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At SA4#22, it was agreed that ITU-T should be informed of the reduction of AMR-WB modes and configurations for speech telephony service (i.e., of the decisions from TSG-SA#15 and TSG-SA#17). As liaisoning is not possible between 3GPP and ITU-T, it was decided that the issue would be communicated to ITU-T SG16 by individual company contribution (Nokia). Since SA4#22, text has been drafted for this ITU-T contribution mainly by SA4 TFO-experts (from Nokia, Nortel and Siemens). The drafting took place by e-mail correspondence before SA4#23 and also in off-line discussion during SA4#23. The text is provided below for information to SA4. The (final) contribution will be submitted to ITU-T SG16 meeting in October 2002. 
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1. Introduction

In 3GPP, the AMR-WB codec has been defined for use in several services: speech telephony service (Circuit Switched), Packet Switched Streaming Service (PSS), Multimedia Messaging Service (MMS), and conversational Packet Switched multimedia applications. The AMR-WB standard (3GPP TS 26.190) includes 9 codec modes as in its ITU-T version G.722.2.

In PS services the end-points (i.e. terminal applications and/or servers) either negotiate the mode to be used or support all the modes. The transport of the AMR-WB bit-stream is supposed to be achieved using the generic bearer services of the Core Network and Access Networks (including the radio). It can be in some services multiplexed with other data such as video, still images, text, etc.

For CS telephony service the overall picture is quite different. By CS telephony we mean telephony services that are managed in a similar way, essentially from a signalling viewpoint, as today’s telephony. The transport on the terrestrial links can be based on TDM, ATM or IP. WB telephony has been quite marginal so far in the telecommunication world and introducing it in wireless presents a certain number of challenges. 3GPP tried as far as possible to deal with the technical problems that could delay or prevent the availability of WB telephony in the wireless network technologies of which it is in charge of, i.e. UMTS & GSM. The problems mainly consist of the implementation complexity and interoperability.

The existence of 9 modes can be a problem for interoperability if they are not all available. In this context 3GPP decided to restrict the number of AMR-WB configurations mandated for CS Wide-Band telephony. In the following we elaborate on the implementation and interoperability issues, present the configurations that were eventually retained and finally make some suggestions on how this could be dealt by the ITU-T. We provide a list of acronyms at the end of this document; this can facilitate the reading.

2. Complexity and Interoperability aspects

Complexity

In 3GPP, the AMR-WB codec is used across several air-interfaces in speech telephony service: GERAN-GMSK TCH/Full-Rate, GERAN-8PSK TCH/Full-Rate and TCH/Half-Rate, and 3G WCDMA (UTRAN) channels. All 9 codec modes have been intended for all these channels (except the two highest modes which were excluded in GERAN-GMSK TCH/Full-Rate channel due to their too high bit-rate to fit into this channel). Supporting all the 9 codec modes for the many 3GPP speech telephony service channels would require a high number of channel codecs to be implemented (as one channel codec is needed per mode for each air-interface, e.g. 7+7+9=23 for a GERAN terminal). This resulted in significant implementation burden for networks and terminals, especially for the multi-mode terminals (e.g. UMTS/GSM) that will be more and more common.

Interoperability

Contrarily to the Narrow-Band telephony, there is no universally accepted format similar to G.711 for Wide-Band telephony and this is quite an issue to build a WB telephony service. The only solution is to transport the WB compressed speech in its native format between compatible end-points (i.e. terminals and/or gateways). In wireless network this can be achieved using Tandem Free Operation (3GPP TS 28.062) or/and Transcoder Free Operation (3GPP TS 23.153). TFO/TrFO is possible if the AMR-WB configurations are compatible from an end-to-end point of view, i.e. taking into account the terminal, access and core network capabilities. The AMR-NB exercise has shown how tricky this can be but at least tandeming via G.711 was possible.

3. Reduction of AMR-WB codec modes for 3GPP speech telephony service

To facilitate the implementation, the number of AMR-WB codec modes was reduced (at TSG-SA meeting #15 in March 2002) for speech telephony service to the following five: 23.85, 15.85, 12.65, 8.85 and 6.60 kbit/s. Based on listening test results for speech telephony service channels, these five modes are considered sufficient for high quality speech telephony service. For other services and applications in 3GPP except speech telephony service, all the 9 modes remain in use. All 9 source codecs are kept in the 3GPP AMR-WB codec, but the number of modes used for speech telephony service is just limited to 5.

In order to improve interoperability, the allowed AMR-WB codec mode configurations within active codec sets (ACS), i.e., which modes can be configured to be used within the mode adaptation at the same time, were further limited (at TSG-SA meeting #17 in September 2002). The following three configurations are allowed: Configuration A (6.60, 8.85, 12.65), Configuration B (6.60, 8.85, 12.65, 15.85) and Configuration C (6.60, 8.85, 12.65, 23.85). This improves Tandem Free Operation / Transcoder Free Operation (TFO/TrFO) interoperability in 3GPP in the various speech service transmission channels because all these configurations are compatible. They contain the same three lower modes. This enables immediate establishment of TFO/TrFO (where double transcoding for calls between mobile terminals is avoided). This restriction for allowed mode configurations also simplifies signalling (e.g. in call set-up and handovers) and also drastically simplifies testing.
Table I summarises the requirements for support of AMR-WB mode configurations in 3GPP speech telephony service.

Table I: Minimum requirements for support of AMR-WB modes in speech telephony service 

	Speech telephony service channel 
	Terminal  
	Network 

	TCH/F 
	Configuration A (6.60, 8.85 and 12.65)
	Configuration A (6.60, 8.85 and 12.65)

	O-TCH/H
	Configuration A (6.60, 8.85 and 12.65)
	Configuration A (6.60, 8.85 and 12.65)

	O-TCH/F
	Configurations A (6.60, 8.85, 12.65), B (6.60, 8.85, 12.65, 15.85) and C (6.60, 8.85, 12.65, 23.85) 
	Configuration A (6.60, 8.85 and 12.65)*

	UTRAN
	Configurations A (6.60, 8.85, 12.65), B (6.60, 8.85, 12.65, 15.85) and C (6.60, 8.85, 12.65, 23.85)
	Configuration A (6.60, 8.85 and 12.65) *


 *) Support for configurations B and C is optional
The reduction of modes and configurations concerns only how AMR-WB codec is used in the 3GPP speech telephony service (Circuit Switched). All 9 source codecs can be used in other applications in 3GPP such as PSS, MMS and PS conversational multimedia. All the 9 AMR-WB source codecs remain part of the 3GPP AMR-WB codec (and in the 3GPP specifications of 26-series). Only their use for speech telephony service is limited as described above.

4. Proposal

The importance of the interoperability between fixed and mobile networks WB speech telephony services is recognized in 3GPP. The decisions made in 3GPP will significantly facilitate the deployment of AMR-WB based telephony in the 2G and 3G networks under 3GPP mandate. Some of the issues may also exist for fixed network telephony. We propose to take into consideration the decisions in 3GPP and take the proper action in the ITU-T standards to enable interoperability with wireless networks.

This could be the inclusion into the adequate ITU-T recommendations (e.g. G.722.2) to use the three configurations (A, B and C) presented in this document when interoperability with 3GPP standards-based wireless network is required.

We also propose to inform 3GPP about the decisions in this regard. 

5. Acronyms

AMR
Adaptive Multi-Rate codec

AMR-NB
AMR for Narrow-Band speech

AMR-WB
AMR for Wide-Band speech

EDGE
Enhanced Data rate for GSM Evolution

GERAN
GSM/EDGE Radio Access Network (the radio interface supports new modulation schemes and higher data rates, the RAN can be connected to the CN through the Iu interface standardised for UMTS)

GERAN-8PSK
GERAN-8 Phase Shift Keying (new modulation introduced in 1999 in GSM radio interface, it triples the gross bit-rate)

GERAN-GMSK
GERAN-Gaussian Mean Shift Keying (the classical GMSK modulation of GSM is used over the radio interface)

GSM
Global System for Mobile

MMS
Multimedia Messaging Service (kind of SMS with multimedia content)

O-TCH/F
Octal TCH/Full rate, a 68.4 kbit/s gross bit-rate radio channel of GERAN-8PSK

O-TCH/H
Octal-TCH/Half rate a 32.4 kbit/s gross bit-rate radio channel of GERAN-8PSK

PSS
Packet Switched Streaming (a multimedia streaming service optimised for wireless networks)

TCH
Traffic CHannel (dedicated radio channel for speech or data.)

TCH/F
TCH/Full rate, a 22.8 kbit/s gross bit-rate radio channel of GERAN-GMSK

TCH/H
TCH/Half rate, an 11.4 kbit/s gross bit-rate radio channel of GERAN-GMSK

TFO
Tandem Free Operation (Tandem Free is achieved using in-band signalling after call set-up)

TrFO
Transcoder Free Operation (Tandem Free is achieved using out-of-band signalling before call set-up, the transcoders are in principle not in the communication path)

UMTS
Universal Mobile Telecommunication System

UTRAN
UMTS Terrestrial Radio Access Network

WCDMA
Wideband Code Division Multiple Access (multiple access scheme used for UTRAN)
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