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1) Introduction

During the TSG SA WG4 # 19 meeting, a LS (S4-010656) on “Mapping of SDP parameters in UMTS QoS parameters” was received. SA4 being the group responsible for codecs and subjective quality, it was decided during the TSG-SA4 PSM AHG Meeting #4 that SA4 would take the responsibility to specify the mapping rules needed by the applications to request the appropriate QoS to the UMTS network. Impacts were identified for the following specifications:

· Packet Switch Streaming; Protocols and Codecs: 3GPP TS 26.234 in release 4

· 
Packet Switched Conversational Multimedia Applications: 3GPP TS 26.236 in release 5

· Extended Packet Switch Streaming; Transport Protocols: 3GPP TS 26.234 in release 5

This contribution is a first proposal for the inclusion of such mapping rules. CRs to the specifications will be needed to update specifications. The approval of such recommended mapping becomes quite urgent at least for release implementations.

2) Mapping proposal

2.1) Introduction

The mapping functions takes an input and provides an output. 

The input is made of :

- the type of application: streaming/conversational

- the SDP parameters (see IETF RFC#2327): 

· media types (video, audio, speech, wideband speech) restricted to continuous media.

· The transport protocol (RTP/UDP/IP),

· The format of the media types (H.263 video, MPEG 4 video, etc).

· session bandwidth (optional)

· media streams bandwidth (optional)

According to 3GPP TS 26.234 v3.2.0:

The bandwidth field in SDP can be used to indicate to the PSS client the amount of bandwidth that is required for the session and the individual media in the presentation. Therefore, a PSS server should include the "b=AS:" field in the SDP (both on the session and media level) and a PSS client shall be able to interpret this field. The bandwidth value shall indicate maximum net rates of media streams without lower level packetisation overhead

We believe for a good mapping, the following modifications are needed:

The optional bandwidth fields should be added to SDP because they are necessary for a good mapping. Also, we assume the bandwidth parameter corresponds to the average bit rate of the stream or the session in kbps without lower level packetisation overhead. 

The output is made of the Rel99 type QoS parameters (see 3GPP TS 24.008). This output is used by the application to request the appropriate PDP context activation.

All QoS parameters are discussed depending on the application i.e.

1) UMTS Packet Switch Streaming R4, R5 and R6. Potentially used in R99.

2) UMTS Packet Switch Conversational R5 and R6.

Only continuous media types are considered. QoS for other media types (xhtml+xml, JPEG, GIF, SVG) is FFS.

2.2) Proposed mapping:

2.2.1) Delivery of erroneous SDUs:

- 0 0 0

Subscribed delivery of erroneous SDUs

- 0 0 1

No detect ('-')

- 0 1 0

Erroneous SDUs are delivered ('yes')

- 0 1 1

Erroneous SDUs are not delivered ('no')

- 1 1 1

Reserved

Mapping rules for streaming: 

-> For streaming of a media type which is not making use of erroneous SDUs, i.e. H.263, MPEG-4 AAC, MPEG4 video codec, the value should be "no" (011).

-> For streaming of a media type which can make use of erroneous frames, i.e. AMR-NB and AMR-WB, there may be an advantage to deliver the erroneous SDU's. Note that this is valid only if RLC is in UM or transparent mode. The value can then be "yes" (010). However, for streaming the delay constraint is not high and RLC AM mode can be used. Moreover, erroneous packets at the UDP layer are discarded anyway. Therefore the frames are not delivered to the decoder. It is then recommended to use the value "no" (011)

Mapping rules for conversational

-> For of a media type which is not making use of erroneous SDUs, i.e. H.263, MPEG-4 AAC, MPEG4 video codec, the value should be "no" (011).

-> For a media type which can make use of erroneous frames, i.e. AMR-NB and AMR-WB, there may be an advantage to deliver the erroneous SDU's. Note that this is valid only if RLC is in UM or transparent mode. The value can then be "yes" (010). However, erroneous packets at the UDP layer are discarded anyway. Therefore the frames are not delivered to the decoder. It is then recommended to use the value "no" (011)

2.2.2) Delivery order: 

- 0 0

Subscribed delivery order

- 0 1

With delivery order ('yes')

- 1 0

Without delivery order ('no')

- 1 1

Reserved

Mapping rules for streaming:

-> The RTP protocol does not require in sequence delivery of packets. The value could be set to "no" (10). When RTP packets are segmented by PDCP (large packets), it may be beneficial to have in sequence delivery so that the reconstruction process does not add delay. This is FFS.

Mapping rules for conversational:

-> The RTP protocol does not require in sequence delivery of packets but it is interesting to reduce end to end delay by having in sequence delivery. The value should be set to "yes" (01).

2.2.3) Traffic class

- 0 0 0

Subscribed traffic class

- 0 0 1

Conversational class

- 0 1 0

Streaming class

- 0 1 1

Interactive class

- 1 0 0

Background class

- 1 1 1

Reserved

Mapping rules for streaming:

-> The value should be set to "Streaming class" (010).

Mapping rules for conversational:

-> The value should be set to "Conversational class" (001).

2.2.4) Maximum SDU size

- 0 0 0 0 0 0 0 0

Subscribed maximum SDU size

- 1 1 1 1 1 1 1 1

Reserved

For values in the range 00000001 to 10010110 the Maximum SDU size value is binary coded in 8 bits, using a granularity of 10 octets, giving a range of values from 10 octets to 1500 octets.

Values above 10010110 are as below:

- 1 0 0 1 0 1 1 1

1502 octets 

- 1 0 0 1 1 0 0 0

1510 octets 

- 1 0 0 1 1 0 0 1

1520 octets

Here is an example of AMR-NB SDU sizes with the following options: bandwidth efficient operation, no internal CRC, 1 frame per RTP packet, no interleaving:

	AMR-NB mode
	Speech frame size (bits)
	CMR + ToC size (bits)
	Octet aligned Payload size (bytes)
	RTP header size

(bytes)
	UDP+IP header size

(bytes)
	SDU size with 1 frame per packets

(bytes)
	SDU size with 10 bytes granularity

(bytes)

	AMR 4,75  
	95
	10
	14
	12
	48
	74
	80

	AMR 5,15
	103 
	10
	15
	12
	48
	75
	80

	AMR 5,90 
	118
	10
	16
	12
	48
	76
	80

	AMR 6,70
	134
	10
	18
	12
	48
	78
	80

	AMR 7,40
	148
	10
	20
	12
	48
	80
	80

	AMR 7,95
	159
	10
	22
	12
	48
	82
	90

	AMR 10,2
	204
	10
	27
	12
	48
	87
	90

	AMR 12,2
	244
	10
	32
	12
	48
	92
	100

	AMR SID
	39
	10
	7
	12
	48
	67
	70


Table 1 AMR frames SDU sizes
Mapping rules for streaming:

-> the maximum SDU size should be the maximum size of an RTP packet plus UDP and IP headers. E.g. for AMR it is 100 bytes if 12.2kbps mode is included in the active codec set (see above table for assumptions on RTP payload format).

Mapping rules for conversational:

-> the maximum SDU size should be the maximum size of an RTP packet plus UDP and IP headers. E.g. for AMR it is 100 bytes if 12.2kbps mode is included in the active codec set (see above table for assumptions on RTP payload format).

When multiple stream are multiplexed on the same PDP context, the maximum SDU size is as the maximum among all streams.

2.2.5) Maximum bit rate for uplink

- 0 0 0 0 0 0 0 0
Subscribed maximum bit rate for uplink

- 0 0 0 0 0 0 0 1 


- 0 0 1 1 1 1 1 1

The maximum bit rate is binary coded in 8 bits, using a granularity of 1 kbps 
giving a range of values from 1 kbps to 63 kbps in 1 kbps increments.

- 0 1 0 0 0 0 0 0 

- 0 1 1 1 1 1 1 1


The maximum bit rate is 64 kbps +  ((the binary coded value in 8 bits -01000000) * 8 kbps) giving a range of values from 64 kbps to 568 kbps in 8 kbps increments.

- 1 0 0 0 0 0 0 0 

- 1 1 1 1 1 1 1 0

The maximum bit rate is 576 kbps + ((the binary coded value in 8 bits -10000000) * 64 kbps) giving a range of values from 576 kbps to 8640 kbps in 64 kbps increments.

- 1 1 1 1 1 1 1 1
0kbps

Mapping rules for streaming:

-> This value equals the guaranteed bit rate for uplink.

-> When several bit streams are multiplexed onto the same PDP context, the maximum bit rate indicated is the sum of the maximum bit rates of each stream.

Mapping rules for conversational:

-> For AMR-NB and AMR-WB, the value should be equal to the guaranteed bit rate. For other media types than AMR-NB and AMR-WB, the value should be equal or higher than the guaranteed bit rate. Note that the maximum bit rate should account for all protocol headers up to the PDCP layer. The potential use of IP header compression should not be taken into account when defining this value.

-> When several bit streams are multiplexed onto the same PDP context, the maximum bit rate indicated is the sum of the maximum bit rates of each stream.

2.2.6) Maximum bit rate for downlink, 

Coding is identical to that of Maximum bit rate for uplink.

Mapping rules for streaming:

-> For AMR-NB and AMR-WB, the value should be equal to the guaranteed bit rate. For other media types than AMR-NB and AMR-WB, the value should be equal or higher than the guaranteed bit rate; Note that the maximum bit rate should account for all protocol headers up to the PDCP layer. The potential use of IP header compression should not be taken into account when defining this value.

-> When several bit streams are multiplexed onto the same PDP context, the maximum bit rate indicated is the sum of the maximum bit rates of each stream.

Mapping rules for conversational:

-> identical to Maximum bit rate for uplink if the media is bi-directional.

2.2.7) Residual Bit Error Rate (BER), 

- 0 0 0 0

Subscribed residual BER

The Residual BER value consists of 4 bits. The range is from 5*10-2 to 6*10-8. 

- 0 0 0 1

5*10-2 

- 0 0 1 0

1*10-2 

- 0 0 1 1

5*10-3

- 0 1 0 0

4*10-3 

- 0 1 0 1

1*10-3 

- 0 1 1 0

1*10-4 

- 0 1 1 1

1*10-5 

- 1 0 0 0

1*10-6 

- 1 0 0 1

6*10-8 

- 1 1 1 1

Reserved

Mapping rules for streaming:

-> Delivery of erroneous SDUs should be set to “no”. Therefore, residual BER Indicates the undetected bit error ratio in the delivered SDUs. The requested value will be used to choose the CRC size on the transport channel in the RAN. These errors will likely produce erroneous UDP frames and lost RTP packets. Ideally, the lowest residual BER value should be chosen. I.e. 6*10-8 (1001). However, this corresponds to a 24 bits CRC which may be too costly on the radio interface. It is acceptable to set this value at 1*10-5 (0111) which correspond to a 16 bits CRC. 

Mapping rules for conversational:

-> Delivery of erroneous SDUs should be set to “no”. Therefore, residual BER Indicates the undetected bit error ratio in the delivered SDUs. The requested value will be used to choose the CRC size on the transport channel in the RAN. These errors will likely produce erroneous UDP frames and lost RTP packets. The lowest residual BER value should be chosen. I.e. 6*10-8 (1001). However, this corresponds to a 24 bits CRC which may be too costly on the radio interface. It is acceptable to set this value at 1*10-5 (0111) which correspond to a 16 bits CRC. 

2.2.8) SDU error ratio

- 0 0 0 0

Subscribed SDU error ratio

The SDU error ratio value consists of 4 bits. The range is from 1*10-1 to 1*10-6. 

- 0 0 0 1

1*10-2 

- 0 0 1 0

7*10-3

- 0 0 1 1

1*10-3 

- 0 1 0 0

1*10-4 

- 0 1 0 1

1*10-5 

- 0 1 1 0

1*10-6 

- 0 1 1 1

1*10-1

- 1 1 1 1

Reserved

Mapping rules for streaming:

-> A small SDU error ratio should be chosen for streaming. A value of 1*10-4 or less should be chosen.

Mapping rules for conversational:

-> the smallest SDU error ratio should be chosen for media types which are not robust to errors, i.e. H263, MPEG-4 AAC and video.  A value of 1*10-4 or less should be chosen.  A value of 7*10-3 (0010) or less should be chosen for AMR-NB and AMR-WB.

2.2.9) Traffic handling priority (ignored for Conversation class, Streaming class or Background class)

- 0 0

Subscribed traffic handling priority

- 0 1

Priority level 1

- 1 0

Priority level 2

- 1 1

Priority level 3

Mapping rules for streaming:

-> Subscribed traffic handling priority (00) should be used. 

Mapping rules for conversational:

-> Subscribed traffic handling priority (00) should be used. 

2.2.10) Transfer delay (ignored if the Traffic Class is Interactive class or Background class)

- 0 0 0 0 0 0
Subscribed transfer delay

- 0 0 0 0 0 1 
The Transfer delay is binary coded in 6 bits, using a granularity of 10 ms

- 0 0 1 1 1 1
giving a range of values from 10 ms to 150 ms in 10 ms increments

- 0 1 0 0 0 0 
The transfer delay is 200 ms + ((the binary coded value in 6 bits - 010000) * 50 ms)

- 0 1 1 1 1 1
giving a range of values from 200 ms to 950 ms in 50ms increments

- 1 0 0 0 0 0 
The transfer delay is 1000 ms + ((the binary coded value in 6 bits - 100000) * 100 ms)

- 1 1 1 1 1 0
giving a range of values from 1000 ms to 4100 ms in 100ms increments

- 1 1 1 1 1 1
Reserved

Mapping rules for streaming:

-> Depending on the buffering capabilities of the terminal and the type of media. Values [TBD].  

Mapping rules for conversational:

-> Value should be 100ms for AMR-NB and AMR-WB and between 150ms for H.263. These values should be taken as targets since it may be difficult to guarantee them in all cases.

2.2.11) Guaranteed bit rate for uplink (ignored if the Traffic Class is Interactive class or Background class)

Coding is identical to that of Maximum bit rate for uplink.

Mapping rules for streaming:

-> The value should be the bit rate corresponding to RTCP bandwidth. This value is currently recommended to be 5% of the Guaranteed bit rate for downlink. Note that the guaranteed bit rate should account for all protocol headers up to the PDCP layer. The potential use of IP header compression should not be taken into account.

Mapping rules for conversational:

-> Equivalent to guaranteed bit rate for downlink.

2.2.12) Guaranteed bit rate for downlink (ignored if the Traffic Class is Interactive class or Background class)

Coding is identical to that of Maximum bit rate for uplink.

Mapping rules for streaming:

-> For AMR-NB and AMR-WB, the value should be the bit rate corresponding to the highest mode declared. For other media types than AMR-NB and AMR-WB, the value should equal the media bandwidth. Note that the guaranteed bit rate should account for all protocol headers up to the PDCP layer. The potential use of IP header compression should not be taken into account.

-> When several bit streams are multiplexed onto the same PDP context, the guaranteed bit rate indicated is the sum of the guaranteed bit rates of each stream.

Mapping rules for conversational:

-> For AMR-NB and AMR-WB, the value should be the bit rate corresponding to the highest mode declared. For other media types than AMR-NB and AMR-WB, the value should equal (or be equal to the immediate superior authorized value) the media bandwidth. Note that the guaranteed bit rate should account for all protocol headers up to the PDCP layer. The potential use of IP header compression should not be taken into account.

-> When several bit streams are multiplexed onto the same PDP context, the guaranteed bit rate indicated is the sum of the guaranteed bit rates of each stream.

3) Conclusion

NEC would like to ask SA4 to approve such a set of mapping rules summarized in the following tables

	QoS parameter
	Media type
	Parameter value
	comment

	Delivery of erroneous SDUs
	All:

H263, MPEG-4 AAC and video, AMR-NB and AMR-WB
	"no" (011)
	

	Delivery order
	All
	TBD
	

	Traffic class
	All
	"Streaming class" (010)
	

	Maximum SDU size
	AMR-NB (1 frames per RTP packets)
	100/90/80,80/80/80/80/80 bytes
	

	
	AMR-NB (2 frames per RTP packets)
	100/90/80,80/80/80/80/80 bytes
	

	
	others
	= maximum size of an RTP packet plus UDP and IP headers
	

	Maximum bit rate for uplink
	N/a (RTCP)
	0.05 * guaranteed bit rate for downlink
	used for RTCP feedback

	Maximum bit rate for downlink
	AMR-NB and AMR-WB
	= guaranteed bit rate for downlink
	

	
	H263, MPEG-4 AAC
	Equal or higher than guaranteed bit rate
	

	Residual BER
	All
	1*10-5
	Residual errors will give RTP packet losses

	SDU error ratio
	All
	1*10-4 or less
	

	Traffic handling priority
	All
	Subscribed traffic handling priority (00)
	

	Transfer delay
	AMR-NB and AMR-WB
	[TBD]
	

	
	H.263
	[TBD]
	

	Guaranteed bit rate for uplink
	N/a (RTCP)
	0.05 * quaranteed bit rate for downlink
	Used for RTCP feedback


Table 2 Mapping for streaming application

	QoS parameter
	Media type
	Parameter value
	comment

	Delivery of erroneous SDUs
	All:

H263, xhtml+xml, MPEG-4 AAC, AMR-NB and AMR-WB
	"no" (011)
	

	Delivery order
	All
	“yes” (10)
	

	Traffic class
	All
	"Conversational class" (001)
	

	Maximum SDU size
	All
	= maximum size of an RTP packet plus UDP and IP headers
	

	Maximum bit rate for uplink
	AMR-NB, AMR-WB
	Highest mode bit rate
	Including protocol headers

	
	others
	Equal or higher than guaranteed bit rate
	Including protocol headers. Fmax is the bit rate crest factor based on maxSDU size and TTI.

	Maximum bit rate for downlink
	
	Same as Maximum bit rate for uplink
	Same as Maximum bit rate for uplink

	Residual BER
	All
	1*10-5
	Residual errors will give RTP packet losses

	SDU error ratio
	AMR-NB and AMR-WB
	7*10-3 (0010) or less
	With one frame per RTP packet

	
	others
	1*10-4 or less
	

	Traffic handling priority
	All
	Subscribed traffic handling priority (00)
	

	Transfer delay
	AMR-NB and AMR-WB
	100ms
	Target value

	
	H.263
	150ms
	Target value

	
	Others
	[TBD]
	

	Guaranteed bit rate for uplink
	AMR-NB, AMR-WB
	Highest mode bit rate
	Including protocol headers

	
	others
	Equal to SDP stream bandwidth parameter
	


Table 3 Mapping for conversational application

