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1)
Clause 1.2, References

Modify reference [19] as follows:

[19]
ITU-T Q.1902.3 (2001), Bearer independent call control (CS2) protocol and signalling system No. 7 – ISDN user part formats and codes.
2)
Clause 2.14, MTP pause/resume

Modify the last paragraph as follows:

On the reception of a MTP resume primitive, the ISDN User Part takes the following action:

(
If the affected destination is not a destination (Signalling Point) known by the ISDN User Part (not connected by circuits to the exchange) no action takes place.

(
If the affected destination is a destination (Signalling Point) known by the ISDN User Part, the circuits in the idle state can be used for calls immediately; or, as a national option the circuits in the idle state remain locally blocked, and a non-call control message requiring a response shall be sent to the distant ISUP. On receipt of the response message (or any other signalling message) from the distant ISUP, the local blocking resulting from the previously received MTP pause primitive shall be removed. 


Normal call release procedures that may have started during the period of signalling isolation continue and as such will ensure that affected circuits are returned to the idle state.

3)
New clauses 2.21 to 2.25

Add the following:

2.21
Signalling procedure for tandem mode operation of Digital Multiplexing Equipment with Low-bit-rate Voice CODEC (DME with LVC) 

2.21.1
Introduction

In order that Digital Multiplexing Equipment with Low-bit-rate Voice CODEC (DME with LVC) can operate in tandem mode without unnecessary decompression and recompression of voice, by means of:

1)
routing of calls to appropriate circuits with/without DMEs with LVC; and

2)
enabling/disabling of voice decompression/recompression in DMEs with LVC,

the tandem mode operation signalling procedures are used on a per-call basis to convey information between the exchanges about the voice compression type(s) used in the preceding network for the call, whether voice is compressed between the exchanges and the voice compression status (if voice is compressed). 

2.21.2
Signalling procedures

2.21.2.1
Actions at originating exchange

When the originating exchange receives a call from the calling user, based on the information of the received call control message and/or the system configuration of the exchange, the exchange analyzes whether the outgoing circuit including DME with LVC can be selected.  

If the originating exchange judges that the outgoing circuit including DME with LVC can not be selected, the originating exchange routes the call to the outgoing circuit without DME with LVC.

If the originating exchange judges that the outgoing circuit including DME with LVC can be selected, the exchange:

(
routes the call to the outgoing circuit including  DME with LVC;

(
enables compression of voice in the DME with LVC over the outgoing circuit;

(
adds Type of voice compression and Compression status of Coding Decoding Processing Parameter (CDP-P) in IAM message which are set as the used voice compression type and "Compressed" regarding the used voice compression type; and

(
sets the used voice compression type into User information layer 1 protocol of User Service Information Parameter (USI-P) in IAM message regarding the used voice compression type. 

2.21.2.2
Actions at intermediate exchange

When the intermediate exchange receives a call, based on the information of the received call control message and/or the system configuration of the exchange, the intermediate exchange judges the configuration case of DME with LVC from the following four cases:

(
Case 1

The DMEs with LVC with the same type of voice compression capability are used over the incoming circuit and the outgoing circuit.

(
Case 2

The DMEs with LVC is included in the circuit on the incoming side and the DME with LVC is not included in the circuit on the outgoing side.

(
Case 3

The DME with LVC is included in the circuit on the outgoing side and the DME with LVC is not included in the circuit on the incoming side.

(
Case 4

The DME with LVC with the different types of voice compression capability are used over the incoming circuit and the outgoing circuit.

2.21.2.2.1
Actions at intermediate exchange for Case 1

The intermediate exchange: 

(
disables decompression of voice in the DME with LVC over the incoming circuit and recompression of voice in the DME with LVC over the outgoing circuit;

(
sets the used voice compression type and "Compressed" into Type of voice compression and Compression status of Coding Decoding Processing Parameter (CDP-P) in IAM message which are same as those of the received call control message; and

(
sets the used voice compression type into User information layer 1 protocol of User Service Information Parameter (USI-P) in IAM message which are same as those of the received call control message.

2.21.2.2.2
Actions at intermediate exchange for Case 2

The intermediate exchange: 

–
enables decompression of voice in DME with LVC over the incoming circuit;

(
sets "Decompressed" into Compression status of Coding Decoding Processing Parameter (CDP-P) in IAM message regarding the used voice compression type; and

(
sets "(-law/A-law" into User information layer 1 protocol of User Service Information Parameter (USI-P) in IAM message.

2.21.2.2.3
Actions at intermediate exchange for Case 3

When the intermediate exchange receives a call, based on the received call control message, the intermediate exchange analyzes whether the new voice compression causes severe voice quality degradation.

If the intermediate exchange judges that severe voice quality degradation is caused, the intermediate exchange routes the call to the outgoing circuit without DME with LVC.

If the intermediate exchange judges that severe voice quality degradation is not caused, the intermediate exchange:

(
enables compression of voice in the DME with LVC over the outgoing circuit; 

(
adds Type of voice compression and Compression status of Coding Decoding Processing Parameter (CDP-P) in IAM message which are set as the used voice compression type and "Compressed" regarding the used voice compression type; and

(
sets the used voice compression type into User information layer 1 protocol of User Service Information Parameter (USI-P) in IAM message regarding the used voice compression type.

2.21.2.2.4
Actions at intermediate exchange for Case 4

When the intermediate exchange receives a call, based on the received call control message, the intermediate exchange analyzes whether the new voice compression causes severe voice quality degradation.

If the intermediate exchange judges that severe voice quality degradation is caused, the intermediate exchange routes the call to the outgoing circuit without DME with LVC.

If the intermediate exchange judges that severe voice quality degradation is not caused, the intermediate exchange:

(
enables decompression of voice in the DME with LVC over the incoming circuit and compression of voice in the DME with LVC over the outgoing circuit;

(
sets "Decompressed" into Compression status of Coding Decoding Processing Parameter (CDP-P) in IAM message regarding the used voice compression type;

(
adds Type of voice compression and Compression status of Coding Decoding Processing Parameter (CDP-P) in IAM message which are set as the used voice compression type and "Compressed" regarding the used voice compression type; and

(
sets the used voice compression type into User information layer 1 protocol of User Service Information Parameter (USI-P) in IAM message regarding the used voice compression type.

2.21.2.3
Actions at destination exchange

When the destination exchange receives, based on the information of the received call control message, the destination exchange analyzes whether the call is received via the incoming circuit including DME with LVC.

If the destination exchange judges that the call is received via the incoming circuit including DME with, the destination exchange:

–
enables decompression of voice in DME with LVC over the incoming circuit.

It is for further study whether the information included in Coding Decoding Processing Parameter (CDP-P) is sent to the called party in the case of a subscriber with digital access.

2.22
Handling of national use elements at an international gateway exchange

Unless a bilateral or multilateral agreement is reached among the network operators concerned, messages, parameters and parameter values marked as "national use" are not valid in the international network.  Thus, an outgoing or incoming international gateway shall ensure that any "national use" messages/parameters/values received from its associated national network are not passed on.

NOTE – This requirement can be satisfied, for example, by the international gateway:

(
fully implementing the appropriate national procedures, and any necessary interworking functions; or

(
treating all "national use" codespace as unrecognized, and providing "pass-on not possible" treatment.
2.23
Inter-nodal traffic group identification

The Inter-nodal Traffic Group Identifier parameter may be included in the IAM in order to enable classification of calls between adjacent nodes. It identifies the logical traffic group to which the call belongs; i.e. this identifier is of significance only between two adjacent nodes. These classifications could, for example, be used to make a distinction between different service sets. These classifications are not standardized.

2.23.1
Sending Inter-nodal traffic group identification

If needed for the chosen outgoing route, the exchange shall include the Inter-nodal Traffic Group Identifier parameter, populated according to the relevant classification. This classification may depend on a classification received on the incoming side.

NOTE ( The Parameter Compatibility Instruction Indicators for this parameter should be set to ensure that the parameter is not passed on at a node that does not recognize the parameter.

2.23.2
Receiving Inter-nodal traffic group identification

The traffic group identification received in a Inter-nodal Traffic Group Identifier parameter is used according to the relevant classification. A received Traffic Group Identifier parameter may be used to influence the routing of the call.

2.24
Carrier selection information (national use) 

2.24.1
Action required at the originating exchange

If a Carrier Selection is invoked by the user (reception of carrier selection information from the access) or by the network operator, the exchange shall send the Carrier Selection Information (CSI) parameter in the IAM.

NOTE – The carrier selection information received from the access can be provided by a short prefix conveyed in the called party number or by other means, depending on the access signalling system.

The CSI parameter shall be set as follows:

•
If call-per-call Carrier Selection is not invoked and there is a preselected carrier, then the CSI parameter is set to "selected carrier identification pre-subscribed, and no input by calling party" (value 1).

•
If a carrier is call-per-call selected, then the CSI parameter is set to "Carrier selected by input of calling party" (value 10) (see Note below).

•
If a carrier is selected by the network operator to which belongs the exchange, then the CSI parameter is set to "carrier selected by a network operator" (value 11).

If no Carrier Selection is invoked, the CSI parameter shall not be sent.

NOTE – A coding giving more accurate information could possibly be used ("Selected Carrier identification pre-subscribed and input by calling party" (value 2) or "Selected Carrier identification not pre-subscribed, and input by calling party" (value 4)). The reason for using a generic coding (value 10) comes from regulation in some countries which protects privacy of the calling party.

2.24.2
Action required at an intermediate exchange within the originating network

The intermediate exchange shall pass unchanged the CSI parameter to the subsequent exchange.

2.24.3
Action required at an outgoing national gateway exchange

The outgoing national gateway exchange will pass on the parameter transparently.

2.24.4
Action required at an incoming national gateway exchange

a)
In case the network to which belongs the gateway exchange is explicitly selected:


The handling of the content of the CSI parameter is a network matter. However, the parameter shall not be sent to any subsequent network.

b)
In case the network to which belongs the gateway exchange is not explicitly selected:


The call is routed through the network with the CSI parameter unchanged.

2.24.5
Action required at the destination exchange

No special action required.

2.24.6
Action required at an international gateway exchange

The international gateway exchange shall discard the CSI parameter.

2.25
Global Call Reference

The Global Call Reference parameter is generated by the first exchange in a call path that requires a globally unique call reference to be associated with a particular call.

The Global Call Reference is a combination of a Network ID field, a Node ID field and a Call Reference ID field. The Network ID field will uniquely identify the network; the Node ID field will uniquely identify the node within this network that generates the Global Call Reference parameter. The Call Reference ID field will be a unique number generated on a per-call instance within this node.

The Global Call Reference parameter is sent in the forward direction in the IAM. 

The intermediate exchange shall pass this parameter unchanged. 

The Global Call Reference parameter shall be stored in the nodes which require this reference according to the needs of the application that uses the information.

NOTE 1 – The Global Call Reference parameter may typically be used for off-line purposes (e.g. to be stored for billing applications).

NOTE 2 – A exchange may delete a received Global Call Reference parameter (e.g. at an outgoing gateway exchange).

NOTE 3 – A received Global Call Reference may be overridden (e.g. at an incoming gateway exchange).
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