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1 Introduction

The WID for the current study item on enhanced voice service requirements for EPS clearly defines the objectives of the study [1].  They can be summarized as follows:

1. Identify use cases that may benefit from enhanced voice and mixed content service

2. Identify service and system requirements

3. Identify detailed codec requirements

4. Assess whether existing 3GPP codecs meet the identified requirements

The WID assigns the responsibility for objectives 1 and 2 to SA1, while responsibility for objectives 3 and 4 is assigned to SA4.  The latest outgoing LS from SA1 to SA4 indicates that SA1 has finalized its portion of the draft TR 22.813, thereby completing objectives 1 and 2.

This contribution proposes codec requirements for enhanced voice services based on the service and system requirements finalized by SA1.  Since the WID explicitly sets high expectations for “very significant enhancement” [1] to existing voice services, the requirements proposed herein target enhancements that will result in an obvious benefit either to the providers or the users of such services.  If the benefits are not obvious, one can easily argue that they are not “very significant” and do not merit the resources required to deploy the enhancements.

2 Service and System Requirements

The latest draft of TR 22.813 from SA1 identifies three components of service and system requirements for enhancement:  quality of user experience, efficiency, service interoperability with pre-release-9 3GPP networks and devices [3].  The requirements for quality of user experience also echo the sentiment of the WID that improvements should be significant, as indicated by the following excerpts (emphasis added):

· “Enhanced voice services in the EPS should allow for significantly improved quality of user experience compared to voice services enabled by pre-Rel-9 3GPP access systems...”

· “It should be possible to achieve significantly better service quality than is possible with both release 8 3GPP narrowband and wideband voice services.”
Table 2‑1 collects the service and system requirements and numbers them for reference when identifying codec requirements below.  All requirements are taken to be relative to pre-release-9 voice services since this is the only reference point provided in the requirements from SA1.

Table 2‑1  Summary of service and system requirements from SA1

	Number
	Category
	Requirement

	1
	Quality of User Experience
	Significantly better service quality for narrowband and wideband service

	2
	Quality of User Experience
	Better user experience under varying access and core network conditions 

	3
	Quality of User Experience
	Improvements to all parts of the transmission chain

	4
	Efficiency
	Transmission efficiency exceeding that of pre-Rel-9 wideband voice service

	5
	Efficiency
	Possibility for implementation on low-cost devices and network equipment with limited computational resources

	6
	Interoperability
	Transcoding avoided as much as possible

	7
	Interoperability
	Best possible quality delivered to all participants of a conference

	8
	Interoperability
	Conversational quality degradation as limited as possible when transcoding


3 Opportunities for Significant Improvement

Based on the requirements in Table 2‑1, several opportunities for significant improvement to pre-release-9 voice services are identified below.  These opportunities are characterized by strong potential to result in either an obvious enhancement to service providers or obvious enhancements to the end-user experience.  References to “service requirements” use the numbers in Table 2‑1.

3.1 Source coding efficiency

Improved source coding efficiency relative to pre-release-9 codecs will provide a clear benefit to operators as it will allow for generous capacity, particularly on EPS where voice will compete with demand from an ever-growing variety of video and data services.  Improved source coding efficiency addresses service requirement 4.  However, in order to simultaneously meet service requirements 1 and 2, the improved efficiency should come without compromise to the quality of pre-release-9 codecs.  
3.2 Performance under frame erasures

Packet switched systems are typically characterized by more bursty losses (i.e., multiple consecutive losses) compared to circuit switched systems.  It is reasonable to expect that EPS likewise will exhibit this characteristic.  In addition, service requirement 2 requires a better user experience under varying network conditions compared to pre-release-9.  Since the quality of existing 3GPP speech codecs do not degrade gracefully under frame erasures, there is an opportunity for significant user experience improvement by improving performance under bursty packet loss conditions.

3.3 Wider audio bandwidth

One way to provide an improved user experience is to increase audio bandwidth beyond wideband.  However, this increase should not come without consideration of other enhancements, especially because there are likely diminishing returns in perceived quality as bandwidth is increased.  In particular, like the enhanced narrowband and wideband modes, wider bandwidth modes should also be spectrally efficient.  Thus, a spectrally efficient super wide band (50-14000Hz) mode is proposed.

3.4 Improved in-band music

Although EPS will provide the opportunity to use a dedicated channel for music, for some time to come there will continue to be situations in which signalling the switch to music will not be possible.  Examples include interoperation with POTS, media servers and/or media gateways that do not support the signalling, and media servers that pre-store music in formats not supported by the EPS UE.  In each of these cases, transcoding will require encoding music using the EPS codec, and there is ample opportunity for EVS in EPS to significantly improve the user experience during music transmission in pre-release-9 systems.

Music should be automatically detected and encoded using an optimal encoding mode.  Higher bit-rate encoding modes should be used only as needed to maintain the quality requirements set herein.  For mixed content, lower bit-rate modes should be using during speech segments.  This approach optimizes spectral efficiency and quality, particularly in the presence of mixed content and in situations when the start and stop of music is not or cannot be signaled.  Furthermore, these cases require that music is encoded with the same delay as the speech modes since errors may occur in the detection.

3.5 Improving the entire transmission chain

Service requirement 3 suggests that improvements should be sought beyond the areas traditionally addressed with prior codecs in 3GPP.  To create a very significant improvement to user experience, enhanced voice services should offer advances in the following areas as well:
· Quality under the harsh background noise conditions often encountered in mobile communications
· Quality under jitter in packet switched networks
· Quality in the presence of multiple consecutive (bursty) packet losses
4 Codec Requirements

Based on the opportunities for significant improvements enumerated in the preceding section, Table 4‑1 and Table 4‑2 propose requirements for a codec that would provide obvious enhancements to voice service.  These requirements are deliberately designed to set lofty goals.  As discussed above, the resources required to develop and deploy such a codec are not merited unless substantial improvements to pre-release-9 services is achieved.

Bit rates in both tables are intended to be average source rates for active speech (or non-silence in the case of music), and have been selected based on existing modes of pre-release-9 codecs due to common familiarity with quality and capacity in these modes (for narrow band and wide band).  Frame erasure (FER) conditions should be evaluated using patterns of losses and delays based upon the expected behavior of real EPS deployments.  In the tables, “NWT” is used as an abbreviation for “Not Worse Than,” and the notation <X> is used as a shorthand for max(X,0).

Table 4‑1  Proposed speech coding modes and quality requirements for each.  In the table, “NWT” is used as an abbreviation for “Not Worse Than,” and <X> is used as shorthand notation for max(X,0).
	
	Proposed EVS Speech Codec Modes

	
	Enhanced

Narrow Band
	Enhanced Wide Band
	Super Wide Band

	Condition
	≤5.9kbps
	≤7.95kbps
	≤8.85kbps
	≤12.65kbps
	≤16kbps

	Clean/Quiet
	NWT AMR12.2
	NWT AMR12.2
	NWT AMR‑WB12.65
	NWT G.718@16kbps
	NWT AMR‑WB+ @24kbps

	X % FER
	NWT AMR12.2 under X% FER
	NWT AMR12.2 under <X‑2>% FER
	NWT AMR‑WB12.65 under <X‑2>% FER
	NWT AMR‑WB12.65 with <X‑3>% FER
	NWT AMR‑WB+ @24kbps with

 <X‑2>% FER 

	Noise at Y dB SNR
	NWT AMR12.2 with noise at (Y+10)dB SNR
	NWT AMR12.2 with noise at (Y+10)dB SNR
	NWT AMR12.65 with noise at (Y+10)dB SNR
	
	


Table 4‑2  Proposed music coding modes and quality requirements.  In the table, “NWT” is used as an abbreviation for “Not Worse Than.”
	
	Proposed EVS Music Coding Modes

	
	Enhanced Narrow Band
	Enhanced Wide Band
	Super Wide Band

	Condition
	≤16kbps
	≤24kbps
	≤32kbps

	Clean/Quiet
	NWT AMR‑WB+ @16kbps for a narrow band input
	NWT AMR‑WB+ @24kbps
	NWT eAAC+ @48kbps (mono)

	Delay
	Same as speech modes


5 Proposed Changes to Draft TR22.813

The following text addresses the above requirements as proposed additions and/or changes to Section 6 of the latest draft of TR22.813.  

6
High level technical requirements on voice codecs

This section gives the high level technical requirements for EPS's codec(s) derived from the system and service requirements defined in section 5.
Editor's note: In the below, high-level technical requirement topics are listed. This list is not exclusive.

[Editor's note: this work will be done by TSG SA4 experts]

6.1
Design constraints

6.1.1 Audio bandwidth
Enhancements in the following bandwidths should be supported:

· Narrowband (300-3400 Hz)

· Wideband (50-7000 Hz)

· Super wideband (50-14000 Hz)


6.1.2 Number of audio channels

Stereo or multi channel presentation is one way to realize significantly improved QoE.

[Editor's note: further input is required in order to specify how stereo or multi-channel capture/presentations could be achieved in mobile communications. ]

6.1.3 Bit rates
Several bit rates should be supported to offer the flexibility to choose between modes with high spectral efficiency and modes offering enhanced narrowband, wideband, and new features such as super wideband.  At least one mode with an average active speech bit rate no greater than 5.9kbps should be supported.  Proposed modes and their corresponding bit rates are given in Tables below.
6.1.4 Table 6-1: Proposed speech coding modes and corresponding bit rates.
	
	Proposed EVS Speech Codec Modes

	
	Enhanced

Narrow Band
	Enhanced Wide Band
	Super Wide Band

	Condition
	≤5.9kbps
	≤7.95kbps
	≤8.85kbps
	≤12.65kbps
	≤16kbps

	Clean/Quiet
	NWT AMR12.2
	NWT AMR12.2
	NWT AMR‑WB12.65
	NWT G.718@16kbps
	NWT AMR‑WB+ @24kbps

	X % FER
	NWT AMR12.2 under X% FER
	NWT AMR12.2 under <X‑2>% FER
	NWT AMR‑WB12.65 under <X‑2>% FER
	NWT AMR‑WB12.65 with <X‑3>% FER
	NWT AMR‑WB+ @24kbps with

 <X‑2>% FER 

	Noise at Y dB SNR
	NWT AMR12.2 with noise at (Y+10)dB SNR
	NWT AMR12.2 with noise at (Y+10)dB SNR
	NWT AMR12.65 with noise at (Y+10)dB SNR
	
	


6.1.5 Table 6-2:  Proposed music coding modes and corresponding bit rates.
	
	Proposed EVS Music Coding Modes

	
	Enhanced Narrow Band
	Enhanced Wide Band
	Super Wide Band

	Condition
	≤16kbps
	≤24kbps
	≤32kbps

	Clean/Quiet
	NWT AMR‑WB+ @16kbps for a narrow band input
	NWT AMR‑WB+ @24kbps
	NWT eAAC+ @48kbps (mono)

	Delay
	Same as speech modes


6.1.6 Algorithmic delay
In order to facilitate auto-detection of music and artifact-free switching between modes, algorithmic delay should be the same for all modes, including music modes.
6.1.7 Complexity

6.1.8 Backward interoperability

In order to reduce the need for transcoding as much as possible the capability to interoperate with existing 3GPP codecs shall be preferred

Interoperability can be achieved through

· the use or negotiation of existing 3GPP codecs previously defined for voice services, or 

· bitstream interoperability with one or more of these codecs when a new codec is defined.
6.2 Performance requirements

6.2.1 Voice quality

[note: this will cover clean background noise various input levels]
6.2.1.1  Clean and quiet conditions 

Narrowband voice quality under clean and quiet conditions (no packet loss, no background noise) for at least one mode at or below 5.9kbps average active speech rate should be no worse than AMR12.2 under similar conditions.
Wideband voice quality under clean and quiet conditions for at least one mode at or below 8.85kbps average active speech rate should be no worse than AMR-WB12.65 under similar conditions.

Super-wideband voice quality under clean and quiet conditions for at least one mode at or below 16kbps average active speech rate should be no worse than AMR-WB+@24kbps.

6.2.1.2  Background noise conditions

Narrowband voice quality for an input signal in the presence of background noise with a signal-to-noise ratio (SNR) of Y dB should be no worse than AMR12.2 with the same type of noise with an SNR of Y+10 dB.

Wideband voice quality for an input signal in the presence of background noise with a signal-to-noise ratio (SNR) of Y dB should be no worse than AMR-WB12.65 with the same type of noise with an SNR of Y+10 dB.
6.2.2 Quality for mixed content and music
In order to ensure that the overall system capacity impact is minimized music should be automatically detected and encoded using an optimal encoding mode.  Higher bit-rate encoding modes should be used only as needed to maintain the quality requirements set herein.  For mixed content, lower bit-rate modes should be using during speech segments.  This approach optimizes spectral efficiency and quality, particularly in the presence of mixed content and in situations when the start and stop of music is not or cannot be signaled.

Narrowband music quality under clean and quiet conditions for at least one mode at or below 16kbps average non-silence rate should be no worse than AMR-WB+@16kbps for a narrowband input.

Wideband music quality under clean and quiet conditions for at least one mode at or below 24kbps average non-silence rate should be no worse than AMR-WB+@24kbps.

Super wideband music quality under clean and quiet conditions for at least one mode at or below 32kbps average non-silence rate should be no worse than eAAC+@48kbps (mono).

6.2.3 Robustness to packet loss delay jitter

Frame erasure (FER) conditions should be evaluated using patterns of losses and delays based upon the expected behavior of deployed EPS systems
Narrowband voice quality under X% FER for at least one mode at or below 7.95kbps average active speech rate should be no worse than AMR12.2 under FER not exceeding the maximum of (X-2)% FER and 0% FER.

Wideband voice quality under X% FER for at least one mode at or below 8.85kbps average active speech rate should be no worse than AMR-WB12.65 under FER not exceeding the maximum of (X-2)% FER and 0% FER.

Wideband voice quality under X% FER for at least one mode at or below 12.65kbps average active speech rate should be no worse than AMR-WB12.65 under FER not exceeding the maximum of (X-3)% FER and 0% FER.

Super-wideband voice quality under X% FER for at least one mode at or below 16kbps average active speech rate should be no worse than AMR-WB+@24kbps under FER not exceeding the maximum of (X-2)% FER and 0% FER.
6.3 Transcoding performance

The quality degradation due to transcoding and the additional delay implied by it shall be as limited as possible.

Editor’s note: The above sentence to be elaborated subject to input to SA4#51.

Transcoding quality shall be better than for existing 3GPP codecs. Possible transcoding configurations are self-tandemings and tandemings with existing 3GPP codecs.

Editor’s note: Transcoding can be avoided through negotiating the use of existing 3GPP codecs previously defined for voice services.

END OF PROPOSED CHANGES TO TR22.813
6 References

[1] SP-070698, “Study of enhanced voice service requirements for the Evolved Packet System (EPS).”
[2] S1-084297, “LS on Enhanced Voice Codecs for the Evolved Packet System (EPS).”
[3] S1-084294, “Draft 3GPP TR 22.813 V0.9.0:  Study of Use Cases and Requirements for Enhanced Voice Codecs for the Evolved Packet System (EPS).”


