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1. 
Introduction
As the EVS WI is approved in SA #46, it is the time for SA4 to focus on standardization of EVS codec [1]. This contribution proposes design constraints for the Enhanced Voice Service (EVS) codec related to the following aspects:
1. Complexity
2. Algorithmic delay
3. Bitrates
4. Stereo functionality.
The source would like to make propositions regarding the above aspects based on the related terms in TR 22.813 [2]. For the next generation mobile communication service, the EVS codec should be able provide high fidelity speech, mixed contents and music transmission along with enough flexibility to accommodate backward interoperability with the previous 3GPP codecs.
2. 
Complexity
TR 22.813 defines the complexity of EVS codec such that EVS codec should be implementable on today’s mobile phones [2]. The maximum ROM consumption is 60 kWords including both table and program. The maximum RAM usage is 30 kWords, including static and dynamic RAMs. The complexity upperbound of EVS codec should be 80 WMOPS, which is measured using ITU-T method. The maximum complexity for NB, WB, and SWB is as follows:
	Bandwidth
	Maximum complexity (WMOPS)

	NB
	45

	WB
	55

	SWB
	80


3. 
Algorithmic Delay
It is crucial to continue to provide seamless and clear speech communication support in the future 3GPP networks, the maximum (or the worst-case) algorithmic delay of EVS codec should be equal to or less than 50 ms. The algorithmic delay of AMR-WB interoperable modes should be equal to or less than 30 ms.

4. 
Bitrates
The supported bitrates of the EVS codec should attract more business entities and customers. the EVS codec should provide enhanced speech quality in mobile communication at a low cost. In the past, speech codec technologies have been developed to provide a wider bandwidth and a better quality at a minimal or a marginal bitrate increase. In that sense, EVS also should provide the super-wideband service starting from some low bitrate.

According to the discussion above, the source propose that the bitrate rages for EVS codec should 

EVS should support the following bitrate ranges (not including AMR-WB interoperable mode):

	Bandwidth
	Minimum bitrate (kbps)
	Maximum bitrate (kbps)

	NB
	8
	12

	WB
	12
	28

	SWB
	16
	40


More specifically, EVS should provide the following bitrates except the AMR-WB interoperable modes:
	Bitrate
	R1
	R2
	R3
	R4
	R5
	R6
	R7
	R8

	=< (kbps)
	8
	12
	16
	20
	24
	28
	32
	40

	Supported bandwidth
	NB
	
	
	
	
	
	

	
	
	WB
	
	

	
	
	
	SWB


For backward compatibility, EVS should support the following AMR-WB interoperable bitrates:
	Rate
	Bitrate (kbps)

	AW-R1
	6.60

	AW-R2
	8.85

	AW-R3
	12.65

	AW-R4
	15.85

	AW-R5
	23.85


It is reported recently that AMR-WB is the highest performing WB codec for speech signals [3]. Hence, it is reasonable to enhance AMR-WB to accommodate the mixed contents and music; the source proposes the following enhancement consideration for the AMR-WB interoperable modes.
For WB, AMR-WB interoperable modes should be able to be incorporated with enhancement layer (additional bit-stream) to support mixed contents and music:
	Bitrate
	AWE-R2
	AWE-R3
	AWE-R4
	AWE-R5
	AWE-R6

	=< (kbps)
	12
	16
	20
	24
	28

	AW-R1
	X
	X
	X
	X
	X

	AW-R2
	O
	O
	O
	O
	O

	AW-R3
	X
	O
	O
	O
	O

	AW-R4
	X
	X
	O
	O
	O

	AW-R5
	X
	X
	X
	X
	O


For SWB, AMR-WB interoperable modes should be able to be incorporated with enhancement layer (additional bit-stream) to support mixed contents and music:
	Bitrate
	AWE-R3
	AWE-R4
	AWE-R5
	AWE-R6
	AWE-R7
	AWE-R8

	=< (kbps)
	16
	20
	24
	28
	32
	40

	AW-R1
	X
	X
	X
	X
	X
	X

	AW-R2
	X
	X
	X
	X
	X
	X

	AW-R3
	O
	O
	O
	O
	O
	O

	AW-R4
	X
	O
	O
	O
	O
	O

	AW-R5
	X
	X
	X
	O
	O
	O


5. 
Stereo functionality
As the major application of EVS codec is the voice communication over mobile phones, the EVS standardization should focus on mono. Currently, stereo or multi-channel voice communication service over 3GPP network is optional and yet to come in the near future. The source believes that EVS SWG should standardize mono capability first and should consider stereo part standardization of EVS codec separately in the following years.
6. 
Conclusion
According to the discussions in the previous sections, the source would like to propose the described propositions to the EVS Design Constraint.
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