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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.

Introduction
Conversational voice and audio services are among the most important ones in 3GPP mobile business. Switch from narrowband to wideband speech audio with AMR-WB is an important improvement step for these services. In order to keep high value in such services, Release 9 and the new EPS system give an opportunity for a next major step in voice and audio enhancement, particularly for very high audio quality suited to the increasing mixed music/speech content.

The Evolved Packet System (EPS) is an evolution of the 3GPP architecture to a higher-data-rate, lower-latency packet-optimized system that supports various radio-access technologies. The EPS architecture has been optimized for mobile broadband services, in particular enriched and new multimedia services. The EPS system is an enabler for providing conversational services with very high audio quality, including enhanced voice and mixed content quality. 
This document aims at to studying use cases which may benefit from improved audio quality for EPS services and examining the need for enhanced codecs. The related system and service requirements are discussed.
1
Scope

This study defines and analyses the new use cases in the environment of EPS and its future services. It evaluates how much the newly defined requirements are met by the already available codecs in Rel7. Potential new requirements for voice codecs are elaborated in due course. 
Specifically, the objective of this study item is to: 

· Identify service and system requirements, 

· Identify high level requirements, 

· Assess the existing codecs in respect to identified requirements,

· Define a strategy for EPS voice codec(s) standardization

· Identify some use cases for enhanced voice and mixed content conversational multimedia service for EPS (see Annex A),
By Release 9 timeframe, MTSI as a conversational multimedia service will be provided over EPS. MTSI is the main service for which the enhancements are targeted. This does not however exclude the enhanced service requirements from being later adopted to other services where such enhancements are needed and are found suitable.
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 v8.4.0: "Service requirements for the Evolved Packet System (EPS) (Release 8)".

[3]
3GPP TS 22.173 V8.2.0 "Multi-media Telephony Service and supplementary services; Stage 1»
[4]
3GPP TS 26.071: "Mandatory Speech Codec speech processing functions; AMR Speech CODEC; General description".

[5]
3GPP TS 26.090: "Mandatory Speech Codec speech processing functions; Adaptive Multi-Rate (AMR) speech codec; Transcoding functions".

[6]
3GPP TS 26.073: "ANSI C code for the Adaptive Multi Rate (AMR) speech codec".

[7]
3GPP TS 26.104: "ANSI‑C code for the floating-point Adaptive Multi Rate (AMR) speech codec".
[8]
3GPP TS 26.171: "Speech codec speech processing functions; Adaptive Multi-Rate - Wideband (AMR-WB) speech codec; General description".

[9]
3GPP TS 26.190: "Speech codec speech processing functions; Adaptive Multi-Rate - Wideband (AMR-WB) speech codec; Transcoding functions".

[10]
3GPP TS 26.173: "ANCI-C code for the Adaptive Multi Rate - Wideband (AMR-WB) speech codec".

[11]
3GPP TS 26.204: "Speech codec speech processing functions; Adaptive Multi-Rate - Wideband (AMR-WB) speech codec; ANSI-C code".

[12]
3GPP TS 26.103: "Speech codec list for GSM and UMTS".
[13]
3GPP TS 26.290: "Extended AMR Wideband codec; Transcoding functions".
[14]
3GPP TS 26.401: "General audio codec audio processing functions; Enhanced aacPlus general audio codec; General description".

[15]
3GPP TS 26.114: "Multimedia Telephony; Media handling and interaction".
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]:

EVS
Enhanced Voice Service

MTSI
Multimedia Telephony Service for IMS
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

This section will describe the main characteristics of the EPS that can affect directly or indirectly the design of new codec(s) for this system. The description will be based mainly on the EPS's service requirements as in [2]. It should be also reviewed and updated following the development progress of EPS.

4.1
EPS objectives

EPS objectives indicate the potential for new enhanced voice services. As EPS will provide higher data rates, lower latency and enhanced QoS, voice services can obviously be developed to take advantage of those features.

Furthermore, since EPS is a packet-optimised system, it will introduce flexibility in codec functionality and voice service provision, but also requires consideration regarding e.g. jitter and error concealment.

4.2
EPS requirements

EPS service requirements introduce interworking with variety of broadband networks as well as PS services provided on Rel-8 and earlier. In addition, EPS will be interworking with CS services. These requirements envision backwards compatibility requirements also for voice services. 

4.3
EPS Enhanced Voice Service
Enhanced Voice Service (EVS) is used in this TR to refer to the targeted enhancements. The intention of this TR is to assess the existing voice services against the requirements (identified in this TR). The enhancements will be justified if the requirements cannot be met by the existing 3GPP services.
There are no specific ‘Enhanced Voice Service’ or ‘Voice Service’ definitions in 3GPP. The term ‘EVS’ is used for the purposes of this TR to refer to the enhancements within each relevant 3GPP service (such as MTSI) as shown in Fig. 1.
In addition to other enhancements, improved narrowband and wideband quality may be offered by the EVS but it is not intended that EVS will replace the existing narrowband and wideband media types, which will continue in Rel-9.
[Editor’s note: This is SA4 assumption on what is meant with EVS but as a service issue it must be confirmed by SA1.]
[Editor's note: to be reviewed and updated according to the 
[image: image3]advances in EPS's service requirements as in [2]]

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

5
System and service requirements

The enhanced voice services for EPS should fulfill the system and service requirements described in the following sub-sections. 
5.1
Quality of user experience 

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, considering the advancement of other communication systems. It should be possible to achieve significantly better service quality than is possible with both release 8 3GPP narrowband and wideband voice services. User experience is also impacted by the consistency of the quality experienced by the user under varying access and core network conditions. Under varying network conditions the user experience should be better than in pre-release 9 by the means of EVS. The improvement of the end-to-end quality should address all parts of the transmission chain.
5.2
Efficiency

Enhanced voice services in the EPS should be deployable in an efficient manner. Enhanced voice services should address the efficient use of the transmission resource in EPS access and transport networks as well as the possibility to implement the new services on low-cost devices and network equipment with limited computational resource. With regard to transmission efficiency, it should exceed that of the pre-Rel-9 3GPP wideband voice service.
5.3
Backward service interoperability with pre rel9 3GPP networks and devices

Transcoding generates additional network effort (e.g. costs, transcoding gateways), degrades audio quality and increases latency. Transcoding-based solutions for ensuring service interoperability should 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 should be delivered to all participants.

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

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
It is recommended that the EVS codec may support FB audio.
Note: FB audio typically provides an audio bandwidth up to 20000 Hz. 

It is recommended that the EVS codec have mandatory support of SWB audio. 

Note: SWB audio is typically sampled at 32 kHz with an audio bandwidth of 50 – 14000 Hz.

It is recommended that the EVS codec should support WB audio. 

Note: WB audio is typically sampled at 16 kHz with an audio bandwidth of 50 – 7000 Hz.

[Editor's note: this constraint will be updated based on new technical input]
6.1.2 Number of audio channels

Stereo or multi channel presentation is one way to realize significantly improved QoE. The codec may provide stereo/ multi-channel coding capability. Multiple monophonic coding, i.e. one monophonic coding per channel, can be realized by appropriate packetization techniques while stereo/multi-channel coding, i.e. joint coding of the channels, is part of the audio coder algorithm. The choice of whether using dedicated stereo/multi-channel coding or multiple monophonic codings depends on a trade-off between achievable quality, available bit rates, available delay, complexity and other implementation factors.
If stereo/multi-channel coding capability is provided, it is necessary to specify how stereo or multi-channel capture/presentations could be achieved in mobile communications.

6.1.3 Bit rates
It is recommended that the codec shall span a large range of bit rates from low rates needed for high efficient conversational speech services to high rates required for EVS with high quality operation. The offered span of bit rates shall be wide enough to allow for rate adaptation in response to available transmission resource.
[Editor’s note: Further input motivated by evidence may be helpful to elaborate on the above section]

6.1.4 Algorithmic delay

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 algorithmic delay of the EVS codec should be such that the overall end-to-end delay meet or exceed the performance expectations in 22.105. 

]

Editor’s note: Further input is requested to finalize the text in brackets above.

6.1.5 Complexity

The EVS Codec should be implementable on a mobile device using today’s technology. The EVS codec may support complexity scalability. [Complexity scalability is understood as the codec providing a multitude of operating points with different complexity and resulting quality.] The EVS codec should provide low computational complexity not significantly exceeding the design limits set during the AMR-WB codec standardization, and should have low memory usage. Increased computational complexity and memory usage should be commensurate with the gain in quality of user experience.
Editor’s note: Input is required to clarify ‘complexity scalability’ further.
6.1.6 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]
6.2.2 Quality for mixed content and music

6.2.3 Robustness to packet loss delay jitter

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.

7
Assessment of existing codecs

This section should assess the existing narrowband and wideband 3GPP codecs (AMR. AMR-WB, EFR, FR, HR) with regards to defined requirements in section 6. A preliminary phase of selecting the codec(s) and their modes to be assessed is necessary.
The existing codecs will be included in the test and are hence evaluated relative to each other.

The assessment may include published test results and company contributions on testing, if agreed by SA4 to be relevant for the assessment.
Existing 3GPP codecs should be checked against the high level requirements defined in section 6. A time period should be defined to look for existing codecs which might be able to fulfil the requirements. An evaluation phase will be organized in order to demonstrate whether the performance of an existing codec is adequate over a set of conditions representing the foreseen applications of the coder. As soon as a set of conditions is defined in a test plan, a processing plan (c/o SA4) should be drafted accordingly.
[Editor's note: this work will be done by TSG SA4 experts]
8
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…
[Editor's note: this work will be done by TSG SA4 experts]
Annex A:
Use cases
Consensus was not reached regarding the relevance of the following use cases to this TR. Furthermore, some use cases description are considered incomplete.

A.1
High quality audio conferencing over heterogeneous networks and with different terminals

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 below, is a 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. 

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

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 3GPP access (e.g. E-UTRAN) and non-3GPP access networks, like WiMAX, WLAN, cdma2000®, 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(s) but old terminals can still participate in the conference even with only 3GPP pre-EPS codec(s).

The following examples are some possibilities illustrating the diversity of the participation environment conditions: 

· User A with PC terminal connected to WLAN.

· User B with a laptop terminal working outside and connected to its home network (e.g. non 3GPP defined).

· User C with a 3G/EPS hand held terminal in car 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 e.g. WLAN connection.

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

A.2 Two-party communication
The most typical and most important use case, where the end-user has high expectations regarding the perceived audio quality, is conversational voice communication between two parties (e.g. Multimedia telephony). 

Within the scope of 3GPP systems, the most likely case is that at least one of the involved terminals is a mobile terminal. Mobile terminals can in many cases be assumed to be used in mobile environments with certain ambient noise level. Also, it is likely that the mobile terminals will be used in hand-held mode using the built-in microphones and loudspeakers, or with a monaural mobile handsfree set. It is however notable that there is a technology trend significantly enhancing the acoustic front-ends of mobile terminals. It can hence be assumed that there are an increasing number of cases in which the mobile terminal provides fullband and stereo (or multi-channel) capabilities. Furthermore, such cases can be regarded typical for fixed line, PC, or IPTV terminals. To optimize the end-user experience, during the codec negotiation a wideband codec should be prioritized over a narrowband codec. The network operator policy can override the codec negotiation.

A.3
Interoperability with pre-Rel-9 3GPP systems

Today, 3GPP systems have a subscriber base counting in billions. The introduction of EPS can hence only be gradual and interoperation with pre-Rel-9 systems and terminal equipment as well with Rel-9 equipment not supporting EPS is a likely use case still for many years to come. 
Although multiple methods to achieve interoperation may exist, the selected method of interoperation should ensure the highest possible quality for the end user relative to other possible methods of interoperation.
A.4
Mobility scenarios

By their nature mobile terminals are likely to move during a session. Together with the fact that EPS will not have 100% coverage from its first roll-out this means that there is a high likelihood for handovers between cells with EPS support and cells without. Cells without are cells with only CS or legacy pre-Rel-9 PS access type. This scenario is likely to happen both with mobiles participating in two-party as well as in multi-party communication use cases.
For mobile terminals which camps in EPS the services continuity as described in TS 22.278 [2] applies.
A.5
Call Hold and (Explicit) Call transfer

These are supplementary services defined in [2],[3]. The call hold service allows a served mobile subscriber (subscriber A) to interrupt communication on an existing active call (with subscriber B), to place another call (with subscriber C) and, if desired, to re-establish the original communication. 
The ECT supplementary service enables the served mobile subscriber (subscriber A) who has two calls, each of which can be an incoming or outgoing call, to connect the other parties in the two calls (subscribers B and C) and release the served mobile subscribers own connection. 
In both of these supplementary services it is possible scenario that one of the calls established with subscriber A is an enhanced EPS voice service while the other is a legacy 3GPP wideband or narrowband voice service.

A.6
Voice-mail service

A typical use case of voice mail service is that a first user A establishes a call to a voice-mail server and leaves a message for some other user B. Later user B connects to the server and listens to the message. One likely case is that the terminals of both users are of different capabilities.

A.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.

A.8
Music on hold 
At present, music while on hold offers little more to the user than providing an indication that the call has not dropped. EPS is an opportunity to provide music on hold, of comparable quality to multimedia streaming, to improve user experience.  
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Fig 1: Illustration of the speech media component in Multimedia Telephony Service for IMS (MTSI) over EPS in Rel-8 (a) and plans for Rel-9 (b). MTSI is used here as an example of a conversational 3GPP multimedia service provided over EPS. �Support of AMR and AMR-WB codecs (AMR-WB for MTSI clients offering wideband speech communication at 16 kHz sampling frequency) is required in TS 26.114, however the use of other codecs is not excluded. The support requirements of the new codec with enhancements is left open in this TR
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