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Foreword

This Technical Report has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

1
Scope

Evolved Packet System (EPS) is being developed by 3GPP to serve as basis of future 3GPP systems and to support enhanced and new services. Recognizing that voice will be an important service in EPS, enhanced speech conversational services towards very high audio quality are considered as one important step forward related to EPS.

Such new voice service requirements may drive the need for enhanced codecs. Progress of speech coding technology should make possible very significant enhancement of coding efficiency, quality of service and overall speech coding performance over IP.

Especially IP-optimized coding with advanced functionalities may be found relevant for end-to-end high-quality mobile telephony services in EPS environment. All of the mobile phone users, network operators and manufacturers of mobile terminals and of mobile network infrastructure will have a benefit from capacity enhancements enabled by coding efficiency improvements and enhanced quality telephony service over EPS. Users will be able to make calls with improved speech quality. Improved coding represents a feature in mobile telephony, a fact which supports both network providers and manufacturers to broaden their range of products.
This study defines and analyses the new use cases in the environment of EPS and its future services and their corresponding service and system requirements on voice codecs. It evaluates also how much the newly defined requirements are met by the already available codecs in Rel7. Specifically, the objective of this study item is to:
· Identify use cases which may benefit from enhanced voice and mixed content conversational multimedia service for EPS,
· Identify service and system requirements, 

· Identify detailed codec requirements,
· Assess the existing codecs in respect to identified requirements, and

· Define a strategy for EPS voice codec(s) standardization
TSG SA1 has there responsibility for the use cases definition and the service and system requirements identification, while SA4 has responsibility of the codec specific part of the work (i.e. detailed codec requirements such as performance requirements and design constraints), including the assessment of existing 3GPP codecs.
The present document describes the use cases, the service and system requirements and the detailed codec requirements, the codec assessment results and the strategy for standardizing EPS voice codec(s).
2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

For a specific reference, subsequent revisions do not apply.

For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".
[2]
3GPP TS 22.278 v8.3.0: "Service requirements for the Evolved Packet System (EPS) (Release 8)".

3
Definitions, symbols and abbreviations
3.1
Definitions

For the purposes of the present document, the terms and definitions given in TR 21.905 [1] and the following apply.
3.2
Abbreviations

For the purposes of the present document, the following abbreviations apply in addition to TR 21.905 [1]:

MCU
Multipoint Control Unit
SWB
Super wideband

[Editor's note: to be completed following the new abbreviations introduced in the text]
4
Overview on the EPS service objectives and characteristics

The EPS is an evolution of the 3G UMTS for which the performance objectives include higher user data rates, lower latency, improved system capacity and coverage, packet-optimized system that supports multiple radio access technologies, reduced network complexity and lower operating costs [2]. 

Such objectives at the system level are aimed at delivering enhanced quality of experience to the user in variety of situations (multi-access system environments, mobility, inter-working between a variety of access networks…) and for large categories of services. To reach these objectives at the network level, the EPS architecture has been defined. It consists mainly of the combination of a new radio access network (LTE), making possible to reach higher bit rate (target peak data rate: 100 Mbit/s for downlink and 50 Mbit/s for uplink), and new architecture of the core network (the Evolved Packet Core) offering the possibility to interface with the new radio access E-UTRAN and with different non-3GPP IP-networks such as WiMAX or WLAN systems. A user can hence access to IP services of a 3GPP operator through non-3GPP access networks. Mobility between all these heterogeneous access networks is also supported.

Codecs are important elements in the communication chain that have a considerable contribution to the global quality of experience. The new architectures considered in framework of the evolved 3GPP system can impacts strongly the desired performances on these codecs. Evolved Packet System (EPS) must hence be considered as an opportunity to make another major future step in terms of voice and audio quality improvement for conversational services over 3GPP systems.

[Editor's note: to be reviewed and updated according to the advances in EPS's service requirements as in [2]]
5
Use cases

5.1
High quality audio conferencing over heterogeneous networks and with different terminals
5.1.1
Motivation
Among the different use cases related to voice services, the high quality audio conferencing scenario over heterogeneous networks and with different terminals, described more in details in 5..1.2, is one of the most relevant scenario considered for this study item for the following reasons:

· It is one of the most demanding for enhanced quality of service and high voice quality because of longer duration of conference calls. Especially, it requires to render sound environment with highest possible fidelity and to discriminate as much as possible between different voices with best possible voice rendering accuracy and high intelligibility.

· It requires interoperability and flexibility since audio conferencing service may interconnect different users connected from different access networks and devices.

· It puts strong technical requirements for implementation not only in devices but in network equipments as well: devices like Multipoint Control Units (MCU) have to support audio/voice processing functions to perform mixing of different streams and decoding- re-encoding operations.

5.1.2
Description
The use case describes the scenario of a multipoint audio conferencing session with N participants over EPS. 

The participants are connected over heterogeneous access networks that include LTE and non-3GPP access networks, like WiMAX, WLAN, WiFi, PSTN…, with different QoS (bit rate, delay, packet loss, and jitter). They are also supposed to be in a situation of mobility between different access networks. They are participating using different types of terminals and in different environments (home, office, car, train…). Such terminals have different capabilities in terms of:

· Supported codecs: new terminals support the EPS's codec but old terminals can still participate in the conference even with only 3GPP pre-EPS codec.

· Sound-reproduction environment which includes:

· the ability to render extended bandwidth speech (narrow band, wideband, super wideband or full band)

· the ability to render mono or multi-channel signals (stereo, 5.1, …)
The following examples are some possibilities illustrating the diversity of the participation environment conditions (Figure 1): 

· User A with PC terminal connected to WLAN using 5.1 sound reproduction system.

· User B with a laptop terminal working outside and connected to its home network WiFi.

· User C with a 3G/EPS hand held terminal in car with a stereo sound reproduction and connected through the LTE access network. This participant is supposed to continue seamlessly the participation in the conference call when arriving to his office but using WiFi or WLAN connection.

· User D with 2G or 3G terminal in train connected through GSM/GPRS/EDGE or UMTS using an earphone and with noisy background.

Two possible topologies are considered for this multipoint audio conference:

· Centralized architecture using a Multipoint Control Unit (MCU) where all voice streams are received and sent to each corresponding terminal after processing operation. Such operation consists in decoding-mixing-re-encoding to obtain new bitstream or simple concatenation in one IP packet. Other advanced signal processing operations could be implemented in the MCU to enhance the communication quality of experience like speech enhancement or spatialization of the participants' voices to allow better discrimination between speakers and better intelligibility users speaking at the same time.

· Distributed architecture where each terminal receives all the voice streams from the other participants. In that case, each terminal should decode N-1 bitstreams before mixing and rendering. Advanced functionalities like speakers spatialization can also be implemented at the terminal level.
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Figure 1: Illustration of centralized teleconferencing architecture with heterogeneous access networks.
5.2
Use case 2
5.2.1
Motivation

Motivation of this second use case…
5.2.2
Description

Full description…
6
System and service requirements

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

6.1
Extended audio bandwidth 

Extending speech bandwidth increases the listening comfort and the sensation of presence in communications and hence enhances the total 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 as required in 6.2.

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

6.2
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 office noise (PC, paper…), babble noise, …

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

· Music: music on hold is used in services like audio conference. High quality conferencing requires high quality music on hold as well as high quality multimedia ring back tones if such feature is supported.
6.3
Support of mono or multi-channel signals (stereo, 5.1 …)

Stereo or multi-channel signals shall be supported since it strongly contributes to the enhancement of the communication quality perceived by the users.
High fidelity rendering of remote sound environment and music shall be provided.

6.4
Best possible quality of service delivered to each participant with different terminals types and over different access networks types 
The architecture of the 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]. The EPS considers also the end-user at 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
Backward service interoperability with existing 3GPP networks and devices
Conference call may interconnect subscribers of enhanced quality services equipped with new enhanced devices and users with "old/legacy" terminals. As for 6.4, 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. 
It is important to remind that cost efficiency is one important objective of 3G EPS. Transcodings generate additional network costs (transcoding gateways), degrade voice quality and increase latency. Transcoding based solutions for ensuring service interoperability shall be avoided as much as possible.
If transcoding can not be avoided, voice conversational quality degradation shall be as limited as possible.
6.6
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 the use case 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.
6.7
Cost efficiency of the 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.
6.8
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.
7


High level technical requirements on voice codecs
This section specifies high level technical requirements for EPS's codec(s) derived from the system and service requirements defined in section 6.

7.1
Bandwidth
The EPS's codec bandwidth shall at least extend to "super wideband" (SWB, 50 Hz – 14 kHz) with "full band" voice (20 Hz – 20 kHz) highly desirable. 
In order to provide interoperability with existing systems it shall in addition provide NB and WB capabilities and support bitstream interoperability with existing codecs.

7.2
Audio quality for diverse signals

The EPS's codec shall maintain the same level of audio quality over a wide range of signals including, different types of noises, speech + background noises, multiple talkers and music.

7.3
Support of mono, stereo and multi-channel
The EPS's codec should support multiple channels including stereo transmission (two channels). Solutions for 3D rendering would be desirable.

7.4
Bit rates
The EPS's codec shall cover a wide range of bit rates and related quality range with improved quality/bit rate efficiency for all of these bit rates with respect to existing codecs. Specifically:

· Low bit rates should be as low as current lowest bit rates of existing 3GPP codecs with improved quality at these bit rates and with the wider possible coded bandwidth for fall back usage over circuit-switched mobile radio access (case of overloaded cell or bad transmission conditions).

· High bit rates should allow maximizing the quality to almost transparency at full bandwidth and over all types of signals for usage over broadband access.
7.5
Scalability

In order to provide highest flexibility to better adapt to various network constraints and service needs, fine bit rate granularity with scalability would be desirable.

In order to allow optimum implementation efficiency in terminal or network devices (e.g. MCU) and to cover the wide range of bit rates (and related coded bandwidth) with the best possible flexibility, scalability would be a very desirable feature. This feature would allow adapting and adjusting dynamically the encoded bitstream according to the desirable voice bandwidth, the capability of the terminal (in terms of the supported multi-channel rendering system) and the access and/or core network available bit rate.
7.6
Robustness to packet loss and bit errors
The EPS's codec shall be robust to IP packet losses and include efficient packet loss concealment mechanism. 

The EPS's codec shall be robust to all other types of transmission errors (like bit errors) occurring in the LTE radio access networks (E-UTRA and E-UTRAN) as well as in the other radio access networks supported by EPS including non-3GPP access (e.g. WLAN, WiMAX…).

7.7
Algorithmic delay

The EPS's codec shall minimize the delay in order to limit as much as possible the codec contribution to the overall end to end latency especially when a tandem of two codecs is used as in the case of teleconferencing with centralized multipoint communication architecture (codec(s) algorithmic delays are then accumulated) which can impact negatively the communication's interactivity. A low delay codec would be highly desirable.

7.8
Complexity

Complexity shall be reduced as much as possible according to the quality requirements to be met. Possibility of low complexity mode for usage where cost / CPU limitation are a key issue could be considered.
7.9
Backward compatibility

In order to limit service implementation costs, number of codecs to be supported in terminals must be reduced and transcoding must be avoided in network as much as possible. Therefore, the capability to interoperate with existing 3GPP codecs (preferably AMR-WB) shall be provided.

7.9
Transcoding performances

The quality degradation and additional latency due to transcoding (i.e. decoding/encoding operation) must be as limited as possible. The codec shall have an algorithmic delay and quality performance that limit degradations in transcoding configurations (self transcoding and with other 3GPP codecs).

7.11
Flexibility to support classical signal processing algorithms
In order to allow optimum implementation efficiency in terminal or network devices (e.g. MCU), encoder, decoder and bitstream structures should be flexible enough and well designed to allow cost efficient methods be used to implement some classical signal processing (e.g. mixing, spatialization, speech enhancement…) operations enhancing the communication's quality.
8
Assessment of existing codecs
This section should assess the existing codecs with regards to defined requirements in section 7. A preliminary phase of selecting the codec(s) and their modes to be assessed is necessary.
9
Strategy for EPS's codec(s) standardization

This section will summarize the results of this study and will decide if there is need for the standardization of new voice codecs…
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