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Executive summary
3GPP RAN and SA2 groups have developed the LTE scheme which will serve as the basis of future 3GPP systems and support enhanced and new services. Recognising that voice will be an important service in LTE, enhanced speech conversational services towards very high audio quality are considered as one important step forward related to LTE. Such new voice services requirement put new performance requirements on codecs. Considering that last 3GPP codecs were standardized in respectively in 1999 and 2001, progress of speech coding technology during last 6 years should make possible very significant enhancement of quality of service and overall speech coding performance over IP.
It is consequently proposed:
· To specify in SA1 enhanced performance requirements for voice and mixed content conversational multimedia service scenarios for LTE
· To submit these requirements to SA4 so that the Work Item can be open to analyse the impact on speech codec requirements and define and standardize speech codec(s) suited for LTE environment and future services.
The following new voice services requirements impacting speech codecs are proposed as input for this work: 

· Enhanced voice quality and especially extension of the codec bandwidth to super wideband (20Hz – 15 kHz) and even full band (up to 20 kHz to get full "Hi Fi" quality)
· Reduced delay 

· Multichannel capability (at least stereo capability )

· Speech coding embedded scalability

It is underlined that this shall be achieved with backward interoperability, in order to avoid transcoding, with the existing services and the related codecs: AMR / AMR-WB.
1 Introduction
This contribution proposes in section 4 to work on new service and speech codec requirements for enhanced voice services over LTE. The background is considered in section 2 and some enhanced service and codec related requirements are proposed in section 3.
2 Background
2.1 Need for conversational services with enhanced quality

3GPP RAN and SA2 groups have developed the LTE scheme which will serve as the basis of future 3GPP systems and support enhanced and new services. Recognising that voice is an important service in LTE, enhanced speech conversational services towards very high audio quality are considered as one important step forward related to LTE.
Such new voice services requirement put new performance requirements on codecs. Considering that last 3GPP codecs were standardized in 1999 (AMR) and 2001 (AMR-WB) (see section 3), progress on speech coding technology during past 6 years should make possible very significant enhancement of quality of service and overall speech coding performance over IP.
Mobile phone users, network operators and manufacturers of mobile terminals and network infrastructure will benefit from enhanced quality conversational services over LTE especially like with high quality audio and video conferencing or with multimedia services where both music and conversational speech are mixed. Enhanced audio quality for mobile users can increase their satisfaction and the duration of calls or service session, generate higher profit for Telcos and boost high quality device market for manufacturers.

Fixed voice services are currently evolving very fast towards extended audio bandwidth and very high quality. Although network and bandwidth constraints are higher for mobile services, it is essential that mobile services evolve in the same way and allow for high quality fixed/mobile convergent services.
2.2 Speech codecs in 3GPP
Several codecs and codec modes are defined for CS voice support in UTRAN and are re-used in the scope of VoIP support in UTRAN. They are based on the AMR and AMR-WB operating at different modes with bit rates from 4.75 to 23.85 kbps. Those codecs and the corresponding modes are summarized in the table below.

	Codec
	Mode
	Bit rate (kbps)
	Frame size (Bytes)
	Frame interval (ms)
	Voice activity detection (VAD)
	Unequal Error Protection (UEP)
	VoIP usage

	AMR
	0
	4.75
	14
	20
	Yes
	Yes
	UL DCH / HS-DSCH + HSPA

	
	1
	5.15
	15
	
	
	
	None in TR 25.993 / TS 34.108

	
	2
	5.9
	16
	
	
	
	UL DCH / HS-DSCH + HSPA

	
	3
	6.7
	18
	
	
	
	None in TR 25.993 / TS 34.108

	
	4
	7.4
	20
	
	
	
	UL DCH / HS-DSCH + HSPA

	
	5
	7.95
	21
	
	
	
	None in TR 25.993 / TS 34.108

	
	6
	10.2
	27
	
	
	
	None in TR 25.993 / TS 34.108

	
	7
	12.2
	32
	
	
	
	UL DCH / DL DCH + UL DCH / HS-DSCH + HSPA

	
	8
	SID
	7
	160
	
	
	UL DCH / DL DCH + UL DCH / HS-DSCH + HSPA

	AMR-WB
	0
	6.60
	18
	20
	Yes
	Yes
	UL DCH / HS-DSCH + HSPA

	
	1
	8.85
	24
	
	
	
	UL DCH / HS-DSCH + HSPA

	
	2
	12.65
	33
	
	
	
	UL DCH / HS-DSCH + HSPA

	
	3
	14.25
	37
	
	
	
	None in TR 25.993 / TS 34.108

	
	4
	15.85
	41
	
	
	
	None in TR 25.993 / TS 34.108

	
	5
	18.25
	47
	
	
	
	None in TR 25.993 / TS 34.108

	
	6
	19.85
	51
	
	
	
	None in TR 25.993 / TS 34.108

	
	7
	23.05
	59
	
	
	
	None in TR 25.993 / TS 34.108

	
	8
	23.85
	61
	
	
	
	None in TR 25.993 / TS 34.108

	
	9
	SID
	7
	160
	
	
	UL DCH / HS-DSCH + HSPA


Table 1. AMR and AMR-WB codecs usage for VoIP over UTRAN
The AMR and AMR-WB codecs have been standardized in 1999 and 2001 respectively. It includes some advanced functionalities (voice activity detection, unequal error protection). However, since that time speech coding has witnessed important progress. Speech coding state of the art offers an enhanced quality for equivalent bit rate and supports more advanced functionalities adapted to the recent conversational communication architectures and characteristics.
3 New voice services requirements impacting speech codecs
To provide improved quality and functionalities adapted to the new services and networks architecture in LTE / SAE, the following requirements are proposed:
· Backward interoperability with AMR / AMR-WB
For easy and fast deployment (from market and technical perspective) it must be required that LTE / SAE's enhanced voice service interoperate without transcoding with UMTS voice call services. LTE / SAE's shall consequently support voice coding format bitstream compatible with AMR and WB-AMR at all mandatory bit rates (AMR codec: SID, 4.75, 5.9, 7.4, 12.2 kbps and AMR-WB codec: SID, 6.6, 8.85, 12.65 kbps) for Evolved UE to Evolved UE calls as well as for Evolved UE to UMTS VoIP-able UE calls.

· Enhanced voice quality
Extending the encoded speech bandwidth strongly increases the listening comfort and the sensation of presence in communications. Such advantage becomes very important for long communications. In addition, for new multimedia services mixing conversational speech and music, increase of audio bandwidth is even essential for music quality to get closer to "Hi Fi" quality that users are familiar with.
Evolution from narrow band mobile telephony (based on AMR) to wideband telephony (with AMR-WB) will be a first important step in voice quality of service improvement (formal ITU-T subjective tests show that wideband coded voice score 0.7 MOS to 1 MOS higher than narrow band coded voice). LTE shall be the opportunity to make an other step in such quality improvement by further extending the bandwidth to "super wideband" (SWB, 20 Hz – 15 kHz), or even "full band" voice (20 Hz – 20 kHz). This will allow very high quality "Hi Fi" conversational services (like high quality conferencing services) or mixed content multimedia services mixing conversational speech and music.

· Multi-channel capability
Using stereo or multi-channel signals allows an enhanced voice communication especially in services like teleconferencing or mixing speech and music. A high-fidelity reproduction of the remote sound environment with the possibility of space localisation of the speakers makes the communication more natural. Codecs for LTE should consequently support multiple channels including stereo transmission (two channels) as opposed to the conventional monaural (one channel) system.
· Reduced delay
Delay reduction is very important for usage over IP networks in a variety of conversational contexts and network interworking environments, notably in teleconferencing with multipoint communication topology or in situations where a tandem of codecs is used in a communication chain. In such situations, the codecs algorithmic delays are accumulated leading to a communication's interactivity degradation.
AMR and AMR-WB codecs work on 20 ms frames and have an algorithmic delay (lookhead + frame size + filtering) below 25 ms. Considering the processing time needed to code each 20 ms frame it can be considered that the latency introduced by the codec is more than 50 ms. With respect to G.711 (for narrow band) or G.722 (for wideband) "sample based" codecs used for fixed services, enhanced voice codecs for LTE should aim at significant delay reduction for current narrow band or wideband conversational services
· Embedded scalability
Embedded scalability is considered as a major and very interesting speech coding features by standard bodies. The last standardized ITU-T codec (G.729.1) and the next foreseen one (G.EV-VBR) are both scalable codecs [1].
Instead of working at several possible bit rates which require additional signalling capabilities (like AMR or AMR-WB multi-rate codecs), embedded scalable codecs provide one only bit stream structured in packet of bits corresponding to the core layer and the quality enhancement layers. The level of desired quality enhancement and related bit rate can be adapted by simply encoding or decoding part of the layers/bit stream.
Very efficient quality/bandwidth trade off adaptation can be implemented to adjust dynamically the bandwidth according to network and/or services constraints at any point of the communication chain. In addition, some different protected schemes can be applied to the different layers so that the core layer is better protected than enhancement layers. This results in an improved network transport efficiency resulting in better overall quality.
Besides, embedded scalability can be a very efficient way to implement quality enhancement requirements (with enhancement layers) while preserving full interoperability with AMR/AMR-WB (used as core layer).
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Figure 1. Comparison of conventional coding and scalable coding REF Hiwasaki2004 \h 

4 Proposal
( Define in SA1 the different voice conversational services scenarios related to the framework of LTE and SAE.

( Extract the voice related performance requirements corresponding to those scenarios that the new speech codecs must fulfil.
( Send a liaison statement to SA4 on the subject and open new WI in SA4 for studying and standardizing new advanced speech codecs with enhanced functionalities.
5 References

[1] ITU-T G.729.1 "G.729 based Embedded Variable bit-rate coder: An 8-32 kbit/s scalable wideband coder bitstream interoperable with G.729", May 2006.













































PAGE  
1

