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Introduction
In a previous input [1] we proposed a set of bit-rates and delay constraints. We showed how LTE transport block sizes accommodate a set of rates for lower rates and further suggested a set of rates for higher-rates. In addition, we made a proposal for design constraints on the delay and DTX operation. In this contribution we re-visit these design constraints considering the discussion during SA4#59. We also propose additional design constraints on VoIP support, RTP payload formats, and rate switching capabilities.
EVS codec bit-rates

For low-rates we describe a set of rates in [1] that fit the LTE transport block sizes and give reference to the outcome of RAN1/RAN2 discussions. Thus, this rate-set makes optimal use of the LTE transport and thus provides an optimal compromise of rate and system capacity impact. Further, the source identified that higher rates would be used in situations where the system capacity can be assumed less critical and in addition, the relative loss due to mismatch with transport block sizes becomes negligible.
In addition, the source translated the wording of the EVS TR [2] in Section 6.1.3.: “It is recommended that the codec shall span a large range of bit rates from low rates needed for high efficiency conversational speech services to high rates required for EVS with high quality operation. …” into a separation of the bit-rates for high-efficiency operation and high-quality operation.

Following the discussions during the SA4#59 meeting we propose to remove the concept of high-efficiency and high-quality operation from the design constraints and instead consider the related text of the EVS TR when defining the performance requirements.

Table 1 provides the proposed design constraints on bit-rates.

Table 1 Bit-rate design constraints

	Parameter
	Design Constraint
	TR 22.813 V10.0.0
	note

	Bit Rates
	· The codec shall offer AMR-WB interoperable modes with the following bit rates:

6.6, 8.85, 12.65, 14,25, 15.85, 18.25, 19.85, 23.05, 23.85 kbps
· In addition, the codec shall offer non-interoperable operation with at least the following bit rates:

6.6, 7.4, 8.85, 12.65, 15.85, 23.85, 32, 48, 64, 96, 128 kbps

· The codec shall be able to produce SID frames that do not exceed a source coding bit rate of 39 bits per frame.
	6.1.3
	The codec shall span a large range of bit rates from low rates needed for high efficiency conversational speech services to high rates required for EVS with high quality operation. It is recommended that the offered span of bit rates shall be wide enough to allow for rate adaptation in response to available transmission resource.


EVS delay

The source proposed design constraints on delay in [1]. In this input the source further specifies these constraints and takes the changes to the bit rate section of the proposed design constraints into account when formulating the delay design constraints.

In [1] the source suggests “a maximum algorithmic delay comparable with the algorithmic delay of AMR-WB”. In this contribution we propose to specify this delay as the AMR-WB delay plus a margin. A suggestion for the margin is to be no more than 2ms.The margin would allow for potential quality improvements.
In addition, the source suggested a second delay mode with an algorithmic delay not exceeding 45ms in [1]. In this contribution we suggest to change the delay of this second delay mode to the lower delay plus 16ms. The motivation is that the HARQ re-transmissions in the LTE systems are considered to appear in 8ms intervals
. Thus, the low-delay mode allows for two additional HARQ re-transmissions compared to the high-delay mode keeping a constant end-to-end delay and no modifications in other parts of the transmission chain.
Finally, the source proposed in [3] to allow some additional delay for re-sampling of the input or output to and from the codec in case several input/output sampling frequencies are supported for the same codec mode. This is also reflected in the design constraints proposed below.
Table 2 shows the proposed design constraints on delay.
Table 2 Delay design constraints

	Parameter
	Design Constraint
	TR 22.813 V10.0.0
	note

	Algorithmic Delay
	The codec shall provide AMR-WB interoperable operation (with rates specified above) at a maximum algorithmic delay of AMR-WB delay (25.9375ms) + [2]ms = [27.9375]ms.

The codec's non-interoperable modes shall provide operation at at least two delay points, one with a maximum of 25.9375ms + [2]ms and one with a maximum of 25.9375ms + 16ms + [2]ms = [43.9375]ms algorithmic delay.

If 48 kHz input or output sampling frequency can be selected, the additional input / output re-sampling may add another 2ms delay per re-sampling to the above figures (max. 4 ms).
	6.1.4
	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 delay requirements should be the same regardless of the nature of the input content (e.g. speech, music and mixed content).
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 addition it is recommended to consult the relevant 3GPP working groups (SA1, SA2, RAN, CT) in order to get a technically relevant breakdown of the various possible delay contributing elements of the end-to-end EVS-UE to EVS-UE transmission chain, which in turn enables specifying the allowable limits for the algorithmic delay of the EVS codec.




DTX operation
In [1] the source proposed design constraints on the DTX operation. In this contribution we suggest a minor update to the design constraints proposed earlier. Namely, we suggest restricting the size of SID frames only for the rates where DTX operation is mandated.

	
	Design Constraint
	TR 22.813 V10.0.0
	note

	DTX operation
	· The codec shall provide a complete VAD/DTX/CNG framework.

· DTX operation shall be supported for all operation modes with rates ≤ 23.85 kbps with a SID frame size not exceeding 39bits.

· DTX operation should be supported for all operation modes with rates > 23.85 and < 32 kbps. with SID frame size and SID update period within reasonable limits.
· DTX operation may be supported for all operation modes for rates >= 32 kbps with SID frame size and SID update period within reasonable limits.
· SID update frames shall be sent at regular intervals with a frequency not exceeding once per 8 frames for modes with rates <=23.85kbps 
	
	


VoIP Support

In addition to the functionalities described in other sections of the design constraints the source considers it necessary that the EVS codec contains at least example implementations of the following functionalities: packetization / de-packetization and jitter buffer management.

Thus, we propose to add the following design constraint:

	
	Design Constraint
	TR 22.813 V10.0.0
	note

	VoIP support
	VoIP support in the form of at least packetization/de-packetization and JBM shall be provided
	
	


RTP payload format

While the definition of the actual RTP payload format is outside the scope of the task of the EVS SWG, we consider it important that proponents of codec candidates provide evidence that an efficient RTP payload format can be provided. This ensures the usability and also avoids excessive signalling outside the EVS payload.

Thus, we propose to add the following design constraint:

	
	Design Constraint
	TR 22.813 V10.0.0
	note

	RTP payload format
	Evidence of the feasibility of an efficient RTP payload format shall be provided.

For a subset of the supported rates spanning the entire bit-rate range of the EVS codec including DTX operation for the modes where DTX capability is mandated, the RTP payload format overhead shall not exceed the overhead of the AMR/AMR-WB RTP payload format (RFC 4867)  
	
	


Rate switching

In section 6.1.3 of the EVS TR [2] it is stated “…It is recommended that the offered span of bit rates shall be wide enough to allow for rate adaptation in response to available transmission resource.”

In response to this part of the TR we suggest to add a design constraint on rate adaptation

	
	Design Constraint
	TR 22.813 V10.0.0
	Note

	Rate switching
	The codec shall allow rate switching throughout the entire bit-rate range on a frame by frame basis. The switching shall be seamless without switching artefacts at least for a set of rates determined in the performance requirements [4]
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