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This paper discusses the UMTS bearer QoS parameters that may be affected by each of the SDP parameters. 

This version of the document is based on SDP as defined in RFC2327. There are two new versions of SDP proposed in the IETF and these are defined in draft-ietf-mmusic-sdp-new-04.txt, and draft-ietf-mmusic-sdpng-03.txt.

The IMS specifications in 3GPP currently assume that draft-ietf-mmusic-sdp-new-04.txt will be the selected future solution. 

1. SDP Parameter fields
The following SDP parameters may be present in each SDP description. There are three sections, a Session Description, a Time Description and a Media Description.

Session description

          v=  (protocol version)

          o=  (owner/creator and session identifier).

          s=  (session name)

          i=* (session information)

          u=* (URI of description)

          e=* (email address)

          p=* (phone number)

          c=* (connection information - not required if included in all media)

          b=* (bandwidth information)

             One or more time descriptions (see below)

          z=* (time zone adjustments)

          k=* (encryption key)

          a=* (zero or more session attribute lines)

             Zero or more media descriptions (see below)

     Time description

          t=  (time the session is active)

          r=* (zero or more repeat times)

     Media description

          m=  (media name and transport address)

          i=* (media title)

          c=* (connection information - optional if included at session-level)

          b=* (bandwidth information)

          k=* (encryption key)

          a=* (zero or more media attribute lines)

Of these parameters the following may impact on the UMTS QoS

Session description

          b=* (bandwidth information)

Media description

          m=  (media name and transport address)

          b=* (bandwidth information)

          a=* (zero or more media attribute lines)

The c field is included once per Media description or at the Session level.

2. SDP Parameter Values

The following table shows the parameter values that each field may take and proposes which UMTS Bearer QoS parameter would be influenced.

Syntax is as follows for each of the identified fields.

b=<modifier>:<bandwidth-value>


<modifier> single word identifying the meaning of the bandwidth figure


<bandwidth-value> in kilobits per second

m=<media> <port> <transport> <fmt list>


<media> is the media type

<port> transport port (meaning dependent on network type in c field.


<transport> transport protocol (eg RTP)


<fmt list> media formats – associated with a fields for full description of otherwise undefined formats

a=<attribute>:<value>


<attribute> some attribute of the stream


<value>  the value of that attribute

 or

a=<flag>


<flag> is a binary attribute indicating a specific feature

There may be more than one m field per Media description and one or more a field per m field. A b field may be included per Media description.

2.1 SDP to UMTS QoS Influence

	Field Type
	Field Type Values
	UMTS Bearer Parameter (upon which the “Field Type Values” impact)
	Highest UMTS Bearer Value Allowed 

	m


	<media> audio
	Traffic class
	If a field indicates ‘sendrecv’ then conversational

	
	
	
	if ‘recvonly’ then streaming

	
	
	SDU Format information
	Indicates formats for audio mapping to UEP when introduced.

	
	
	Source Statistics Descriptor
	SSD = speech

	
	<media> video
	Traffic class
	If a field indicates ‘sendrecv’ then conversational

	
	
	
	, if ‘recvonly’ then streaming

	
	<media> application
	Traffic class
	Interactive

	
	<media> data 
	Traffic class
	Background

	
	
	Delivery order
	Yes

	
	<media> control
	Traffic class
	Interactive

	
	<port>
	None
	None

	
	<transport> RTP/AVP
	Traffic class
	If a field indicates ‘sendrecv’ then conversational

	
	
	
	, if ‘recvonly’ then streaming

	
	<transport> UDP
	Traffic class
	Interactive or Background dependent on a field

	b
	<modifier> CT conference total
	Maximum Bitrate
	(CT*bandwidth-value) rounded up to nearest value.

	
	
	Maximum SDU size
	Depends also on maximum packet time

	
	<modifier> AS application specific
	Maximum Bitrate
	SUM(AS*bandwidth-value) rounded up to nearest value

	
	
	Maximum SDU size
	Depends also on maximum packet time

	
	<bandwidth-value>
	Maximum Bitrate
	Dependent on modifier – (see above)

	
	
	Maximum SDU size
	Depends also on maximum packet time

	a
	cat:<category>
	None
	None

	
	keywds:<keywds>
	None
	None

	
	tool:<name and version of tool>
	None
	None

	
	ptime:<packet time>
	Maximum SDU size
	Rounded up value of (ptime*bit rate)/8 where the bit rate is defined by b field or rtpmap field.

	
	
	Transfer Delay
	Transfer delay <= ptime

	
	maxptime:<maximum packet time>
	Maximum SDU size
	Rounded up value of (maxptime*bit rate)/8 where the bit rate is defined by b field or rtpmap field.

	
	
	Transfer Delay
	Transfer delay <= maxptime

	
	rtpmap:<payload type><encoding name>/<clock rate>[/<encoding parameters>]
	See description below
	See description below section 2.3.1

	
	recvonly
	Traffic class 
	Will indicate a streaming bearer for real time media and Background for non real time.

	
	
	Maximum bitrate
	Maximum bitrate should be defined to be zero for uplink direction.

	
	sendrecv
	Traffic class
	Will indicate a conversational bearer for real time media and interactive for non real time.

	
	sendonly
	Traffic class 
	Will indicate a streaming bearer for real time media and Background for non real time.

	
	
	Maximum bitrate
	Maximum bitrate should be defined to be zero for downlink direction.

	
	inactive
	None
	None

	
	orient:<whiteboard orientation>
	None
	None

	
	type:<conference type>  
	None
	None

	
	charset:<character set>
	None
	None

	
	sdplang:<language tag>
	None
	None

	
	lang:<language tag>
	None
	None

	
	framerate:<frame rate>
	None – it is a recommended rate for encoding
	None

	
	quality:<quality>
	None – indicates acceptable image quality
	None

	
	fmtp:<format> <format specific parameters>
	None - user data field to transport data not understood by SDP
	None


Note 1 : In this table the entry ‘None’ means that the particular parameter value/field does not map onto, or affect QoS parameters.

Note 2 : SDP provides a single bandwidth figure, hence it is assumed that in UMTS QoS this  means that Guaranteed Bit Rate = Maximum Bit Rate
rtpmap attribute mapping

rtpmap:<payload type><encoding name>/<clock rate>[/<encoding parameters>]


<payload type> relates to one of the <fmt list> values appended to the end of the m field


<encoding name> formats defined in RFC 1890


<clock rate> in bits per second and will define the maximum bit rate required, and will affect the maximum SDU size


<encoding parameters> only applies for audio streams. If included it specifies the number of audio channels, so should act as a multiplier for the maximum bandwidth requirement.

2.2  UMTS Bearer Parameters Not Set 

The following UMTS parameters cannot be derived from the SDP.

· SDU Error Ratio

· Residual Bit Error Ratio

· Delivery of erroneous SDU’s

· Transfer Delay for all combinations

· Traffic Handling Priority

· Allocation/Retention Priority

2.3 SDP Enhancement from manyfolks draft

The Internet Draft, draft-ietf-sip-manyfolks-resource-03.txt, introduces two extensions to the SDP parameter list. These are the QoS and secure fields. The secure field does not influence QoS.

The qos field syntax is shown below -

qos-attribute    = "a=qos:" strength-tag SP direction-tag 

                                [SP confirmation-tag] 

      strength-tag     = ("mandatory" | "optional" | "success" | 

                                "failure") 

      direction-tag    = ("send" | "recv" | "sendrecv") 

      confirmation-tag = "confirm" 

This field is intended to define whether QoS should be applied to a connection, in which direction it should be applied, and whether the call can continue if the resources are not reserved.

None of the parameters affect the UMTS QoS attributes assigned to the media stream.

3. UMTS QoS Values Derivation from SDP

This section shows the relation between the UMTS bearer QoS and SDP parameters and shows how the specific value of UMTS Bearer QoS may be derived from the SDP parameters.

The table below indicates how the UMTS QoS parameter values are derived from the SDP parameters.

. 

	UMTS Bearer Parameter 
	SDP parameters Of Influence
	UMTS Parameter Value Derivation

	Traffic Class
	m<media>

m<transport>

a<recvonly>

a<sendrecv>

a<sendonly>
	If <media> = (audio or video) and <sendrecv>

    then Traffic class = ‘conversational’ ;

elsif <media> = (audio or video) and ( <sendonly> or <recvonly>)

    then Traffic class = ‘streaming’ ;

elsif <media> = application

    then Traffic class = ‘interactive’ ;

else Traffic class = ‘background’ ;

end ;

	Maximum Bitrate –UL

(kbps)
	b<modifier>

b<bandwidth-value>

rtpmap:<clock rate>

rtpmap<encoding parameters>

a<recvonly>

a<sendrecv>

a<sendonly>
	If recvonly

    then ‘Maximum Bit Rate UL’ = ‘0’ ;

else

       if  ‘b field is present’

            then ‘Maximum Bit Rate UL’ = (<modifier> * <bandwidth-value>) ;

       elsif ‘rtpmap field is present’

            then ‘Maximum Bit Rate UL’ = (<clock rate> * <encoding parameters>)/1000 ;

end ;

	Guaranteed Bitrate - UL

(kbps)
	b<modifier>

b<bandwidth-value>

rtpmap:<clock rate>

rtpmap<encoding parameters>

a<recvonly>

a<sendrecv>

a<sendonly>
	Guaranteed Bit Rate UL = Maximum Bit Rate UL

	Transfer delay - UL

(ms)
	a:ptime<packet time>

a:maxptime<maximum packet time>
	If a:ptime is present

    then Transfer Delay UL = <packet time> ;

elseif a:maxptime is present

    then Transfer Delay UL = <maximum packet time> ;

else Transfer Delay UL = default value ;

end ;

	Maximum Bitrate -DL

(kbps)
	b<modifier>

b<bandwidth-value>

rtpmap:<clock rate>

rtpmap<encoding parameters>

a<recvonly>

a<sendrecv>

a<sendonly>
	If sendonly

    then ‘Maximum Bit Rate DL’ = ‘0’ ;

else

       if  ‘b field is present’

            then ‘Maximum Bit Rate DL’ = (<modifier> * <bandwidth-value>) ;

       elsif ‘rtpmap field is present’

            then ‘Maximum Bit Rate DL’ = (<clock rate> * <encoding parameters>)/1000 ;

end ;

	Guaranteed Bitrate - DL

(kbps)
	b<modifier>

b<bandwidth-value>

rtpmap:<clock rate>

rtpmap<encoding parameters>

a<recvonly>

a<sendrecv>

a<sendonly>
	Guaranteed Bit Rate DL = Maximum Bit Rate DL

	Transfer delay – DL

(ms)
	a:ptime<packet time> 

a:maxptime<maximum packet time>
	If a:ptime is present

    then Transfer Delay DL = <packet time> ;

elseif a:maxptime is present

    then Transfer Delay DL = <maximum packet time> ;

else Transfer Delay DL = default value ;

end ;

	Delivery Order
	m<media>
	If <media> = data or application

     then Delivery Order = ‘Yes’ ;

else Delivery Order = ‘No’;

End ; 

	Maximum SDU Size

(octets)
	b<modifier>

b<bandwidth-value>

rtpmap:<clock rate>

rtpmap<encoding parameters>

a:ptime<packet time>

a:maxptime<maximum packet time>


	If ptime or maxptime field is present then

      If b field is present 

          then Maximum SDU Size = <modifier>*(<bandwidth value>/8000) * (<packet   time> or <maximum packet time> ;

      elseif rtpmap is present

          then Maximum SDU Size = (<clock rate>/8) * <encoding parameters> * (<packet   time> or <maximum packet time> ;

else Maximum SDU Size = Default for Selected Traffic Class ;

End ;

	SDU Format Information

(bits)
	m<media>
	In release 5 this is not defined as no UEP is available for IMS calls. When UEP is introduced this may be specified. 

	SDU Error Ratio
	None
	Default for selected Traffic Class

	Residual Bit Error Rate
	None
	Default for selected Traffic Class

	Delivery Of Erroneous SDU’s
	None
	Default for selected Traffic Class

	Traffic Handling Priority
	None
	Default for selected Traffic Class

	Allocation/Retention Priority
	None
	Default for selected Traffic Class

	Source Statistics Descriptor
	m<media>
	If media = audio

   then Source Statistics Descriptor = ‘speech’ ;

else  Source Statistics descriptor = ‘Unknown’ ;

end ;


4. Mapping Via Flowspec

Section 7 in 29.208 needs to reflect this overall mapping from SDP to UMTS QoS. However it is required to map through an interim stage i.e. using Flowspec on Go interface and possibly between TE and MT in UE.

Flowspec is defined in RFC1363. It is clear that Flowspec only contains bandwidth, delay and packet loss related parameters. It is clear that the delay and packet loss parameters cannot de derived from SDP as no such information exists in SDP. Hence [passing through Flowspec will reduce the QoS parameters to bandwidth requirements only unless some other method is found].

It is proposed that a Diffserv Code Point mapping could also be used to pass the traffic class. The following DSCP mapping has been adopted by the GSM Association and will be proposed to be added into 23.207. It is proposed to use this mapping to indicate to the GGSN the traffic class.

	Traffic Class
	Traffic Handling Priority
	Diffserv PHB
	DSCP

	Conversational
	N/A
	EF
	101110

	Streaming
	N/A
	AF41
	100010

	Interactive
	1
	AF31
	011010

	
	2
	AF21
	010010

	
	3
	AF11
	001010

	Background
	N/A
	BE
	000000


5. Proposal

It is proposed that the general principles defined in this document regarding the SDP parameters that influence UMTS QoS attributes should be agreed.

It is also proposed that the derivation of the values for the UMTS parameters are agreed as defined in this document.

Further work needs to be done to determine the Flowspec values that relate to the mapping described in this document.

It is proposed that the principle to utilise DSCP mapping on Go to indicate traffic class is adopted. CRs can be generated to reflect this agreement.
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