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1. On the Algorithmic Delay Requirement
For real-time conversations, one very significant contributor to a user’s quality of experience is the amount of delay between the speaker and the listener.  This delay is made up of many components, one of which is the algorithmic delay of the speech codec.

The exact end-to-end delay incurred by today’s circuit-switched networks is situation and implementation dependent, with mobile-to-mobile calls between networks and including transcoding being the worst case.  The portion of the end-to-end delay due to the algorithmic delay of the speech codec (AMR-NB or AMR-WB) is 25 ms.  This includes one encoding and one decoding.

LTE provides a more flexible transport for voice services, including the possibility to have some control over the delay incurred by the LTE air interface.  This flexibility allows the possibility to reallocate a portion of the delay budget from the air interface to the speech codec.  While this is advantageous for the performance of the speech codec, there is a penalty in reduced air interface capacity in some situations. 

The first deployments of LTE-based voice services will use existing 3GPP codecs designed for real-time voice services, i.e. AMR and AMR-WB.  As such, the delay budget allocated for voice codecs in this scenario is identical to that of the counterpart legacy circuit-switched services.  This should be kept in mind when setting algorithmic delay requirements for the EVS codec.

Given the flexibility of the LTE air interface delay component, it is not required to constrain the algorithmic delay limit of the EVS codec to that of the existing codecs.  One must keep in mind, though that any increase over that of existing codecs could have an adverse impact on overall capacity, and the extent of that impact should be quantified before finalizing a delay requirement for the EVS codec.

Another thing we should keep in mind is that the LTE design is complete and the only component left to specify (and the only component that is the scope of this study) is the algorithmic delay of the EVS codec.  Therefore, any requirements on the algorithmic delay section of the EVS TR should be limited to that of the codec itself.  Also, given that the only component of the end-to-end delay budget that we are dealing with is the codec component, and that the other components are difficult to quantify, it is advantageous to make statements about the algorithmic delay of the EVS codec in reference to the existing codecs rather than the entire end-to-end delay chain of LTE-based voice services.

2. Conclusion and Recommendation

Statements about the algorithmic delay limits of the EVS codec should be made in reference to and comparison with the codecs that have been standardized for real-time voice communications.  Any significant increase in delay over that of these existing codecs should take into account the impact to the LTE air interface.  The analysis of this impact could take place during the work item phase of the EVS effort.

A. Annex:  Algorithmic Delay Section

6.1.1 Algorithmic delay

The codec delay requirement for the EVS codec is recommended to be flexible within certain limits, allowing for overall optimizations of the system performance and considering that there is a trade-off between delay consumed by the speech codec and delay consumed by the PS transmission via the LTE air interface. 
[

The algorithmic delay of the EVS codec should be such that the overall end-to-end delay meet or exceed the performance expectations in 22.105. 

]

Editor’s note: Further input is requested to finalize the text in brackets above.
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