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(Establishment and termination of a VolP communication using SIP - attribution: 3cx.com)
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2. Implementation of an Asterisk IP PBX server
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8. SIP client program in JavaScript
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Thank you for your attention.

Do you have any questions?
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Figure 5 - PBX Matra MC6500 serie: the original uploader was After310 at French Wikipedia, PABX Matra série
MC6500, CC BY-SA 3.0, via Wikimedia Commons, available at:
https://commons.wikimedia.org/wiki/File:PABX Matra6500.JPG.

Figure 17 - Establishing a connection between two clients: adapted from the original work of Feyd-Aran,
Etablissement d'une connexion par WebRTC, CC BY-SA 3.0, via Wikimedia Commons, available at:
https://commons.wikimedia.org/wiki/File:Etablissement d'une connexion par WebRTC.svg
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