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1.    Introduction
As initiated at SA4 #58 in April 2010, rich discussions on the EVS codec standardization took place, especially in design constrains. This contribution discusses the delay design constraint and updates the earlier proposal for EVS design constraints by the source S4-100240 [1].
2. Discussion on Delay
The Evolved Packet System (EPS) is a higher-data-rate, lower-latency packet-optimized system that supports various radio-access technologies [2]. Therefore the EVS codec delay in EPS has big impact on the capacity of VoIP over LTE. 

The codec delay constraint related to the end-to-end delay budget for LTE VoIP is considered in this clause. Figure 1 shows the relationship between user satisfaction and end-to-end delay according to the International Telecommunication Union (ITU) E-model [3]. As shown as Figure 1, user satisfaction with communication quality is greatest when end-to-end delay is under 200ms, which is the typical end-to-end delay of 2G/3G circuit-switched systems.
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Figure 1. User satisfaction versus end-to-end (mouth-to-ear) delay.
To provide adequate VoIP, the end-to-end delay must be as low as possible and delays beyond 200 ms must be avoided. In [4], LTE delay budget was discussed in chapter 10. The encoding/decoding delays were less than 40 ms in the breakdown of the delay budget in Figure 2. In order to provide a similar communication delay quality, EVS need to have the encoding/decoding delay lower than 40ms. Since LTE/EPS is aimed to provide higher throughput and lower latency, larger network delays are expected if circuit switched network is involved in the middle of communication. Taking the additional delays in the heterogeneous network use cases into account, the delay budget might even be larger. Although higher delay may allow EVS to have better audio quality, it may severely lower the conversation user experience. Ideally, it is desirable that AMR-WB non-interoperable high-quality mode should have the same delay as that of the AMR-WB interoperable mode.
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Figure 2. LTE end-to-end delay [3].

If the codec provide AMR-WB interoperable operation at a maximum algorithmic delay of [25.9375 + margin] ms, the non-interoperable modes should operate at a comparable, ideally the same, delay. The requirement of EVS codec shall hence be included the design constraints of the single delay mode as 30ms.
3.  Revised Design Constraints
Our previous contribution proposed the design constraints for the Enhanced Voice Service (EVS) codec related to complexity, algorithmic delay, bitrates and stereo functionality [1]. In this clause, the proposed texts for the design constraints are summarized in the following table.
	Parameter
	Design Constraint
	TR 22.813 V10.0.0
	status
	Note

	Audio Bandwidth
	The encoder and decoder shall support 8, 16, 32 kHz sampling rates.

-8 kHz sampled signals : 100 – 3400 Hz.
-16 kHz sampled signals 50 – 7000 Hz
-32 kHz sampled signals : of 50 – 14000 Hz
	6.1.1
	
	

	Bit Rates
	-The AMR-WB interoperable part of the EVS codec shall support all 9 modes of AMR-WB 

-The EVS codec bit rates shall span the range from (near) 6 kbit/s to 128 kbit/s.
	6.1.3
	
	

	Algorithmic Delay
	The EVS codec shall support single algorithmic delay operating point and be constrained by total end-to-end delay allowed for conversational services in the EPS
The EVS codec shall operate with an algorithmic delay <= 30ms 
	6.1.4
	
	

	Complexity
	≤ 55 WMOPS
	6.1.5
	
	


4. Summary
Improving the user experience for speech/audio conversational service is a key to the success of EVS codec in the market. In order to have advantage over other competing standard codecs, EVS codec should have a competitively low delay. The source proposes these design constraints to make EVS codec future-proof.
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