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[bookmark: _Toc26369243][bookmark: _Toc36227125][bookmark: _Toc36228139][bookmark: _Toc36228766][bookmark: _Toc36229393]6.2.7.4.2	3gpp-qos-hint ABNF syntax and semantics
3gpp-qos-hint-value = qos-hint *(";" qos-hint)
qos-hint = qos-hint-property ["=" qos-hint-end-to-end-value *(qos-hint-split)]
qos-hint-property = "loss" / "latency" / token
qos-hint-end-to-end-value = qos-hint-value
qos-hint-split = "/" qos-hint-split-method ":" qos-hint-split-value
qos-hint-split-method = "local" / token
qos-hint-split-value = qos-hint-value
qos-hint-value = zero-based-integer / non-zero-real / token
zero-based-integer = "0" / integer
non-zero-real = zero-based-integer "." *DIGIT POS-DIGIT
; DIGIT, POS-DIGIT, integer, and token as defined by IETF RFC 4566
; zero-based-integer and non-zero-real as defined by IETF RFC 8866
NOTE:	zero-based-integer and non-zero-real definitions above are identical to definitions in draft-ietf-mmusic-rfc4566bis (which will when published obsolete RFC 4566) and can be deleted here when and if the IETF RFC 4566 reference is replaced with the new draft-ietf-mmusic-rfc4566bis RFC to-be.
The IANA registration information for this attribute is provided in Annex M.11.
A qos-hint-property value shall only occur once on the "a=3gpp-qos-hint" line. If a qos-hint-property value is not included on the "a=3gpp-qos-hint" line, it should be interpreted as the UE and application have no preference of any qos-hint-value for that qos-hint-property but anything the network can provide is equally acceptable.
If a qos-hint-property has no qos-hint-end-to-end-value, it is of boolean (on/off) type.
If the qos-hint-propery has a qos-hint-end-to-end-value but doesn’t include any explicit qos-hint-split, the qos-hint-end-to-end-value is split equally between the SDP offerer and the SDP answerer. If an explicit qos-hint-split is included, it specifies how the split of the qos-hint-end-to-end-value between SDP offerer and SDP answerer is made. The following qos-hint-split-method values are currently defined:
"local":	The qos-hint-split-value specifies the SDP sender’s part of the qos-hint-end-to-end-value that is applied across its local link, in the same format and units used by the associated qos-hint-end-to-end-value, the value being the same in both send and receive directions. The SDP sender of the SDP offer is the SDP offerer and the SDP sender of the SDP answer is the SDP answerer.
The following qos-hint-property values are currently defined: 
"loss":	This qos-hint-property qos-hint-end-to-end-value describes the maximum desirable end-to-end transport level packet loss rate in percent (without "%" sign) as a zero-based-integer or as a non-zero-real value.
"latency":	This qos-hint-property qos-hint-end-to-end-value describes the maximum desirable end-to-end transport level packet latency in milliseconds as a zero-based-integer or as a non-zero-real value. The value excludes any application-level processing in the sender and receiver, such as e.g. application-level retransmission or encoding/decoding.
*** End change 2 ***
*** End of changes ***


