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1 Introduction

The OMA PoC application is one of the first applications that require a specific QoS and will make use of the 3GPP PS domain.

Annex A of 3GPP TR 23.979 1.1.0 provides a recommendation on QoS attribute settings and radio network configurations for PoC. In the current version there is however no recommendation for the ‘Maximum’ and ‘Guaranteed’ bitrate attributes. In this contribution we describe a possible transport format and the recommended values for the ‘Maximum’- and ‘Guaranteed’ bitrate attributes for that format, assuming the use of the AMR speech codec.

2 Discussion
The bandwidth needed for the media flow in PoC is to a large extent dependent on the negotiated AMR mode(s) together with the transport format. 

Given that a specific AMR mode is in use the required bandwidth for the transportation of the RTP related IP traffic can be calculated by adding the amount of overhead given by the RTP/UDP/IPv4 or RTP/UDP/IPv6 framing to the total size of the encapsulated AMR frames, and dividing by the total speech time carried in the encapsulated AMR frames.

In the following example it is assumed that the RTP payload format for AMR [RFC 3267] is used in the ‘octet-aligned mode’, without interleaving and without CRCs. It is furthermore assumed that one RTP packet carries ten (10) AMR frames, corresponding to 10*20 ms of speech (ptime=200). The bandwidth values below can easily be calculated also for other values of ‘ptime’.

Table 1 shows the required bandwidth for the RTP flow on ‘IP level’ (i.e. including RTP/UDP/IP overhead).

	AMR Mode       
	Required bandwidth when IPv4 is used [bits/s]
	Required bandwidth when IPv6 is used [bits/s]

	AMR 4.75
	6840
	7640

	AMR 5.15
	7240
	8040

	AMR 5.9
	8040
	8840

	AMR 6.7
	8840
	9640

	AMR 7.4
	9640
	10440

	AMR 7.95
	10040
	10840

	AMR 10.2
	12440
	13240

	AMR 12.2
	14440
	15240


Table 1 Required bandwidth for RTP traffic for different AMR modes (ptime=200)
The use of ten AMR frames per RTP packet will allow the two lowest AMR modes, AMR 4.75 and AMR 5.15, to be used over an 8kbps bearer (e.g. GSM-GPRS, single-slot configuration using CS-1). It will also result in a speech buffering delay of 200ms before the RTP packet can be sent.

In case a separate PoC user plane context with Traffic Class ‘Streaming’ is used, the value to be chosen for the Guaranteed bitrate attribute, should be based on the bandwidth need for the highest AMR mode negotiated via SDP in the codec mode-set. With knowledge of the highest AMR mode to be used the Guaranteed bitrate attribute value may hence be set according to Table 1 above. The Maximum bitrate attribute could in this case be set to the same or higher value as the Guaranteed bitrate attribute.

In case a single general purpose PDP Context with traffic Class Interactive is used for both the PoC control plane and user plane traffic, the value for the Maximum bitrate attribute should be at minimum the sum of a value taken from Table 1 above and the bandwidth needed for the SIP Signalling traffic.
3 Proposal

It is proposed to include the following changes in 3GPP TR 23.979.

*** FIRST CHANGE ***
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*** SECOND CHANGE ***
A.2 
QoS attribute settings

The following Sub-sections describe recommended QoS settings by the UE during PDP context activation and modification procedures for the media flow in PoC with only one general purpose PDP context (subclause A.2.1) and when separate PDP contexts are used for the media and signalling (subclause A.2.2). 
The bandwidth needed for the media flow in PoC is to a large extent dependent on the negotiated speech codec bit rate together with the transport format. In the following it is assumed that AMR speech coding, TS 26.071 [11], together with the RTP payload format for AMR, RFC 3267 [12], is used in the ‘octet-aligned mode’, without interleaving and without CRCs. It is furthermore assumed that one RTP packet carries ten (10) AMR frames, corresponding to 10*20 ms of speech (ptime=200). Note that also other packetization schemes are possible. Table A.2-1 shows the required bandwidth for the RTP flow on ‘IP level’ (i.e. including RTP/UDP/IP overhead) for the different AMR modes:
Table A.2-1 Required bandwidth Uplink/Downlink for the RTP traffic for different AMR modes (ptime=200) 
	AMR Mode       
	Required bandwidth when IPv4 is used [bits/s] [Note]
	Required bandwidth when IPv6 is used [bits/s]

	AMR 4.75
	6840
	7640

	AMR 5.15
	7240
	8040

	AMR 5.9
	8040
	8840

	AMR 6.7
	8840
	9640

	AMR 7.4
	9640
	10440

	AMR 7.95
	10040
	10840

	AMR 10.2
	12440
	13240

	AMR 12.2
	14440
	15240

	Note:
For the usage of IP version in IMS see TS 23.221 [13], subclause 5.1.



*** THIRD CHANGE ***
A.2.1 
QoS attribute settings for general purpose PDP context

If one general purpose PDP context is used for both media and signalling, the PDP context should be of traffic class Interactive. 

The following QoS parameter values for such PDP context are recommended to be requested by the UE.  

Table A.2.1-1: Recommended QoS attribute settings for a single general purpose PDP Context for both the PoC control plane and user plane traffic
	Traffic class
	Interactive class
	Notes

	Maximum bitrate (kbps)
	See ‘Notes’
	The value for this parameter is based on the highest speech codec rate negotiated via SDP in the codec mode-set (see Table A.2-1) plus appropriate bandwidth for the SIP Signaling traffic to limit the QoS impact on the media flow.  

	Delivery order
	No
	In sequence delivery of voice samples is not required nor is it desirable since it creates jitter in the media channel.  An RTP jitter buffer in the client should re-order packets if needed.

	Maximum SDU size (octets)
	1500 

 
	Maximum size of IP packets. No PoC specific setting needed.

	SDU format information
	-
	Not applicable for traffic class Interactive.



	Delivery of erroneous SDUs
	No
	It is sufficient to signal erroneous IP packets to the UE.



	Residual BER
	10-5
	Reflects the desire to have a medium level of protection to achieve an acceptable compromise between packet loss rate and voice transport delay and delay variation. 

	SDU error ratio
	10-4 
	See “Residual BER” parameter.



	Transfer delay (ms)
	-


	Is not used for the Interactive traffic class.

	Guaranteed bit rate (kbps)
	-
	Is not used for the Interactive traffic class.



	Traffic handling priority
	1
	Specifies the relative importance for handling of all SDUs belonging to the radio access bearer compared to the SDUs of other bearers. Highest importance is recommended for PoC.

	Source statistic descriptor
	-
	Not applicable for traffic class Interactive.



	Signalling indication
	No
	The PDP context is not used for signalling only





*** FOURTH CHANGE ***
A.2.2
QoS attribute settings when separate PDP contexts are used for signalling and media

If separate PDP contexts are used for media and signalling, the PDP context for signalling should be of traffic class Interactive. 

The following QoS parameter values for the PDP context are recommended to be requested by the UE for signalling.  
Table A.2.2-1: Recommended QoS attribute settings for a PDP Context used for the PoC control plane traffic
	Traffic class
	Interactive class
	Notes

	Maximum bitrate (kbps)
	8
	For an Interactive PDP context solely used for signalling, the maximum bit rate should be 8kbps. 

	Delivery order
	No
	In sequence delivery of voice samples is not required nor is it desirable since it creates jitter in the media channel.  An RTP jitter buffer in the client should re-order packets if needed.

	Maximum SDU size (octets)
	1500 

 
	Maximum size of IP packets. No PoC specific setting needed.

	SDU format information
	-
	Not applicable for traffic class Interactive.



	Delivery of erroneous SDUs
	No
	It is sufficient to signal erroneous IP packets to the UE.



	Residual BER
	10-5
	Reflects the desire to have a medium level of protection to achieve an acceptable compromise between packet loss rate and voice transport delay and delay variation. 

	SDU error ratio
	10-4 
	See “Residual BER” parameter.



	Transfer delay (ms)
	-


	Is not used for the Interactive traffic class.

	Guaranteed bit rate (kbps)
	-
	Is not used for the Interactive traffic class.



	Traffic handling priority
	1
	Specifies the relative importance for handling of all SDUs belonging to the radio access bearer compared to the SDUs of other bearers. Highest importance is recommended for PoC.

	Source statistic descriptor
	-
	Not applicable for traffic class Interactive.



	Signalling indication
	Yes/No
	If set to Yes the operator may require the IMS signalling flag (in the PCO IE) to be set, in that case an additional PDP context to be able to receive early media and talk burst control messages may need to be established.



If the underlying access network supports the traffic class streaming and a separate PDP context is used for the media, the additional PDP context to be used for the media (voice) flows of the PoC application is recommended to be of streaming traffic class.   

The following QoS attribute values for such PDP context are recommended to be requested by the UE.  
Table A.2.2-2: Recommended QoS attribute settings for PDP Contexts for the PoC user plane traffic
	Traffic class
	Streaming class
	Notes

	Maximum bitrate (kbps)
	 See ’Notes’
	Should be set >= “Guaranteed bit rate“.

	Delivery order
	No
	In sequence delivery of voice samples is not required nor is it desirable since it creates jitter in the media channel.  An RTP jitter buffer in the client should re-order packets if needed.

	Maximum SDU size (octets)
	1500 

 
	Maximum size of IP packets. No PoC specific setting needed.

	SDU format information
	-
	Used in RAB QoS attributes only. Transparent RLC protocol mode is not suggested.

	Delivery of erroneous SDUs
	No
	It is sufficient to signal erroneous IP packets to the UE.



	Residual BER
	10-5
	Reflects the desire to have a medium level of protection to achieve an acceptable compromise between packet loss rate and voice transport delay and delay variation. 

	SDU error ratio
	10-4 
	See “Residual BER” parameter.



	Transfer delay (ms)
	650


	

	Guaranteed bit rate (kbps)
	 See ’Notes’
	The value for this parameter is based on the highest speech codec rate negotiated via SDP in the codec mode-set. See Table A.2-1.

	Traffic handling priority
	-
	Is not used for the Streaming traffic class.



	Source statistic descriptor
	“Unknown”
	Proposed setting is “unknown”. “Speech” is to be used when the media stream has speech statistical behaviour only..

	Signalling indication
	-
	Only applicable for Interactive class





*** END OF CHANGES ***













