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Whoaml1?

Laurent Meiller
@lmeiller - Member since January 3, 2017

Overview Activity Groups Contributed projects Personal projects Snippets

Oct MNov Dec Jan Feb Mar Apr May Jun Jul Aug Sep Oct
M | | | | || | | [ | [ [ |
A TE || ||
w | | ENEN B N HEENEN ENE | ENEN ENE
[ | | | | | [ ] | |
F | | | L ] B | ] |
... Summary of issues, merge requests, push events, and comments (Timezone: UTC)
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Who are we ?

XiVO is a French editor
and integrator of an
open-source solution

in the IP Telephony
market.

*IVO SIP/Element

Key points of XiVO solution :

Full IP telephony (calls, transfers, conferencing built on Asterisk)
Native Interoperability (API first)
A robust, proven platform used in demanding environments
(public sector, healthcare, defense)




Insee

Mesurer pour com| prendre
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First, some key figures in France

In 2024, MS Teams was adopted by 132,000
companies and public administrations.

For comparison, at the same date, INSEE
recorded 159,000 SMEs (> 10 people).



But... what’s the point with Telephony ?

- Loss of PSTN connectivity breaks inbound/outbound calling with externals.
- Users must juggle between chat and legacy phone systems.

Our Goal ?

Unify existing VoIP and legacy telephony into a single Element environment to
take care of change management.
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Architecture Overview

Iatrix events

>
A
o Synapse
4"'
-] Matrix Web server
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(HTTFS)

Nginx

XiVO Bridge

Kamailio

CoTurn

UDP (SIP)

XVO




Let's rewind a bit... Why not use a “simple” widget integration ?

Widget Pros

- Embedding interactive Ul (calls, history, configuration...)
- Launching calls within a room (a la Element Call)

And Cons

- Not persistent, usually tied to a single room

- Limited mobile and Element X support

- Not suitable for incoming calls

*IVO SIP/Element 8
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So, how to move forward then ?

) dbkr cla fy existing thirdparty spe fa50766 - 5 years ago L) History

Preview = Code Blame 96 lines (76 1 4.92 KB & [ Raw O &

MSC2845: Thirdparty Lookup API for Telephone Numbers

Matrix clients may support VoIP and bridges can exist that accept a Matrix VoIP call and terminate it on the PSTN, but currently no
provision is made for a user to enter a telephone number in order to call that number.



Application Service (AS) is the key !

Just need to translate Matrix events to SIP
messages, easy right... right ?
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SIP ?

Alice (UAC) Proxy/ Bob (UAS)

SIP manages signaling, meaning:

* Who is calling whom

* Where the user can be reached

* What media (audio, video, codecs) to use
* How to end or transfer the session

[Echange RTP : audio/vidéo]

I<

alice IN IP4 host.atlanta.com

IN IP4

—audio RTP/AVP
=rtpmap:2 PCMU/

*IVO SIP/Element 11



SIP vs WebRTC ?

SIP - XiVO WebRTC - Matrix LegacyCallHandler

Signaling Defined by the protocol (INVITE, ACK, BYE, etc.) m.call.* (offer/answer)

NAT traversal Optional Built-in STUN/TURN/ICE

Interoperability Compatible with other PBXs, phones, trunks Compatible with browsers and native apps

*1VO SIP/Element 12



So what ?

*I1VO SIP/Element

User

Element XiVO Connect

ElementWeb

Use dialpad

dial NUMBER

Opens WS

User
Phone

e

. REGISTER xconnect

200 OK

Listens‘ as an App Service Ifor protocol m.protocol.pstn

Subscribes to event in '@_xivo_.* namespace

mxid2

mxid2 ‘ i

sends m.call.invite

Ensures DM between Caller & Callee (User Connect (mxid1) & ghost user (mxildz))

DM created bethleen mxidl & mxid2
ghost automatically joins DM !

"Init WebRTC call"

m.call.invite(sdp)

"Gather candidate"

Calls /thirdparty/user/m.protocol.pstn?m.phone.id=NUMBER

Creates ghost for NUMBER

creates SIP Call

dp)

200 OK

INVITE as xconnect (with si

INVITE
200 OK

forwards answer to Matrix

m.call.answer
all.a

Negotiation ICE

Media (RTP.

13



We need a mapping between
XiVO users and Mxid !!!
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Xivo

Edge LDAP Keycloak

Matrix Server Bridge (AS)

-<—Red|rect
JWT token with

<—Authent—|

Tk Xivo Jo_hn_ Doe
mxidl

module

Regiélers :
. caJIback

4—-—C0nnect\on

usernameé
|n preferred_| username

47 Userlnfo

: Gather
Exchles ca\lback mxid :
display_narhe (via firstName IaslName from LDAP)

<+ What s this username phone number ?

Ask this Lisername phone number to XiVO

f{ "id"; ..., "phoneNumber” ; 41307}

Fill table with :

user_id (mxid)
xivo_username (username)
display_name :
phone_number = phongMumber :

{"id" ..., "phoneNumber" : null}

™ Nothing is déne here




Let's do more!
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Wrap up for outgoing call !

i % XiVO Matrix Server XNOABS”"Q‘* i

Alice Wonder  John Doe : T xivo . John Doe
1001 jbond : | module . i1
: 1002 : B . ;
: WS SIP -

(Trunk WebRTC)

S e ¢
Get user for mxid1 ? all 1001

-
R

Find phoné user associated to cailler

-
>

{"mxid"; mxid1, "phone_number"; "1002", "disblay_rlame”: "John Doe", "xivo_username"; "jdoe", "xconﬁect_only": "false"}

: : INVITE 1001 * .
Call flow : From: John Do€ <1002@xivolp>.
from : X-Matrix-1d: mxid1
XConnect . X-XiVO-Usermame: jdoe
to : INVITE 1001 .
XiVO : : From: John Doe <1002> :

—




Wrap up for incoming call !

i % XiVO Matrix Server XNOABS"dge i

Alice Wonder  John Doe : N o N John Doe
1001 jbond : " Imodule . fxidl
: 1002 : S . :
: : WS SIP -
: (Trunk WebRTC)
© INVITE 1002

. From: Alice Wonder <1001>

F Is XCONNECT activated 2

alt . . [
: | XCONNECT NotActivated |-
: “«— Fallback to XiVO Dialplan and call John Doe

| XCONNECT Activated | Get Matrix id (mxid) .
‘from XiVO username jbonds .
Call flow .
from : : - >
Xivo : : alt ) < - . :
to {"mxid": mxid1, "phone_number": "1002" ...} : Handles call towards Matrix user
XConnect : : If user exists on XConnect, calls it . . . - creates a new room for this call
. . on XConnect (and not on XiVO) . > - etc. etc.
add mxid of called user as SIP Header X- INVITE 1002 " »
Matrix-ID From: Alice Wondes <1001> :

X-Matrix-d: mxid1 =

If user exist does not exist on XConnect, - .
continue in XiVO dialplan . 404

Fallback to XiVO Dialplan and call John Doe




What about future ?

- Create widget for line configuration (DND, forwards, telephony presence...)
- Decouple XiVO synapse module and replace it by a bot (Tchap initiative)

- Make it compatible with MatrixRTC ?

- Heavily load test to the limits !!

Any ideas ?
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Thank you !

P

XIVO
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