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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

1 Scope

2 References

[TrFO]
TS 23.153 (Stage 2)

 [TFO]
TS 28.062 (Stage 3)
 [C_List]
TS 26.103 (Stage 3)
3 Network deployment scenarios to be studied

[Editors Note: It is proposed that a section of the TR be reserved for documenting typical network deployment scenarios.  This will provide background for the discussion.  Particular attention should be given to the relative locations of the BSC, Transcoder, MGW and Call Server in the following network deployment scenarios:

GSM current network deployments scenarios

How BICN likely could apply in those network deployment scenarios

Typical network architectures that involve Interworking to the PSTN or other fixed (transit) networks. These networks could be TDM or packet]

3.1 GSM Network Architecture of Pre-REL4
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 Figure 3.1-1 GSM Network Architecture of Pre-REL4

In GSM networks according to releases before REL4 the MSCs are interconnected on the user plane by TDM links (real or virtual) with 64 kb/s for speech traffic. The only speech codec type known between MSCs is G.711 ‘PCM’. 
There are typically several Points-of-Interconnect to the underlying PSTN, with 64kb/s for the speech traffic in PCM.
The MSCs control and interconnect the BSCs via the A-Interface (user plane and control plane), but they have no direct influence on the Codec Type selected by the BSC on the GSM radio access. The MSC can make a suggestion on the Codec Type, but the BSC decides finally. The MSCs have no means at all to signal the Codec Configuration to the BSCs or between MSCs. This is a drawback in handover situations.
The Transcoders are often located on central places physically ‘inside’ the mobile core network, close to the MSC, but they are remotely controlled by the BSCs via the Ater interface. So the transcoders belong logically to the GSM_BSS. Speech is transported on the Ater interface in compressed form using the same codec type and configuration as on the radio interface.

Tandem Free Operation (TFO) is defined on PCM links for all GSM Codec Types. TFO allows by inband signalling to ‘tunnel’ the compressed speech parameters through the TDM core network. TFO provides the possibility to bypass the transcoding functions, improves the speech quality in mobile-mobile calls, allows new speech services like wideband speech, but does not provide transmission cost saving.
3.2 UMTS Network Architecture of Pre-REL4
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Figure 3.2-1 UMTS Network Architecture of Pre-REL4

In UMTS networks according to releases before REL4 the MSCs are interconnected on the user plane by TDM links (real or virtual) with 64 kb/s for speech traffic. The only speech codec type known between MSCs is G.711 ‘PCM’. There are typically several Points-of-Interconnect to the underlying PSTN, with 64kb/s for the speech traffic in PCM.
The MSCs control and interconnect the RNCs via the Iu-Interface (user plane and control plane).
The MSC selects and commands the Codec Type on the UTRAN radio access and makes a suggestion on the Codec Configuration, but the RNC can select a sub-configuration. 

The Transcoders are located on central places physically and logically ‘inside’ the mobile core network as integral parts of the MSCs. They are controlled by the MSCs via internal interfaces. But also the RNC controls the transcode via the Iu interface (Iu_Init).  Speech is transported on the Iu-interface in compressed form using the same codec type and configuration as on the radio interface.
The MSCs have no means at all to signal the Codec Configuration between MSCs. This is a drawback in handover situations.

Tandem Free Operation (TFO) is defined on PCM links for all UMTS Codec Types (there is only UMTS_AMR and UMTS_AMR2). TFO allows by inband signalling to ‘tunnel’ the compressed speech parameters through the TDM core network. TFO provides the possibility to bypass the transcoding functions, improves the speech quality in mobile-mobile calls, allows new speech services like wideband speech, but does not provide transmission cost saving.
3.3 BICN with Hybrid A/Gb and Iu mode Network

BICN stands for “Bearer Independent Core Network”.
Note: since we consider only speech telephony services in this TR the Gb interface has no relevance.

[image: image5.wmf] 

PSTN

 

 

BSC

 

A

 

 

MSS

 

B

 

 

MSS

 

A

 

Trans

-

 

Coder 

 

A

 

BSC

 

B

 

Trans

-

 

Coder

 

B

 

Ater

 

Ater

 

Nc

 

A

 

A

 

PSTN

 

 

PoI B

 

PoI A

 

Call Control Signalling

 

A and TDM Interface

: 64kb/s

 

Ater Interface

 

PoI: Point of Interconnect

 

A

 

A

 

ISUP

 

ISUP

 

TDM

 

TDM

 

RNC

 

A

 

MGW

 

A

 

Trans

-

 

Coder 

 

A’

 

MGW

 

A

 

Trans

-

 

Coder 

 

B’

 

RNC

 

B

 

Iu

 

Iu

 

Iu

 

Iu

 

Nb

 

Nb

 

Mc

 

Mc

 

 Figure 3.3-1 Bearer Independent Core Network with A- and Iu-Interfaces of REL5


Note: the blue lines and text is suggested as enhancements to highlight the key areas.

The mobile Core Network of REL5 in layered architecture with BICC and OoBTC on the Nc interface provides the means to transport speech in compressed form on the Nb interface. 
The MSSs know, negotiate and select the speech Codec Types and Configurations on the Nb and Iu interfaces. The RNC accepts the commanded Codec Type and Configuration.
The MSSs suggest also the speech Codec Type to be used on the Ater interface, but the BSC has the final decision and determines the Codec Type and Configuration for the GSM radio interface and the Ater interface. The MSSs can not communicate the Codec Configuration with the BSCs in a direct way. This is a drawback in TrFO and in handover situations.
The MGWs host the transcoding between compressed speech on Nb or Iu and the legacy ‘PCM’. Points-of-Interconnect to the PSTN are typically provided at every MGW. In order to minimise the length of the speech path inside the PSTN the MGWs should be decentralised.
Bandwidth efficient transmission is always provided on the Ater- and on the Iu-interfaces, where the Iu allows a higher efficiency due to its packet based transport structure (ATM or IP). 
The bandwidth efficiency on the Nb-Interface depends on the selected Codec Type by OoBTC. It can be as on Iu or it can be 64kb/s for PCM. 
OoBTC may lead to a Transcoder free Operation (TrFO) with high bandwidth efficiency on all user planes for UE-to-UE calls.  For UE-to-PSTN calls at least the major part of the speech path can be realised in compressed form (TrFO-link, Transcoder at the Edge of the CN).
TFO on the A interface between the GSM transcoder and the MGW transcoder can be used to ‘export’ the compressed speech parameters from the GSM radio access into the CN without transcoding. In this way a “transcoding free Operation” can be achieved for MS-to-MS and MS-to-UE calls. The speech quality is the same as in a pure TrFO call, but the way how to achieve this is different. If the GSM Transcoder is situated physically close to a MGW, then all the relevant (cost related) links are in compressed form.



Note: This figure seems to be not necessary, because all call cases are already contained in the figure above.
3.4 
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Note: also this figure is in principle already included in the figure above. It is suggested to delete it.
3.5 TDM Transit network between  PLMNs 
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 Figure 3.4-1 TDM Transit network between PLMNs of REL5

4 Call Scenarios to be studied

[Editor’s Note: In order to understand the typical call types and call mixes likely to be encountered in the networks covered by section 3 (above), it is proposed that a section be dedicated to documenting typical call scenarios. For Example the following scenarios should be studied:

A) Static cases (i.e. the scenario does not change after call setup)
A1) Call scenarios that require more than 1 transcoding stage
- MS-MS calls without TFO and TrFO
- MS-PSTN calls without TFO, but with bandwidth efficient transmission in the CN
-MS-MS calls with different codec types
A2) Call scenarios where compressed speech is carried inefficiently (i.e. in PCM frames)

B) Dynamic cases (i.e. where the scenario changes during the call)
B1) Call scenarios with changes at call setup
- Calls with cascades of TFO and TrFO
- Calls with call forwarding

B2) Call scenarios with changes due to handover:
- Call scenario with change of codec type due to intra GERAN handover
- Call scenario with change of codec type due to intra UTRAN handover
- Call scenarios where calls handover between 3G and 2G access technologies]
Question: what is one transcoding stage?

Suggestion for definitions somewhere in the TR (e.g. in Chapter 9):

”Linear PCM”: also called “lin.PCM”. For all Codec Types defined for applications in GERAN, UTRAN or CN lin.PCM means the 16 bit 2’s complement representation of the band-limited speech signal, sampled either with 8 kHz for narrowband speech (0…4000Hz) and  sampled with 16 kHz for wideband speech (0…8000Hz). As long as the speech level is properly adjusted (i.e. lays between –20 dB and –36 dB below the overload point of the analogue to digital converter) the distortion cause by the linear PCM quantisation is negligible. If the level is rising above –20 dB the risc of saturation and clipping increases with severe consequences on speech quality. If the level is falling below –36 dB the quantisation noise becomes slowly more and more noticeable relative to the speech signal.
“Logarithmic PCM”: is better known as G.711 Codec Type, also called “log.PCM” or simply “PCM”. Log.PCM is only defined for narrowband speech. Log.PCM exists in six different modes with 64, 56 and 48 kb/s, in Alaw and uLaw coding. For the consideration in the present document only the two modes with 64 kb/s are of relevance. A direct, sample-by-sample, memory-less relationship between lin.PCM and log.PCM exists.

“Encoding”: This term comprises a) the process of speech compression (i.e. the reduction of redundancy and irrelevancy in the speech signal, starting from lin.PCM) and b) the representation of the resulting  speech parameters in some kind of code-words suitable for transmission or storage. Every Speech Codec Type uses a specific algorithm for the Encoding. Up to today no Encoding algorithm has been found for GERAN or UTRAN that works without loss of information. The resulting speech distortion is characteristic for the encoding algorithm. The lower the resulting bit rate the higher is typically the perceivable distortion.
“Decoding”: This term comprises the process of a) decoding the code-words into speech parameters and b) the synthesis of the speech-like output signal. It is common practise to assume that the decoding process does not introduce any additional distortion, i.e. the distortion resulting from an encoding-decoding cascade occurs fully and only in the encoding stage.
“Transcoding”: This term comprises the process of a) Decoding the code-words of the first Codec Type into the lin.PCM representation and b) the encoding from the lin.PCM domain into the code-words of the second Codec Type. In some specific cases it might be possible to find a direct transcoding from one code-word domain into the other code-word domain, but that is not typically the case and need no further consideration in the present document
Example 1: The transmission of speech in an MS-to-PSTN call with AMR on the radio links, without TFO or TrFO inside the CN, requires according to these definitions the following steps:
a) encoding from lin.PCM to AMR within the mobile
b) decoding from AMR to lin.PCM inside the TRAU
c) encoding from lin.PCM to log.PCM inside the TRAU
d) decoding from log.PCM to lin.PCM inside the PSTN Terminal.
This comprises two Encoding steps with loss of speech quality in each step. 
Often the distortion cause by the log.PCM Encoding is neglected (although it is clearly audible).
The call is characterised as call with one transcoding step.
Example 2: The transmission of speech in an MS-to-MS call with AMR on both radio links, without TFO or TrFO inside the CN, requires according to these definitions the following steps:
a) encoding from lin.PCM to AMR within the first mobile
b) decoding from AMR to lin.PCM inside the first TRAU
c) encoding from lin.PCM to log.PCM inside the first TRAU
d) decoding from log.PCM to lin.PCM inside the second TRAU
e) encoding from lin.PCM to AMR inside the second TRAU
f) decoding from AMR to lin.PCM inside the second mobile.
This comprises three Encoding steps with loss of speech quality in each step. 
The call is characterised as call with two transcoding steps.
Example 3: The transmission of speech in an MS-to-MS call with AMR on both radio links, with TFO and/or TrFO inside the CN, requires according to these definitions the following steps:
a) encoding from lin.PCM to AMR within the first mobile
b) decoding from AMR to lin.PCM inside the second mobile.
This comprises one Encoding steps with loss of speech quality. 
The call is characterised as call without transcoding.
The speech quality of this third example is theoretically and practically better than the speech quality resulting in example one. This quality improvement effect is not very big and is in practise often drawn by the distortions cause by radio interference and not optimal acoustic output interface in the mobile terminal.
5 General Requirements for Architectural Solutions

[Editors Note: It is proposed that the TR should cover general requirements such as backwards compatibility and interworking with and evolution of existing standard solutions (TrFO/TFO) etc.]
· Work between PLMNs (where agreements and intervening networks permit).

· Interworking fully defined with existing 3GPP standards (e.g. TrFO, TFO)

· Backward compatible with existing GSM (R99) Radio Access networks.

· Backward compatible with existing terminals

· Does not require implementation of non-standard interfaces on the Media Gateway (e.g. Ater).

· Support for Local Lawful Intercept requirements

6 Requirements and Architectural Solutions for Resource Savings

[Editor’s Note: An objective of the work item is to identify the full set of requirements and assess the architectural solutions for resource savings, with specific consideration to networks supporting A/Gb mode and the BICN. It is proposed that the TR studies the following topics.

Comparison of resources needed for in band and out of band transcoder control and codec negotiation/initialisation/modification. Those resources are in terms of equipment and transactions needed to set up calls and deal with any modifications of these calls. 

Resource requirements for interworking Nb interface with wireline networks (PSTN or Transit networks) with TDM, ATM or IP transport.]

· Reduce the total number of transcoding equipment in a A/Gb mode network using R4 core network architecture. This is very important for growing A/Gb mode networks.

7 Requirements and Architectural Solutions for Bandwidth Savings

[Editor’s Note: An objective of the work item is to identify the full set of requirements and assess the architectural solutions for bandwidth savings, with specific consideration to networks supporting A/Gb mode and the BICN. It is proposed that the TR investigates the following topics.

The bandwidth usage efficiency of the Nb interface for carrying either compressed speech or G.711 with ATM transport or IP transport

The bandwidth usage efficiency of the A interface for carrying compressed speech.]

· Reduce bandwidth requirements for A/Gb mode traffic in the packet transport network between Media Gateways across Nb interface.

· Enact transcoding at the edge of the network for calls to PSTN or other incompatible networks.

8 Requirements and Architectural Solutions for Speech Quality Improvements

[Editor’s Note: An objective of the work item is to identify the full set of requirements and assess the architectural solutions for improved speech quality, with specific consideration to networks supporting A/Gb mode and the BICN. It is proposed that the TR investigates the following topics.

Requirements for support of Wideband AMR

Requirements for reduction of transcoding stages

Requirements for speech quality enhancement features]

· Prevent unnecessary transcoding on mobile-to-mobile and mobile to fixed network calls to give improved speech quality (in a manner similar to either TFO or TrFO)
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