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A Feasibility Study on enhanced voice service requirements for the Evolved Packet System (EPS) is currently conducted jointly by SA1 and SA4. To progress this study item, we propose an updated text for Draft TR 22.813 V0.2.1 (S1-080545). To be more specific the following updates to TR22.813 are proposed: 

- a new use case in section 5.7 “Access to network media server content” 

and

- new section 6 “System and service requirements”

Note that the present proposal was already disclosed to in 3GPP SA4 as part of contribution TD S4-(08)0140. 
Generalities about Speech & audio service profiles in Release 9 

The proposal is to specify enhanced voice services for EPS as OPTIONAL in Release 9. As a step forward towards such enhanced services, it is also proposed to upgrade wideband (WB) mono services to RECOMMENDED in Release 9. These proposed service and codec profiles in Release 9 are summarized in the table below:

	Speech & audio service profile
	Mandatory
	Recommended
	Optional

	NB voice
	X
	
	

	WB voice
	
	X
	

	Enhanced speech and audio for EPS
	
	
	X


It is important to note that services and codecs in the pre-Release 9 3GPP system are NOT changed.
Proposal 1

The proposal is to add the following use case:

--------------

5.7
 Access to network media server content

An increasing number of conversational services between two or multiple parties include access to media servers which put requirements on music and mixed content (speech + music) quality. This use case involves server-based media access like:

· Calling participants of a conference call are listening music on hold waiting for the conference call organizer to open the bridge.
· User is provided with a mixed content (speech + music) message (informative or advertising) from a multimedia server while waiting for the end user to answer

--------------

Proposal 2

The proposal is to add the following text in the section 6:

--------------

6
System and service requirements

The following system and service requirements are derived from the use cases described in sections 5 to XX. 

[Editor's note: this work will be done by TSG SA1 experts]
6.1
General service requirements

In order to offer enhanced audio quality over EPS while preserving backward compatibility with existing 3GPP multimedia conversational services, the following general speech and audio requirements for speech and audio conversational multimedia services for EPS are identified with their related status (mandatory, recommended, optional)

1) Narrowband speech and audio for basic narrowband telephony services for EPS shall be supported (mandatory status). It shall use the mandatory GSM/3GPP narrowband codecs as specified for such services in previous 3GPP Releases (normative reference to be added)
2) Wideband speech and audio for wideband conversational services for EPS should be supported (recommended status). If supported, it shall use AMR-WB as specified for such services in previous 3GPP Releases (normative reference to be added)
3) Enhanced speech and audio for EPS may be supported (optional status). If supported, then :

          - Mono superwideband (50 Hz – 14 kHz) capability is mandatory.

          - Stereo capability for wideband and superwideband is recommended. Further extension to multi-channel is optional

          - Further extension to full-band (mono/wideband/multichannel) is optional..

          - Enhanced WB capability is recommended

          - Enhanced NB capability is optional

Further possible optional feature may be considered as specify in 6.7

	Speech & audio quality
	Mandatory
	Recommended
	Optional

	NB voice
	X
	
	

	WB voice
	
	X
	

	Enhanced speech and audio for EPS
	
	
	X


In case of 
Enhanced speech and audio for EPS is provided, the following table is applicable:
	
	Mandatory
	Recommended
	Optional

	Superwideband
	X (mono)
	X(stereo)
	X(multi-channel)

	Full band
	
	
	X(mono/stereo/multichannel)

	Enhanced WB
	
	X(mono/stereo)
	

	Enhanced NB 
	
	
	X(mono)


The following system and service requirements are derived from the use cases described in Section 5. 

6.2
Backward service interoperability with existing 3GPP networks and devices

It is important to remind that cost efficiency is one important objective of EPS. Transcoding generates additional network costs (transcoding gateways), degrades audio quality and increases latency. Transcoding-based solutions for ensuring service interoperability shall be avoided as much as possible.

Besides, conference call may interconnect subscribers using enhanced quality services equipped with new enhanced devices and users with "old/legacy" terminals. The best possible quality shall be delivered to all participants: subscribers of enhanced service shall experience the enhancement while being able to communicate with all other users. 

If transcoding cannot be avoided, voice conversational quality degradation shall be as limited as possible.

6.3
Extended audio bandwidth
Extending speech bandwidth increases the listening comfort and the sensation of presence in communications and enhances the overall voice quality. Such advantage becomes very important for long communications which is generally the case of audio conferencing for example. Effect of bandwidth extension on perceived quality is even more important for better rendering of environmental noise and music.

Voice service bandwidth shall extend at least to "superwideband" (SWB, 50 Hz – 14 kHz) with "full band" voice (FB, 20 Hz – 20 kHz) desirable (optional) for very high quality conferencing service. 

6.4
Support of mono or multi-channel signals (stereo, 5.1 …)

Stereo signals should be supported since it strongly contributes to the enhancement of the communication quality perceived by the users. Extension to a higher number of channels as provided with 5.1 coding is optional.

High-fidelity rendering of remote sound environment and music shall be provided.

6.5 Enhanced speech and audio quality performance

6.5.1 High voice quality maintained on other types of signal like background noises, multiple talkers and music

The sound environment shall be rendered with highest possible quality specifically for audio conference call applications.

High quality coding shall be ensured for various types of signals like:

-
Background noises like street noise, office noise, babble noise, …

-
Multiple talkers speaking at the same time at different levels.

-
Music: music on hold is used in services like audio conferencing. High quality conferencing requires high quality music on hold as well as high quality multimedia ring back tones if such feature is supported.

6.5.2 Best possible quality of service delivered to each participant with different terminals types and over different access networks types 

The architecture of EPS [2] offers the possibility to connect over heterogeneous IP networks from different access networks (3GPP access systems, non 3GPP access systems like WiMAX, WLAN, WiFi, PSTN…). In case of user mobility over heterogeneous access networks, EPS requires also a seamless mobility with service continuity and an optimal quality of experience (QoE) [2]. EPS considers also the end-user in different situations using different types of terminals.

Efficient solutions for ensuring highest possible voice quality for communications with heterogeneous access networks, mobility and diversity of terminals capabilities shall be considered.

The best possible voice quality shall be provided over a wide range of access bandwidth with significant improvement compared to what currently exists:

-
It shall maintain highest possible quality at low bit rates and with a coded bandwidth as broad as possible for improved efficiency over mobile access network (case of fall back mechanisms when overloaded cells or bad transmission conditions).

-
It shall support capability to operate at high bit rates to provide maximum quality (close to transparency) with full bandwidth to maximize the quality for access with less bit rate constraints (some WiFi access…).

6.5.3
High conversational interactivity

Quality of conversational service is degraded by excessive end to end latency in the communication. Such latency is the result of delays introduced by all the components of the communication chain (encoding in terminal, transmission in network buffering and decoding at decoder side…). In the case of audio conferencing, the centralized multipoint communication topology considered in Sec. 5.1 implies the introduction of decoding, mixing and encoding operations at the MCU (Multipoint Control Unit) level that introduce additional latency. 

High conversational interactivity, particularly important for conference calls, shall be considered by setting a delay reduction objective on the codec's technical requirements.

6.6
Complexity, cost efficiency of service implementation in terminals and networks

Complexity is a key issue for terminals since it has a direct "business" influence on terminal prices. For audio conferencing service complexity is even more important both for MCUs in networks and for terminals for the following reasons:

-
In case of centralized multipoint conferencing architecture, reduced complexity of the encoder and the decoder is still required since the MCU performs N decoding, mixing and encoding operations. A low complexity of those operations will reduce the cost of such network devices.

-
In the distributed audio conferencing architecture, each terminal receives all the encoded bitstreams from the other participants. It has hence to perform N-1 decoding processes, where N is the participants' number, mixing the resulting signals before rendering. This has to be added to the encoding process complexity.

Complexity reduction shall be considered for both terminal and network devices and for different scenarios and communication architectures as those defined above.

6.7
Other features: Enhanced communication quality including speaker localisation, immersion and other advanced functionalities

The possibility of space localization of the speakers is one other key feature for audio conferencing: it makes the communication environment more natural and allows better discrimination between speakers and better intelligibility of users speaking at the same time. 

Speech enhancement to reduce the background noise might also be used in case of noisy communication. 

Such possibilities of further enhancements should be allowed by the system.

--------------

