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Abstract

The Anonymous Call Rejection is a service defined by ETSI (see ETSI EN 300 256-21) that allows calls to be failed when the calling party identification presentation is restricted by the user. In this case, ISUP cause value 24 (call rejected due to feature at the destination) is used in the ISUP response.  The IETF document darft-ietf-sip-acr-code-03 introduces a new SIP response code 433 (Anonymity Disallowed) to be used when an anonymous call is rejected.

It is proposed that the SIP response code 433 be supported with the corresponding interworking with the ISUP cause value 24.
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11.1
Supplementary Services

Editor's note: The section is to define the impacts on supplementary services.

11.1.x
Anonymous Call Rejection (ACR)

The Anonymous Call Rejection service allows calls to be failed when the calling party identification presentation is restricted by the user. In this case, ISUP cause value 24 (call rejected due to feature at the destination) is used in the ISUP response.  The IETF document draft-ietf-sip-acr-code-03 [xx] introduces a new SIP response code 433 (Anonymity Disallowed) to be used when an anonymous call is rejected.

When a call is rejected due to the ACR service, a SIP response code 433 shall be used. The SIP response code shall interwork with ISUP cause value 24.










































































































