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Foreword

This Technical Specification has been produced by the 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 this TS, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version 3.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
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 specification;

1
Scope
The present Technical Specification outlines the Codec Lists in 3GPP for both systems, GSM and UMTS, to be used by the Bearer Independent Call Control (BICC) protocol to set up a call or modify a call in  Transcoder Free Operation (TrFO).
2
Normative references

The present Technical Specification incorporates by dated and undated reference, provisions from other publications. These normative references are cited at the appropriate places in the text and the publications are listed hereafter. For dated references, subsequent amendments to or revisions of any of these publications apply to this TS only when incorporated in it by amendment or revision. For undated references, the latest edition of the publication referred to applies.

[1]
TS 26.090 : “AMR Speech Codec Speech Transcoding Functions".

[2]
TS 26.093 : “AMR Speech Codec; Source Controlled Rate Operation".

[3]
TS 26.101 : “Mandatory Speech Codec Speech Processing Functions; AMR Speech Codec Frame Structure".
[4]
GSM 06.xx : “Enhanced Full Rate Codec Recommendations".

[5]
GSM 06.xx : “Adaptive Multi-Rate Codec Recommendations".





[6]
“ITU Q.765.BICC (Use of Application Transport Mechanism for Bearer Independent Call Control)
Editor´s note: The BICC is currently not defined for TDMA and PDC, neither is TFO finished for these systems.
The Codec Lists do only include UMTS and GSM Codecs. But at a later stage the other Codecs could be allowed in the BICC protocol, sent by UMTS. The Codec Lists for these other systems shall, however, be defined by the relevant bodies (T1P1, …).
So: in no case is a reference needed to these other system´s documents in the present TS.
Comments?
3
Definitions and Abbreviations

3.1 Definitions
Codec Type:
defines a specific class (type) of speech Coding algorithms (e.g. GSM-FR, GSM-AMR).
Codec Mode:
defines a specific version (mode) of a Codec Type (e.g. 12,2 kBit/s Mode of the GSM-AMR).
Organisation Identifier (OID): Identifies the standard organisation (e.g. 3GPP) producing a specific specification for a Codec List. ITU-T is responsible for maintaining the list of Organisation Identifiers.
System Identifier (SysID):  Identifies the system (e.g. GSM or UMTS) that is applying the Codec Specifications. 
Editor´s note: For purposes within the BICC protocol the 3GPP OID does encapsulate the two different SysIDs and the latter might be an organisation internal(3GPP internal)  issue. 
For the TFO Protocol, however, similar System Identifiers are under discussion. It seems to be reasonable to maintain a common, world wide agreed list of System Identifiers for the TFO protocol and to make these System Identifiers 100% identical to the ones used in the BICC protocol.
Currently the TFO specification activities ongoing for GSM, UMTS, TDMA, cdmaOne, cdma2000, PDC are not formally co-ordinated and these SysIDs are communicated via the participating companies only. A formally responsible body need to be found: ITU-T?
Further: the Editor´s working assumption for the TFO protocol for UMTS is the following:
- SysID == UMTS (to be defined still, maybe 0x0000.0100?)
– Codec_Types: GSM_EFR (o), GSM_AMR(o), UMTS_AMR(m), (,TDMA_xx(o), PDC_yy(o), …).
                          with (o): optional; (m): mandatory
– Codec Configurations may be needed for some of these Codec types.
That means: There is only ONE UMTS Codec List, including these “foreign” Codec Types.
This is a different approach than taken in the present TS for the BICC protocol.
Questions:
- Would it be reasonable to define for the BICC also only ONE Codec List for UMTS with ONE OID==SysID==3GPP that includes all mandatory and optional Codec Types like the TFO list?
Advantages: This list would more efficient coded in the BICC messages (less octets). It would be one-to-one compatible to the TFO Protocol.
Disadvantages: The foreign Codec Types would be directly included with possible problems in referencing. The inter-system communication might be not so “clean”:
- Whenever a new Codec Type is added in e.g. TDMA, then the UMTS Codec List need to be opened, too,
  to include it, and vice versa.
See more below.
3.2
Abbreviations

For the purposes of the present document, the following abbreviations apply:

SCR
Source Controlled Rate operation (synonym to DTX )

SID
Silence Descriptor

RX
Receive

TX
Transmit
OID
Organisation IDentifier (e.g. ITU-T, ETSI, 3GPP, T1P1)
SysID
System IDentifier (e.g. GSM, UMTS, DAMPS, DECT, VoIP)
CoID
Codec IDentifier
BICC
Bearer Independent Call Control

TFO
Tandem Free Operation 
(also sometimes called “Transcoder-Through” or “Codec-Bypass”)

TrFO
Transcoder Free Operation
GSM
Global System for Mobile communication

UMTS
Universal Mobile Telecommunications System
DAMPS
Digital Advanced Mobile Phone System

DECT
Digital European Cordless Telecom
VoIP
Voice over Internet Protocol
4 General

The present Technical Specification outlines the 3GPP internal Codec Lists for both, GSM and UMTS, to be used by the Bearer Independent Call Control (BICC) protocol to set up a call or modify a call in Transcoder Free Operation (TrFO). 
Transcoder Free Operation allows the transport of speech signals in the coded domain from one user equipment (UE) to the other user equipment through the radio access network (RAN) and core network (CN), possibly through a transit network (TN). This enables high speech quality, low transmission costs and high flexibility for service modification.

The necessary Codec Type selection and resource allocation are negotiated out of band before and after call setup. Possible Codec (re-)configuration, Rate Control and DTX signalling may be performed after call setup by additional inband signalling or a combination of inband and out-of-band signalling.
Up to release ´99 GSM does not support Transcoder Free Operation, but specifies the Tandem Free Operation (TFO).
Tandem Free Operation enables similar advantages, but is based on pure inband signalling after call setup.
The parameters defined in this Technical Specification allow an optimal interaction between TrFO and TFO. They further provide an evolutionary path for GSM towards Transcoder Free Operation.
5 Definition of the 3GPP Codec Lists
The definition of the Codec Lists in 3GPP for GSM and UMTS follows the specifications given in ITU-xy: The most preferred Codec Type shall be listed first, followed by the second preferred one, and so on. The whole organisation specific Codec List shall be preceded by a Length Indicator and the Organisation Identifier (OID) of the organisation that defined the Codec List (here 3GPP).

Within this organisation specific Codec List an individual Codec shall be preceded by its relevant Length Indicator, its System Identifier, followed by its Codec Identifier (CoID) and its Codec attributes (if applicable). Table 3.1 gives one informative example.

Table 3.1: Example of a 3GPP specific part of the whole Codec List

Octet
Meaning
Example

1
Length Indicator (3GPP part)
10

2
Organisation Identifier
3GPP

3
Length Indicator 1
5

4
5
6…n
SysID 1
CoID 1
[Codec Attributes 1]
UMTS
AMR
MACS, SCS, ACS

n+1
Length Indicator 2
2

n+2
n+3
n+4…
SysID 2
CoID 2
[Codec Attributes 2]
GSM
EFR
-

The encapsulation of the two 3GPP specific Codec Lists by one OID allows the individual handling of details by the different organisations.
(Editor´s note: 
The ITU defined OIDs could be (ffs):
0x0000.0000
: reserved
0x0000.0001
: ITU-T
0x0000.0010
: 3GPP
(is now proposal to ITU-T)
0x0000.0011
: reserved
others


: reserved

The 3GPP defined SysIDs could be (ffs):
0x0000.0000
: GSM

(is defined since long in SMG 

for GSM 

 in TFO Protocol!)
0x0000.0001
: reserved (is under discussion 
 in 3GPP2 
for TDMA

 in TFO Protocol?)
0x0000.0010
: reserved (is under discussion 
 in 3GPP2 
for cdmaOne
 in TFO Protocol?)
0x0000.0011
: reserved (is under discussion 
 in 3GPP2 
for cdma2000 in TFO Protocol?)
0x0000.0100
: UMTS
(is under discussion 
 in 3GPP 

for UMTS

 in TFO Protocol?)

It might be still some time to change the values in the TFO Protocol, if felt necessary.
5.1
Codec List for GSM
The System IDentifier (SysID) for GSM is defined to be GSM_SysID == 0x0000.0000 (ffs)
The GSM standard defines currently four different Codec Types: Full Rate, Half Rate, Enhanced Full Rate and Adaptive Multi-Rate.
Begin of Editor´s Note: 
The GSM Codec List could be constructed in several ways, more or less compact. The proposal outlined below in the following sub-clauses is less compact, but maybe easier to handle in the BICC protocol.

The more compact version could look like what is currently defined in GSM 08.62 – translated into the ITU list format. 
Example: 
All Codec Types are offered. Preference is default: AMR_FR – EFR – AMR_HR – FR – HR, as defined in 08.62. Only one of the listed Codec Types need attributes: the AMR. They are given for FR and HR radio channels, with preference to the FR.
Oct
Parameter
MSB 8
7
6
5
4
3
2
1 LSB

1
LI
10

2
SysID
GSM_SysID

3
List_1
(spare)
(spare)
(spare)
(spare)
AMR
EFR
HR
FR

4
List_2
(spare)
(spare)
(spare)
Ext==0
(spare)
(spare)
(spare)
(spare)

5
LI_int_AMR
6

6
CoID
AMR_CoID

7
MACS_FR
FR==0 
(spare)
(spare)
(spare)
(spare)
(spare)
MACS_FR

8
SCS_FR
12.2
10.2
7.95
7.40
6.70
5.90
5.15
4.75

9
ACS_FR
12.2
10.2
7.95
7.40
6.70
5.90
5.15
4.75

10
ACS_HR
HR==1
(spare)
7.95
7.40
6.70
5.90
5.15
4.75

11
SCS_HR
MACS_HR
7.95
7.40
6.70
5.90
5.15
4.75


With ext == extension bit for a subsequent Codec List.
From the BICC point of view this list has One entry: “GSM_Codecs”: either the partner knows about GSM: then it has to look into details – or it does not know about GSM: then it can skip the whole block. This coding needs 11 octets for all currently known GSM Codec Types.
The alternative list as defined below needs 3+3+3+8=17 octets for the same information, but it is easier to handle by the BICC protocol. A direct translation between TFO-coding and BICC coding is always possible.
The more “simple” Codecs GSM will get in future the more significant will be the difference. There is no difference for “complex” Codecs with attributes.
Still: according to the Editor´s opinion the simplicity for decoding should have preference.

A very similar approach could be taken for UMTS as well.
We could go even further and define ONE list only for 3GPP (including GSM and UMTS as integral parts). Example:

Oct
Parameter
MSB 8
7
6
5
4
3
2
1 LSB

1
LI
LI = 15 (encapsulates the whole following 3GPP list)

2
SysID
3GPP_OID == 0x0000.0010 == 2

3
List_1
P6.70
T12.2
T7.4
UAMR
GAMR
GEFR
GHR
GFR

4
List_2
(spare)
(spare)
(spare)
Ext==0
(spare)
(spare)
(spare)
THR

5
LI_int_AMR
LI = 6 (for the GSM_AMR attributes, FR and HR)

6
CoID
GAMR_CoID == 0x0000.0011 == 3

7
MACS_FR
FR (0)
(spare)
(spare)
(spare)
(spare)
(spare)
MACS_FR

8
SCS_FR
12.2
10.2
7.95
7.40
6.70
5.90
5.15
4.75

9
ACS_FR
12.2
10.2
7.95
7.40
6.70
5.90
5.15
4.75

10
ACS_HR
HR (1)
(spare)
7.95
7.40
6.70
5.90
5.15
4.75

11
SCS_HR
MACS_HR
7.95
7.40
6.70
5.90
5.15
4.75

12
CoID
LI = 4 (for the UMTS_AMR attributes)

13

UAMR_CoID == 0x0000.0100 == 4

14
MACS
(spare)
(spare)
(spare)
(spare)
(spare)
MACS

15
SCS
12.2
10.2
7.95
7.40
6.70
5.90
5.15
4.75

16
ACS
12.2
10.2
7.95
7.40
6.70
5.90
5.15
4.75

With G=GSM; U=UMTS; T=TDMA, P=PDC; This list would describe all currently possible AMR derivates in a 3GPP specific way; very similar to the TFO for UMTS.
To some extend this coding approach is also used in TS 26.101, where all possible DTX frame formats are included in one Frame Type Index coding.
Please give me your comments. Without response I will continue the “explicit” description given below.
End of Editor´s note.
5.1.1
GSM Full Rate Codec Type
The Codec IDentification (CoID) code is defined to be: FR_CoID := 0x0000.0000.
The GSM_FR has no additional parameters. The Length Indicator field (LI) is therefore set to 2 (0x0000.0010).
The entry within a Codec List consists of 3 octets and looks like (table 5.1):
Table 5.1:Codec List entry for the GSM Full Rate Codec Type

Oct
Parameter
MSB 8
7
6
5
4
3
2
1 LSB

1
LI
2

2
SysID
GSM_SysID

3
CoID
FR_CoID

For information (for exact details see GSM 06 series): 
The GSM Full Rate Codec Type supports one fixed Codec Mode with 13.0 kBit/s. 
DTX may be enabled in uplink and in downlink independently of each other. DTX on or off is defined by the network on a cell basis and can not be negotiated at call setup or during the call. The DTX scheme uses one SID frame to mark the end of a speech burst and to start Comfort Noise Generation. Identical SID frames for comfort noise updates are sent in speech pauses about every 480 ms, aligned with the cell´s TDMA frame structure. The defined Tandem Free Operation allows the reception of GSM-FR DTX information for the downlink direction in all cases. The TFO respectively TrFO partner shall be prepared to receive DTX information as well.
5.1.2
GSM Half Rate Codec Type

The Codec IDentification (CoID) code is defined to be: HR_CoID := 0x0000.0001.

The GSM_HR has no additional parameters. The Length Indicator field (LI) is therefore set to 2 (0x0000.0010).

The entry within a Codec List consists therefore of 3 octets and looks like (table 5.2):
Table 5.2:Codec List entry for the GSM Half Rate Codec Type

Oct
Parameter
MSB 8
7
6
5
4
3
2
1 LSB

1
LI
2

2
SysID
GSM_SysID

3
CoID
HR_CoID

For information (for exact details see GSM 06 series): 

The GSM Half Rate Codec Type supports one fixed Codec Mode with 5.60 kBit/s. 

DTX may be enabled in uplink and in downlink independently of each other. DTX on or off is defined by the network on a cell basis and can not be negotiated at call setup or during the call. The DTX scheme uses one SID frame to mark the end of a speech burst and to start Comfort Noise Generation. Identical SID frames for comfort noise updates are sent in speech pauses about every 480 ms, aligned with the cell´s TDMA frame structure. The defined Tandem Free Operation allows the reception of GSM-HR DTX information for the downlink direction in all cases. The TFO respectively TrFO partner shall be prepared to receive DTX information as well.
5.1.3
GSM Enhanced Full Rate Codec Type

The Codec IDentification (CoID) code is defined to be: EFR_CoID := 0x0000.0010.

The GSM_EFR has no additional parameters. The Length Indicator field (LI) is therefore set to 2 (0x0000.0010).

The entry within a Codec List consists therefore of 3 octets and looks like (table 5.3):
Table 5.3:Codec List entry for the GSM Enhanced Full Rate Codec Type

Oct
Parameter
MSB 8
7
6
5
4
3
2
1 LSB

1
LI
2

2
SysID
GSM_SysID

3
CoID
EFR_CoID

For information (for exact details see GSM 06 series): 

The GSM Enhanced Full Rate Codec Type supports one fixed Codec Mode with 12.2 kBit/s. 

DTX may be enabled in uplink and in downlink independently of each other. DTX on or off is defined by the network on a cell basis and can not be negotiated at call setup or during the call. The DTX scheme uses one SID frame to mark the end of a speech burst and to start Comfort Noise Generation. It is important to note that the Comfort Noise parameters for this start of the comfort noise generation are calculated at transmitter side from the previous eight speech frames. A DTX hangover period needs to be applied therefore at transmitter side before sending the first SID frame. SID frames with incremental information for comfort noise updates are sent in speech pauses about every 480 ms, aligned with the cell´s TDMA frame structure. The defined Tandem Free Operation allows the reception of GSM-EFR DTX information for the downlink direction in all cases. The TFO respectively TrFO partner shall be prepared to receive DTX information as well.
5.1.4
GSM Adaptive Multi-Rate Codec Type

The Codec IDentification (CoID) code is defined to be: AMR_CoID := 0x0000.0011.

The GSM_AMR has several additional parameters. In specific constellations it might be necessary to differentiate these parameters for Full Rate and Half Rate radio channels. The Length Indicator field (LI) is therefore
– set to 4 (0x0000.0100), if only the Half Rate parameter set is included, or 
- set to 5 (0x0000.0101), if only the Full Rate parameter set is included or
- set to 7 (0x0000.1000) if both parameter sets are necessary. The MSB of the first octet after the GSM_AMR CoID identifies which radio channel is listed first and is therefore the preferred one. These parameters are:
Active Codec Set, ACS: 

in case of Full Rate: eight bits, up to four modes may be selected by setting the corresponding bits to “1”; 
in case of Half Rate only the lower six bits are defined.
Supported Codec Set, SCS: 
in case of Full Rate eight bits, up to eight modes may be selected by setting the corresponding bits to “1”; 
in case of Half Rate only the lower six bits are defined.
Maximal number of Codec Modes, MACS: 
one to four Codec Modes are allowed within the ACS: “01: one, “10”: two, “11”: three, “00”: four ).
Radio Channel (RCH):
either GSM Full Rate (RCH: FR = ”0”) or GSM Half Rate (RCH: HR = “1”) or both.
The entry within a Codec List consists of 5 octets in case of the Half Rate AMR parameter set (table 5.4.1):
Table 5.4.1:Codec List entry for the GSM Adaptive Multi-Rate Codec Type, half rate radio channel

Oct
Parameter
MSB 8
7
6
5
4
3
2
1 LSB

1
LI
4

2
SysID
GSM_SysID

3
CoID
AMR_CoID

4
ACS_HR
HR (1)
(spare)
7.95
7.40
6.70
5.90
5.15
4.75

5
SCS_HR
MACS_HR
7.95
7.40
6.70
5.90
5.15
4.75


The entry within a Codec List consists of 6 octets in case of the Full Rate AMR parameter set (table 5.4.2):
Table 5.4.2:Codec List entry for the GSM Adaptive Multi-Rate Codec Type, full rate radio channel

Oct
Parameter
MSB 8
7
6
5
4
3
2
1 LSB

1
LI
5

2
SysID
GSM_SysID

3
CoID
AMR_CoID

4
MACS_FR
FR (0)
(spare)
(spare)
(spare)
(spare)
(spare)
MACS_FR

5
SCS_FR
12.2
10.2
7.95
7.40
6.70
5.90
5.15
4.75

6
ACS_FR
12.2
10.2
7.95
7.40
6.70
5.90
5.15
4.75

The entry within a Codec List consists of 8 octets in case of the Full Rate and Half Rate parameter sets, with higher priority to Full Rate is (table 5.4.3):
Table 5.4.3:Codec List entry for the GSM Adaptive Multi-Rate Codec Type, full rate then half rate radio channel


Oct
Parameter
MSB 8
7
6
5
4
3
2
1 LSB

1
LI
7

2
SysID
GSM_SysID

3
CoID
AMR_CoID

4
MACS_FR
FR (0)
(spare)
(spare)
(spare)
(spare)
(spare)
MACS_FR

5
SCS_FR
12.2
10.2
7.95
7.40
6.70
5.90
5.15
4.75

6
ACS_FR
12.2
10.2
7.95
7.40
6.70
5.90
5.15
4.75

7
ACS_HR
HR (1)
(spare)
7.95
7.40
6.70
5.90
5.15
4.75

8
SCS_HR
MACS_HR
7.95
7.40
6.70
5.90
5.15
4.75

The entry within a Codec List consists of 8 octets in case of the Half Rate and Full Rate parameter sets, with higher priority to Half Rate is (table 5.4.4):
Table 5.4.4:Codec List entry for the GSM Adaptive Multi-Rate Codec Type, half rate then full rate radio channel

Oct
Parameter
MSB 8
7
6
5
4
3
2
1 LSB

1
LI
7

2
SysID
GSM_SysID

3
CoID
AMR_CoID

4
ACS_HR
HR (1)
(spare)
7.95
7.40
6.70
5.90
5.15
4.75

5
SCS_HR
MACS_HR
7.95
7.40
6.70
5.90
5.15
4.75

6
MACS_FR
FR (0)
(spare)
(spare)
(spare)
(spare)
(spare)
MACS_FR

7
SCS_FR
12.2
10.2
7.95
7.40
6.70
5.90
5.15
4.75

8
ACS_FR
12.2
10.2
7.95
7.40
6.70
5.90
5.15
4.75

For information (for exact details see GSM 06 series): 
The GSM AMR Codec Type comprises eight different Codec Modes: 12,2 … 4,75 kBit/s.

The active Codec Mode is selected from the Active Codec Set (ACS) by the network (Codec Mode Command) with assistance by the mobile station (Codec Mode Request). This Codec Mode Adaptation, also termed Rate Control, can be performed every 40 ms by going one Codec Mode up or down within the ACS. The Codec Modes in uplink and downlink at one radio leg may be different. In Tandem Free Operation both radio legs (A and B) are considered for the optimal selection of the active Codec Mode in each direction (uplink A and then downlink B, respectively vice versa). The worst of both radio legs determine the highest allowed Codec Mode, respectively the maximally allowed rate. Besides this Maximum Rate Control the active Codec Mode may in addition be frozen to a fixed mode by any of the two radio legs to allow a smooth handover procedure (Exact Rate Control). All rate control commands are transmitted inband: on the radio interface, the BTS-TRAU interface and the TRAU-TRAU interface.
The Active Codec Set is configured at call setup or reconfigured during the call. It consists of one up to maximally four Codec Modes (MACS) at a given time, selected from the Supported Codec Set. The maximal number of Codec Modes and the Supported Codec Set may be constrained by the network to consider resources and radio conditions. 
The Active Codec Sets in uplink and downlink are typically identical, but may be different as well. 
First, at start up of Tandem Free Operation, both Active Codec Sets are taken into account to determine the common Active Codec Set. In a later phase the Supported Codec Sets and MACSs of both radio legs may be taken into account to find the optimum Common Active Codec Set. All configuration data and update protocols are transmitted inband.

The DTX scheme of the Adaptive Multi-Rate Codec Type marks with a specific SID_FIRST frame the end of a speech burst. SID_FIRST does not contain Comfort Noise parameters. This SID_FIRST starts the comfort noise generation with parameters that are calculated at receiver side (!) from the latest received seven speech frames. A DTX hangover period needs to be applied therefore at transmitter side before sending of this SID_FIRST. 
Absolutely coded SID_UPDATE frames follow about every eighth frame (160 ms) in speech pauses. SID_UPDATE frames are sent independently of the cell´s TDMA frame structure and are related only to the source signal. 
An ONSET frame (typically) precedes in uplink direction the beginning of a new speech burst. DTX on or off is defined by the network on a cell basis. The defined Tandem Free Operation allows the reception of GSM-AMR DTX information for the downlink direction in all cases.

Note: The DTX scheme of the Enhanced Full Rate Codec Type is not compatible with the DTX scheme of the Adaptive Multi-Rate Codec Type in Codec Mode 12.2 kBit/s, although the speech modes of these two Codec Types are bit exact identical.
Editor´s note: The Negotiation Procedure for Transcoder Free Operation (TrFO) may look like (ffs):
The Originating Side shall suggest ACS and ICM and inform about its own SCS and MACS. 
The Terminating Side shall select ACS and ICM on basis of its own and the received SCSs and MACSs, possibly considering the received, suggested ACS and ICM. These parameters are then transmitted back and are binding for both sides in both directions. The Terminating side shall include its own SCS and MACS for information. Guidance how to determine the common ACS may be found in GSM 08.62 (under preparation still).
Editor´s note: It is for further study, whether the GSM AMR system shall support as well the DTX schemes to TDMA and PDC. This may be reasonable, because some Codec Types of these systems are fully compatible to AMR Codec Modes. The only (small) differences can be found in the DTX procedures and the SID frames. In any case the Codec Lists for these Codec Types should be defined in similar Technical Specifications in the TDMA and PDC standards.
DTX in GSM in uplink may be modified for that purpose to be selectable on a call by call basis in case of AMR. Several (small) Change Requests would be necessary and it may still be possible to have them approved in Dec by SMG#30bis for releases 98 and 99. The necessary signalling to the GSM-MS could be done via Layer-3 or by the newly introduced RATSCCH. The latter is attractive, because it allows a simple solution for TFO – important until TrFO is introduced in GSM (which may never come, at least not in all life GSM networks). GSM AMR accepts DTX in downlink at any time, but currently on the AMR DTX scheme. One possible solution could be that the GSM AMR TRAU translates all “external” DTX schemes into the AMR one downlink and vice versa in uplink. But that is quite cumbersome, costs delay and possibly comfort noise quality. The optimal solution would be to relay the external DTX signalling all the way down to the MS (and back): true TFO for speech and DTX.
5.2
Codec List for UMTS
The System IDentifier (SysID) for UMTS is defined to be UMTS_SysID == 0x0000.00100 (ffs)

The UMTS standard defines currently one mandatory Codec Type: UMTS Adaptive Multi-Rate (UMTS_AMR).
In principle the UMTS_AMR supports various DTX and Rate Control schemes known from other systems, like GSM, TDMA, PDC. These other versions are, however, handled in the Codec List like other, optional Codec Types. 
In case of the GSM_AMR an UMTS Originating side may set more than four Codec Modes within the offered Active Codec Set. A GSM Terminating side will then have all freedom to select the optimal Active Codec Set with the best four Codec Modes.
5.2.1
UMTS Adaptive Multi-Rate Codec Type

The Codec IDentification (CoID) code is defined to be: UMTS_AMR := 0x0000.0100 (ffs).

The UMTS_AMR has several additional parameters. The Length Indicator field (LI) is set to 5 (0x0000.0101). These parameters are:
Active Codec Set, ACS: 

eight bits, up to eight modes may be selected by setting the corresponding bits to “1”; 
Supported Codec Set, SCS: 
eight bits, up to eight modes may be selected by setting the corresponding bits to “1”; 
Maximal number of Codec Modes, MACS: 
three bits, up to eight Codec Modes are allowed within the ACS: “001: one, “010”: two, …, “000”: eight ). 

The entry within a Codec List consists of 6 octets in case of the UMTS-AMR parameter set (table 5.5):
Table 5.5:Codec List entry for UMTS Adaptive Multi-Rate Codec Type

Oct
Parameter
MSB 8
7
6
5
4
3
2
1 LSB

1
LI
5

2
SysID
UMTS_SysID

3
CoID
AMR_CoID

4
MACS
(spare)
(spare)
(spare)
(spare)
(spare)
MACS

5
SCS
12.2
10.2
7.95
7.40
6.70
5.90
5.15
4.75

6
ACS
12.2
10.2
7.95
7.40
6.70
5.90
5.15
4.75


For information (for exact details see UMTS 26.xxx series): 

The UMTS_AMR Codec Type comprises eight different Codec Modes: 12,2 … 4,75 kBit/s.

The active Codec Mode is selected from the Active Codec Set (ACS) by the network. This Codec Mode Adaptation, also termed Rate Control, can be performed every 20 ms by going to any arbitrary Codec Mode within the ACS. The Codec Modes in uplink and downlink at one radio leg may be different. In Tandem Free Operation or Transcoder Free Operation both radio legs (A and B) are considered for the optimal selection of the active Codec Mode in each direction (uplink A and then downlink B, respectively vice versa). The worst of both radio legs determine the highest allowed Codec Mode, respectively the maximally allowed rate. Besides this Maximum Rate Control the active Codec Mode may in addition be frozen to a fixed mode by any of the two radio legs to allow a smooth handover procedure (Exact Rate Control). All rate control commands are transmitted inband on the IU interface and out of band on the radio interface (ffs).

The Active Codec Set is configured at call setup or reconfigured during the call. It consists of one up to maximally eight Codec Modes (MACS) at a given time, selected from the Supported Codec Set. The maximal number of Codec Modes and the Supported Codec Set may be constrained by the network to consider resources and radio conditions. 
The Active Codec Sets in uplink and downlink are typically identical, but may be different as well.
At call setup the Originating Side sends the AMR parameter set (included in the Codec List). The Terminating side then selects a suitable ACS from the given information and sends it back. In case the terminating side does not support TrFO a transcoder is allocated in the path at a suitable position, preferably as close as possible to the terminating side. This transcoder may by inband signalling install a Tandem Free Operation after call setup. Then, at start up of Tandem Free Operation, both Active Codec Sets are taken into account to determine the common Active Codec Set. In a later phase the Supported Codec Sets and MACSs of both radio legs may be taken into account to find the optimum Common Active Codec Set. All configuration data and update protocols are transmitted inband on the TFO interface, but (possibly) out of band within the UMTS network. For information on Tandem Free Operation see GSM 08.62 respectively TS 26.xxx.
The DTX scheme of the default Adaptive Multi-Rate Codec Type marks with a specific SID_FIRST frame the end of a speech burst. SID_FIRST does not contain Comfort Noise parameters. This SID_FIRST starts the comfort noise generation with parameters that are calculated at receiver side (!) from the latest received seven speech frames. A DTX hangover period needs to be applied therefore at transmitter side before sending of this SID_FIRST. 
Absolutely coded SID_UPDATE frames follow about every eighth frame (160 ms) in speech pauses. SID_UPDATE frames are sent independently of the cell´s timing structure and are related only to the source signal. 
An ONSET frame does (typically) not exist in UMTS networks, but may be received in TFO from the distant partner. It marks the beginning of a speech burst. DTX on or off is defined by the network on a cell or call (ffs) basis. The defined Tandem Free Operation and Transcoder Free Operation allows the reception of AMR DTX information for the downlink direction in all cases.
For compatibility with other systems the UMTS AMR Codec Type supports various other DTX and Rate Control schemes in addition to the default ones: GSM_EFR, TDMA_EFR, TDMA_US1, PDC_EFR.
The exact details of these Codec Types and their related procedures (DTX, Rate Control, etc) are described in the respective standard documentation.
It is currently not possible to establish a Transcoder Free Operation between UMTS and these other systems, but it may soon be possible to establish Tandem Free Operation between UMTS and all these other systems.
Annex A (informative) : Example Codec List for UMTS
This Annex gives some informative examples how the Codec List for UMTS may look like for the BICC protocol.
Typically UMTS should support from the beginning: UMTS_AMR, GSM_AMR, GSM_EFR, TDMA_7.4, PDC_5.9.
It must be assumed that the “other” side does not necessarily understand that UMTS_AMR includes TDMA_7.4 (for example). Therefore it is proposed to include in the Codec_List both Codec types explicitly. One list (with arbitrarily selected Codec type preference) could look at Originating side like:
Oct
Parameter
MSB 8
7
6
5
4
3
2
1 LSB

1


LI (3GPP)
18

2
OID
3GPP_OID

3
LI (Codec 1)
5

4
SysID
UMTS_SysID

5
CoID
AMR_CoID

6
MACS
(spare)
(spare)
(spare)
(spare)
(spare)
MACS (8)

7
SCS
1
1
1
1
1
1
1
1

8
ACS
1
1
1
1
1
1
1
1

9
LI (Codec 2)
7

10
SysID
GSM_SysID

11
CoID
AMR_CoID

12
MACS_FR
FR (0)
(spare)
(spare)
(spare)
(spare)
(spare)
MACS (4)

13
SCS_FR
1
1
1
1
1
1
1
1

14
ACS_FR
1
1
1
1
1
1
1
1

15
ACS_HR
HR (1)
(spare)
1
1
1
1
1
1

16
SCS_HR
MACS_HR (4)
1
1
1
1
1
1

17
LI (Codec 3)
2

18
SysID
GSM_SysID

19
CoID
EFR_CoID

Note that the GSM AMR has all bits set within the ACS: UMTS has of course no problem in supporting all Codec Modes within the Active Codec Set. It will be the Terminating side that selects and determines the final ACS. Here is a difference to what a GSM system as Originating side would send.
Begin of Editor´s note: Here the interaction between Transcoder Free Operation and Tandem Free Operation and the relevant protocols (OOB and IB) are described for information and comment. This will be removed before approval of the TS.
Scenario 1: An UMTS UE originates a call to an other UE. The Originated Codec List is investigated by the Terminating side and the UMTS AMR is selected and sent back, possibly with some restrictions in SCS and ACS. The resources and bearers are established and the call is ongoing without transcoders in the path. Virtually one RNC communicates directly with the other RNC. Configuration exchange and Rate Control is performed pure inband between these RNC by the IU Framing protocol.
Whether there is an Core Network or even a Transit Network in between these RNCs is invisible to both.
Scenario 2: An UMTS UE originates a call to an PSTN subscriber. The Originated Codec List not understood by the Terminating side (PSTN) and the UMTS places a Transcoder (TRAU) at the point of interconnect that is closest possible to the PSTN subscriber. RNC and TRAU exchange Configuration and Rate Control pure inband as described above by the IU Framing protocol. Whether there is an Core Network or even a Transit Network in between the RNC and the TRAU is invisible to both.

Scenario 3: An UMTS UE originates a call to a GSM subscriber. The Originated Codec List is not understood by the Terminating side (GSM) and the UMTS places a TRAU at the point of interconnect that is closest possible to the GSM system. This TRAU is informed by the BICC (?) protocol about the whole Originated Codec List, the TRAU acts like a Terminating side (true?) and selects the UMTS AMR. RNC and TRAU exchange Configuration and Rate Control pure inband as described above by the IU Framing protocol. Whether there is an Core Network or even a Transit Network in between the RNC and the Transcoder is invisible to both. The speech communication is started in tandem operation.

Now: The TRAU within the UMTS CN and the TRAU within the GSM BSS start to communicate via the 64 kBit/s connection by using the TFO Protocol. The UMTS TRAU understands that the other side is supporting GSM AMR, with a given configuration (the Codec Attributes are exchanged inband by the TFO protocol) and informs its CN (how? OOB?) about the situation. TFO can not establish until the UE is informed to switch over to the GSM AMR DTX schemeand the RNC to obey the Rate Control restrictions. Then the UMTS TRAU and the GSM TRAU establish TFO in GSM AMR operation (i.e. 4 Codec Modes max, 40ms Rate Control, 160ms DTX SID Updates etc). Depending on the speed of the OOB signalling TFO is typically established about 1…2 sec after through connect.

The speech quality is optimal. The transmission capacity within the UMTS CN remains in general unchanged. Dependent on the equipment between both TRAUs the transmission cost saving (TCME) may be applied or not, without any loss of speech quality.

In this scenario 3 the BICC protocol ends in the UMTS TRAU and the TFO protocol takes over for the path between UMTS TRAU and GSM TRAU. At TFO establishment possibly the BICC protocol may be used to “hand over” to an GSM AMR operation within the UE, RNC and UMTS TRAU. If reasonably configured from the beginning the RNC does not have to change much: it just has to obey the Rate Control restrictions. The UE just needs to be informed how to handle the uplink DTX like GSM (which is  very similar, if not identical?).

If the GSM side (or the TDMA side or the PDC side) would support only one mode (EFR, 7.4, 5.9) then in principle nothing is much different: just other DTX schemes and no Rate Control.
End of Editor´s note.
Annex B (informative) : Change history

Change history





















































































