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1. Introduction

In this contribution, we discuss basic parameters of EVSoCS such as codec type, code point, bandwidth control, mode sets and encoding of Single Codec IE to be included in TS 26.103. 

2. Considerations 

· Preference for one codec type and code point. 
· Mode sets have to be contiguous to be compatible with the EVS VoLTE side because of SDP parameters.
· A general principle is to keep total number of mode sets as small as possible, to avoid implementation and testing effort.
· For capacity reasons, a basic proposal is that a default configuration shall allow a DL SF = 128, and the proposal is to define Configuration 0 including 5.9VBR, 7.2, 8, 9.6, 13.2 kb/s.
· Additional optional mode sets: 
· Configuration 1 targets maximum capacity savings, e.g. allowing the DL PHY spreading factor to be SF=256. It may include 5.9 VBR, 7.2 CBR, 8 CBR modes. The inclusion of AMR-WB IO 6.6 kb/s mode is rather questionable because of its limited quality when running a call at that bit rate after a cell handover, for example; setting up a new call is an alternative option.
· Configuration 2 targets a wider range of codec rates and covers bit rates where super-wideband (SWB) speech and high-quality audio may be supported; also fullband (FB) would be supported at the bit rates (16.4 and 24.4 kbps). For this, PHY DL SF=64 will be needed.
· Based on input in AHEVS-377, potentially configuration 3 for SWB operation with EVS primary modes and in addition, inclusion of AMR-WB IO modes (they do not provide SWB).
· Bandwidth control
· Ensuring the availability of SWB operation at call set-up can be achieved by defining a corresponding mode set, e.g. including codec rates above 9.6 kbps (note that subsequent handover after call set-up may require a lower codec rate, and thus a lower bandwidth, to be used).
· As higher audio bandwidths at a given bit rate provide increased quality over lower bandwidths in general, specifying a requirement for the UE to use the maximum possible audio bandwidth at a given bit rate is adequate to ensure the highest possible audio quality. On this way, by knowing the bit rate, the audio bandwidth is known as well.
	

3. Codec Type and Code Point in the Codec List

The modified Table 4.1 of TS 26.103 shows the inclusion of UMTS_EVS codec type. 

Modified Table 4.1: Support of Codec Types in Radio Access Technologies
	
	TDMA EFR
	UMTS
AMR 2
	UMTS AMR
	(GSM)
HR AMR
	(GSM)
FR AMR
	GSM EFR
	GSM 
HR
	GSM 
FR

	CoID
	0x07
	0x06
	0x05
	0x04
	0x03
	0x02
	0x01
	0x00

	GERAN
GMSK

	not defined
	not possible
	not possible
	yes,
1..4 modi
	yes,
1..4 modi
	yes
	yes
	Yes

	GERAN
8PSK

	not defined
	not possible
	not possible
	not defined
	not defined
	not defined
	not defined
	not defined

	UTRAN
	not defined

	yes,
1..8 modi
1..4 modi recomm.
	R99, UTRAN-only UEs
	not defined
	not defined
	not defined
	not defined
	not defined



	
	Codec Extension
	UMTS
EVS
	OHR
AMR-WB
	OFR
AMR-WB
	OHR
AMR
	UMTS
AMR-WB
	FR
AMR-WB
	PDC EFR

	CoID
	0x0F
	0x0E
	0X0D
	0x0C
	0x0B
	0x0A
	0x09
	0x08

	GERAN
GMSK

	reserved
	not defined
	not defined
	not defined
	not defined
	not possible
	yes3 modi
	not defined

	GERAN
8PSK

	reserved
	not defined
	yes,
3 modi
	yes,
3 modi
	yes,
1..4 modi
	not possible
	not defined
	not defined

	UTRAN
	reserved
	Yes
[TBD] modi

	not defined
	not defined
	not defined
	yes
3..4 modi
	not defined
	not defined




The modified Table 4.2 of TS 26.103 shows the code point for EVS on UTRAN radio interface.
Modified Table 4.2: Defined Code Points
	Hexadecimal Notation 
	Binary 
Notation
	Codec Name
	Remark

	0x00h
	0x0000.0000
	GSM_FR
	

	0x01h
	0x0000.0001
	GSM_HR
	

	0x02h
	0x0000.0010
	GSM_EFR
	

	0x03h
	0x0000.0011
	(GSM) FR_AMR
	

	0x04h
	0x0000.0100
	(GSM) HR_AMR
	

	0x05h
	0x0000.0101
	UMTS_AMR
	

	0x06h
	0x0000.0110
	UMTS_AMR2
	

	0x07h
	0x0000.0111
	TDMA_EFR
	

	0x08h
	0x0000.1000
	PDC_EFR
	

	0x09h
	0x0000.1001
	(GSM) FR_AMR-WB
	

	0x0Ah
	0x0000.1010
	UMTS_AMR-WB
	

	0x0Bh
	0x0000.1011
	OHR_AMR
	

	0x0Ch
	0x0000.1100
	OFR_AMR-WB
	

	0x0Dh
	0x0000.1101
	OHR_AMR-WB
	

	0x0Eh
	0x0000.1110
	UMTS_EVS
	

	0x0Fh
	0x0000.1111
	Codec Extension
	For AoIP and TFO

	0x10h … 0xFCh
	0x0001.0012
…
0x1111.1100
	Spare, for future use
	

	
	
	
	

	0xFDh
	0x1111.1101
	CSData
	For AoIP only

	0xFEh
	0x1111.1110
	MuMe2
	For OoBTC only

	0xFFh
	0x1111.1111
	MuMe
	For OoBTC only




4. Mode Sets for EVS

The following Table X to be included in TS 26.103 and the note below provides a proposal for agreement on allowed codec mode sets, similarly to other codecs in TS 26.103.

Table X: Allowed Configurations for the UMTS_EVS Codec Type
	Configuration →
(Config-EVS-Code)

↓ Codec Mode 
	
0

	1
	
2

	3
	


	EVS Primary 24.4
	
	
	
1

	
	

	EVS Primary 16.4
	
	
	1
	
	

	EVS Primary 13.2
	1
	
	1
	1
	

	EVS Primary 9.6
	1
	
	1
	1
	

	EVS Primary 8
	1
	1
	1
	
	

	EVS Primary 7.2
	1
	1
	1
	
	

	[bookmark: _GoBack]EVS Primary 5.9VBR
	1
	1
	1
	
	

	AMR-WB IO 12.65
	1
	
	1
	1
	

	AMR-WB IO 8.85
	1
	
	1
	1
	

	AMR-WB IO 6.60
	1
	1
	1
	1
	



Notes: 
· Configuration 0 is mandatory.
· Requirement for UE: use the maximum possible audio bandwidth at a given bit rate.
· Typical SF for configurations 0, 1, 2 and 3 on DL are respectively 128, 256, 64 and 128.
· From a transmission point of view, 5.9 VBR mode (5.9 kb/s average gross bit rate) includes bit rates of 2.8, 7.2, 8.0 kb/s. 


5. Single Codec IE for EVS

The following Table Y to be included in TS 26.103 and the notes below provide a proposal for agreement on the coding of the “Single Codec” information element for EVS.

Table Y: Coding of "Single Codec" for the EVS Codec
	Octet
	Parameter
	MSB 8
	7
	6
	5
	4
	3
	2
	1 LSB

	1 m
	Single Codec
	Single Codec (see ITU-T Q.765.5)

	2 m
	Length Indication
	4

	3 m
	Compat. Info
	Compatibility Information

	4 m
	OID
	ETSI OID (See ITU-T Q.765.5 [6])

	5 m
	CoID
	UMTS_EVS_CoID

	6 m
	Config-EVS
	(spare)
	(spare)
	(spare)
	(spare)
	Config-EVS-Code



· Since only 5 allowed configurations are proposed to be defined, 3 bits would be sufficient to encode the value of the Config-EVS-Code field (which contains the configuration index). However it is proposed to set its length to 4 bits in order to have spare values in case additional allowed configurations are needed in the future.
· There is no need to add additional fields in octet 6 m for signaling of the bit rate, the bandwidth, or whether EVS primary or AMR-WB IO mode is used because:
· the bit rates will be derived from the configuration indicated in Config-EVS-Code
· the bandwidth will be derived as the highest supported bandwidth for the bit rate in use
· whether EVS primary mode or AMR-WB IO mode is used will be derived from the bit rate
· In order to avoid impacts on existing NAS and RRC signaling, it is proposed, not to add any additional field in octet 6m for signaling of the following: 
· Whether Compact or Header-Full format is used. Default value (both are allowed) will apply.
· Whether DTX is enabled. Default value (DTX is enabled) will apply.
· Number of channels. Default value (mono) will apply.


6. In-call Adaptation by Using CMR

Contribution AHEVS-381 addressed adjusting codec mode to system conditions, due to change in radio network quality or in case of cell handover. The contribution also addresses the case of adaptation with regards to audio bandwidth.

In our document, we propose the principle of using the maximum possible audio bandwidth at any time because maximizing audio bandwidth maximizes audio quality. For this, audio front end of the UE is assumed to be prepared for all bandwidths of EVS. The encoder determines the audio bandwidth automatically if the input signal had limited audio bandwidth, as compared to the maximum at a given bit rate. The bandwidth at the receiving side may change for example due to connection to (plugging in) external devices or switching to another mode in the UE. In such situation, the audio bandwidth will be automatically limited on the receiving side. An alternative solution is signaling the audio bandwidth using in-band CMR commands as proposed in AHEVS-381. The advantages are not fully explored yet. On the other hand, this comes at the cost of having to support CMR in the CS domain. As such it can be considered as an optimization and if found beneficial, it should be introduced as an optional mechanism. 

In case of CMR as an optional solution, different (reduced) encoding of CMR in CS as compared to CMR in LTE could be investigated, with the motivation to reduce the overhead, especially for cases of high spreading factors like 256. On the other hand, re-using the LTE CMR encoding to facilitate interworking with LTE and reduce complexity can also be seen as a priority. There will have to be a trade-off between these two aspects when defining the encoding for optional in-band CMR in CS.







