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1. Background:

3GPP SA4 is currently standardizing the forthcoming codec for the Enhanced Voice Service (EVS) in the EPS. This work is done under the work item “Codec for Enhanced Voice Services” (SP-100202, see attachment). Among the goals of this work is to achieve enhanced quality and enhanced coding efficiency leading to improved user experience and improved LTE system efficiency, compared to what is possible with the existing 3GPP voice codecs AMR and AMR-WB.

2.  Delay tradeoffs:
The design of the forthcoming EVS codec needs to balance several, sometimes contradicting design constraints like bit rate efficiency, audio quality and encoding/decoding latency, which are often in tension with each other. While codec bit rate appears to be an obvious parameter having an impact on LTE system capacity, the question arises if algorithmic codec delay must be considered as a further parameter having an impact. SA4 is currently under the assumption that the EVS codec within the LTE system must be designed under the constraint of a fixed end-to-end delay budget. This would imply that an increase in the allocation of parts of that delay budget for the speech coding algorithm would result in a decrease of allocation to the other parts of the transmission chain including the LTE air interfaces. 

In particular, given that the algorithmic delay of the existing AMR and AMR-WB codecs are respectively 25ms and 26ms, the question of how voice capacity would be affected if the EVS codec algorithmic delay is higher than that of AMR and AMR-WB was raised under the assumption that the final end-to-end delay shall be below 200ms and using the AMR codec, the resulting end-to-end delay is around 160ms if 50ms are spent for each, the up- and downlink, respectively. This leaves the delay budget of around 40ms to be shared between codec and LTE air interface. SA4 is currently discussing conceivable codec algorithmic delays ranging from 26 to 50ms. 
3. Working assumptions for the packet sizes:
The standardized TB sizes are assumed for transporting the EVS codec packets with a byte aligned RTP payload format according to the following table :
	TB size
	Gross codec bitrate
	Net coding bitrate assuming a 1 octet payload format overhead

	144 bits
	SID frames 56 bits
	

	208 bits
	7.2 kb/s
	6.8 kb/s

	224 bits
	8 kb/s
	7.6 kb/s

	256 bits
	9.6 kb/s
	9.2 kb/s

	328 bits
	13.2 kb/s
	12.8 kb/s

	392 bits
	16.4 kb/s
	16 kb/s

	552 bits
	24.4 kb/s
	24 kb/s

	744 bits
	32.4 kb/s
	32 kb/s

	1064 bits
	48.4 kb/s
	48 kb/s

	1384 bits
	64.4 kb/s
	64 kb/s

	2088 bits
	96.4 kb/s
	96 kb/s

	2664 bits
	128.4 kb/s
	128 kb/s


SA4 assumes that the EVS codec will use the same frame size of 20 ms as AMR and AMR-WB; and typically there will be one frame per packet. Correspondingly, packets will arrive at eNB/UE with regular intervals of 20 ms. 

4. Action to RAN2: 

 SA4 seeks guidance from RAN2 on how and to what extent LTE voice capacity would be impacted if the EVS codec algorithmic delay was higher than that of the AMR and AMR-WB codecs under fixed end-to-end delay constraints.
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