VOIP

POTS SIP AND ALL THAT JAZZ




Welcome to CIALUG




First a little housekeeping

A little about me:

Andrew Denner (denner@gmail.com) (@adenner)

Slides will be posted tonight at

Not a telecom guy or expert in this so please don’t hurt mel
We have a mailing list and website (http://cialug.org)
IRC

Do you want to present on a topic kinda associated with Linuxe This is your
chancel!

Tentative date for Joint Meeting with Des Moines Azure group in April...
details to follow


http://denner.co/

Now, on
with the

show




Plain Old Telephone Service (POTS) Networking

PLAIN OLD TELEPHONE SERVICE AKA PUBLIC SWITCHED TELEPHONE NETWORK (PSTN)
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flexible! There's got to be a better way
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The Asterisk Project

1999 Mark Spencer was Comp E student So Mark wrote his own... and open
af Auburn sourced it
During the .com bubble In 2001 LSS became

Linux was big but there was no support

Mark decided to fill the niche and
opened the company "Linux Support
Services"

It became popular and they needed a

“real phone system” $$$$$$$$$$


https://www.digium.com/

If you really want
to go down the
rabbit hole...

The Defirnitive Cuitele
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http://shop.oreilly.com/product/0636920025894.do

VOIP Codecs

dates back to 1972 Low processor, high bandwidth at least 128k

twice range of frequency bandwidth adaptive can be better then
PSTN

Low Bitrate Codec Acquired by google popular with open source
-Low bandwidth
/ -Designed by skype used by others like

Best advice is to figure out how much you have to use, what your
upstream provider can do, and what sounds the best but YMMV


https://en.wikipedia.org/wiki/G.711
https://en.wikipedia.org/wiki/G.722
https://en.wikipedia.org/wiki/Internet_Low_Bitrate_Codec
https://speex.org/
https://en.wikipedia.org/wiki/SILK
https://en.wikipedia.org/wiki/Opus_(audio_format)
https://webrtchacks.com/whats-up-with-whatsapp-and-webrtc/
https://www.lifewire.com/voip-codecs-3426728

So you want to talk to the world...

You can do direct connections between voip servers
Firewalls and NAT are
For PSTN you need a provider

| have had good luck with vitelity.net costs ~$0.014 a minute dropped $20 in an
account ages ago and don't use it that much so it lasts almost for ever...

You can also get a DID number so that others can call you


https://www.voip-info.org/wiki/view/NAT+and+VOIP

FreePBX e

let freedom ring*

Home Support Community Store Development Downloads AboutUs Portal Contact Sales

Tonight we are using a pre-
packaged system called Free PBX

Whye

«'#  Community Forums The "Free" Stands for Freedom

FreePBX is a web-based open source GUI (graphical user interface)
that controls and manages Asterisk (PBX), an open source
communication server. FreePBX is licensed under the GNU General
‘:; Why ChOOSG FreePBX? _F'ublic License (GPL), an open source license. FreePBX can pe

installed manually or as part of the pre-configured FreePBX Distro
EOSY that includes the system OS, Asterisk, FreePBX GUI and assorted
dependencies.

PSRN

Bug & Feature Request

Quick

GUI-Web page based configs | T’ ., DOWNLOAD
L= FreePBX

http://freeplbx.org

4~ Elastix Usuarios gy | Sl

s> \Velve a casa a FreePBX =T A
. CONVERTIR AHORA y 1
Herramienta de conversion disponible! /4 | g v Video Library

Welcome to FreePBX! Recent News!




N

Currently what | have running at home
Mostly used as a “Where is my cellphone”
No DID

It's worked for 5+ years directly connected
to vitelity and | don’t want to break it

LiscoSrstems

Linksys'

Phone Adapter

Phone Adapter W 3



ONE

Cisco 7960 B -

Was originally going to use, but
ran out of fime

TFTP is hard...




Ekiga sof
phone

» Apt-get install ekiga

»Free, cheep, easy...

l

@ Home @ Screenshots (@ Features @ Downloads @ Community (@ Documentation

Welcome to Ekiga.org

Get Ekiga!

Submitted by Yannick Defais on Tu

ekiga
chat Edit View Help Sp18838@ds localbeip.be
2 call view
. N . - — = v
Ekiga (formely known as GnomeMeeting) is an open source | P
SoftPhone, Video Conferencing and Instant St vy, Z - Contacts |
M licati the Int t Contacts _ Colleagues - (0/1) |
essenger application over the Internet. TR = Family - (2/2) |
= Family - (2/2)

Clawe
It supports HD sound quality and video up to DVD size and 8 5

& Chiro
quality.

L] + skinotix - (0/1)
7 + skinotix = (0/1)

Itisinteroperable with many other standard compliant
softwares, hardwares and service providers as it uses both

the major telephony standards (SIP and H.323).

Would you like to know more? 3 Connected wih sip:9388Gds Jocalbeip be
& 00:00:03

dill A:8.3/8.6 V:7.9/0.0 FPS:18/0

Free Your Speech!
Free SIP Address
Ekiga 4.0

Get The Sources *

Sources (4.0.1)

Other




Demo time




