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Introduction
One important and still undecided EVS codec design constraint is algorithmic delay. Various arguments have been exchanged but no conclusion could be reached yet in SA4. One focus of discussion was whether the EVS codec should operate at essentially the delay of the existing AMR or AMR-WB codecs or if the EVS codec could operate under a relaxed delay constraint which thereby might lead to improved coding efficiency as maintained by some parties. This discussion triggered the question of whether, under the assumption of a given and fixed end-to-end delay for VoIP over LTE, LTE air interface delay could be traded against codec delay. This question was directed in an LS [1] to RAN2 as the relevant expert group, which now has provided guidance [2].

However, guidance is also available from the EVS TR 22.813 [3] that was jointly produced by SA1 and SA4, under the main responsibility of SA1. The EVS TR recommends various high-level design constraints and performance requirements that have to be taken into account when resolving the discussion about the EVS codec delay. According to the EVS codec WID [4], the objectives of the EVS work item “shall be achieved while meeting all design constraints and performance requirements set forth in TR 22.813”.

When deciding on the algorithmic delay design constraint of the EVS codec, the source proposes to take the guidance from the RAN2 LS reply into account as well as the guidance from the EVS TR.   

RAN2 guidance

In the reply to the above question whether LTE air interface delay could be traded against codec delay, RAN2 asks SA4 to take into account that the majority of companies in RAN2 think delay is an important factor for system capacity, and also considering coverage, would prefer not to reduce RAN delay budget. 

The source welcomes this guidance from RAN2 and concludes that the EVS codec delay cannot be increased over the delay of AMR-WB at the expense of reducing the RAN delay budget.

EVS TR guidance

Further guidance is given by the EVS TR 22.813. Section 6.1.4 provides the following high-level design constraint on algorithmic codec delay:

The algorithmic delay of the EVS codec should be such that the overall end-to-end delay in an EVS-UE to EVS-UE connection meets or exceeds the preferred performance expectations in 3GPP TS 22.105. According to 3GPP TS 22.105 v9.0.0, conversational voice one way delay is <150 ms preferred and <400 ms limit where it is noted that the one way delay in the mobile network (from UE to PLMN border) is approximately 100 ms.
In order to deduct codec delay constraints from the above requirement for the overall end-to-end delay, a breakdown of the delay contributors of the end-to-end transmission chain in the EPS would be required. In this discussion it has though to be considered that the overall end-to-end delay is not a constant and that it rather depends on the actual system and communication path. Hence, in reality the actual overall end-to-end delay will show some statistical distribution and it is only possible to endeavour meeting the end-to-end delay target of 150 ms by keeping all delay contributors as small as possible. 

Tdoc S4-100833 [5] provides a breakdown of the delay contributors. While certain of the suggested figures in this breakdown could be challenged and may even be regarded as optimistic, the breakdown makes still clear that a codec with an algorithmic delay of approximately the delay of AMR-WB would be able to meet the requirement. A substantially higher codec delay, however, would be prohibitive to meet the requirement. 
The EVS TR provides even further guidance on the algorithmic delay of the EVS codec. The performance requirements in section 6.2 stipulate for wideband and super-wideband signals that the performance shall be significantly better than that of the state-of-the-art 3GPP wideband codec (AMR-WB) at equivalent operating points. According to a note in the TR, such equivalent operating points need to be defined with respect to capacity, bit rate, delay and other potential parameters.

The source interprets this guidance such that the desired performance advantage of the EVS codec shall be shown at essentially the same algorithmic delay as the AMR-WB codec.     

Conclusion 

Given the guidance from RAN2 and from the EVS TR the following can be concluded:

· The algorithmic delay of the EVS codec cannot be increased over the delay of AMR-WB at the expense of the RAN delay budget.
· The overall end-to-end delay in an UE to UE connection within the EPS should not exceed 150 ms.

· The EVS codec has to provide operation at an algorithmic delay that is essentially identical to the delay of AMR-WB; other operation modes with relaxed delay targeting particular EVS use cases that could tolerate a relaxed end-to-end delay might still be an option.
The source would kindly suggest adopting these conclusions when deciding on the EVS codec algorithmic delay design constraint.
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