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1.  Introduction

Requirements for enhanced voice codecs for the Evolved Packet System (EPS) are discussed both in TSG-SA1 and TSG-SA4 for completing the Technical Report 3GPP TR 22.813. At the last TSG-SA1 meeting in Seoul, Section 6 of the TR, i.e. “System and service requirements,” was discussed intensively [1]. Two subsections were newly added to the Section 6, and now the Section 6 contains three subsections. This contribution proposes some texts for subsections of Section 7, “High level technical requirements on voice codecs,” which can be derived from the three subsections of the Section 6.
2. Summary of the Section 6, “System and service requirements”
The latest Section 6 “System and service requirements” contains three subsections. Those are “Quality of user experience”, “Efficiency”, and “Backward service interoperability with pre rel9 3GPP networks and devices.” In this section, the requirements described in those subsections are itemized as follows.
2.1. Quality of user experience (QoE)
1. Significantly improved QoE compared to 3GPP pre-Rel-9
2. Significantly better service quality than 3GPP Rel-8 narrowband (NB) and wideband (WB) voice services
3. Consistency of QoE under varying network conditions
4. Better QoE than in pre-rel-9 under varying network conditions
2.2. Efficiency
5. Capability to address the efficient use of the transmission resources
6. Capability to address the possibility to implement the new services on low-cost devices and network equipments with limited computational resources
7. Transmission efficiency should exceed that of the pre-rel-9 3GPP WB voice service
2.3. Backward service interoperability with pre rel9 3GPP networks and devices
8. Transcoding shall be avoided as much as possible
9. The best possible quality shall be delivered to all participants. It is noted that “old/legacy” terminals can be a part of the participants.

10. Quality degradation introduced by transcoding shall be as limited as possible.

3. High level technical requirements on voice codecs
In this section, some technical requirements are derived from the system and service requirements itemized in the previous section. Following subsections are corresponding to the subsections in the Section 7 of TR 22.813 V0.8.0. [2]
3.1. Design constraints  
3.1.1. Audio bandwidth
Since the significant improvement must be provided as written in items 1 and 2, the audio bandwidth should be equal to or wider than WB voice (7-kHz).
3.1.2. Number of audio channels
Stereo or multi channel presentation is one way to realize significantly improved QoE (item 1).
3.1.3. Bit rates
Since the transmission efficiency should exceed that of the pre-rel-9 3GPP WB voice service as written in the item 7, the lowest bitrate should be lower than 8.85 kbit/s, which is the lowest bitrate of the AMR-WB.
The efficient use of the transmission resources (item 5) can be addressed by variable-bitrate-coding.

Bitrate scalability is useful to provide best possible quality to various terminals participating in a teleconference through different networks. (item 9)

Bitrate scalability is also useful to minimize the traffic on the network in teleconferencing, since different terminals can share the same bitstream even if their bitrates are different each other. (item 5)

Scalable codec whose core layer is betstream interoperable with legacy terminal is useful to fulfil the requirement of item 9.
3.1.4. Algorithmic delay
Delay requirement is not clearly mentioned in the Section 6 of the TR 22.813 V0.8.0.
3.1.5. Complexity
Complexity requirement is not clearly mentioned, but it must be within a level of being implementable with limited computational resources as written in item 6. 
3.1.6. Backward interoperability
This was already discussed in the previous SA4#50 meeting in Sophia Antipolis, although the text is still open for further discussion.

Backward interoperability is very useful to meet the requirements of item 8, i.e. Transcoding shall be avoided as much as possible.
3.2. Performance requirements
3.2.1. Voice quality
Significantly improved quality is mentioned in items 1 and 2. Robustness against varying network conditions is mentioned in items 3 and 4. These aspects should be reflected in the definition of requirements for voice quality.
3.2.2. Quality for mixed content and music
Significant improvement must be provided as written in items 1 and 2. Improving the quality for mixed content and music (especially at lower bitrates) is certainly one of requirements for realizing such significant improvement.
3.2.3. Robustness to packet loss and delay jitter
Items 3 and 4 mention the robustness against varying network conditions. This aspect can be incorporated into the above two subsections, “Voice quality” and “Quality for mixed content and music.” 
3.3. Transcoding performance
This was already discussed in the previous SA4#50 meeting in Sophia Antipolis, although the text is still open for further discussion.

Transcoding can be avoided by having backward interoperability (item 8).
Encoding error should be as small as possible for achieving limited quality degradation introduced by transcoding. (item 10).
4. Proposal

Through the above analysis, proposed text for the Section 7 of TR 22.813 is provided below. Texts added newly are marked with underline.
>>================================================<< 
7. High level technical requirements on voice codecs

7.1 Design constraints

7.1.1 Audio bandwidth

Wideband (50 Hz – 7,000 Hz) should be supported. It is desirable to support Super-Wideband (50 Hz – 14,000 Hz). Full-band (20 Hz – 20,000 Hz) may be supported optionally.

7.1.2 Number of audio channels

Two (stereo) or more channels should be supported at higher bitrates.
7.1.3 Bitrate

Several bitrates should be supported by embedded variable bitrate coding scheme. Its lowest bitrate should be lower than 8.85 kbit/s. It is desirable that its core layer is bitstream interoperable with legacy terminals.
7.1.4 Algorithmic delay
TBC.

7.1.5 Complexity

TBC. It should be implementable with limited computational resources.

7.1.6 Backward interoperability

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

Interoperability can be achieved through

· the use 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, or
· tbc.

Interoperability can also be achieved through negotiating the use of existing 3GPP codecs previously defined for voice services.

Editor’s note: The above sentence is subject to input to SA4#51

7.2 Performance requirements
7.2.1 Voice quality

[ note: this will cover
· clean
· various input levels

· various frame erasure patterns and frame erasure rates
· background noise

· various frame erasure patterns and frame erasure rates

]
7.2.2 Quality for mixed content and music

Improved audio quality performance for mixed contents (e.g. speech+music) is desirable. Improved audio quality compared to the existing voice codec of pre-rel-9 3GPP systems is desirable for the wideband service.
7.2.3 Robustness to packet loss and delay jitter

This subsection might be merged into subsections 7.2.1 (and 7.2.2 if necessary).

7.3 Transcoding performance

The quality degradation due to transcoding and the additional delay implied by it shall be as limited as possible whenever transcoding cannot be avoided.
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.
>>================================================<< 
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