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On the usefulness of WCDMA radio bearers using a dedicated channel and RLC running in acknowledged mode for streaming 

		PSS Rel4/Rel5 does not support RTP retransmission

		Only limited link adaptation based on RTCP possible

		=> Requirements for streaming bearer

		Low SDU loss rates

		Stable goodput



		For UTRAN both requirements can be fulfilled by 

a WCMDA bearer using a dedicated channel running in acknowledged mode 

		Impact of delay jitter on QoS?
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SDU delay C.D.F for WCDMA bearer in AM

Rate = 64000bps, TTI = 20ms, 2 PDUs per TTI, PDU size: 80 bytes, 10% BLER

95% percentile

800 ms
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Impact of incoming traffic on receiver buffer size and initial buffering delay

 Plot shows accumulated bytes over time 
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What should be avoided?
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What happens in case of a WCDMA bearer using a dedicated channel running in AM mode?

Simulation results for test sequence “Glasgow”; 

late schedule (minimises receiver buffer)
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Conclusion

		WCDMA bearer over dedicated channel running in acknowledged mode suitable for Rel4/Rel5 streaming

		Stable goodput

		No packet losses

		Increased delay jitter no problem for streaming

		Room for improvements! 

		Proposal:

		Inclusion into RTP usage model

		LS to RAN1 and RAN2 indicating usefulness of this 

bearer configuration for streaming
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SDU delay C.D.F for WCDMA bearer in AM
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