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1. Introduction

For the EVS codec design it is necessary to specify target operating bit rates that should match the intended operating points during the later deployment of the codec in the 3GPP systems. The codec performance at these operating bit rates should be evaluated during the standardization process. 

As the main target system for the EVS codec will be the LTE system the bit rates should be chosen such that they match the properties of that system in the most suitable way. 
The topic of suitable codec bit rates in the LTE environment has been discussed earlier in a LS communication between RAN1 and RAN2 on transport block sizes (TBSs) for VoIP from 2008 (Tdocs R2-084764 [1] and R1-083429 [2]). Based on conclusions drawn from that communications the present contribution makes a proposal for the EVS codec design constraints on the EVS codec bit rates. The discussion is then extended and further, related design constraints are proposed as well.
2. EVS codec bit rates for low-rate/high efficiency operation   
From the information contained in the LS communication between RAN1 and RAN2 it can be seen that there are optimized TBSs in the LTE standard. These TBSs are optimized for the transport of AMR and AMR-WB based VoIP traffic. These TBSs and corresponding speech coding source bit rates are shown in the following Table 1. RAN1/RAN2 have further provided an optimized TBS for SID frames transmission in high-efficiency operation with VAD/DTX/CNG. A corresponding entry is also found in the table. According to [1] the TBSs were derived under the following assumption regarding IP overhead:

The TB sizes for each codec mode are calculated based on the corresponding number of speech frame bits as RTP payload using the bandwidth-efficient payload format for AMR with 3 octets of ROHC header, 3 octets for MAC/RLC/PDCP headers and 2 additional octets to handle small variations in ROHC header size and/or L2 header size (e.g. short BSR, PHR). For the SID, 6 octets instead of 3 octets are assumed for the ROHC header to handle the change between RTP SN and RTP TS, which differs from when the speech codec is active; the size of the SID is the same for both NB-AMR and WB-AMR.

In addition to the TBSs indicated in the RAN1/RAN2 communication, there are further TBSs specified in 3GPP TS 36.213 [3] that could be used for the higher AMR-WB conversational modes WB1585 and WB2385. The corresponding entries are also found in Table 1 as shaded rows.  
Table 1: RAN1/RAN2 recommended LTE TBS for AMR/AMR-WB VoIP and related AMR/AMR-WB bit rates

	TB size
	Target AMR/AMR-WB rate

	144
	SID (39 bits/frame)

	176
	MR 4.75

	208
	WB 6.60 (MR 5.90)

	224
	MR 7.40

	256
	WB 8.85

	328
	WB 12.65 (MR 12.20)

	392
	WB15.85

	552
	WB2385


The source suggests that the bit rates of Table 1 should apply for the new EVS codec as possible rates for high-efficiency operation allowing optimized transmission in the LTE system. This would allow the use of bearers that are optimized for the shown AMR and AMR-WB rates even using other radio access technologies, such as e.g. HSPA and UTRAN. An additional constraint to make this work is that the EVS codec operates with the same frame length of 20 ms (or multiple thereof) as AMR and AMR-WB and that a payload format would need to be defined with an overhead not exceeding the overhead of the AMR/AMR-WB payload format according to RFC 4867. 
The source suggests in addition that the EVS codec should support VAD/DTX/CNG operation in order to provide the corresponding additional system capacity gains. The DTX system should be designed applying similar principles as the DTX system of AMR and AMR-WB. In particular, SID frames should have a maximum bit rate of 39, which corresponds to the bits allocated for AMR and AMR-WB in the payload format, which also contains a 4 bit codec mode indication. This 4 bit mode indication is needed by AMR and AMR-WB for mode signaling in interconnections to the GSM system. These 4 bits would be available as additional bits for the EVS SID frame. The SID updates should be sent at regular intervals with a frequency not exceeding once per 8 frames. It is further proposed that DTX functionality shall be provided in high-efficiency codec operation up to a rate of 23.85 kbps. For operation modes up to 32 kbps support of DTX operation is recommended. For rates starting at 32 kbps DTX may be provided.
3. EVS codec bit rates for high-rate/high quality operation   

The LTE system supports transmissions at significantly higher bit rates than those given above. Operation at such bit rates aims typically to meet very high quality targets but would only be offered when there is sufficient system capacity. Hence, such operation is not necessarily capacity optimized. Consequently a match of higher speech codec rates with corresponding TBS can be regarded less crucial. 
The source hence suggests selecting higher EVS codec rates for high-quality with WB, SWB and FB according to other considerations not related to the LTE transport. A suitable criterion would be to (preferably) provide a good bit rate granularity and at least offer operation at 32, 48, 64, 96, 128 kbps. If transparent quality can achieved at a lower rates than the maximum of 128 kbps, then only the rates up to which transparency can be achieved need to be provided. 

4. EVS codec bit rates for AMR-WB interoperable mode   

In order to achieve bit stream interoperability with the AMR-WB codec, the EVS codec has to support all AMR-WB rates. It is suggested to add this criterion as further design constraint.

5. Design constraint on delay

Not only the codec bit rate itself but also the codec delay has big impact on the LTE system capacity. This can be explained by the fact that the LTE system likewise HSPA uses a HARQ protocol with incremental redundancy for its transmissions. In essence this means that a data block may be re-transmitted several times (on the physical layer) until the information has successfully been received at the other end of the air interface or until a certain exit criterion has been reached. Each re-transmission increases the likelihood for successful reception of the data block at the receiver at the expense of the delay for each additional re-transmission. LTE system simulations show a considerable dependency of the capacity on the delay available for the HARQ protocol. 

It is hence suggested that the EVS codec in high-efficiency operation mode should not only operate at low bit rates. This low-rate operation should be accomplished at a low delay since otherwise the source coding gain might not outweigh the capacity loss due to lower delay available for HARQ re-transmissions.  For the high-efficiency operation modes the maximum allowed algorithmic delay should be comparable to the delay of the AMR-WB codec. The same argument can be made for the AMR-WB interoperable modes of the EVS codec. Even for them it is proposed that their maximum allowed algorithmic delay shall be comparable with the algorithmic delay of the existing AMR-WB codec.
For the high-rate/high quality operation of the EVS codec, the situation is different. As explained above, this operation mode should be quality optimized at the expense of some possible compromises with regards to system capacity. As high-quality operation should provide the highest possible quality not only for speech but also for music, the delay requirements for this mode should allow for efficient frequency domain coding techniques, which for instance is transform coding. It is proposed to specify a maximum algorithmic delay requirement of 45 ms, which leaves sufficient technological freedom for various frequency domain coding approaches, without unduly impacting the LTE system capacity.  
6. Rate switching

It is likely that the EVS codec will be used in environments where rate adaptation is necessary to maintain a best possible compromise between quality and used transmission resources under varying operating conditions. Rate adaptation shall hence be supported by the various rates offered by the codec. In order to minimize the impact on quality resulting from rate adaptation, the proposal is that there shall be no audible artifacts due to rate switching.
7. Proposed change to EVS design constraints EVS-4
	Parameter
	Design Constraint
	TR 22.813 V10.0.0
	note

	Bit Rates
	· The codec shall offer high-efficiency operation with at least the following bit rates:

4.75, 6.6, 7.4, 8.85, 12.65, 15.85, 23.85 kbps

· 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
· The codec shall offer high-quality operation with at least the following bit rates:

32, 48, 64, 96, 128 kbps

The maximum bit rate may be reduced from the maximum specified rate to a lower specified rate if transparent quality is achieved at this lower rate.
The codec should provide fine rate granularity in high-quality operation above 32 kbps
· SID frames shall 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.

	Algorithmic Delay
	· The codec shall provide high-efficiency operation (with rates specified above) at a maximum algorithmic delay comparable with the algorithmic delay of AMR-WB
· The codec shall provide AMR-WB interoperable operation (with rates specified above) at a maximum algorithmic delay comparable with the algorithmic delay of AMR-WB

· The codec shall provide high-quality operation (with rates specified above) and algorithmic delay not exceeding 45 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.



	Frame length
	The codec shall operate with a frame size of 20 ms or multiples thereof
	
	

	DTX operation
	· The codec shall provide a complete VAD/DTX/CNG framework.
· DTX operation shall be supported for all high-efficiency operation modes with rate ≤ 23.85 kbps.

· DTX operation should be supported for all operation modes with rates > 23.85 and < 32 kbps..

· DTX operation may be supported for all operation modes for rates >= 32 kbps
· SID update frames shall be sent at regular intervals with a frequency not exceeding once per 8 frames  
	
	

	Rate switching
	The codec shall allow seamless switching without switching artefacts throughout the entire bit-rate and quality range.
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