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Introduction

This document provides guidelines for setting up a MultiTech gateway as a SIP trunking gateway, and for
configuring SIP extensions. This document uses MVP410 as an example. The same configuration should
also apply to other models of the MultiTech MultiVolP gateway.

The firmware version for MVP410 used in this example is 6.09.0a. The AltiGen IP phone firmware version
needs to be 2xxx (SIP-based).

Requirements

e  Your system must be running MaxCS release 7.5.
e  You must have a MultiTech MultiVolP Voice over IP gateway (MVP210, MVP410, or MVP810)

e  Both the MaxCS system and the MultiVolP gateway need to have public IP addresses or be in the
same private network range. NAT is not supported at this time.

e If private network addresses are used, an intranet (such as VPN, frame-relay, and so on) is
required prior to configuration of the remote MultiVolP gateway.

e The MultiVolP gateway’s IP address is configured as 10.10.101.81 in this example. Please consult
the MultiVolP documentation about gateway IP address configuration.

MultiVolP Gateway Configuration

1. Log into the MultiVolP configuration tool. Refer to your product documentation for the URL and
any required username or password.

2. After the IP address is configured, in the MultiVolP configuration tool select Configuration >
Ethernet/IP and assign a Gateway Name. In our example we use the name MultiVolP. (Do not
leave this field empty.)

— IF Parameters
Gateway Mame :IMU|WD|F' 4
[ Erable DHCP Diff Sery Parameters
) Call Cantral PHE - |34
IP Address : I
YiolP Media PHE |4E
WPleet I FTF Server
Gateway : I [ ¥ Enable
DMS
[~ Enable DNS
[~ Enable SEY
DHS Server IF Address ; I m .30 1
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3. Select Configuration > Call Signaling > SIP. Set Signaling Port to 5060.

SIF Parameters
Signaling Part : IEUED y

[T Use SIP Prosy

¥ | Allow Incaming Calls Through SR Prosy Daly

4. Select Configuration > Call Signaling > NAT Traversal. In our example, we do not use the STUN
protocol, so the checkbox is cleared.

—MAT Traversal

—5TUM ‘(’
[~ Enable

Sepver

Hamed F: ID-D-':'-':I

Part : |34F"8

5. Select Advanced > Packetization Time.

o SetG.711 A-law@64Kbps to 10 (ms)

o SetG.711 U-law@64Kbps to 10 (ms)

o Set G.729@8Kbps to 10 (ms)

Important — if these parameters are not set to 10ms, you may experience one-way-only audio.
6. Click Copy Channel to copy the setting to all the channels.

— Packetization Time Parameter

Select Channel IChan nel 1 A l

— Packetization R ate[msec per packet] K/

G711 & lan@E4 Kbps: |10 7| /‘he?@nnsmps: B0 v
G711 U lawizE4 Kbps : |1D 'l

GTZ7@40/24 Kbps . |E0  +

G726 @16Kbps: [60 - GP2F@40/2 Kbps:  [gg v
Gi26@24 kbps: [60 = G7231@53Kbps: |BD ¥
G726@32 Kbps:  [B0 ¥ G7231@63Kbps:  [BD |
G726@40Kbps: [B0 = G729@E Kbps : mh/
G727@1EKbps: [60 x| NetCode@bdkbps: 60 <]

G727E24/16 Kbps : |BD -] NetCoder@7.2Kbps: |60 v]

G727 @24 Kbps © Iﬂ MetCoder@8 Kbps: |60+
Gr27@32/16Kbps: |60 MetCoden@8.8Kbps:  |E0 v
GR2F@3224Kbps: [e0 = MelCoder@3EKbps:  [gn =

GF27@32Kbps: [gn -
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7. Select Phone Book > Outbound Phone Book.
8. Either create a new entry or edit an existing entry with the following parameters:
e Check Accept Any Number.
e Set /P Address to the MaxCS IP Address, 10.10.0.237.
e Set Protocol Type as SIP.
e Set Transport Protocol as UDP.
e Set SIP Port Number as 5060.

—Add/Edit Dutbound Phone Book.
— Phan ber Dietailz

¥ &ccept Any Mumber

[estination Pattern : ‘,ﬁny Murnber

Tjotal Crigits : ||j

Bemove Prefiz ; |

Add Prefiy : I
g
lF'.-i'n.ddresszl o .10 . 0 2F
Deschption : I
—Pratocal Type-—#~2
= ﬁlF‘k " H.323 " SPP
—5SIP
™| Wze Prowy
Tranzport Protocal————————2
’7 = ICP {* QDF‘Z
SIP Port Mumber: |5|:|5|:| f /4
SIPURL: |

Enterprise Manager Configuration
1. Open Enterprise Manager and log in.
2. Select the Codec tab and the IP Codec sub-tab.
3. Add a new codec profile named MVP Gateway. Set the following parameters:

e Use the Add and Remove buttons to move G.723.1 to the first entry in the Selected Codec
list, followed by G.729.)

e Set both DTMF Delivery and SIP Early Media to Default
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Frofile Setting

Mame: MVFP Gateway

G231
G729

Codec:

Selected Cuden:/

&

{ =-- Add }

Remove -> )
C o )
oo )

Available Codec

G711 A-Law
G722

[ Advanced )

DTMF Delivery  ( Default

SIF Early Media

SIF Transport (uop

y -
( Default K )
=

4. Select Enterprise Manager > IP Dialing Table.

5. Add an entry (Server ID is 1 in this example) with the following parameters:

e Set Server Name to MVP Gateway
e Set Sever IP Address to 10.10.101.81

e Set Dialing Scheme to Enblock

e Set Protocol to SIP
e Set Codec to MVP Gateway

£ TP Dialing Table

Server |0

Server Mame:
Server IP Address:
Femote Ext Lenath:
Dialing Scheme:
Protocol:

Codec:

Hop Off Allowed:

x|
| E
|MVF‘ Gateway |
[ 10.10.101.81 |
{ none v
{ Enblock -
ar -
{ MWE Gateway v:".\
{': ES v}
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The “Connect Voice Stream to Server” Option

Intranet
IP Address (VPN/Frame Relay)
10.10.0.237

oooooo

AltiGen IP phone
Ext 210

In the figure above, a call comes from PSTN to the gateway and connects to AltiGen IP phone 210.

There are two SIP signaling paths. The first signaling path is between the MultiVolP gateway and MaxCS.
The second path is between the AltiGen IP phone and MaxCS.

The voice stream goes directly between the MultiVolP gateway and the AltiGen IP phone, so that the
voice quality is better and the latency is low. This path barely consumes intranet bandwidth. This is the
default configuration.

Here is an alternative configuration:
In MaxCS Administrator, select PBX > Extension Configuration.

If the Connect Voice Stream to Server option is checked, then the voice steam will always go back to the
server. In this configuration, the path will consume more intranet bandwidth, the voice quality will be
become degraded, and the latency will become higher.

~IF Extension 7
¥ Enable IP Extension Iqénnect Yoice Steam to Server
% Dynamic |P Addresz {7 Static [P Address
Logan P Address | o .o .0 .0
Home Media Server ID I j
IV Enable 3rd Party SIP Device:

HERERRHERENR

S|P Registration Pazsword |
[T Enable Fallback to Mobile Estenzsion
tabile Extenszion Channel |E|1 000 j

Page 7 of 27



AALTIGEN

Under the following conditions, the system administrator will need to check the Connect Voice Stream to
Server option:

e When the Voice Recording feature is used on the AltiGen IP phone (or the FXS extension behind
MVP410)

e  When a supervisor wants to silently monitor, barge in to, or coach the extension

In these cases, the administrator needs to make sure the bandwidth between headquarters and the
branch office is sufficient.

Basic Configuration

The MVP410 has 4 FXS/FXO channels. Each channel can be configured as a SIP extension or SIP tie-trunk
channel to PSTN. It is possible to configure two channels as two SIP extensions and two channels as two
SIP trunking channels to PSTN.

Important! FXS channels must be configured first. For example, if your device has four channels
and you want to provision two as analog extensions and the other two channels as SIP
trunking channels, then you must configure channels 1 and 2 as FXS ports, leaving
channels 3 and 4 for the trunks. If you do not provision the first two channels as the
analog channels, then you may encounter one-way-only audio issues.

SIP Extension Configuration

Before you configure SIP extensions, you must check that all of the requirements in the Prerequisites
section have been met.

IP Address

10.10.0.237 0 Ethernet—L)
Maxcs IP Address
10.10.101.81
=]
[o] [Goso0n] [o0]
MVP 410
Router = j
g VPN/ Router H% =5 ==
E2E] Frame ) BE §|
Ext 104 Relay AltiGen IP phone jE=E] =5
Ext 210 Ext 251 Ext 252
IPAddress
10.10.50.30

Figure 1: SIP Extension Configuration
This section shows steps for the following example configuration:
e The IP address of MaxCS at headquarters is 10.10.0.237
e MaxCS has one analog extension, extension 104
e Inthe remote site, the IP address of the AltiGen IP phone at extension 210 is 10.10.50.30
e The IP address of the MultiVolP MVP 410 gateway is 10.10.101.81

Follow these steps to configure the SIP extensions:

1. In MaxCS Administrator, select Extension Configuration.
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2. Add two virtual extensions, 251 and 252, with the following parameters:

e  For Type, select IP Extension

e Check Enable IP Extension

e Select Static IP Address

e  Set Static IP Address to 10.10.101.81 (the IP address of the MultiVolP gateway)

— Type —IP E%ﬂ

v Enable [P Extenzi Connect Woice Streal Server
" Physical Extension I Enable IP Extension [~

£ Vitual Extension " Dynamic |P &ddress €% Static IP Address %
) / Logon IP Address I 10 .10 . 101 .81
1P Extension Home kedia Server [D ol -
[ Locatn ¥ Enable 3rd Party SIP Device
Logical Board [D IE— SIP Registration Passward Ixx
Logical Chartnel 1D |1_ I Enable Fallback to Mabile Extension

Prev | Nest | b obil Extension Channel |01:000 <

3. Open the MultiVolP configuration tool.
4. Select Configuration > Voice/Fax and configure these parameters:

e Set Select Channel to Channel 01
e Set DMTF to Out of Band - Fixed Duration
e Set Out of Band Mode to SIP Info
e Set Coder to Manual
e Set Selected Coder to G.729@8kbps
e Set Auto Call/OffHook Alert to None
5. Click Copy Channel to apply the settings to all channels.
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—Woice/Fax Parameters s

Select Channel [t

— Fax/Modem Parameters

v Fax Felay Ensble
[ Modem Belay Enable

—Woice Gain
Irput IU 'I dB  Output IU 'I dB
r— Dok

Gain
[ﬂi9h|-4 'IdB LDWI-? 'IdB
Diuiratioh I'I 00 s

DTMF: |Out Of Band - Fized Duration
Out Of Band Mode: | SIF Infa

Max Baud Rate Im
Fax Wialume Iﬂ dB
Jitter Walue IW s

tode m

Codey 2

& Wanual

Advanced Features
V¥ Silence Compression

U  Automatic /
Selected Coder | 6.723@8 kbps =l

Max bandwidth [295  kbps

[v Echo Cancellation

[~ Fomward Error Comection

Auto Call / DifHook Alert -

|
Auto Call /0ffHook Alert INone z 'I v Generate Lozal Dial Tone

OifHook Alert Timer |1 i

FECE

6. Select Configuration > Interface and configure these parameters:

e Set Select Channel to Channel 1

e Set Interface Type to FXS (Loop Start)
e Set Caller ID Type to BellCore

e Check the Caller ID Enable check box

 Interface Parameter.

Select Channel Iﬁ Interface Type |F><S [Loop Start) ‘_i

o

F5 Ring Count IE

[~ Curent Loss
[~ Generate Curent Reversal
— F<0 Dptions

Fe0 Bing Coumnt |2
o Fesponse Timer I'I an SECE

— E&hd D ption Flash Hook Options———————————
|'Signa|— Generation : |E00 ik

— Dialing Optior

Regeneration

& Bulze

Inter Digit Tirmer |2 TECT

Meszage Waiting |ndication
INone "I

Inter Digit Reaeneration Timer (100 s

= DTHF

& Dial Tore. € Wink

Detection Range
Mir - |5DU ms

Wik Timer, |2ED i Maz: [1000 i Default
Type ITYF'E Il 'I Caller ID Help

LCancel

Mode———— Lype —
’7(3' Zwiie. € dwie BellCore / Supatiizion
¥ Enable

L kRt

Copy Channel
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7. Select Phone Book > Outbound Phone Book and create an entry with the following parameters:

e Check Accept Any Number

e Set /P address to 10.10.0.237(the MaxCS IP address)
e Set Protocol Type to SIP

e Set SIP Transport Protocol to UDP

e Set SIP Port Number to 5060

— Add/E dit Outbound Phone Book

— Phone Mumber Detailz /
W Accept Sny Mumber

Destination Pattern : ].-'l'-.n_l,l Murnber

Tiatal Lrigits : ||:|

Bemaowve Prefis : |

Add Prefig ; I

S

lF'.-'l'«ddresx:l m .10 .0 .23?/

Degcription ; I
— Protocol Type——#~
ok K - H.323 r spp
—5IP
[T Wse Frony
Transport Prutnculﬂ/
(  1CP (+ UDP
2
SIP Port Humber: |5|:||3|:| r
SIPURL: |

8. Select Phone Book > Inbound Phone Book and create a new entry with these parameters:

e  For Remove Prefix enter 251
e Set Channel Number to Channel 1 (this will bind Channel 1 to extension 251)

—Add/Edit Inbound Phohe Book

&£

Add Prefix : | LCancel

Channel Humber : m Help

Deszcription ; |

[~ Accept Any Mumber

Bemove Prefix : |25‘]

F ik
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9. Repeat the same process for extension 252 by adding a new entry where Remove Prefix is 252
and Channel Number is Channel 2.

10. Under Save & Reboot, click OK. Wait for the MVP410 to reboot itself.
11. Attach analog phone sets to the MVP410 system (FXO/FXS port).

12. Make some test calls among ext 104, ext 251 and ext 252.

SIP-Tie Trunk Configuration for Incoming Calls from PSTN

Before you configure SIP-Tie trunks, check that all of the requirements in the Requirements section on
page 3 have been met.

Analog extensions behind MVP410 are optional. If analog extensions are required, make sure you also
complete the steps provided in the section SIP Extension Configuration.

Tel 4081231234

Trunk Number
5102520001
n F
0 Ethernet 5102520002

IP Address
10.10.0.237

IP Address
10.10.101.81

Router =5
% VPN/ Router H% EE] EE
£S5 Frame U; Uz
Ext 104 Relay AltiGen IP phone 58] 58]
Ext 210 Ext 251 Ext 252
IPAddress
10.10.50.30

Figure 2: Configure SIP-Tie Trunks
This section shows steps for the following example configuration:
e  The MaxCS IP address at headquarters is 10.10.0.237
e  MaxCS has one analog extension, extension 104
e At the remote site, the IP address of AltiGen IP phone extension 210 is 10.10.50.30
e The IP address of the MultiVolP gateway is 10.10.101.81

Ext 251 and Ext 252 are optional; refer to SIP Extension Configuration for those instructions.
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To configure SIP-Tie Trunks, follow these steps:

1. Open the MultiVolP configuration tool.

2. Select Configuration > Voice/Fax and configure these parameters:
e Set Select Channel to Channel 3
e Set DTMF to Out of Band — Fixed Duration
e Set Out Of Band Mode to SIP Info
e Set Coder to Manual
e Set Selected Coder to G.723.1@6.3kbps
e Set Auto Call/OffHook Alert to Auto Call

e  Check Generate Local Dial Tone.

e Set Phone Number to 150 (This means when the gateway sends a call to MaxCs, it will try to
ring extension 150. If extension 150 does not exist, the call will be sent to the MaxCS Auto
Attendant system.)

—WoicesFax Parameters y s
Select Channel m
—%Woice Gain — Far/todem Parameters
I j Iﬁ V¥ Fay Felay Enable
Input |0 1d8  Output|0 —1 B [+ Modem Relay Enable
. Max Baud Rate | 14400 »]
Gain
’7 High |-4 vI dB  Low I-? "l dB Fax Wolume |.9_5 vI 4B
ditber Wal 4010 e
Dwration I'“:":I e Li=yaaelEls I
- - hode IFHF11 "I
DTHF ; IDut Of Band - Fised Duration = =

Out Of Band Mods: |SIF' Irfa

Coder s Advanced Features
& Marual ™ Automatic ¥ Silence Compression
Selected Coder IG.?ES.l@E.Skbps 'i ¥ Echo Cancellation

fol & Brardiidth |1EI— kbps ™ Forward Eror Comrection
Ayt Call # OffHook Alert 7 z/ 1
Auto Call A0ffHook Alert I*':'*Ut':' Cal & j ¥ Generate Local Dial Tone
OffH ook Alert Timer [10 SECS
Phone Mumber |'|5EI /
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3. Select Configuration > Interface and configure the following parameters:

e Set Select Channel to Channel 3

e Set Interface Type to FXO

e Set Caller ID Type to BellCore

e Check the Caller ID Enable check box

2

—Interface Parameters
Select Channel IChanneI31 'i Interface Tupe Iﬁ

FEes Optiohs—————
F5! Fing Court IE — Disling Options
[~ Curent Loss Regeneration L I—
[T Generate Curent Reversal " Pulse Inter Digit Timer |2 e
— F0 Options Meszzage Waiting |ndication
& DTMF I I
F#0 Ring Count |2 Mane >
Inter Diigit B tion Ti 100
Mo Responge Timer [180 sECS S A g A =D ms
— E&i Options Flash Hook Dptions
Sighdl——————"1 Generation : {800 s
[ﬁ DialTane € wWink )
Detection Hange——— Cancel

M_in . ISDD [}

ik Thmer, |2ED e M [100D T Diefault
Tiyge ITYF'E I 'I Caller 1D Help

ELEkEE

Modem———— L= .
’76 Dufire T didire IEeIICore /l SR
v Enable

Copy Channel

4. Select Configuration > Interface.
5. Click the Supervision button and set the following parameters:

e  Check the Answer Delay checkbox
e Set Answer Delay Timer to 1

6. These settings only apply to Channel 3. Apply these setting to other FXO channels, if there are
others.

7. Select Save Setup > Save & Reboot, click OK. Wait for the gateway to reboot itself.

Verification

1. Follow Figure 2 and attach the PSTN line 510-252-0001 to FXO/FXS Channel 3 behind the MVP
gateway.

Important! Attach the line to FXS/FXO port instead of the E&M port.

2. Place a PSTN call from an outside line (for instance, from your cell phone) to 510-252-0001. The
call should be sent to MaxCS through the MVP gateway.

3. Apply the same settings to Channel 4 on the MVP gateway. Attach the PSTN line 510-252-0002 to
FXO/FXS Channel 4 behind the gateway.
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SIP-Tie Trunk Configuration for Outgoing Calls to PSTN

Before configuring these SIP-tie trunks, the requirements in the section Prerequisites must be met, and
the steps in the section SIP-Tie Trunk Configuration for Incoming Calls from PSTN must to be completed.

Analog extensions behind the MVP gateway are optional. If the analog extensions are required, complete
the steps in the section SIP Extension Configuration before you proceed.

To configure the SIP-Tie Trunks, follow these steps:
1. Open MaxCS Administrator and select System > System Configuration > First Digit Assignment.

2. Assign digit 8 to IP Trunk Access.

~ First Digit Assignment
1 |Esternion | 2 |Estension | @ |Extension =
4 |Estersion x| 5 |Estension | & |Extension =~
7 |Extension | B [IP Trunk Access v| 3 [Trurk Access =
* |Invalid ~| 0 |operatar =l # |Featue Access =

Select PBX >Trunk Configuration >General.
Highlight one of the SIP-Tie trunks.

Set Trunk Access Code to 8.

e

Use the Apply To button to apply the settings to rest of the SIP-Tie trunks.
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Trunk Configuration -- Card:4 Channel:e0

Location | Twpe [ Access Code [ Pho=| Btz |In Call Houtingl

0z.007 L3  Trunk Acce: de——
02008 L5

02009 LS i
02010 LS

02011 LS r— Phane Mumber

03000 H323-..

0300 H3Z3-. I

03002 H3Z3-. :
e Hae” ™ Aliwaps send this nu
03004 H323- . — Dezcription

03005 H323- . I—
03006 H3Z3- .

03:007 H323-..
03003 H323-..
03:009 H323-..

— Trunk Call Fredial String
[~ Twunk Predial Sting

03010 H323-..

0201 H323-..

04:060 SIP-Tie r— Centrex Tranzfer

04:081 5IP-Tie I™ Enatle Centres Trar

04:062 SIP-Tie
04:063 SIP-Tie
04:064 SIP-Tie
04:065 SIP-Tie

Transfer Predial String

[dmte: Flash will be uzed

04: 066 SIP-Tie r~ Holiday Profile
04:067 SIP-Tie —
04:06%8 5IP-Tie |598tem |

04:063 SIP-Tie
04:070 SIP-Tie
04:071 SIP-Tie

1] |

|0000000000mmmmmmmlzzzzzzzzzzzzwwwww

‘-

Trunk

Apply To, 4

5. Log into the MultiVolP tool.
6. Select Phone Book > Inbound Phone Book and add a new entry with the following parameters:

e  Set Remove Prefix to 222

Important! You can pick any prefix, but once the prefix is selected, it cannot be used as an
extension number.

e Set Channel Number to Channel 3
7. Repeat the same settings for FXO port Channel 4. (Apply the settings only for channels
configured as FXO ports instead of FXS ports.)
—Add/Edit Inbound Phone Book
[~ Accept Any Mumber

pd
Bemove Prefis : |222 k (0] |
Add Prefiy : Cancel |
Channel Mumber ;| i Help |

Deszcription : I

8. Under Save Setup > Save & Reboot, click OK. Wait for the MVP410 to reboot itself.
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Verification

1. Follow Figure 2, and attach a PSTN line 510252001 to FXO/FXS channel 3 behind the MVP
gateway.

Note: Attach the line to an FXS/FXO port instead of E&M port.

2. Pick up extension 104 (as illustrated in Figure 2) and dial “IP trunk access code” + “IP Dialing
Table Entry ID” + “222" + “14081231234” + “#”.

In this example, the number to dial is 8 1 222 14081231234#.
If “#” is not dialed, the call will still be sent out after a few seconds

Advanced Configuration

Before configuring these SIP-tie trunks, the requirements in the section Prerequisites must be met, and
the steps in the sections SIP-Tie Trunk Configuration for Incoming Calls from PSTN and SIP-tie Trunk
Configuration for Qutgoing Calls to PSTN must be completed.

Analog extensions behind the MVP gateway are optional. If the analog extensions are required, complete
the steps in the section SIP Extension Configuration before you proceed.

In addition, make sure you already can make calls among phones, the MVP gateway, and MaxCS without
any problems.

Important! FXS channels must be configured first. For example, if your device has four channels
and you want to provision two as analog extensions and the other two channels as SIP
trunking channels, then you must configure channels 1 and 2 as FXS ports, leaving
channels 3 and 4 for the trunks. If you do not provision the first two channels as the
analog channels, then you may encounter one-way-only audio issues.

Outgoing Calls to PSTN Using Out Call Routing (Optional)

To make a call to the outside though the MVP gateway requires dialing a number with a “strange” prefix,
which may not be intuitive for most users.

For example, users may expect to dial “914081231234” instead of “8-1-222-14081231234.”

Proper configuration of out-call routing in MaxCS can resolve this problem. For more information on
configuring out-call routing, refer to the Out Call Routing chapter in the MaxCS Administration Manual or
search for “routing” in the MaxCS online Help system.
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Trunk Number
— 4092530001

I

Tel 5102520004

I

Trunk Number
5102520001
5102520002

IP Address

10.10.0.237

MaxCs IP Address
10.10.101.81

Router E5)
%| VPN/ Router D%
= Frame AltiGen IP phone
Ext 104 Relay Ext 210 Ext251  Ext252
IPAddress
10.10.50.30

Figure 3: Using Out Call Routing
This section shows steps for the following example configuration:

e The IP address of MaxCS at headquarters is 10.10.0.237

e MaxCS has one analog extension, extension 104

e The home area code of the MaxCS system is 409

e  The MaxCS system has several analog trunks attached where the number is 4092530001.
e Inthe remote site, the IP address of the MVP gateway is 10.10.101.81

e  Two trunks are attached to MVP gateway FXO ports where the numbers are 5102520001 and
5102520002
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To configure outgoing PSTN call via Out-call routing, follow these steps:
1. Loginto MaxCS Administrator and select PBX > Trunk Configuration.

2. Setall analog trunk Access Codes to None (the H.323-Tie or SIP-Tie trunk access code should still
be 1181’)'

Trunk Configuration -- Card:Z2 Channel:0

Location I Type I Access Code I Phio General | Irn Call Fh:uutingl O
NEALE L2 5 " — Trunk AccesgPode
02001 LS M

02002 LS M MNaone -
02003 LS M

02004 LS M — Phone Mumber———
02005 LS M

02008 LS M I

02007 LS M .
02008 L5 N ™| &lways send this Aumt
02003 LS N — Description

02010 LS M I

02011 LS LM

03000 H323-.. & ] ]
0300 H323- . & — Trunk Call Predial Sting—
03:002 H323-.. 8 [ Trunk Predial Sting
03:003 H323-.. &

3. Select System > System Configuration > First Digit Assignment.

4. Assign digit 9 to Route Access.

— First Digit &zsignment
1 IE:-ctensiu:un j 2 IE:-:tensiu:un j 3 IE:-:tensi-:un j
4 IE:-ctensiu:un j 5 IE:-:tensiu:un j E IE:-:tensi-:un j
/7
7 IE:-:tensiu:un j B IIF' Trunk Access j 3 IH::uute.-i'-.uzuzessz j
* IImfaIid j 1] IEIperatu:ur j # IFeature.ﬁ.ccess j

5. Select PBX > Out Call Routing Configuration > Route Definition.

6. Add a new entry named Local Trunk.
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7. Select all the analog trunks (in this example, from “02:000” to “02:011”) as Member Trunks.

8. Click Apply.

Out Call Routing Configuration

Ise

Route Definition | Dialing F'atteml Diefault Houtesl

— Digit M anipulation
(Faa = | Brute Mame
1 Local Trunk | r I Inzert to Head j
Murmber of Diaits to Delete ID vI
Irzert Digits I
rllnsert to Head 'I
Humber of Digits to Delete I':| j'
Insert Migits I—
tember Trunks Motk bember
Location | Type « Location | Type «
02.000 LS 03:000 H3z
02001 LS 03:00m H3z:
02002 LS oo 03:.002 H3z:
02003 LS —I 03:003 H32:
02004 LS 03:004 H3z
02.005 LS 03:005 H32:
l 02006 LS - ||ozos Mz
Add 02007 LS 03:.007 H3z:
02008 LS 03:.008 H3z:
02009 L5 — 03:009 H32:
Foute Index |1 02010 LS 03010 H3z
> 15 T n3ni Har T
Raute Mame |Lu:-ca| Trunk Ll | | >| 4 i | »

9. Select PBX > Out Call Routing Configuration > Default Routes and configure these parameters:

e Set Local Route entry 1 to 1: Local Trunk

e Set Long Distance Route entry 1 to 1: Local Trunk

e Set International Route entry 1to 1: Local Trunk

e Set Emergency Call Route entry 1to 1: Local Trunk
10. Click Apply.

Out Call Routing Configuration

|x

Route Definitionl Dialing Pattern  Default Routes |

- Local Route 7 ~ International Route
1 I 1: Local Trunk j 1 I 1: Local Trunk j
2 =l 2 | =
o =l = I =
4 | N =l 4 | N |
I =l I I =
I =l o I =

— Long Distance Flnutef — Emergency Call Route
1 I 1: Local Trunk j 1 I 1: Local Trunk j
2 | i =l 2 | =
R =l 3 | h =
4 | =l 4 | =l
5| N/ | 5| N |
I I =l o =
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Verification

At this point, you should be able pick up extension 104 and make an outbound call by dialing
914081231234,

Outpost Digits

In Figure 3, when a user makes a call to 15102520004 from extension 104, it would be nice if the system
would send the call through the MVP gateway’s FXO port channel 3 or channel 4.

To achieve this, MaxCS needs to outpost the digits “2222520004” to the gateway. To do this, MaxCS must
remove the first 4 digits of “15102520004”, and then insert “1222" to the head.

“1” of “1222” is the Location ID in the IP dialing table.

The final number sent to the gateway would be “2222520004.”

The gateway will remove the “222” from “2222520004” and then outpost “2520004” to the FXO trunk.
To configure this digit processing, follow these steps:

1. Loginto MaxCS Administrator and select PBX > Out Call Routing Configuration > Route
Definition.

2. Add anew entry named Area510MVP with the following parameters:

e In the Digit Manipulation panel, check Delete from Head
e Set Number of Digits to Delete to 4
e  Check Insert to Head
e Set Insert Digits to 1222
3. Set all SIP-Tie trunks (in this example, from “04:060” to “04:071”) as Member Trunks. Click Apply.

Out Call Routing Configuration

Foute Definition | Disling Pattern | Default Routes |

— Digit M anipulation
Index | Faoute Mame

1 Local Trunk v I Delete from Head
e Areat10 MYE Muraber of Digits ko Delete
[risert Migits: |1 292
rllnsert to Head # i
[ umber of Digits to Delete o
Ingert Digits 1222

Member Tuunks Mot kember
Location | Type = Location | Type =
04:080 SIP- 02:000 LS
04:081 SIP- 02:001 LS
04:.062 SIP- oo 02:002 LS
04:063 SIP- —I 02.003 LS
04:064 SIP- 02:004 LS
04:065 SIP- 02:005 LS
« | —'I 04:066 SIP- e | 02:006 LS
Add | Delete | 04:067 SIP- 02.007 LS
04:068 SIP- 02:008 LS
04:089 SIP-— 02:009 LS
Route Index |2 04:070 SIP- ozomm LS
n4-n71 SIp- T n2-nl 15 =
Foute Hame |.-’-‘«rea51EI WP 1 i | * 1 | | LIJ
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4. Select PBX > Out Call Routing Configuration > Dialing Pattern and add a new entry:

e Set Prefix to 1510
e Set Pattern length including prefix to 11
e Set Route Priority 1 to 2: Area510 MVP

5. Click Apply.
Out Call Routing Configuration 5[
Fioute Definition  Dialing Pattern | Default Fh:nutesl
Prefis | length | . o
1510 1 [" Dizallow this disling pattem
— Prefis and Digit Length
2~
Prefix I'l 510
Fattern length including prefis 11 -
— Foute Prionty
1| 2 AreaS10MyP k/ =l
2| N |
Verification

1. Follow Figure 3. Use extension 104 to dial 15102520004. The call should go through the MVP
gateway.

2. Use extension 104 to dial 14081231234. The call should go through local trunks instead of the
gateway.

Outgoing Call to PSTN Using Extension Dialed Digit Translator

Before you start these procedures, make sure you have met the requirements in the section Prerequisites,
and perform the steps in the sections SIP-tie Trunk Configuration for Incoming Calls from PSTN and SIP-tie
Trunk Configuration for Outgoing Call to PSTN. The steps in the section Outgoing Calls to PSTN using Out
Call Routing are optional. Analog extensions behind MVP410 are optional. If analog extensions are
required, also perform the steps in the section SIP Extension Configuration.

The MultiVolP gateway is typically located in a remote branch office. When a user in the remote office
wants to make a trunk call, for voice quality purposes the remote user may always want the call go
through the MVP410 FXO ports. An administrator can configure “Extension Dialed Digit Translator” to
achieve this goal.

Please refer to Figure 3. When a remote user uses extension 251 or 210 to make a call to 15102520004,
MaxCS needs to translate the number to 8-1-222-2520004 (Refer to the section SIP-tie Trunk
Configuration for Outgoing Calls to PSTN for details).

(Ext 251 and ext 252 are optional if you only use AltiGen IP phone 210.)
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To configure this digit translation, follow these steps:
1. Loginto MaxCS Administrator and select System > System Configuration > Number Plan.

2. Inthe Dialed Digit Translator panel, check the Enable check box and click Setup.

System Configuration

Account Code | Call Reports I Country Relevant I Audio Peripheral I Activiby I Feature Prafil
General Mumber Plan | Buzineszs Hours I Haliday I System Speed I Call Restrictio
— Extengion

MHumber Length |3 ﬁ Drefault Pagzword I'I 2332

MHumber Length |3 ﬁ v Enable

—DID " Diialed Digit Tranzlator 2

1. Inthe Dialed Digit Translator window, from the Select Digit Translator list select Extension Dialed
Digit Translator.

2. Create a new Extension group named Area Code 510.

3. Move extensions 210, 251 and 252 to the Members list. (Extensions 251 and 252 are optional if
you only have AltiGen IP phone 210.)

e For Dialed Number enter 91510
e For Translate To enter 81222

4. Click Apply.
Dialed Digit Translator X
Select Digit Translator: Extension Dialed Digit Translator j
Estension Groups: tembers: MHan members:
: ' 210 104
251 105

==3

252 228
[

Dialed Mumber: 91510
Up | &% Tranglate To g1222
" Manipulation
Downl o -
MHumber of digitz deleted from head: o

=
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Verification

From extension 210 and extension 251 in the remote site, make a call to 9-1-510-250004. MaxCS
should send the call through the MultiVolP gateway’s FXO ports.

Note: With this approach, the user will always need to dial 12 digits, even when placing a local call.
(In this example, the user must dial 9-1-510-252-0004 instead of dialing 252-0004.)

“911” Using Extension Dialed Digit Translator

Before you start these procedures, make sure you have met the requirements in the section Prerequisites,
and perform the steps in the sections SIP-tie Trunk Configuration for Incoming Calls from PSTN and SIP-tie
Trunk Configuration for Outgoing Call to PSTN. The steps in the section Outgoing Calls to PSTN using Out
Call Routing are optional. Analog extensions behind MVP410 are optional. If analog extensions are
required, also perform the steps in the section SIP Extension Configuration.

The MultiVolP gateway is typically located in a remote branch office. When a user in the remote office
wants to make a 911 emergency call, the call should always go through the MVP gateway’s FXO ports.
Otherwise, the call might reach the wrong 911 center.

For example, a user in San Francisco dials 911, but the call is sent to a New York 91” center. An
administrator can configure the Extension Dialed Digit Translator to make sure that 911 calls are always
sent to the correct 911 center.

To configure 911 digit translation, follow these steps:

Under Dialed Digit Translator:
1. Loginto MaxCS Administrator and select System > System Configuration > Number Plan.
2. From the Select Digit Translator list, select Extension Dialed Digit Translator.

3. Create a new Extension Group named 911 for Area510.

Dialed Digit Translator |
Select Digit Translataor: | IE:-ctenSion Dialed Digit Translator L||
E stension Groups: bd ermbers: Morn members:
210 04
251 105
252 228

Drialed Humber: |9'|'I

up | [s1222911#

i M anipulation
Downl . =
Mumber of digitz deleted from head: 0

Digit prefiz inzerted to head:
T ] " |

| v Allow emergency number notificationl
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4. Move extensions 210, 251, and 252 to the Members list. (Extensions 251 and 252 are optional if
you only have AltiGen IP phone 210.)

e  For Dialed Number enter 911
e  For Translate To enter 81222911# (The # symbol will eliminate the time out)

5. Click Apply.

Verification

From extensions 210 and 251 in the remote site, dial 911. MaxCS should seize the MultiVolP gateway’s
FXO port to make 911 calls.

AltiGen IP Phone Emergency GW Configuration

Before you begin these procedures, make sure you already met the Prerequisites and performed steps in
the SIP-tie Trunk Configuration for Incoming Calls from PSTN section and the SIP-tie Trunk Configuration
for Outgoing Calls to PSTN section.

Refer to Figure 3. When the intranet between headquarters and the remote office is down, IP phone 210
will change to Basic mode. Through proper configuration, an AltiGen IP phone user still can dial 911.

To configure emergency gateway dialing, follow these steps:
1. Loginto the MultiVolP configuration tool and select Phone Book > Inbound Phone Book.
2. Add anew entry.

e Set both Remove Prefix and Add Prefix to 911

Note: If you want to do some tests without really sending the call to the 911 center, you can
temporarily change this value to, for example, your cell phone number.

e Set Channel Number to Channel 3
3. Repeat the same settings for FXO port Channel 4. (Apply the settings only to channels configured
as FXO ports instead of FXS ports.)

—&dd/E dit Inbound Phone Book

[~ Accept Any Mumber

Remove Prefix : |911

Add Prefiz : |911 / Cancel

Help

s

Channel Number : |/

Cieszcription : |

4. Select Save Setup > Save & Reboot, click OK. Wait for the gateway to reboot itself.

5. On AltiGen IP phone extension 210, press #26 and press Enter to log out of the extension. It will
change to Basic mode. On the AltiGen IP phone, press the Menu button. (For the AltiGen IP 600
phone, press ¥*7 and press Enter.)
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6. On the AltiGen IP phone, set the following parameters:

e Select Network > Enable NAT and set this to No.
e Select System > Emergency Num and set this to 911

e Select System > Emergency GW and set this to 10.10.101.81 (the MultiVolP gateway’s IP
address)

Verification
1. Make sure that IP phone extension 210 is in Basic mode.

2. On IP phone extension 210, dial 911. The call should be sent to the 911 center or to the test
number you specified in step 2 of the previous section for Add Prefix. (Found in Phone Book >
Inbound Phone Book)

3. Refer to Figure 3 on IP phone extension 210, and dial 1-408-123-1234. The phone 408-123-1234
should ring within 10 seconds.

4. Now you can login IP phone 210 to extension 210 by pressing #27.

Operational Limitations
When configuring and using this device, be aware of the following limitations.
1. The FXO ports cannot support DTMF.

2. A special firmware version, version 6.09.16-04-Apr-07-Altigen, is supported. This firmware
version is old (April 2007), and may not work well with the MVP devices that have just been
manufactured.

3. Internet Explorer version 6.0 is required to fully support the web interface configuration.
However, this version of IE is not supported anymore, so the device can only be configured using
an RS232 connection.

4. Caller ID does not work with an FXO configuration.

AltiGen Technical Support

AltiGen does not provide general configuration support for EdgeWater or AudioCodes products. For
general configuration information, refer to your AudioCodes or EdgeMarc documentation.

AltiGen provides technical support to Authorized AltiGen Partners and distributors only. End user
customers, please contact your Authorized AltiGen Partner for technical support.

Authorized AltiGen Partners and distributors may contact AltiGen technical support by the following
methods:

e You may request technical support on AltiGen’s Partner web site, at https://partner.altigen.com.
Open a case on this site. A Technical Support representative will respond within one business day.

e  (Call 888-ALTIGEN, option 5, or 408-597-9000, option 5, and follow the prompts. Your call will be
answered by one of AltiGen’s Technical Support Representatives or routed to the Technical Support
Message Center if no one is available to answer your call.

Technical support hours are 5:00 a.m. to 5:00 p.m., PT, Monday through Friday, except holidays.
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If all representatives are busy, your call will be returned in the order it was received, within four hours
under normal circumstances. Outside AltiGen business hours, only urgent calls will be returned on the
same day (within one hour). Non-urgent calls will be returned on the next business day.

Please be ready to supply the following information:
e PartnerID

e AltiGen Certified Engineer ID

e  Product serial number

e AltiWare or MAXCS version number

e Number and types of boards in the system

e Server model

e The telephone number where you can be reached
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