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Scope

The present document identifies the Mobile‑services Switching Centre/Interworking Functions (MSC/IWFs) and requirements to support interworking between:

a)
PLMN and PSTN;

b)
PLMN and ISDN;

for circuit switched services in the PLMN. It is not possible to treat ISDN and PSTN as one type of network, even when both ISDN and PSTN subscribers are served by the same exchange because of the limitations of the PSTN subscribers access i.e. analogue connection without D‑channel signalling.

Within the present document, the requirements for voice and non‑voice (data) calls are considered separately.

From R99 onwards the following services are no longer required by a PLMN:

· the dual Bearer Services "alternate speech/data" (BS 61) and "speech followed by data" (BS 81);

· the dedicated services for PAD (BS 4x) and Packet access (BS 5x);

· the single asynchronous and synchronous Bearer Services (BS 21..26, BS 31..34).

From Rel-4 onwards the following service is no longer required by a PLMN:

· the synchronous Bearer Service non-transparent (BS 30 NT)
· the Basic Packet access
· Non-transparent facsimile (TS 61/62 NT) for GSM.

If a PLMN network still provides these services it shall fulfil the specification of former releases.

The present document is valid for a 2nd generation PLMN (GSM) as well as for a 3rd generation PLMN (UMTS). If text applies only for one of these systems it is explicitly mentioned by using the terms "GSM" and "UMTS". If text applies to both of the systems, but a distinction between the ISDN/PSTN and the PLMN is necessary, the term "PLMN" is used.
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· For a specific reference, subsequent revisions do not apply.
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*** Next section modified ***

3.1
Abbreviations

In addition to the following, abbreviations used in the present document are listed in 3GPP TS 41.004 [21].

ADPCM
Adaptive Differential Pulse Coded Modulation

BS
Bearer Service

DP
Dial Pulse

DSS1
Digital Subscriber Signalling 1

FTM
Frame Tunnelling Mode

ITC
Information Transfer Capability

LE
Local Exchange

NT
Network Termination

NT
non-transparent

PABX
Private Automatic Branch Exchange 
PIAFS
PHS Internet Access Forum Standard

PPP
Point to Point Protocol

SPC
Stored Program Control

SS No.7
Signalling System No.7

T
transparent

TE
Terminal Equipment

TA
Terminal Adaptor

TS
Teleservice

TS
Technical Specification

TUP
Telephone User Part (of Signalling System No.7)

UNI
User Network Interface

*** Next section modified ***

6.1
Key Characteristics of Networks Concerned

Table 1: Key Characteristics of Networks Concerned

Characteristic
PLMN
ISDN
PSTN

Subscriber Interface
Digital
Digital
Analogue

User‑network signalling
3GPP TS 24.008
DSS1, other UNIs
loop‑disconnect and DTMF

User‑terminal equipment supported
 see 3GPP TS 24.002

Digital TE 
(ISDN NT, TE1 or TE2+TA) 
see e.g. I.411
Analogue TE (e.g. dial pulse telephones PABXs modem equipped DTEs)

Inter‑exchange signalling
SS No.7 ISUP 

TUP+, MAP
SS No.7 ISUP 

TUP+, TUP, NUP
Channel associated 
(e.g. R2, No.4, No.5) or common channel (e.g. No.6)

Transmission facilities
Digital
Digital
Analogue

Exchange types
Digital
Digital
Analogue/digital

Information transfer mode
Circuit
Circuit
Circuit

Information transfer capability
Speech, digital unrestricted, alternate speech/ group 3 fax etc.
Speech, digital unrestricted, 3,1 kHz audio, video etc.
3,1 kHz audio 
(voice/voice‑ band data)

*** Next section modified ***

7.2
Network interworking

Network interworking is required whenever a PLMN and a non‑PLMN together are involved to provide an end to end connection and may be required in instances of PLMN to PLMN connections.

The concept of Bearer Services was developed for the ISDN and has been extended to the PLMN. A bearer service is defined (in 3GPP TS 42.001) as.

A type of telecommunication service that provides the capability for the transmission of signals between user‑network interfaces.

Bearer services are described by a number of attributes, where an attribute is defined as a specified characteristic of an object or element whose values distinguish that object or element from others.

For the purpose of the present document, a PSTN is assumed to provide a bearer service which equates to an ISDN 3,1 kHz audio bearer service.

Refer to 3GPP TS 22.002 for complete list of bearer services. Refer to 3GPP TS 24.008 for coding of Bearer Capabilities. Refer to 3GPP TS 27.001 for the allowed combinations of parameter value settings.

Table 3: Bearer Service Interworking

Bearer service category in PLMN
Bearer Service in PLMN
Bearer service in ISDN
Service in PSTN

Circuit mode unstructured with unrestricted digital capability
Asynchronous Data general



Transparent and Non-transparent

Cct mode structured 
Not Applicable

Circuit mode unstructured with unrestricted digital capability Transparent
Synchronous Data general
64 kbit/s unrestricted


3,1 kHz Audio Ex PLMN 
Asynchronous Data general



Transparent and Non‑transparent

Cct Mode
Cct Mode 

3,1 kHz Audio Ex PLMN
Synchronous Data general
3,1 kHz Audio
3,1 kHz Audio

Transparent




Table 4: Network interworking of Teleservices

Teleservice in 
PLMN
Lower layer capabilities
addressed in the PLMN Bearer
Capabilities IE
Bearer service
in ISDN
Service
in PSTN

Telephony
Unstructured with speech capability
Speech or Cct mode 
Cct Mode

Emergency calls 
Unstructured with speech capability
3,1 kHz audio
3,1 kHz audio

Alternate speech/
facsimile group 3
Data Cct duplex synchronous (GSM) / asynchronous (UMTS) access
alternate speech
group 3 fax
Cct mode 3,1 kHz 
audio
Cct mode 3,1 kHz 
audio

Automatic 
Facsimile group 3
Data Cct duplex synchronous (GSM) / asynchronous (UMTS) access
group 3 fax
Cct mode 3,1 kHz 
audio


This table does not identify any relationship between Teleservices in the PLMN with those in the ISDN/PSTN, it is merely to identify the interworking of the lower network layers of that teleservice with the network layers i.e. bearer service in the ISDN/PSTN.

*** Next section modified ***

9.2.1.2
Modem Selection

In general terms the indication of the bearer capability parameter "Information Transfer Capability" will be utilized in the call set‑up message to determine when the modem should be selected in the call.

In case of single calls, the modem function shall operate in the calling mode in case of mobile originated calls and in the answering mode in case of mobile terminated calls.

In case of dual data calls (alternate speech/facsimile group 3) the operation mode of the modem (working in calling or answering mode) depend on the initial call setup direction and on the optional parameter "Reverse Call Setup Direction" information element of the MODIFY message. If this information element is omitted the direction is derived from the initial call setup direction, i.e. the mode is the same as in case of single calls.

For the attribute value "3,1 kHz audio Ex PLMN" and "facsimile group 3", the modem will be selected immediately. The line procedure according to V.25 will then be carried out using the appropriate modem functions.

For the Teleservice 61 "Alternate speech/facsimile group 3", (if speech is selected as the first service), the modem is made available but not selected until the subscriber indicates the change of service request (see subclause 9.3).

For "alternate speech/facsimile group 3" calls refer to 3GPP TS 43.045 (GSM) and 3GPP TS 23.146 (UMTS).

*** Next section modified ***

9.2.4.5
In band signalling mapping flow control

This entails the L2R function providing the means of controlling and responding to flow control functions of the modem plus any synchronization requirements related to flow control. For asynchronous services a specific rule applies for flow control (see 3GPP TS 27.001).

The flow control function chosen will be dependent upon the information contained or not contained in the "user information layer 2" information element of the PLMN BC received from the MS.

If flow control is provided, irrespective of the type used the L2R function shall:

(a)
provide immediate indication of flow control to the fixed network on receipt of flow control request from the MS; and/or

(b)
provide immediate indication of flow control to the MS on receipt of flow control request from the fixed network i.e. in the next available L2R status octet to be transmitted.

Where in‑band (X‑on/X‑off) flow control is in use, then the X‑on/X‑off characters will not be passed across the radio interface.

For outband flow control refer to subclause 9.2.4.9.

If no flow control is provided, the involved end systems are responsible for performing in‑band flow control on their own by taking into account the buffer capacity of the MSC/IWF stated below.

*** Next section modified ***

9.3
Interworking Alternate Speech / Facsimile Group 3 Calls

9.3.1
General

The procedure for the alternate speech/facsimile group 3 services is invoked at MS‑MSC link during the call set‑up phase. This service is invoked by indication of repeated bearer capability information elements in the setup message and/or call confirmed message respectively (preceded by a repeat indicator "circular"), one indicating speech and the other indicating facsimile group 3. The facsimile service requested will be indicated by the information transfer capability "facsimile group 3", as for a normal single call. The bearer capability first indicated i.e. speech or facsimile group 3 determines the first selection required of the network by the subscriber. Depending on the type of service requested and direction of call establishment (M0/MT, see relevant clauses of 3GPP TS 27 series) low layer and high layer capabilities may also be included. The MSC/IWF will perform both compatibility checking and subscription checking on both sets of capabilities as for normal data calls. If either the subscription check or the compatibility check fails then the call will be rejected. The only exception to this is when TS61/TS62 negotiation takes place, see 3GPP TS 27.001.

The applicable rules for provision of supplementary services are laid down in 3GPP TS 22.004.

The "speech" phase of the call, when invoked is handled by the transcoder and will utilize normal telephony teleservice interworking requirements and mobile network capabilities. This includes any requirements for echo cancellers etc. as indicated in subclause 9.1. The "facsimile group 3" phase of the call, when invoked, will utilize the appropriate data interworking capability (IWF including modem) and uses the transparent (in GSM) or non‑transparent mobile network capability (in UMTS).

The network shall provide, for service and operational reasons, a rapid and reliable changeover of capability upon request from the mobile user. This changeover may involve the disabling, by‑passing or introduction of particular network functions (e.g. speech coder, modem etc.) and change of the channel configuration on the radio interface. This changeover is initiated on the receipt of the "MODIFY" message (see 3GPP TS 24.008) from the MS. The network itself will not initiate a changeover.

*** Next section modified ***

10.2
Data Calls

In this case it is assumed that the ISDN bearer service 3,1 kHz audio shall only be interworked by means of a modem pool in the PLMN. If a network operator provides this facility, then the MSC/IWF operation will be similar to that described for interworking to the PSTN.

Where the bearer capability information indicates that the call is a circuit switched unrestricted digital call, then the MSC/IWF shall select the appropriate rate adapted ISDN and PLMN bearer services.


*** Next section modified ***

10.2.4.5
In band signalling mapping flow control

This entails the L2R function providing the means of controlling and responding to flow control function of the modem (or in the rate adapted frame) plus any synchronizations requirements related to flow control. For asynchronous services a specific rule applies for flow control (see 3GPP TS 27.001).

In case of interworking to the ISDN "3,1kHz audio" bearer service the flow control process is as for the PSTN interworking case (see subclause 9.2.4.5). In case of interworking to the ISDN unrestricted digital bearer service the following procedures apply:

The flow control function chosen will be dependent upon the availability of the "user information layer 2" information element of the PLMN BC and if available its value.

For V.110 interworking, outband flow control will be by means of the "X" bit in the V.110 frame to the ISDN.

For V.120 interworking, outband flow control shall be as follows. In Multiple frame acknowledged mode the functions of the data link control sublayer (send RNR or withhold update of the sequence state variable V(R)) shall be used. In Unacknowledged mode the RR bit in the Control State octet shall be used.
For PIAFS interworking, outband flow control shall be as follows. The functions of the data link control sublayer (withhold update of the frame number) shall be used.
If flow control is provided irrespective of the type used, the L2R function shall:

a)
provide immediate indication of flow control to the fixed network on receipt of flow control request from the MS; and/or

b)
provide immediate indication of flow control to the MS on receipt of flow control request from the fixed network i.e. in the next available L2R status octet to be transmitted.

Where in band (X‑on/X‑off) flow control is in use, then the X‑on/X‑off characters will not be passed across the radio interface.

If no flow control is provided the involved end systems are responsible for performing in‑band flow control on their own by taking into account the buffer capacity of the MSC/IWF as stated below.

*** Next section modified ***

10.3
Interworking Alternate speech facsimile group 3 calls

10.3.1
Alternate speech data bearer interworking

10.3.1.1
General

The procedure for the alternate speech/facsimile group 3 service is invoked at the MS‑MSC link during the call set‑up phase. This service is invoked by indication of repeated bearer capability information elements in the setup message and/or call confirmed message, respectively (preceded by a repeat indicator "circular"), one indicating speech and the other indicating "facsimile group 3" plus user rate etc., as for normal single calls. The bearer capability first indicated i.e. speech or facsimile determines the first selection required of the network by the subscriber. Depending on the type of service requested and direction of call establishment (M0/MT, see relevant clauses of the 3GPP TS 27 series) low layer and high layer capabilities may also be included. The MSC/IWF will perform both compatibility checking and subscription checking for mobile originated calls and optionally for mobile terminated calls (single numbering scheme) on both sets of capabilities as for normal data calls. If either the subscription check or the compatibility check fails then the call shall be rejected. The only exception to this is when TS61/TS62 negotiation takes place, see 3GPP TS 27.001.

As regards the supplementary services the application rules are laid down in 3GPP TS 22.004.

The speech phase of the call, when invoked, is handled by the transcoder and will utilize the normal telephony teleservice interworking requirements and mobile network capabilities. The Facsimile group 3 phase of the call, when invoked, will utilize the appropriate data interworking capability (e.g. IWF) and uses the transparent (in GSM) or non‑transparent mobile network capability (in UMTS), respectively.

The network shall provide, for service and operational reasons, a rapid and reliable changeover of capability upon request from the mobile user. This changeover may involve the disabling, by‑passing or introduction of particular network functions (e.g. speech coder, modem etc.) and change of the channel configuration on the radio interface. This changeover is initiated on the receipt of the "MODIFY" message (see 3GPP TS 24.008) from the MS. The network itself will not initiate a changeover.
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