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Introduction
In a previous input [1] we proposed a set EVS codec design constraints. In this contribution we re-visit these design constraints considering the discussion during SA4#60. 
EVS codec bit-rates

An input on bit rates for the EVS codec design constraints is provided with another document [2]. 
EVS delay

The source essentially re-iterates on the proposal on the delay design constraints of [1]. This suggests design constraints for a high-efficiency EVS codec operation mode with a delay not exceeding 28 ms (rounded). The suggestion of this low-delay figure has further been motivated by document [3] that highlights the importance of low codec delay for achieving high LTE system capacity. This delay constraint of 28 ms should also apply for the AMR-WB interoperable operation mode of the EVS codec.
It has further been argued that high-quality operation shall be provided for scenarios when LTE system capacity is not the limiting factor. High-quality operation should rather optimize the achievable quality under the assumption that sufficient LTE system capacity is available such that high bit rates as well as relatively relaxed delay can be used on the LTE air interface. This leads to the proposal that high quality operation shall be accomplished at a relaxed codec delay of 44 ms (rounded) and high bit rates of up to the rates required for achieving perceptual transparency. 

Finally, the source repeats the proposal 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 1 shows the proposed design constraints on delay.
Table 1 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) + [2.0625]ms = [28]ms.

The codec's non-interoperable modes shall provide operation at least two delay points, one with a maximum of 28ms and one with a maximum of 25.9375ms + 16ms + [2.0625]ms = [44]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.




Audio Bandwidth and Sampling frequencies

It is proposed to change the current text in the draft design constraints only slightly. One aspect is insight into the technical evolution of mobile platforms that will increasingly support 48 kHz audio sampling rate. The source hence suggests to require mandatory support of 48 kHz audio sampling rate both at encoder input and decoder output. Essentially, the platform shall be enabled to always operate at an arbitrary audio sampling rate out of the set of supported rates (8, 16, 32, 48), irrespectively of the coded audio bandwidth which may depend on the selected bit rate. This implies that the encoder may apply a smaller audio bandwidth than the maximum possible audio bandwidth for a given audio sampling rate.
Table 2 shows the proposed design constraints on audio bandwidth and sampling frequencies.

Table 2 Design constraints on Audio Bandwidth and Sampling frequencies
	Sampling Frequency and Audio Bandwidth
	The encoder and decoder shall support the arbitrary selection of the following sampling rates: 8, 16, 32 and 48 kHz. sampling rates and [may/shall] support 48kHz sampling rate. 

[The encoder shall support arbitrary sampling rate of the input signal from the set of supported sampling rates.]
The decoder shall support arbitrary selecting the decoded signal output sampling rate from the set of supported sampling rates.
For a given sampling rate, the encoder shall support selecting the audio bandwidths (NB, WB, SWB, and optionally FB) to be encoded.
For an 8Khz sampling rate the encoder shall support NB; for a 16 kHz sampling rate the encoder shall support NB and WB; for a 32 kHz sampling rate the encoder shall support NB, WB, and SWB; for sampling rate 48 kHz the encoder shall support NB, WB, and SWB, in addition the encoder may support FB. The encoder may apply a smaller audio bandwidth than the maximum audio bandwidth for a given sampling rate depending on e.g. the selected bit rate.
Note: Functions that are necessary only for achieving the arbitrary selection of [encoder /] decoder [input /] output sampling rate will be an informative part of the EVS standard. Specific design limits in terms of delay and complexity apply for the encoder/decoder input/output sampling rate conversion functions. They do not count as part of the respective codec design limits.
Editors note: The counting of complexity and delay for achieving arbitrary [encoder /] decoder [input /] output sampling rates needs to be agreed in the delay and complexity figures for the final acceptance of the [input /] output sampling rate selectivity in the [encoder /] decoder.
The encoder shall support input signals with different input signal bandwidth (NB, WB, SWB, and optionally FB) with frequency masks to be defined in the test plan.

	6.1.1.
	It is recommended that the EVS codec 

· have mandatory support of high-quality and high-efficiency operation of NB, WB, and SWB audio;

· may support FB audio. 

Note: NB audio is typically sampled at 8 kHz with an audio bandwidth of 100 – 3500 Hz. WB audio is typically sampled at 16 kHz with an audio bandwidth of 50 – 7000 Hz. SWB audio is typically sampled at 32 kHz with an audio bandwidth of 50 – 14000 Hz. FB audio typically provides an audio bandwidth up to 20000 Hz.




DTX operation

In [1] the source proposed design constraints on the DTX operation. During SA4#61 the first bullet of the DTX operation design constraints was accepted (see [6]), this bullet is marked in blue below. The other paragraphs were neither rejected nor accepted and thus are repeated in this contribution. In addition, the SID frame size for the mandated DTX operation is moved to the bit-rates design constraint as proposed in [2].

	
	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 the limit defined in the bit-rate section.

· 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 
	
	


Jitter Buffer Management (JBM)

In our previous contribution [1] we proposed a design constraint on VoIP support that mandated the provision of JBM and packetization/de-packetization. During SA4#60 it was agreed that the codec shall contain JBM and for this the availability of packetization / de-packetization was judged necessary [6]. Thus, we propose to cover these two aspects in a design constraint on JBM as shown below.

	
	Design Constraint
	TR 22.813 V10.0.0
	Note

	Jitter Buffer Management (JBM)
	An example solution for JBM and packetization/de-packetization shall be provided.
	
	


RTP payload format

The discussions in SA4#60 on the RTP payload format and bit-rates illustrated the importance of the payload format for the efficient transport of the EVS payload in LTE, i.e., the ability to transport the payload plus the payload header and additional overhead within the transport blocks defined in LTE, see e.g. [7]. On the other hand the discussion showed several advantages of defining source coding bit-rates in the EVS design constraints, e.g., comparability of different candidates, avoiding dependency on a standard that is defined outside 3GPP well after the EVS standardization (since the RTP payload format is standardized in IETF). Our proposal is to assume a payload format with a payload header size corresponding to the one in RFC 4867 (10 bits) to be able to define source coding bit-rates that are efficient for LTE transport and achieve the advantages with defining source coding bit-rates. At the same time we consider it important to ensure that the candidates can fit in a payload format of that size. Thus, we re-iterate the design constraint on RTP payload format below.

	
	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 be assumed to be 10 bits, corresponding to the overhead of the AMR/AMR-WB RTP payload format (RFC 4867)  
	
	


Rate switching

In section 6.1.3 of the EVS TR [4] 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 addition, it was agreed at SA4#60 to have a design constraint on rate switching [6].

In response to this part of the TR and the decision from SA4#60 we suggest to add the following 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 within a single delay mode on a frame by frame basis. This includes switching between different bandwidths and numbers of channels. The switching shall be seamless without switching artefacts at least for a set of rates determined in the performance requirements [5]
	
	


References

[1] TDoc S4-100636, “On EVS design constraints”

[2] TDoc S4-100848, “EVS Bit Rates”

[3] TDoc S4-100788, “Delay-capacity dependency in LTE”

[4] TR 22.813 V0.9.9, “Study of Use Cases and Requirements for Enhanced Voice Codecs for the Evolved Packet System (EPS) (Release 10)” 
[5] EVS permanent document #3 (EVS-P3) : EVS Performance Requirements
[6] TDoc S4-100711, “Report from S4#60 EVS SWG”

[7] TDoc S4-100463, “Target bit rates for EVS codec and related design constraints”
