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Introduction

This document outlines the configuration steps to set up Mediatrix 41xx series FXS gateway and the Mediatrix 1204 FXO
gateways in a remote office environment. It assumes that you have a softswitch (or SIP server) properly installed in the

network.

About Mediatrix 41xx Series FXS Gateways

The Mediatrix® 41xx Series products are high-

quality and cost-efficient VolP gateways
connecting larger branch offices and multi-
tenant buildings to an IP network, while
preserving investment in analog telephones
and faxes.

The Mediatrix® 41xx access devices allow
Service Providers to deploy rapidly and
economically their solutions in medium-size
premises and they are the ideal solution for
branch office connectivity to larger private
networks. The following Mediatrix 41xx
models are available:

= 4108 - Enterprise 8-port FXS gateway

= 4116 — Enterprise 16-port FXS gateway
= 4124 - Enterprise 24-port FXS gateway

Benefits of using the Mediatrix 41xx FXS gateways over other FXS solutions:

=  Superior Voice quality with dedicated DSP hardware
=  Adaptive Jitter Buffer, G.168 Echo Cancellation

= T.38 Fax Relay support
= Easy-to-use web interface
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Application Scenario

This is a typical deployment scenario of Mediatrix FXS and FXO gateway in a remote office VolP environment. The
gateways provide the following functionalities:

FXS Gateway (41xx) — connectivity to analog phones and fax machines, analog trunking to legacy PBX/KSU
FXO gateway (1204) — PSTN access, local 911

Softswitch or IP PBX — 3" Party device (or the Mediatrix IP Communication Server IPCS, which has lesser functionalities
than a full-blown softswitch) that provides:

= Call routing, Dial Plan

o Including routes to local PSTN gateways
=  Telephony services (voicemail, call forwarding etc)
=  SIP Endpoints management
= Auto-Attendant

Headquarters | ‘ Branch Office

\
\
\
» /.:‘:.'-:'
\ Mediatrix 4100 Series’~

. SCN .-

= fw Extensi!:s

IP Network

Analog legacy telephony connection via an IP gateway

Versions Supported

This configuration note was written and validated using the following platforms and versions.

. Mediatrix 1204: SIP 5.0.17.104

= Mediatrix 41xx: SIP 5.0.18.113
The following configuration notes are not a substitute for the Mediatrix Administration Documentation for Mediatrix analog
products. Please have the following manuals available for reference:

=  Mediatrix 1204, 4108, 4116, and 4124 SIP Reference Manual

. Mediatrix 1204, 4108, 4116, and 4124 SIP Quick Start

=  Mediatrix Unit Manager Network Administration Manual

= All relevant Softswitch Manuals

Page 4 of 20



mMmedias

corporation Configuration Notes 286

Mediatrix FXS (41xx) Units Configuration

All models in the Mediatrix 41xx series feature an embedded Web server. Most of the commonly used parameters are
accessible from the web interface. The Mediatrix Unit Manager Network (UMN) software is needed if access to full unit
configuration is required. The UMN can be downloaded from the Mediatrix Portal:

https://support.mediatrix.com/DownloadPlus/Download.asp

It has a default 3-units limit upon installation. This will suffice for most configurations. Additional unit license can be
purchased. Please contact your Mediatrix reseller for more details.

Using the Web interface

The web interface may be used to:
= View the status of the Mediatrix 41xx.
=  Set numerous parameters of the Mediatrix 41xx.

Mediatrix recommends that you use the latest version of the Microsoft® Internet Explorer web browser to properly access
the web interface. To use the web interface configuration:

1. Inthe web browser’s address field, type the IP address of the Mediatrix 41xx (if you have performed a recovery
mode, this is 192.168.0.1) The unit's IP address can be found by dialing *#*0 from a phone connected to port 2 or
above

2. Enter the default login name admin and password 1234.

OO (emimmm ) T8 | Jiok
;s ' - »

W ‘('aConnecting... | ‘ - B feh v |-k Page v {CF Tools ~

Registered users tl
Firmware
* Product Dcg
o MB Refere;
® Software

The server 192.168.1,102 at Mediatrix requires a username
and password,

User name:
Partners with a Sel * b benefit from

addtional services| Password:

F my password

[ OK ] [ Cancel ]
o If you are a Tegistered User, you can 1ogin Using your emal adaress and passyword.

e |f you are a new user, please take a moment to complete the Self-Registration Form. Once your
registration is completed, you will receive your login information via email.

Page 5 of 20



mMmedias

corporation Configuration Notes 286

3. The system information screen then appears, giving information about the firmware version, hardware revision,
system up-time and MAC address.

{,.“ Mediatrix - Windows Internet Explorer

Go- g5 ek
W [@Med\atnx l I B - B - v [rpage - @ Took -
— —— ® ‘ Device Info |. Management = SIp w= Telephony - Advanced
= nfo

* Info

Systern Up Time:  0:03:42:48
Mediatrix 4124 v5.0,18,111 SIP MIB 1,5,3.61 Profile Mx-

Systern Description:

$5001-02-E
MIB Wersion: 1.5.3.61
MAC Address: 0090f803773e

Hardware Version: 0O

Firrmware Version: 5.0, 18111

Network Parameters Configuration
Network parameters are located in the Management. — Network Settings page.

1. Click Management and Network Settings to go the Network Settings web page.

" Advanced

=Mediatrix’

* Network Settings

1P Address Source: OHEP

I8 Addrass: 1592.168.1.102
Subnet Mask: 295 TF5.2F5.0
Dafault Routar: 192,168,101
Frimary DNS: 192.168.1.1
Secondary DHE: 0.0.0.0

DHIP Sarvar IP Addrass: 1%2.168.1.1
Hetwork Port Speed: autcDetect ,

5 Addrass souncar s +—— GliCK here If static |P is used
o puce
18 Address:
% ; | :
el — Static |P, subnet mask,
Dafaukt Routar)
Primnary DNS: default gateway, DNS
Secondary DNS: 152 1E2.0.10
SHMP Port) 151
SHTP Source: DHCP
SNTP Ports 123
SHTP Hodt: 0.0.0,0
SNTP
SHTP Enable: 9 Enable
Disable
SHTP Source: DHCF [=) SNTP Server
FHTP Host: 22168010
TP Borts here
SHTP Timazans! ECTEDSTAM4.1.0/020)
SNTP Synchronisation Pariod: 440
SNTP Synchronization Paeriod on Error:

| Submit |

2. Inthe IP Address Source option, select DHCP or Static.
DHCP is the default selection
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3. Ifyou are using a Static IP address, select Static and enter the IP address, subnet mask, default router and DNS
server IP in the proper fields.

4. If SNTP is required, set the SNTP Enable option to Enable and enter the appropriate SNTP server IP address in
the SNTP Host field.

5. Click Submit to apply the changes.

SIP Configuration
The SIP Configuration usually includes two portions:

e Information about the signalling servers, e.g., SIP proxy, SIP registrar, port number, etc.

e S|P account setting (aka phone number) for each port; the account should be configured on the softswitch first
The following are the steps to configure the SIP parameters:

1. Click SIP and Configuration to go the SIP Configuration web page.

—
Device Info L] Managemﬁ l| SIRP |l }Iephony L] Advanced

Configuration

Interop Authentication

=Mediatrix” ;

g
SIP Server Source: CHCP
Registrar Host: 0.0,0.0
Fegistrar Port: a
Proxy Haost: 0,0.0.0
Prosy Paort: a
Sutbound Proxy Host: 0.0.0.0
Outhbaund Proxy Port: a

SIP Configuration

S ® static «+—— Click here if SIP Betting is used
L DHCP
o e R SIP Redistrar IP and
Registrar Host: |1D.1.119.229 |
Registrar Port: (] Ll SIP PrOJ(y IP
g (IP of thé Asterisk
Prasy Part I server)
Qutbaund Praxy Hast
Outbaund Proxy Port: Cl
Unregisterad Pork Behavior: | dizable part El
5IP User Configuration !ﬂ
Port User Name Friendly Name Other Accepted Usermname
1 o | ot %‘:'%bne number and
z [ | David d Caller Name for each
= [3330003 il I .
4 [3330004 il I[ —
s [3330008 I I[ |
& [3330006 il I |
7 [330007 I I[ |
e [3330008 I[ I[ |
o [3330009 I[ I[ |
10 [3330010 I[ I[ |
11 [3330017 I I[ |
iz [3330012 I ][ |
13 [3330013 i I |
14 [3330014 i I |
15 [3330015 i I |
16 [3330016 i I |

2. Choose Static as the SIP Server Source.
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In the Registrar Host and Proxy Host fields, enter the address of the softswitch signalling server.

4. Inthe User Name (equivalent to the phone number) column, enter a user name as defined in the softswitch. The
port will use this as the username to register with the softswitch.

5.  You can also enter a Friendly Name for each port.

6. Click Submit to apply the changes.

SIP Authentication
The next step is to enter SIP authentication information for each port.
1. Click SIP and Authentication to go to the SIP Authentication web page.

You can enter up to 5 credentials for each port, but only one is needed in most cases.

Device Infa L] Managfgnent l| SIP |l \Telephony L] Aduanced

%Mediat rix ATy

Unit Authentication

22 [3330022 [ [ |
23 [3330023 [ 1 ]

Index Realm Usemame

1 [ 24 33004 Il I ]

2 | | | SIP Registration

5 | Realm || Userna $IP Registration Command: nolp_ [=]

4+ | L ( D
s | | L b St

User Agent Auth-iolhtion
Port Index Realm

xxxxxx

.

] Port 1

asternisk | |1 02 | | ***** 1

] Port2

| Port3

[V T N S N S T S N T R T

N Eom Nomsi &

L I - N S, R S o

2. Type the proper information the Realm field; the Realm can be found from the softswitch vendor. In this example,
enter asterisk.

Enter the Username 101 and Password num101 for port 1.

4. Click Submit to save the changes.

22 [3330022 Il il
23 [3330023 I Il
24 [3330024 [ [

SIP Registration
SIP Registration Command: noOp E]

.

=

-,
e e
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Codec and DTMF Configuration
1. Click Telephony and Codec to go to the Codec page.

Codec and DTMF settings are configured on a port-by-port basis.

’-.-_
—-—M — - Device Info L | M_a_r_\;a_?ement L] SII(I| Telephony |l3 Advanced
=Medieiix’ O T T e

a7 11-PCMU [=]

® Enable
) Disable
Sterputfer
3 outd B andU singRtp El
pe:
arme for all ports): '5DE|4—|

ittar Buffar:

@ Enable
! Dizable
Lay rninimurm packetization tirme: 10 ms El

Law raximum packetization timme: | 100 ms El

@ Ensble
'/ Dizable
.711 a-Law rinimurm packetization time: 10 mz El

G.711 a-Law maximurn packetization tirme: | 100 ms El

G, 711 VAD: dizable E|

G, 711 Comfort Moise Generation: disable El

2. Setthe DTMF Transport drop-down menu according to the DTMF transport mode you have defined in the
softswitch.

o Ifyou are using rfc2833: set the parameter to outOfBandUsingRtp.
o Ifyou are using SIP Info, set the parameter to outOfBandUsingSignalingProtocol.

o Ifyou are sending DTMF inband, set the parameter to inBand (default). Inband is not recommended if you
are intending to use a codec other than G.711.

In this case, OutOfBandUsingRTP is used.
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——M SO ° Device Info - Management = SIp = 1 Telephony —l - Advanced
=Mediatrix

* CODEC(

Port1 [+!

Preferred Codec: g711-PCMU [w]
L)
Adaptive Jitter Buffer: Enable
Disable
Target Jitter Buffer:
Maximumn Jitter Buffer: 125 o
— = OutOfBandUsingRTP
DTMF Transport: outDfB andUsingRtp vl
OTME Paylosd Type: =rfc2833
RTP Base Port (same for allports): 0L | Payload number = 101
Voice - G.711
)
G.711 u-Law: Enable
Disable
G.711 u-Law minimum packetization time: 10ms _v_j
G.711 u-Law maximum packetization time: 100 ms Ti
e
G.711 a-Law: Enabla
Disable
G.711 a-Law minimum packetization time: 10 me |
G.711 a-Law maximum packetization time: 100 ms =)
G.711 VAD: disable [v] \VVAD = Disable
G.711 Comfort Noise Generation: disable :’ Comfort Nolse = Disable
Voice - G.729
°
G.726: Enable
Disable
G.729 minimum packetization time: 10me [w]
G.729 maximum packetization time: 100 ms ':1
)
6,729 VAD: Enabla
Disable

3. Set the Payload type field to match your setting in the softswitch and other VolP devices. In this example, the
payload typel01 is used.

4. Set your preferred codec. G.711 PCMU is the default codec.

5. Set your codec-specific parameters, e.g., Comfort noise, Silence Suppression/Voice Activity Detection (VAD),
packetization time, etc.

6. Enable (default) / Disable T.38 Fax if you are not using it in your VoIP setup.

© Enable
! Disable

T.38 Protection Level:

T.38 Final Frames Redundancy:

Preferred Clear Channel Codec: g711-PCMU El

T.38:

7. Click Submit to apply the changes.
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Done!
Reboot the gateway.

1. Click Advanced and Reboot to go to the Reboot page.

N

Device Info L] Management = SIpom /_Ialep-hen.u__&ll Advanced |
eboo

EM edi aFix °

Ernergency

2. Click the Reboot button on the page that displays.

Device Info L Management | gip ®

Telephony

Advanced

=Mediatrix’

Please click on the Reboot button below to reboot the device.

Waring: Your Web session will be lost and you will be redirected to the info
page after the reboot process,

The changes you just made will become effective after the unit reboots.

After the unit comes back, observe that the Ready LED should now light up (or blink if not all the ports are configured and
registered with the SIP server). You can then hook up a telephone and make some test calls with the Mediatrix 41xx.
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Mediatrix FXO (1204) Unit Configuration

Similar to the 41xx series, the Mediatrix 1204 FXO gateway also features an embedded Web server. Most of the commonly
used parameters are accessible from the web interface. The Mediatrix Unit Manager Network (UMN) software is needed if
access to full unit configuration is required. The UMN can be downloaded from the Mediatrix Portal:

https://support.mediatrix.com/DownloadPlus/Download.asp

It has a default 3-units limit upon installation. This will suffice for most configurations. Additional unit license can be
purchased. Please contact your Mediatrix reseller for more details.

Using the Web interface

The web interface may be used to:
=  View the status of the Mediatrix 1204.
=  Set numerous parameters of the Mediatrix 1204.

Mediatrix recommends that you use the latest version of the Microsoft® Internet Explorer web browser to properly access
the web interface. To use the web interface configuration:

1. Inthe web browser’s address field, type the IP address of the Mediatrix 1204 (if you have performed a recovery
mode, this is 192.168.0.1).

2. Enter the default login name admin and password 1234.

@@ nghttp:uwz.les.z.mz; D e

X
W ‘(aConnecting... \ ‘ B - B - @ - [Frage v Groos v

Registered users tl
e Firmware
* Product Doy
o MIB Refers
* Software

The server 192.168.1,102 at Mediatrix requires a username
and password.

User name:

Partners with a Sel ~ | henefit from

additional services | Password:

" ﬁ admin

[ OK ][ Cancel ]

® | you are a TEQISIETEd USEr, yOu Can 10gin USINg your emal aaaress and password.
e |f you are a new user, please take a moment to complete the Self-Registration Form. Once your
registration is completed, you will receive your login information via email.
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3. The system information screen then appears, giving information about the firmware version, hardware revision,

system up-time and MAC

-

Systern Up Tirme:
Systern Description:
MIB Version:

MAC Addrass:
Hardware Wersion:

Fitrnware Version:

=Mediatrix’

address.

| Device Info | L] Managerment

= sIP

L] Telephony L] Advanced

Infa Manitoring

0:00:04:00

Mediatrix 1204 v5,0,17.104 SIP MIB 1.5.3.61 Profile M3~
S5001-02-E

1.5.3.61
00230fE005a64
=]

5.0.17.104

Network Parameters Configuration

Network parameters are located in

the Management — Network Settings page.

1. Click Management and Network Settings to go the Network Settings web page.

— & -j Mansgerment | " gip Talaphony " advancad
=Mediatrix e sener |
- twy tir
IP Address Sources DHCP
P Address: 192.168.1.102
Subret Mark: 295, 2552550
Cafault Router: 192.168.1.1
Prichary DNS: 192.168.1.1
Secondary DNS: 0.0.0.0
DHCP Server IP Address: 192.166.1.1
Hetwork Port Speeds aulcDetect :'-
Hetwork Setbings . .
-—
1 Address Sommes Static ick here If static |P is used
& pHce
1P Addrass:
Subnat Mask: i
Albechas B2 N0 Static IP, subnet mask,

Cafault Routar: 152 162.0.10 é
Primary DNE: AN default gateway, DNS
Secondary DNS:
SHMP Port) ,15'—]
SHTP Info
SHTP Soure: DHCP
SHTF Ports 123
SHTP Hogt: 0.0.0.0
SNTP
SHTP Enable: % Enable

Bisable
SNTP Source: DHCF [w] SNTP Server
SNTP Host: 32168010
e o <—, here
SNTP Timezone: ECTEDS T4 M4.1.0/020)
SNTP Synchsonisation Dariod: 440
SNTP Synchronization Paeriod on Error:

| Submll-_

In the IP Address Source option, select DHCP or Static.
DHCP is the default selection.

If you are using a Static IP address, select Static and enter the IP address, subnet mask, default router and DNS

server IP in the proper fields.
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4. If SNTP is required, set the SNTP Enable option to Enable and enter the appropriate SNTP server IP address in
the SNTP Host field.

5. Click Submit to apply the changes.

SIP Configuration

The SIP Configuration usually includes information about the signalling servers, e.g. SIP proxy, port number, etc. Note that
unlike the 41xx FXS gateway, SIP Registration is not needed for the 1204.

1. Click SIP and Configuration in the top menu to go the SIP Configuration web page.

Cevice Info L] Managemek '| SIF |' };llephont,I L] Advanced

‘ Configuration Interop

=Mediatrix’

-
s 1ob0 |
SIP Server Source: Static
Prosxy Host 10.1.119.229
Prosxy Port: u]
COutbound Proxy Host: 0.0.0.0
COutbound Proxy Port: o

- SIP Configuration

@St ti - o e I n
SIP Server Source: Oo:ct «—— Click here if static Setting is used
SIP Port: L ]
Praxy Host: % | SIP Proxy IP
Proxy Port: 0

Outbound Proxy Host: 0.00.0

5IP User Configuration
Port User Mame Friendly Mame

1 [2111600 | [MediatisSupport 1204-1]

2 [2111602 | [MediatisSupport 1204-2] Phonk number of the
3 [2111603 | [MediatisSupport 1204-3] POTS Line

4 [2111604 | [MediatisSupport 1204-4]

2. Inthe SIP Configuration section, choose Static as the SIP Server Source.

In the Proxy Host field, enter the address of the softswitch signalling server.

4. Inthe User Name (equivalent to the phone number) column, enter the phone number of the POTS line to which the
port is connected. This is optional.

5. Click Submit to save the changes.
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Codec and DTMF Configuration
1. Click Telephony and Codec to go to the Codec page.
Codec and DTMF settings are configured on a port-by-port basis.

— ——— Cevice Info L] Man‘aﬁsmnni_ u SI{-| Telephony |IH Ad
=Mediatrix’

Digit Maps B Part Neuoot

Select Port

I
g711-PChU (v
\ Jitker Buffer: @ Bmetsli=
O Disable
Target Jitter Buffer:
Maxiraurn Jitker Buffer: 125
DTMF Transport: | outfBandUsingRip “ |< I DTMF Tl'arlSport Type
Payload number
DTMF Payload Type:

RTP Base Port (sarme for all ports): |G004

@ Enable
O Dpisable

G, 711 u-Law minimum packetization time: [ 10ms  +

G711 u-Law:

G, 711 u-Law masxirum packetization time: |1

@ Enahble
O pisable

=
=
3
o
<

G711 a-Law:

G, 711 a-Law minimurm packetization time: Mms «

=
=
3
)
<

G, 711 a-Law mmaxirnurn packetization tirme!

G.711 VVAD (silence Suppression)
Comfort Noise

G711 WAD: | conserative V|

G711 Cornfort Moise Generation! customMoise v

2. Setthe DTMF Transport drop-down menu according to the DTMF transport mode you have defined in the
softswitch:

o If you are using rfc2833, set the parameter to outOfBandUsingRtp.
o Ifyou are using SIP Info, set the parameter to outOfBandUsingSignalingProtocol.

o Ifyou are sending DTMF inband, set the parameter to inBand (default). Inband is not recommended if you
are intending to use codec other than G.711.

In this example, OutOfBandUsingRTP is used

3. Set the Payload Type field to match your setting in the softswitch and other VoIP devices. In this example, the
payload type 101 is used.

4. Set your preferred codec. G.711 PCMU is the default codec.

Set your codec-specific parameters, e.g,. Comfort noise, Silence Suppression/Voice Activity Detection (VAD),
packetization time, etc.
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6. Enable (default) / Disable T.38 Fax if you are not using it in your VolIP setup.

@
T.38: ; Enable
') Disable
T.38 Protection Level:

T.38 Final Frames Redundancy: C]

Preferred Clear Channel Codec: a711-PCMU [=]

7. Click Submit to apply the changes.

Done!
Reboot the gateway.

1. Click Advanced and Reboot to go to the Reboot page.

— iT - Device Info L] Managernent = zZIpom /_Ialephen.u__&l| Aduvanced |
=Mediatrix

2. Click the Reboot button on the page that displays.

——M di/Ti ® Device Info L] Management " SIp ® Telephony L] Advanced

Please click on the Reboot button below to reboot the device.

Waring: Your Web session will be lost and you will be redirected to the info
page after the reboot process,

The changes you just made will become effective after the unit reboots.

After the unit comes back, you can then hook up the PSTN lines and make some test calls with the Mediatrix FXO 1204
gateway. When you dial into the 1204 from the PSTN, you’ll get a second dial tone. You can then dial any IP extension

numbers to reach internal phones. If you want to forward all inbound calls into an auto-attendant, please check out
Automatic Call Forwarding in the Advanced Setting section.
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Advanced Settings

* Star Code and # Key Dial Map

By default, the Mediatrix 41xx dial map does not allow * and # keys. To do that, you must add the following dial map:
= X.# - for speed dialling, e.g. 267#, call will be dialled right away once the # key is hit
= *xx —for * code, e.g. *69
= #xx —for # code, e.g. #21

Here the first dial map is (*xx|#xx). The second dial map is x.# with # removed before the number is sent to Asterisk.

Device Info L] Managernent = SIp '| Telephony ]' Advanced

=Mediatrix’
=meaiairix TS coocc Reboot

Digit Map Timeout Inter Digit:

Digit Map Tireout First Digit:

Digit Map Timeout Completion: 50000

Allowed Digit Map

Index Activation Digit Map s:‘;;ve pnfedﬁx gspgizve

1 2Enetle Fame B L]
') Disable

2SS ks b Il | |
') Disable
@

3 el T | Il I |
') Disable
@

4 <Gl | Il I |
') Disable
@

5 s T | Il i |
') Disable
@

6 < | Il i |
') Disable
@

7 s T | Il f |
') Disable
@

8 <l | 1 I Il |
') Disable
@

£ il T | Il Il |
') Disable

TS S LT b Il Il |
') Disable
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Local 911 Call Using the Mediatrix Emergency Gateway Feature

The Emergency Call service (also called urgent gateway) allows a “911”-style service on the Mediatrix 41xx. It allows a user
to dial a special digit map resulting in a message being sent to a specified urgent gateway (the Mediatrix 1204 in this case),
bypassing the softswitch and any other intermediaries.

If enabled, whenever the user dials the specified digit map, a message is sent to the target address.

In this example, when the user dials 911 or *60, a 911call is dialled out of the PSTN gateway (a Mediatrix 1204 with IP
address 192.168.1.102). All the configuration is done on the 41xx only:

1. Click Advanced and select Emergency.
2. Set the Emergency Call Activation choice to Enable.

3. Enter the Emergency Call Target. This is the destination SIP URI; it is in the format sip:911@192.168.1.102, with
911 being the number intended to be dialled out to the PSTN, and 192.168.1.102 being the local PSTN gateway.

4. Enter the Emergency Call Digit Map. These are the digits the user dials in order to trigger the emergency call; in this
example, the user can either dial 911 or *60 to call emergency. If only 911 is needed, just put 911.

5. Click Submit to complete the process.

- i,.T . Device Infow = SIp ® Telephony (:l Advanced |
=Mediatrix

Emergency Call q
Ernergency Call Activation: @ Skl Set AC I\-"atIOFI tO “Enable”

| S Enter URI for Emergentcy Call
mergenc a arget; n n u .
Fmerasney Gall Tamet R Enter E?lglt Map that will trigger the cal

Ernergency Call Digit Map: [3911]°E0)
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Automatic Call Forwarding to an Auto-Attendant for all Inbound PSTN Calls via the 1204

You'll need the Mediatrix Unit Manager Network in order to access the Automatic Call feature on the 1204. The Automatic
Call function allows all inbound PSTN calls to the 1204 being automatically forwarded to a pre-defined number. Without this
being set, the caller will hear a second dial tone instead.

1. Inthe UMN, right-click Telephony Attributes and select Edit.

- UnitManagerClient - [127.0.0.1] EEx
% Unit Manager Tree Item Group  Yiew Tools Window  Help - 8 x
= =y G 7 % Hierarchy | Niceliew - B Filter | <Mone> - i§
= E_ Unit Manager .
+(0 Home Telephony Attributes
5@ mreTAC Telephony Attributes
+ @ml O090FE00CEZF - — _ _
&= O0SOFE00SA4S Port# Call direction Automatic call Automatic call address
+-jmm) O090FG000GF4 1- Mo restriction  Disable <empty>
+ - jmmll O090FS007E45 . .
D@m=l DOSOFS00SASH 2 Mo restriction  Disable <empty>
[E  Administration 3- Mo restriction  Disable <ermptys=
[B  configuration File Fetching o .
B DiaMap 4 Ma restriction Disable <empty=
+-[E  Part
B
B Software Dowoload
B s
EPl Telephony Attributes . . .
& foorsonee Right Click at “Telephony Attributes”
- = Refresh  F5 Select “Edit” in the Pulldown menu
+]- )
+)- )
4[] =Unknown:
Ready

2. The Telephony Attributes window pops up. Set the Automatic Call field to Enable and put your auto-attendant

phone number in the Automatic Call Address field. Click OK to complete the process.
Telephony Attributes 3]

Telephony Attributes

Port # | Call direction Automatic call | Automatic call add)
| | : | C:'—Phonejnumberﬂfﬁcutmattendant

o restriction 1234
Mo restriction
Mo restriction
Mo restriction

Ena I::Ie

Settarget urits.. | | Ewclude automatic call settings from multipls targets Ok | Cancel
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Syslog Server for Troubleshooting

For troubleshooting purpose, syslog of various levels can be enabled on the Mediatrix 41xx. In this example, Syslog
messages are sent to the syslog server at 192.168.1.100, the syslog level is set to Debug.

Device Info ]' Management = SIp ® Telephony L] Advanced

e S ®
=Mediatrix

= Monitoring

Syslog Configuration Source: DHCP
Syslog Host: 0.0.0,0
Syslog Port: 514
Syslog Max. Severity: Informational
Syslog Configuration
@ 4
Syslog Configuration Source: g Stade
"/ DHCP
Static Syslog Host: 192.168.1.100
Static Syslog Port: 514

Syslog Max, Severity:

isabled
Critical -
Error Submit
Waming
Changes you have made require to re Informational pefore they take effect.

Please click here to reboot the device. [8EsL)

References

For more information on the Mediatrix products, visit these links:
= http://www.mediatrix.com
= https://support.mediatrix.com/DownloadPlus/Download.asp
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