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Chapter 1: Overview




Overview

MultiVOIP FXS User Guide

About This Manual

This manual is about Voice-over-IP products made by Multi-Tech Systems, Inc. It describes three analog
MultiVOIP™ EX units that operate with the SIP transmission protocol only and use the FXS telephony
interface only, namely, models MVPFXS-24, MVPFXS-16, and MVPEXS-8. At this writing, only the
MVPFXS-24 model has been released; the MVPFXS-16 and MVPFXS-8 will be forthcoming.

These MultiVOIP units can inter-operate with other contemporary analog MultiVOIP units (MVP130,
MVP130FXS, MVP210, MVP410, and MVP810), with contemporary SIP-Survivability MultiVOIP units
(MVP210-SS, MVP410-SS, and MVP810-SS), with contemporary BRI MultiVOIP units (MVP410ST &
MVP810ST), with contemporary FXO/FXS SIP MultiVOIPs (MVPFX2-2/4/8), with contemporary digital
T1/E1/ISDN-PRI MultiVOIP units (MVP2410 and MVP3010), and with the earlier generation of MultiVOIP
products (MVP200, MVP400, MVP800, MVP120, etc.)

The table below describes the vital characteristics of the various models described in this manual.

Analog MultiVOIP SIP FXS-Only Gateways
[oesereter,” [ MVPFXS-24 MVPFXS-16 MVPFXS-8
-~ Model

Function analog voip gateway, SIP only, analog voip gateway, SIP only, analog voip gateway, SIP only,
FXS interface only, web GUI FXS interface only, web GUI FXS interface only, web GUI
only (no Windows GUI) only (no Windows GUI) only (no Windows GUI)

Capacity 24 channels 16 channels 8 channels

Chassis/ | 19” 1U rack mount 19” 1U rack mount 19” 1U rack mount

Mounting

How to Use This Manual. In short, use the index and the examples.
When our readers crack open this large manual, they generally need one of two things: information on a
very specific software setting or technical parameter (about telephony or IP) or they need help when setting
up phonebooks for their voip systems. The index gives quick access to voip settings and parameters. It's
detailed. Use it. The best way to learn about phonebooks is to wade through examples like those in our

Phonebook Configuration chapter. Finally, this manual is meant to be comprehensive. If you notice that
something important is lacking, please let us know.

Additional Resources. The MultiTech web site (www.multitech.com) offers both a list of Frequently Asked

Questions (the MultiVOIP FAQ) and a collection of resolutions of issues that MultiVOIP users have
encountered (these are Troubleshooting Resolutions in the searchable Knowledge Base).
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Introduction to Analog MultiVOIP FX
SIP FXS-only Gateway Voice-over-IP Units
(MVPFXS-8/16/24)

VOIP: The Free Ride. We proudly present Multi-Tech's MVPFXS-8/16/24 MultiVOIP™ EXS SIP
Gateways. These three models allow voice/fax communication to be transmitted at no additional expense
over your existing IP network, which has ordinarily been data only. To access this free voice and fax
communication, you simply connect the MultiVOIP to your telephone equipment and your existing
Internet connection. These analog MultiVOIPs inter-operate readily with T1 or E1 MultiVOIP units.

i
Multi/ 077 Multi eci e

3 2660 L 5

oif

Figure 1-1: MVPFXS-8/16/24 Chassis

Capacity. The MultiVOIP FX model MVPFXS-24 is a twenty-four channel unit, the model MVPFXS5-16 is a
sixteen-channel unit, and the MVPFXS-8 is an eight-channel unit. The front panel (Figure 1-1) is the same
for all three units. However, for the MVPFXS-8, only the first eight of the channel LEDs will be functional;
for the MVPFXS-16, only the first sixteen of the channel LEDs will be functional. All three of these
MultiVOIP units have a 10/100Mbps Ethernet interface for its full-featured web-based configuration GUI
and a console port for local access to basic startup configuration parameters (like the gateway’s IP address
and password).

Mounting. Mechanically, the MVPFXS-8/16/24 MultiVOIP FX units are designed for a one-high industry-
standard EIA 19-inch rack enclosure. The product must be installed by qualified service personnel in a
restricted-access area, in accordance with Articles 110-16, 10-17, and 110-18 of the National Electrical Code,
ANSI/NEFPA 70.
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Phone System Transparency. These MultiVOIPs inter-operate with a telephone switch or PBX, acting as a
switching device that directs voice and fax calls over an IP network. The MultiVOIPs have “phonebooks,”
directories that determine to who calls may be made and the sequences that must be used to complete calls
through the MultiVOIP. The phonebooks allow the phone user to interact with the VOIP system just as
they would with an ordinary PBX or telco switch. When the phonebooks are set, special dialing sequences
are minimized or eliminated altogether. Once the call destination is determined, the phonebook settings
determine whether the destination VOIP unit must strip off or add dialing digits to make the call appear at
its destination to be a local call.

Voip Protocol. The MVPEXS units use the SIP protocol only. (“SIP” means Session Initiation Protocol.)
Telephony Interface. The MVPFXS units use the FXS telephony interface only.

Data Compression & Quality of Service. The analog MultiVOIP™FX unit comes equipped with a variety
of data compression capabilities, including G.723, G.729, and G.711 and features DiffServ quality-of-service
(QoS) capabilities.

Management. Configuration and system management for the MVPFXS units is done primarily through a
web interface. Once you know the IP address of an MVPFXS unit, you can contact that unit with a web
browser and set the unit’s operating parameters, which are grouped into several separate screens.

/3 MVPFXS-24 v13.01_24 [Firmware: Jun 21 2006] - Microsoft Internet E xplorer
File Edit “iew Favorites Tools Help

@Back - -Q - d @ _;?J | /-) Search \:1‘.\/ Favarites {_‘3‘| = Hﬁ _)_i] - _] ﬁ 'ﬁ

Address |1 hitp.//192.168.41.55/ >
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MulhTech‘@
Systems

¢ Configuration
IP

WoiceSFax

Interface

Call Signaling Current Permission: Readfirite
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-
1] | »
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Figure 1-2: The Presentation of the MultiVOIP Web-Based GUI (IP Parameters screen shown)

Certain base-level parameters (like the IP address and password of the unit) can be set by connecting the
MVPEXS unit’s “Console” receptacle to a serial connector on a PC (using aRJ45-to-DB9 connector).
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The primary advantage of the web GUI (over a GUI that requires a local connection) is remote access for
control and configuration. The controller PC and the MultiVOIP unit itself must both be connected to the
same IP network and their IP addresses must be known.

Logging of System Events. MultiTech has built SysLog Server functionality into the software of the
MultiVOIP units. SysLog is a de facto standard for logging events in network communication systems.

Current Permission: Readfbrite

-Logs
-Console Message Settings
Enahle Console Messages

s NN RNy

-S}r_sl.:u‘g"s':e rver e - “
l".- T

E Enable T

Server IPAddress | | :l

n"‘ .‘.“
".._Port Number 514 | A

. -
-

- -
— e

e — T
—aa L]
bl T A il

Online Statistics Update Interval |5 SEC

Figure 1-3: Logging with SysLog

The SysLog Server resides in the MultiVOIP unit itself. To implement this functionality, you will need a
SysLog client program (sometimes referred to as a “daemon”). SysLog client programs, both paid and
freeware, can be obtained from Kiwi Enterprises, among other firms. See www .kiwisyslog.com. SysLog

client programs essentially give you a means of structuring console messages for convenience and ease of
use.

MultiTech Systems does not endorse any particular SysLog client program. SysLog client programs by any
qualified provider should suffice for use with MultiVOIP units. Kiwi’s brief description of their SysLog
program indicates the typical scope of such programs. “Kiwi Syslog Daemon is a freeware Syslog Daemon
for the Windows platform. It receives, logs, displays and forwards Syslog messages from hosts such as
routers, switches, Unix hosts and any other syslog enabled device. There are many customizable options
available.”
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MultiVOIP Front Panel LEDs

LED Types. The MultiVOIPs have two types of LEDs on their front panels:

(1) general operation LED indicators (for power, booting, and
ethernet functions), and
(2) channel operation LED indicators that describe the data traffic and performance in each VOIP data
channel.
Active LEDs. On the MVPFXS units, there are four WAN LEDs and twenty-four channel-operation LEDs.
However, on the MVPFXS-8, only the left eight sets of channel-operation LEDs are functional. On the
MVPFXS-16, only the left sixteen sets of channel-operation LEDs are functional. All of the channel-
operation LEDs are functional on the MVPFXS-24 unit.

Multi/ 77 Multi -cn @ ‘
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Figure 1-4. MVPFXS-8/16/24 LEDs

LED Descriptions for MultiVOIP MVPFXS Units

Front Panel LED Definitions
LED NAME | DESCRIPTION

General Operation LEDs (one set on each MultiVOIP model)

Power Indicates presence of power.

Boot After power up, the Boot LED will be on briefly while the MultiVOIP is booting. It lights
whenever the MultiVOIP is booting or downloading a setup configuration data set.

Ethernet FDX. LED indicates whether Ethernet connection is half-duplex or full-duplex

(FDX) and, in half-duplex mode, indicates occurrence of data collisions. LED is on
constantly for full-duplex mode; LED is off constantly for half-duplex mode.
When operating in half-duplex mode, the LED will flash during data collisions.
LNK. Link/Activity LED. This LED is lit if Ethernet connection has been made. It
is off when the link is down (i.e., when no Ethernet connection exists). While link
is up, this LED will flash off to indicate data activity.

SPD. Data speed indicator. When lit, data rate is 100 Mbps. When not lit,
data rate is 10 Mbps.

COL. Collision indicator. Lit when data collision is detected on Ethernet
network.

Channel-Operation LEDs

1,23, ..24 There is one LED for each voip channel (channels 1-8 for MVPFXS-8; channels 1-16
for MVPFXS-16; channels 1-24 for MVPFXS-24). The indicator for any channel is lit
when there is call activity on that voip channel. The LED is ON when the device
attached to the channel is off hook.
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Overview

Computer Requirements

The command computer used in conjunction with the MultiVOIP must meet these requirements:

(a) any reasonably modern PC,
(b) must have an up-to-date version of Java installed (v. 1.5 or higher),
(c) must have an up-to-date web browser installed (at this writing, up-to-date browsers would include
Internet Explorer 6.0(+), Netscape 6.0(+), or Mozilla FireFox 1.0(+).),
(d) must have IP access to the MultiVOIP, and
(e) optionally, have an available serial COM port for a console connection to the MultiVOIP.

This PC will generally be in contact with the MVPFXS unit via the web. The Console connection, which
requires a cable directly between the PC and the MultiVOIP is, essentially, a backup method of connecting
to the voip. This direct connection can be used to reset the MultiVOIP’s IP address and to upgrade
firmware. The direct connection is not involved in the general operation of the MultiVOIP unit.

Specifications
Parameter MVPFXS-24 MVPFXS-16 MVPFXS-8
/Model
Operating 100-240 VAC, 100-240 VAC 100-240 VAC
Voltage/ 12-06A 12-06A 12-06A
Current
Mains 50/60 Hz 50/60 Hz 50/60 Hz
Frequencies
Power 51 watts TBD TBD
Consumption
Mechanical 1.75" Hx 1.75" Hx 1.75" Hx
Dimensions 174”7 W x 174”7 W x 174”7 W x
8.5” D 8.5” D 8.5” D
4.5cm H x 4.5cm H x 4.5cm H x
442 cm W x 442 cm W x 442 cm W x
21.6 cm D 21.6 cm D 21.6 cm D
Weight 7.15 Ibs. 7.15 1bs. 7.15 1bs.
(3.5 kg) (3.5kg) (3.5kg)
includes power includes power includes power
supply supply supply
Operating 0° to +60°C (32° 0° to +60°C (32°to | 0° to +60°C (32° to
Temperature to +120°F); +120°F); humidity | +120°F); humidity
humidity range range 20-90% range 20-90%
20-90% (non- (non-condensing) | (non-condensing)
condensing)
Storage -10°C to +85°C -10°C to +85°C -10°C to +85°C
Temperature
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Installation at a Glance

The basic steps of installing your MultiVOIP network involve unpacking the units, connecting the cables,
and configuring the units using the MultiVOIP web-based graphic user interface (GUI), and confirming
connectivity with another voip site. This process results in a fully functional Voice-Over-IP network.

Related Documentation

The MultiVOIP User Guide (the document you are now reading) comes in electronic form and is included
on your system CD. It presents in-depth information on the features and functionality of Multi-Tech’s
MultiVOIP Product Family. The MultiVOIP Cabling Guide, a printed document, is shipped with each
MVPFXS-8/16/24 unit.

The CD media is produced using Adobe Acrobat™ for viewing and printing the user guide. To view or
print your copy of a user guide, load Acrobat Reader™ on your system. The Acrobat Reader is included on
the MultiVOIP CD and is also a free download from Adobe’s Web Site:

www.adobe.com/prodindex/acrobat/readstep.html

This MultiVOIP User Guide is also available on Multi-Tech’s Web site at:

http:/ /www.multitech.com

Viewing and printing a user guide from the Web also requires that you have the Acrobat Reader loaded on
your system. To select the MultiVOIP User Guide from the Multi-Tech Systems home page, dlick Documents and then click
MultiVOIP Family in the product list drop-down window. All documents for this MultiVOIP Product Family will be
displayed. You can then choose User Guide (MultiVOIP Product Family) to view or download the .pdf file.

Entries (organized by model number) in the “knowledge base” and ‘troubleshooting resolutions” sections of
the MultiTech web site (found under “Support”) constitute another source of help for problems
encountered in the field.
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Preliminaries & Info Gathering MultiVOIP FXS Quick Start Guide

This chapter contains streamlined instructions to get the MultiVOIP up and running quickly. These start-
up instructions include assistance on setting up the MultiVOIP’s Inbound and Outbound Phonebooks.
These sections of the Quick Start Guide may be particularly useful for phonebook configuration:

Phonebook Starter Configuration

Phonebook Tips

Phonebook Example (One Common Situation)
The Quick Start Guide also contains a “Phonebook Worksheet” section. You may want to print out several
worksheet copies. Paper copies can be very helpful in comparing phonebooks at multiple sites at a glance.

This will assist you in making the phonebooks clear and consistent and will reduce ‘surfing” between
screens on the configuration program.

A printed Cabling Guide is shipped with the MultiVOIP and an electronic copy is included on the Product
CD.

MultiVOIP Startup Tasks

Task

@ Collecting Phone/IP
Details ( vital!)

@® Command/Control
Computer Setup:
Specs & Settings

@® Placement
@® Hookup

@ Software Installation

@® Phone/IP Starter
Configuration

® Phonebook Starter
Configuration

@ Connectivity Test

@ Troubleshooting

Summary

The MultiVOIP must be configured to interface with
your particular phone system and IP network. To do so,
certain details must be known about those phone and IP
systems.

Some modest minimum specifications must be met. A
COM port must be set up.

Decide where you’'ll mount the voip.

Connect power, phone, and data cables per the Quick
Hookup diagram in this chapter.

Check that an up-to-date version of Java (version 1.5) is
on your computer. If not, install it from the MultiVOIP
CD or the Java website.

You will enter phone numbers and IP addresses. You'll
use default parameter values where possible to get the
system running quickly.

Use “Config Info CheckList” (page 17).

The phonebook is where you specify how calls will be
routed. To get the system running quickly, you’ll make
phonebooks for just two voip sites.

You'll find out if your voip system can carry phone calls
between two sites. That means you're up and running!

Detect and remedy any problems that might have
prevented connectivity.

14
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Phone/IP Details *Absolutely Needed*
Before Starting the Installation

The MultiVOIP will interface with both the IP network and the phone system. You must gather
information about the IP network and about the phone system so that the MultiVOIP can be configured to
operate with them properly. A summary of this configuration information appears on page 16

(“Config Info CheckList”).

Gather IP Information

Ask your computer network | Info needed to operate:
administrator. all MultiVOIP models.

IP Network Parameters:
é@? Record for each VOIP Site
in System

o [P Address

»

e [P Mask

e Gateway
¢ Domain Name Server (DNS) Info (optional)

Phone/IP Details *Absolutely Needed*
Gather Telephone Information

»- | Analog Phone Parameters Needed for:
Ask phone company or MVPFXS-24
telecom manager. MVPFXS-16

MVPFXS-8

Analog Telephony Interface Parameters:
‘1'\\§77 Record for this VOIP Site

e Which interface type is used?
FXS Loop Start only
e Determine whether the channel will be used for a
phone, fax, or KTS (key telephone system), or perhaps
serve a station card on a PBX.

15
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Config Info CheckList

Type of Config Info MultivOIP 4 E
Gathered Configuration screen “E = S
on which to enter Config -3 1]
Info © L
\/ £
IP info for voip unit IP Parameters
e |IP address
e Gateway
e DNS IP (if used)
Interface Type Interface Parameters
(FXS only*) *In FXO/FXS systems, channels used

for phone, fax, or key system are
FXS; channels used for analog PBX
extensions or analog telco lines are

FXO.
Country Code Regional Parameters
Network Locations of SIP Proxy SIP Call Signaling

units, if used
(IP Address or Domain Name)

Reminder: Be sure to Save & Apply after entering configuration values.

Identify Remote VOIP Site to Call

When you're done installing the MultiVOIP, you'll want to confirm that it is configured and operating
properly. To do so, it’s good to have another voip that you can call for testing purposes. You'll want to
confirm end-to-end connectivity. You'll need IP and telephone information about that remote site.

If this is the very first voip in the system, you’ll want to coordinate the installation of this MultiVOIP with
an installation of another unit at a remote site.
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Command/Control Computer Setup (Specs & Settings)

The computer used for command and control of the MultiVOIP
(a) any reasonably modern PC,
(b) must have an up-to-date version of Java installed (v. 1.5 or higher),
(c) must have an up-to-date web browser installed (at this writing, up-to-date browsers would include
Internet Explorer 6.0(+), Netscape 6.0(+), or Mozilla FireFox 1.0(+).),
(d) must have IP access to the MultiVOIP, and
(e) optionally, have an available serial COM port for a console connection to the MultiVOIP.

The configuration tasks and control tasks the PC will have to do with the MultiVOIP are not especially
demanding. Still, we recommend using a reasonably new computer. The computer that you use to
configure your MultiVOIP need not be dedicated to the MultiVOIP after installation is complete.

COM port on controller PC. If you choose to use the MultiVOIP’s Console connection, you will need an
available COM port on the controller PC. You'll need to know which COM port is available for use with
the MultiVOIP (COM1, COM2, etc.).

Placement

Mount your MultiVOIP in a safe and convenient location where cables for your network and phone system
are accessible. Rack-mounting instructions are in Chapter 3: Mechanical Installation & Cabling.
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Command PC & Voip Hookups

Quick Hookup for MVPFXS-8/16/24
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Ensure that Java & Browser Versions will Support Web-Based GUI

For more details, see Chapter 4: Software Installation in User Guide.
1. MultiVOIP must be properly cabled. Power must be turned on.

2. Is Java Runtime program at level 1.5 or greater? If not, load up-to-date Java version from MultiVOIP CD
or from Java web site.

3. Is web browser of a sufficiently recent version to support MultiVOIP web GUI? (The browser must be
Internet Explorer 6.0(+), Netscape 6.0(+), or FireFox 1.0(+).) If not, download a browser version that is
new enough to support the web GUIL

4. Browse to IP address of MultiVOIP unit (default is 192.168.2.1).
5. If username and password have been established, enter them when prompted by voip.

6. Use web browser GUI to continue with configuration and operation of voip.

Changing the IP Address through the Console Connection

At its initial bootup, the default IP address of the MultiVOIP is 192.168.2.1. If you are not able to access the web GUI
through this IP address (192.168.2.1), then use the procedure below to set a valid IP for operation of the MultiVOIP on your
network.

This procedure also works if the IP address is forgotten.

1. Connect a cable between the MultiVOIP’s “Console” connector and a serial cable on the computer.

2. Launch HyperTerminal or a similar communications program.

@ Set Program Access and Defaults

e -
W Windows Catalog

Windows Update

£ windip

Programs & ld . Motepad
= 7] Macromedia FreeHand 3 » 1 Windowes Explarer
g : Documents ¥ & Intemnet Explorer @ Communications lj HyperTeminal  »
(=] . ) . .
@ Muogzilla Firefox 3 ¥
2 D Settings » @ ahead N ,
% ) d e - Conned)
& j---) Search » 7] Total Search 3 e
o ) Microsaft Office 2 modemn
i ©) Help and Support - Aerobat Distiler 7.0
n : .
E =] Fun.. @ Free CD Ripper »
= »
e Jﬂ Jasc Software
= F"I St Damm,. [T Before'‘You Update b

TI

' | Start I T I
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MultiVOIP FX Quick Start Guide

3. Establish a ‘connection” in HyperTerminal.

T New Connection - HyperT erminal
File Edit “iew Cal Tranzfer Help

Connection Description |

: : New Connection

Enter a name and chaose an icon for the connectian:

I arne;

|ger

Ttaly

4. Check that HyperTerminal is addressing the correct COM port.

Connect To |

Enter detailz for the phone number that pou want to dial;

Countiydregion; IUﬂitEd States (1] j

Area code: VB3

Phone number: I

Connect using:  |[eElEk

k. I Cancel |
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5. Check that HyperTerminal’s data rate is set to 115200bps.

COM1 Properties 7| x|
Fuort Settings |
Bitz per secand:
Data bits: IE! j
Parity: INune j
Stop hits: |1 j
Flow contral: IHardware j

Restore Defaults |
N1 I Cancel | Apply |

6. To begin, HyperTerminal must be connected and ready.

“g gem - HyperT erminal
File Edit “iews Call Tranzfer Help

D] |8 oE

Connected 0:00:06 Auto detect Auto detect |—5
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7. Reboot the MultiVOIP by turning off its power and turning it back on again.
The ARMBoot prompt will appear on the HyperTerminal screen.

#& gem - HyperT erminal
File Edit “iew Cal Transfer Help

ARMboot 8.2.08 (May 2 2006 - 17:09:45)

ARMboot code: B1fB0000 -> B1flcoak
DRAM Configuration:

Bank #0: 00000006 128 HB

Hi#Ht main_loop entered:

Press any key for manual boot
muyp-boot>_

When this screen appears, you must quickly press any key to stop the regular boot-up process (the manual
boot process).

8. Type setenv ipaddr a.b.c.d where a, b, ¢, & d are the octet values for the desired IP address of the voip.

#g azdf - HpperT erminal
File Edit “iew Cal Transfer Help

[j|E¥| ﬁ@lgi] ﬁDlEﬂl Eﬁﬂ

ARMboot 8.2.08 (May 2 2006 - 17:09:45)

ARMboot code: B81f0BB0B0 -> G1flcoak
DRAM Configuration:

Bank #0: 00000006 128 MB

HHH# main_loop entered:

Press any key for manual boot

mvp—boot>setenv 1ipaddr 192.168.41.55_

Press Enter.

Note: When using the setenv command, be careful in your spelling. If you mis-spell ipaddr as “ipadde” for
example, the ARMBoot program will create a new and useless variable entitled ipadde and will not change
the value of the ipaddr variable.
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9. To confirm that the ipaddr (voip IP address) was indeed changed to the value you want, type printenv at the
mvp-boot> prompt and then press Enter.

“& gem - HyperTerminal
File Edit “iew Call Transfer Help

.Elhéil §§|2§| 20| !gtl

Environment size: 329/65532 bytes
mvp—boot>setenv serverip 192.168.1.80

mvp—hoot>printeny

bootargs=console=ttyCHA,115200 root=/dev/mtdblockd
bootdelay=3

baudrate=115200

netmask=255.255.255.0

serial H=000094

revisionH#=000000

cspname=zImage

fsname=rootfs
mpsname=Mul titechHPY w5 03 nocdma.axf
ethaddr=00:b6:c6:d6:eb:ee
filesize=21fkab
gatewayip=192.168.41.55
mspname=hdvoice . axf

ipaddr=192.168.41.55

el

[Canmected 0:15:13 [tuto detect [1152008M [SCROLL [CAFS [NUM  [Captue [Fiint echo

10. Type saveenv and press Enter.

#& asdf - HyperTerminal = [=] 3
File Edit View Cal Transfer Help

Press any key for manual boo
mvp-boot>setenv ipaddr 192. 168 41.55
mvp-boot>printeny
bootargs=console=ttyCHB,1152600 root=/dev/mtdblockd
bootdelay=3

baudrate=115200

netmask=250.250.255.0

seri1al#=000094

revision#=000000

cspname=zImage

fsname=rootfs
mpsname=HultitechMPY_v5_03_nocdma.axf
ethaddr=00:b6:c6:db6:eb:ee
serverip=192.168.1.50

filesize=21f4ab
gatewayip=192.168.41.55
mspname=hdvoice.axf
ipaddr=192.168.41.55

Environment size: 9/65532 bytes
mvp-boot>saveen
Erasing flash = 80c30000

Saving Environment to Flash...done.
mvp-hoot>

Connected 0:21:14 [Auwtodetect  [1152008N-1  [SCAOLL [CAFS  [NOM  [Captue  [Fiint echo

Sl

11. Turn the voip off and then on again to reboot it.
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12. Allow the voip to boot up again normally (this will take a few minutes) with the console connection still
active. When the rebooting process is complete (when the boot light is no longer lit), type 1 and press
Enter.

NOTE: This change of IP address is only temporary. You must complete this procedure to make the
change of IP address permanent.

#& asdf - HyperT erminal

File Edit “iew Call Transfer Help

i@ﬂ@ﬂ@ﬂﬂﬂ?ﬁ?@] [INFO1 STIF

bootargs=console=ttyCHO,115200 root=/dev/mtdblockd
bootdelay=3

baudrate=115200

netmask=255.255.255.0

serial #=000094

revision#=000000

cspname=zImage

fsname=rootfs

mpsname=Mul titechMPY_u5_03_nocdma.axf
ethaddr=00:b6:c6:d6:eb:ece

serverip=192.168.1.50

filesize=21fhat

gatewayip=192.168.41.55

mspname=hdvoice . axf

ipaddr=192.168.41.50

ipaddr=192.168.41.50

[0000001503491 [INFO1 MVPAPP setIneterfaceIP{) for interface eth®: 192.168.41.5

5

[0000001503091 [INFO] MYPAPP Success Setting IP address
gatewayip=192.168.41.55

[006RBB15B379] [INFOI MVYPAPP Success: in Setting Gateway address 192.168.41.55

Kl

Connected 0:30:55 ‘Autndetect |11EZDDB-N-1 |5CF|DLL |CAF'S MUK |Caplure |Plinlechu

13. Use a web browser to browse to the voip using the IP address that you have just assigned.

14. In the web browser, click on IP Parameters in the sidebar list.

MW FFS-24

¢ Configuration
P
WoicelFax
Interface
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In each field, enter the values that fit your particular network.

Current Permission: Readitrite

-IP Parameters
-Diffserv Parameters

Call Control PHB |34
YolP Media PHE |46

-IP Parameters

Type Il |v|

Gateway Name IVFxS24 |
[] Enable DHCP
IP Address 1192.168.41.55 |
IP Mask |255.255.255.0 |
Gateway 182.165.41.1 |
-ONS
[ ] Enable DNS

DHS Server IP Address

-FTP Server
[+] Enable

Click OK.

15. In the sidebar menu, click Save & Apply. Allow the voip to Reboot.
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Phone/IP Starter Configuration

Full details here:
MVPEXS-24 Technical Configuration chapter
MVPFXS-16 in User Guid
MVPFXS-8 mLseritide

1. Open a browser and go to the IP Address of the MVPFEXS unit (default IP is 192.168.2.1). In the sidebar
menu, click Configuration.

2. Go to Configuration | IP. Enter or alter any IP Parameters, as needed. Click OK.

3. Go to Configuration | Voice/Fax. Select Coder | “Automatic.” At the right-hand side of the dialog box,
click OK. If you know any specific parameter values that will apply to your system, enter them. Click
Copy Channel. Select Copy to All. Click Copy. At main Voice/Fax Parameters screen, click OK to exit
from the dialog box.

4. Enter telephone system information. Go to Configuration | Interface. Enter parameters obtained from
phone company or PBX administrator. Click OK.

5. Go to Configuration | Regional Parameters. Select the Country/Region that fits your situation. Click
OK and confirm. Click OK to exit from the dialog box.

6. Go to Configuration | Logs/Traces.
Select “Enable Console Messages.” Click OK.

To do logging with a SysLog client program, click on “SysLog Server - Enable” in the Logs/Traces screen.
To implement this function, you must install a SysLog client program. For more info, see the “SysLog
Server Functions” section of the “Operation & Maintenance” chapter of the User Guide.

7.Go to Save &Apply. Click OK. This will save the parameter values that you have just entered.

The MultiVOIP’s “BOOT” LED will light up while the configuration file is being saved and loaded into
the MultiVOIP. Don’t do anything to the MultiVOIP until the “BOOT “LED is off (a loss of power at this
point could cause the MultiVOIP unit to lose the configuration settings you have made).

END OF PROCEDURE.
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Phonebook Starter Configuration (with remote voip)

If the topic of voip phone books is new to you, it may be helpful to read the PhoneBook Tips section (page
32) before starting this procedure.

To do this part of the quick setup, you need to know of another voip that you can call to conduct a test.
Ideally, a test of two voips at the same physical location connected back-to-back should be done first. A
secondary test should be done between two voips at different locations, typically with one voip located
somewhere outside of your building. You must know the phone number and IP address for that site. We
are generally assuming here that the MultiVOIP will operate in conjunction with a PBX. Note, however,
that MVPEXS voips could easily be connected simply to a terminal block and require very simple phone
book entries.

You must configure both the Outbound Phonebook and the Inbound Phonebook. A starter configuration
only means that two voip locations will be set up to begin the system and establish voip communication.

Outbound Phonebook

1. Open the browser and go to the IP address of the MultiVOIP unit. In the sidebar menu, select Phone
Book

2. Go to Outbound Phonebook | Add Entry.

3. On a sheet of paper, write down the calling code of the remote voip (area code, country code, city code,
etc.) that you'll be calling.

Follow the example that best fits your situation.

North America, Euro, National Call
Long-Distance Example Example
Technician in Seattle (area Technician in central
206) must set up one voip London (area 0207) to set
there, another in Chicago up voip there, another in
(area 312, downtown). Birmingham (area 0121).
Answer: Write down 312. Answer: write down 0121.

Euro, International Call Example

Technician in Rotterdam (country 31; city 010) to
set up one voip there, another in Bordeaux
(country 33; area 05).

Answer: write down 3305.
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4. Suppose you want to call a phone number outside of your building using a phone station that is an
extension from your PBX system (if present). What digits must you dial? Often a “9” or “8” must be
dialed to “get an outside line” through the PBX (i.e., to connect to the PSTN). Generally, “1 “or “11” or
“(0” must be dialed as a prefix for calls outside of the calling code area (long-distance calls, national calls,
or international calls).

On a sheet of paper, write down the digits you must dial before you can dial a remote area code.

North America, Euro, National Call
Long-Distance Example Example
Seattle-Chicago system. London/Birming. system.
Seattle voip works with London voip works with
PBX that uses “8” for all PBX that uses “9” for all
voip calls. “1” must out-of-building calls
immediately precede area whether by voip or by
code of dialed number. PSTN. “0” must
o immediately precede area
Seeieihiptel el code of dialed number.
Answer: write down 90.

Euro, International Call Example
Rotterdam/Bordeaux system.
Rotterdam voip works with PBX where “9” is
used for all out-of-building calls. “0” must
precede all international calls.

Answer: write down 90.

5. In the “Destination Pattern” field of the Outbound Phone Book Add Entry screen, enter the digits from
step 4 followed by the digits from step 3.

North America, Euro, National Call
Long-Distance Example Example
Seattle-Chicago system. London/Birming. system.
Answer: enter 81312 as Leading zero of
Destination Pat- Birmingham area code is
tern in Outbound dropped when combined
Phone-book of with national-dialing
Seattle voip. access code. (Such

practices vary by country.)

Answer: enter 90121 as
Destination Pat-
tern in Outbound
Phonebook of
London voip.
Not 900121.

Euro, International Call Example
Rotterdam/Bordeaux system.

Answer: enter 903305 as Destination Pattern in
Outbound Phonebook of Rotterdam voip.

28



MultiVOIP FXS Quick Start Guide Phonebook Starter Config.

6. In the “Remove Prefix” field, enter the initial PBX access digit (“8” or “9”).

North America, Euro, National Call
Long-Distance Example Example
Seattle-Chicago system. London/Birming. system.
Answer: enter 8 in “Remove Answer: enter 9 in “Remove
Prefix” field of Prefix” field of
Seattle Outbound London Outbound
Phonebook. Phonebook.

Euro, International Call Example
Rotterdam/Bordeaux system.

Answer: enter 9 in “Remove Prefix” field of Outbound
Phonebook for Rotterdam voip.

Some PBXs will not ‘hand off” the “8” or “9” to the voip. But for those PBX units that do, it's important to enter the
“8” or “9” in the “Remove Prefix” field in the Outbound Phonebook. This precludes the problem of having to make

two inbound phonebook entries at remote voips, one to account for situations where “8” is used as the PBX access
digit, and another for when “9” is used.

7. If you intend to use a SIP Proxy, enter the relevant information in the Call Signaling screen.
8. Enter the IP address of the MultiVOIP that you want to call.
9. Click OK to exit from the Outbound Phonebook Add Entry screen.
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Inbound Phonebook

1. Open the browser and go to the IP address of the MultiVOIP unit.

2. Go to Phone Book | Inbound Phonebook | Add Entry.

3. In the “Remove Prefix” field, enter your local calling code (area code, country code, city code, etc.)
preceded by any other “access digits” that are required to reach your local site from the remote voip
location (think of it as though the call were being made through the PSTN - even though it will not be).

North America,
Long-Distance Example

Seattle-Chicago system.

Seattle is area 206. Chicago
employees must dial 81
before dialing any Seattle
number on the voip system.

Answer: 1206 is prefix to be
removed by local
(Seattle) voip.

Euro, National Call
Example

London/Birming. system.

Inner London is 0207 area.
Birmingham employees must
dial 9 before dialing any
London number on the voip
system.

Answer: 0207 is prefix to be
removed by local
(London) voip.

(Rotterdam) voip.

Euro, International Call Example
Rotterdam/Bordeaux system.
Rotterdam is country code 31, city code 010. Bordeaux
employees must dial 903110 before dialing any
Rotterdam number on the voip system.

Answer: 03110 is prefix to be removed by local
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4. In the “Add Prefix” field, enter any digits that must be dialed from your local voip to gain access to the
PSTN.

North America,
Long-Distance Example

Seattle-Chicago system.

On Seattle PBX, “9” is used to
get an outside line.

Answer: 9 is prefix to be

Euro, National Call
Example

London/Birming. system.

On London PBX, “9” is used
to get an outside line.

Answer: 9 is prefix to be

added by local
(Seattle) voip.

added by local
(London) voip.

Euro, International Call Example
Rotterdam/Bordeaux system.

On Rotterdam PBX, “9” is used to get an outside line.

Answer: 9 is prefix to be added by local (Rotterdam)
voip.

5. In the “Channel Number” field, enter “Hunting.” A “hunting” value means the voip unit will assign the
call to the first available channel. If desired, specific channels can be assigned to specific incoming calls
(i-e., to any set of calls received with a particular incoming dialing pattern).

6. In the “Description” field, it is useful to describe the ultimate destination of the calls. For example, in a
New York City voip system, “incoming calls to Manhattan office,” might describe a phonebook entry, as
might the descriptor “incoming calls to NYC local calling area.” The description should make the routing
of calls easy to understand. (40 characters max.)

North America,
Long-Distance Example

Seattle-Chicago system.
Possible Description:.

Free Seattle access, all
employees

Euro, National Call
Example

London/Birming. system.
Possible Description:.

Local-rate London access,
all empl.

Euro, International Call Example
Rotterdam/Bordeaux system.

Possible Description:. Local-rate Rotterdam access, all
empl.

7. Repeat steps 2-6 for each inbound phonebook entry. When all entries are complete, go to step 8.
8. Click OK to exit the inbound phonebook screen.
9. Click on Save & Apply. Click OK. Then click Reboot Voip.

Your starter inbound phonebook configuration is complete.
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Phonebook Tips

Preparing the phonebook for your voip system is a complex task that, at first, seems quite daunting. These
tips may make the task easier.

1. Use Dialing Patterns, Not Complete Phone Numbers. You will not generally enter complete phone numbers
in the voip phonebook. Instead, you'll enter “destination patterns” that involve area codes and other digits.
If the destination pattern is a whole area code, you'll be assigning all calls to that area code to go to a
particular voip which has a unique IP address. If your destination pattern includes an area code plus a
particular local phone exchange number, then the scope of calls sent through your voip system will be
narrowed (only calls within that local exchange will be handled by the designated voip, not all calls in that
whole area code). In general, when there are fewer digits in your destination pattern, you are asking the
voip to handle calls to more destinations.

2. The Four Types of Phonebook Digits Used. Important!
“Destination patterns” to be entered in your phonebook will generally consist of:

(a) calling area codes,

(b) access codes,

(c) local exchange numbers, and
(d) specialized codes.

Although voip phonebook entries may look confusing at first, it's useful to remember that all the digits in
any phonebook entry must be of one of these four types.

(a) calling area codes. There are different names for these around the world: “area codes,” “city codes,”
“country codes,” etc. These codes, are used when making non-local calls. They always precede the phone
number that would be dialed when making a local call.

(b) access codes. There are digits (PSTN access codes) that must be dialed to gain access to an operator, to
access the publicly switched ‘long-distance” calling system(North America), to access the publicly switched
‘national’ calling system (Europe and elsewhere), or to access the publicly switched ‘international” calling
system (worldwide).

There are digits (PBX access codes) that must be dialed by phones connected to PBX systems or key systems.
Often a “9” must be dialed on a PBX phone to gain access to the PSTN (‘to get an outside line’). Sometimes
“8” must be dialed on a PBX phone to divert calls onto a leased line or to a voip system. However,
sometimes PBX systems are ‘smart’ enough to route calls to a voip system without a special access code (so
that “9” might still be used for all calls outside of the building).

There are also digits (special access codes) that must be dialed to gain access to a particular discount long-
distance carrier or to some other closed or proprietary telephone system.

(c) local exchange numbers. Within any calling area there will be many local exchange numbers. A single
exchange may be used for an entire small town. In cities, an exchange may be used for a particular
neighborhood (although exchanges in cities do not always cover easily discernible areas). Organizations
like businesses, governments, schools, and universities are also commonly assigned exchange numbers for
their exclusive use. In some cases, these organizational-assigned exchanges can become non-localized
because the exchange is assigned to one facility and linked, by the organization’s private network, to other
sometimes distant locations.

(d) specialized codes. Some proprietary voip units assign, to sites and phone stations, numbers that are not
compatible with PSTN numbering. This can also occur in PBX or key systems. These specialized numbers
must be handled on a case-by-case basis.
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3. Knowing When to Drop Digits. Example
When calling area codes and Area code for Inner London is
access codes are used in listed as “0207.” However, in
combination, a leading “1” or “0” | international calls the leading
must sometimes be dropped. “0” is dropped.
U.K.
Country
Code
Phonebook Entry = @4712__07
International J T— Leading Zero
Access Code Dropped from
Area Code

4. Using a Comma. Detail
Commas are used in telephone
dialing strings to indicate a pause , = 1-second pause
to allow a dial tone to appear
(common on PBX and key in many PBX systems
systems). Commas may be used (not needed in all)
only in the “Add Prefix” field of
the Inbound Phonebook.

5. Ease of Use. The phonebook setup determines how easy the voip system is to use. Generally, you'll
want to make it so dialing a voip call is very similar to dialing any other number (on the PSTN or through
the PBX).

6. Avoid Unintentional Calls to Official/Emergency Numbers. Dialing a voip call will typically be somewhat
different than ordinary dialing. Because of this, it’s possible to set up situations, quite unwittingly, where
phone users may be predisposed to call official numbers without intending to do so. Conversely, a
voip/PBX system might also make it difficult to place an official/emergency call when one intends to do so.
Study your phonebook setup and do some test-dialing on the system to avoid these pitfalls.

7. Inbound/Outbound Pattern Matching. In general, the Inbound Phonebook entries of the local voip unit will
match the Outbound Phonebook entries of the remote voip unit. Similarly, the Outbound Phonebook
entries of the local voip unit will match the Inbound Phonebook entries of the remote voip unit. There will
often be non-matching entries, but it’s nonetheless useful to notice the matching between the phonebooks.

8. Simulating Network in-lab/on-benchtop. One common method of configuring a voip network is to set up a
local IP network in a lab, connect voip units to it, and perhaps have phones connected on channel banks to
make test calls.
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Phonebook Example: An MTU/MDU Application

In the next example, a small, alternative telco uses an MVPFXS-24 to serve an apartment building with
voip-based phone service. This is a common application of the MVPFXS-24 in facilities known as
MTU/MDU (multi-tenant units or multi-dwelling units).

Phone Books for Telco CO and Voip Customer Apartment Building

1
|

Hilzenvalies, WV
Telco Office of

1
1 1
1 1
1t WVIP-Comm, Inc. 1 WVIP-Comm Voip WVIP-Comm Voip
’ | Inb d Ph book Outb d Ph book
1 nooun oneboo utboun onenoo
1 Area: 304 1 Prefix to Prefix | Description of Destination Prefix to Prefix 1P Description of
I PBX/ 1 Remove to Add | Incoming Calls Pattern Remove to Add | Addr Outgoing Calls
1 Switch 1 none none | Lets Bluebird [ 130455524 1304355 none [ 24.98. |Out of area-code
wite SIP residents call 62.3 |calls to Bluebird
| Server | any number. Apt residents.
: : 155524 1555 none | 24.98. |Intra area-code
623 non-local calls
to Bluebird
1 : Must check the Apt residents.
: 24.98.62.4 I “Accept Any Number”
1 1 checkbox. 55524 555 none 24.98. | Local calls
I 24-Channel I 623 | to Bluebird
| DIgIta' VolP I Apt residents.
MVP2410)
1 ( I
|
PSTN
_________________ -
Bluebird Apartments :
Exchange: 555
Bluebird Apts Voip Bluebird Apts Voip ) 24.98.62.3 !
Inbound Phonebook Outbound Phonebook 1 24-Channel !
Prefix to Prefix | Description of Destination Prefix to Prefix P Description of 1 SIP-FXS |——2555.2424 1
Remove to Add | Incoming Calls Pattern Remove to Add | Addr Outgoing Calls 1 \VolP |
2401 none | to Apt#l1 n 24.98 555-2423 1
p one none none 2498, 1 MVPFXS-24 —ﬂ
d I —555-2422 |
. 1
: 1
2402 none | to Apt #2 Allows Bluebird 1
Allows Blucbh I 555-2403
2403 none | to Apt#3 heck th ca[H gisyl n?:nnfb; 1 I
Must check the through WVIP- 555-2402 1
“Accept Any Number” Comm Voip I 555-2401 I
checkbox. SR : o4 I
| apartm_ ents I
2424 | none | to Apt #24 " 24 extensions I
I
i U U S,

34




MultiVOIP FXS Quick Start Guide Phonebook Example

Sample Phonebooks Enlarged

WVIP-Comm Voip WVIP-Comm Voip
Inbound Phonebook Outbound Phonebook
Prefix to Prefix | Description of Destination Prefix to Prefix IP Description of
Remove to Add | Incoming Calls Pattern Remove to Add | Addr Outgoing Calls
none none | Lets Bluebird [ 130455524 1304355 none | 24.98. |Out of area-code
residents call 62.3 calls to Bluebird
any number. Apt residents.
155524 1555 none | 24.98. |Intra area-code
62.3 non-local calls
to Bluebird
L\/I ust check the ) /gpt s
Accept Any Number
checkbox. 55524 555 none | 24.98. | Local calls
62.3 to Bluebird
Apt residents.
Bluebird Apts Voip Bluebird Apts Voip
Inbound Phonebook Outbound Phonebook
Prefix to Prefix | Description of Destination Prefix to Prefix 1P Description of
Remove to Add | Incoming Calls Pattern Remove to Add | Addr Outgoing Calls
2401 none | to Apt#1 none none none | 24.98.
62.4
2402 none | to Apt#2 Allows Bluebird
2403 o Aot 3 Apt residents to
none o Ap call any number
‘I‘\/Iust check the ) through WVIP-
Accept Any Number Comm Voip
checkbox. system.
2424 | none | to Apt #24
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Phonebook Worksheet

Voip Location/ID:

Inbound Phonebook Outbound Phonebook
Prefix to Prefix | Description Destin. Total Prefix to Prefix 1P Description
Remove to Add | Incoming Calls Pattern Digits | Remove to Add Addr Outgoing Calls

Other Details:
Voip Location/ID:
Inbound Phonebook Outbound Phonebook
Prefix to Prefix | Description Destin. Total Prefix to Prefix 1P Description

Remove to Add | Incoming Calls § Pattern Digits | Remove to Add | Addr Outgoing Calls

Other Details:

Voip Location/ID:

Inbound Phonebook Outbound Phonebook

Prefix to Prefix | Description Destin. Total Prefix to Prefix 1P Description
Remove to Add | Incoming Calls § Pattern Digits | Remove to Add | Addr Outgoing Calls

Other Details:
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Connectivity Test
The procedures “Phone/IP Starter Configuration” and “Phonebook Starter Configuration” must be
completed before you can do this procedure.

1. These connections must be made:

@ MultiVOIP to local phone station
—OR--
MultiVOIP to extension of key phone
system

@ MultiVOIP to command PC
@ MultiVOIP to Internet

2. Inbound Phonebook and Outbound Phonebook must both be set up with at least one entry in each.
These entries must allow for connection between two voip units.

3. Console messages must be enabled. (If this has not been done already, go, in the MultiVOIP GUI, to
Configuration | Logs and select the “Console Messages” checkbox.

4. Make sure that the COM port connection is free so that the HyperTerminal program can use it.

5. Open the HyperTerminal program.

“g asdf - HyperT erminal

File Edt Wiew Call Transfer Help
s ==l =
|
|
Ii4]
Disconnect ted Auto detect 115200 8-H-1 SCROLL  |CAPS  |NUM ‘Eaplule Print eche 7

6. Use HyperTerminal to receive and record console messages from the MultiVOIP unit. To do so, set up
HyperTerminal as follows (setup shown is for Windows NT4; details will differ slightly in other MS
operating systems):

[ In the upper toolbar of the HyperTerminal screen, click on the Properties button.

[1 In the “Connect To” tab of the Connection Properties dialog box, click on the Configure
button.

[ In the next dialog box, on the “General” tab, set “Maximum Speed” to 115200 bps.
[1 On the “Connection” tab, set connection preferences to:
Data bits: 8
Parity: none
Stop bits: 1
[1 Click OK twice to exit settings dialog boxes.
7. Make VOIP call on a local phone line accessing PSTN directly or through key system..
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8. Read console messages recorded on HyperTerminal.

Console Messages from Originating VOIP. The voip unit that originates the call will send back messages
like that shown below.

[00026975] CAS[0]: RX: ABCD =1, 1, 1, 1,Pstn State[1] TimeStamp : 26975
[00027190] CAS[0]: TX: ABCD=1,1,1,1

[00027190] PSTN: cas seizure detected on 0

[00027440] CAS[0]: TX:ABCD=0,0,0,0

[00033290] PSTN:call detected on 0 num=17637175662*

[00033290] SIP[0]:destAddr = TA:200.2.10.5:1720,NAME:Mounds
View, TEL:17637175662,17637175662

[00033290] SIP[0]:srcAddr = NAME:New York,TA:200.2.9.20
[00033440] SIP [0]:cmCallStateProceeding

[00033500] SIP[0]: Remote Information (Q931): MultiVOIP - T1
[00033565] CAS[0]: TX: ABCD=1,1,1, 1

[00033675] SIP [0]: MasterSlaveStatus=Slave

[00033675] SIP[0]:FastStart Setup Not Used

[00033690] CAS[0]: TX: ABCD=1,1,1, 1

[00033755] SIP[0]: Coder used 'g7231"

[00033810] PSTN:pstn call connected on 0

Console Messages from Terminating VOIP. The voip unit connected to the phone where the call is
answered will send back messages like that shown below.

[00170860] SIP[0]: New incoming call

[00170860] PSTNIF : Placing call on channel 0 Outbound digit 7175662
[00170885] CAS[0]: TX: ABCD=1,1,1, 1

[00171095] SIP [0]: MasterSlaveStatus=Master

[00171105] CAS[0]: RX: ABCD =1, 1, 1, 1,Pstn State[7] TimeStamp : 171105
[00171105] SIP[0]: Coder used 'g7231"

[00171110] SIP[0]:FastStart Setup Not Used

[00171110] SIP[0O]: Already opened the outgoing logical channel

[00171110] SIP[0]: Coder used 'g7231"

[00171315] CAS[0]: RX : ABCD =0, 0, 0, 0,Pstn State[9] TimeStamp : 171315
[00172275] PSTN: dialing digit ended on 0

[00172285] PSTN: pstn proceeding indication on 0

[00172995] CAS[0]: RX : ABCD =1, 1, 1, 1,Pstn State[12] TimeStamp : 172995
[00173660] CAS[0]: TX: ABCD=1,1,1, 1

[00173760] PSTN:pstn call connected on 0

9. When you see the following message, end-to-end voip connectivity has been achieved.
“PSTN: pstn call connected on X”

where x is the number of the voip channel carrying the call

10. If the HyperTerminal messages do not confirm connectivity, go to the Troubleshooting procedure
below.
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Troubleshooting

If you cannot establish connectivity between two voips in the system, follow the steps below to determine

the problem.

1. Ping both MultiVOIP units to confirm connectivity to the network.

7% Command Prompt

C:\>ping 284.26.122.2
Pinging 204.26.122.2 with 32 bytes of data:
Reply from 284.26.122.2: bytes=32 time<1B8ms
time<iBms
- H time<1Bms
Reply from 284.26.122. 2 bytes=32 time<1Bms
C:\>ping 284.26.122.2
Pinging 2084.26.122.2 with 32 bytes of data:

Reply from 204_26_.122 _2: hytes=32 t@me(lﬁms

Reply from 284.26. 122 2 bytes=32 time<1Bms
vy

TTL=254
TTL=254
TTL=254
TTL=254

TTL=254
TTL=254
TTL=254
TTL=254

2. Verify the telephone connections.

[J Check cabling. Are connections well seated? To correct receptacle?

[J Are telephone Interface Parameter settings correct?

Remember that each voip channel is separately configurable.

3. Verify phonebook configuration.
4. Observe console messages while placing a call. Look for error messages indi-cating phonebook problems, network
problems, voice-coder mismatches, etc.
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Introduction

When an MVPFXS-8/16/24 unit is to be installed into a rack, two able-bodied persons should participate.

Please read the safety notices before beginning installation.

Safety Warnings

General Safety

This product must be disconnected from its power source and from the telephone network interface when
servicing.

Lithium Battery Caution

A lithium battery on the voice/fax channel board provides backup power for the timekeeping capability.
The battery has an estimated life expectancy of ten years.

When the battery starts to weaken, the date and time may be incorrect. If the battery fails, the board must
be sent back to Multi-Tech Systems for battery replacement.

Warning: There is danger of explosion if the battery is incorrectly replaced.

Ethernet (WAN) Ports Caution

Caution: The Ethernet ports (often labeled “WAN”") are not designed to be connected to a Public
Telecommunication Network.

Safety Warnings Telecom

1. Never install telephone wiring during a lightning storm.
2. Never install a telephone jack in wet locations unless the jack is specifically designed for wet locations.
3. This product is to be used with UL and UL listed computers.

4. Never touch uninsulated telephone wires or terminals unless the telephone line has been disconnected at
the network interface.

5. Use caution when installing or modifying telephone lines.

6. Avoid using a telephone (other than a cordless type) during an electrical storm. There may be a remote
risk of electrical shock from lightning.

7. Do not use a telephone in the vicinity of a gas leak.

8. To reduce the risk of fire, use only a UL-listed 26 AWG or larger telecommunication line cord.
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Unpacking Your MultiVOIP

When unpacking your MultiVOIP, check to see that all of the items shown are included in the box. If any
box contents are missing, contact MultiTech Tech Support at 1-800-972-2439.

Unpacking the MVPFXS-8/16/24

MultivOIP™
Cabling
Guide

mien@

'[ Multi/277” Muttiiec/@
6 o

o660 ©90000000066696000060000

Figure 3-1: Unpacking the MVPFXS-8/16/24
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Rack Mounting Instructions for MVPFXS-8/16/24

The MultiVOIPs can be mounted in an industry-standard EIA 19-inch rack enclosure,
as shown in Figure 3-2.

Figure 3-2: Rack-Mounting (MVPFXS-8/16/24)
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Safety Recommendations for Rack Installations of MVPFXS-8/16/24

Mounting: Mechanically, this unit is designed for a one-high industry standard EIA 19-inch rack enclosure. The
product must be installed by qualified service personnel in a restricted-access area, in accordance with articles
110-16, 10-17, and 110-18 of the National Electrical Code, ANSI/NFPA 70.

* Ensure proper installation of the unit in a closed or multi-unit enclosure by following the recommended
installation as defined by the enclosure manufacturer. Do not place the unit directly on top of other
equipment or place other equipment directly on top of the unit.

* If installing the unit in a closed or multi-unit enclosure, ensure adequate airflow within the rack so that
the maximum recommended ambient temperature is not exceeded.

* Ensure that the unit is properly connected to earth ground by verifying that it is reliably grounded when
mounted within a rack. If a power strip is used, ensure that the power strip provides adequate grounding
of the attached apparatus.

* When mounting the equipment in the rack, make sure mechanical loading is even to avoid a hazardous
condition, such as loading heavy equipment in rack unevenly. The rack used should safely support the
combined weight of all the equipment it supports.

* Ensure that the mains supply circuit is capable of handling the load of the equipment. See the power
label on the equipment for load requirements (full specifications for MultiVOIP models are presented in
chapter 1 of this manual).

* Maximum ambient temperature for the unit is 60 degrees Celsius (140 degrees Fahrenheit) at 20-90% non-
condensing relative humidity.

* This equipment should only be installed by properly qualified service personnel.

* Only connect like circuits. In other words, connect SELV (Secondary Extra Low Voltage) circuits to SELV
circuits and TN (Telecommunications Network) circuits to TN circuits.

* To reduce the risk of shock, all access doors should be closed during normal operation of the equipment.
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19-Inch Rack Enclosure Mounting Procedure

Attaching the MultiVOIP to a rack-rail of an EIA 19-inch rack enclosure will certainly require two persons.
Essentially, the technicians must attach the brackets to the MultiVOIP chassis with the screws provided, as
shown in Figure 3-3, and then secure unit to rack rails by the brackets, as shown in Figure 3-4. Because
equipment racks vary, screws for rack-rail mounting are not provided. Follow the instructions of the rack
manufacturer and use screws that fit.

1. Position the right rack-mounting bracket on the MultiVOIP using the two vertical mounting

screw holes.
2. Secure the bracket to the MultiVOIP using the two screws provided.

3. Position the left rack-mounting bracket on the MultiVOIP using the two vertical mounting screw
holes.

4. Secure the bracket to the MultiVOIP using the two screws provided.
5. Remove feet (4) from the MultiVOIP unit.

Mount the MultiVOIP in the rack enclosure per the rack manufacture’s mounting procedure.

Figure 3-3: Bracket Attachment for Rack Mounting
(MVPFXS-8/16/24)

- -~
..f—"" _/-ff
-I‘-"'-F'-

f!

Figure 3-4: Attaching MultiVOIP to Rack Rail
(MVPFXS-8/16/24)

46



MultiVOIP FXS User Guide Mechanical Installation & Cabling

Cabling Procedure for MVPFXS-8/16/24

Prerequisites: To complete the MultiVOIP cabling procedure, you must have:
* One RJ-21 Cable. That cable must have a male end to fit the MultiVOIP.
The other end must fit your telephony equipment.
* Two common network cables (R]45-to-R]45).
Cabling entails connecting:
- the MultiVOIP to ground ,
- the MultiVOIP to power,
- the MultiVOIP to your LAN/WAN network,
- the control computer to your LAN/WAN network,
- the MultiVOIP to your telephone equipment, and

- connecting, optionally, the MultiVOIP Console port to the control computer’s serial port (needed
for initial setup only if your system cannot use the voip’s default IP address).

1. Ground Connection. Ensure that the unit is properly connected to an earth ground.

To do this, connect a grounding wire between the chassis grounding screw (see Figure 3-5) and a metallic
object that will provide an electrical ground. In some cases, mounting racks will can serve as an adequate

earth ground.
Grounding
Screw
Cable hold-down :
device is~included.
' A Y
e [ ] [ ]
Q 25 TELECOM 1 CONSOLE WAN
o =l o) @ L] -
@ /50 A 2 ® k ____________________
\ Voip's Default IP j
%1 =192.168.2.1 A
RJ-45 T
Connectors Grounding
Cable
L
N a8a—
| WAN/Ethernet Connection |
The RJ21 50-pin connector can I B\ |
terminate in either a terminal block, == U | |
a key system, ora PBX station card. DB-9 Connector to p—"~
In each case, it offers FXS service Computer Serial Port VOIP Control
to phones or fax machines. for Console Functions : N throug?1 o
Console Port Connection | Web GUI

Control Computer’'sIP 1
= 192.168.2.x **i

** Note: If network configuration makes it
difficult or impossible to assign the
control computer to 192.168.2.x,
then the voip’s IP must be reset
using the voip’s Console connection.
See User Guide for details.

Figure 3-5: Cabling for the MVPFXS-8/16/24
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2.Power Connection. Connect the power cord supplied with your MultiVOIP to a live AC outlet and to the
power connector on the back of the MultiVOIP. See Figure 3-5 (top right).

3. VOIP-to-Network Connection. Connect a network cable (R]J45-to-RJ45) to the WAN connector on the
back of the MultiVOIP. See Figure 3-5. Connect the other end of the cable to your network switch. The
MultiVOIP’s default IP address is 192.168.2.1.

4. Computer-to-Network Connection. Connect a network cable (R]J45-to-R]J45) between your LAN/WAN
network and the control computer that you will use to configure/control the MultiVOIP. See Figure 3-5.
The control computer’s IP address must be set so that the first three octets of the IP address match that of
the MultiVOIP (192.168.2.x).

5. Telephony Connection. Connect a 50-conductor cable (RJ21-to-R]21) between the MultiVOIP’s
TELECOM connector and your telephone equipment. The MultiVOIP requires a male RJ-21 connector.
Secure the RJ-21 connector to the TELECOM receptacle with a screw (which is typically built into the
connector) and use the hold-down device to secure the cable to the back panel of the MultiVOIP unit. See
Figure 3-5. The gender of the RJ-21 connector on the other end of the cable must fit your telephony
equipment. Figure 3-6 shows some typical ways in which the other end of the R]J-21 cable might be
connected.

to MVPFXS-8/16/24
unit

Figure 3-6: RJ-21 Cabling between MVPFXS unit and FXS phone equipment
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The footprint of the RJ-21 connector is shown in Figure 3-7 and its pin-out list is presented in the table

that follows.
725 |
O\ I] O
51 3
Figure 3-7: RJ-21 Connector Footprint

RJ-21 TIP: RING: < lo | o
Connector on Pins 1 - 24 EORHGEYIREL) g - Q
Pin-Out List nol & |
Wire Pairs for % % 2
Each Channel
Channel 1 1 26 S I Y
Channel 2 2 27 S I Y
Channel 3 3 28 v R v
Channel 4 4 29 N \
Channel 5 5 30 S I Y
Channel 6 6 31 v \
Channel 7 7 32 N \
Channel 8 8 33 S I Y
Channel 9 9 34 N
Channel 10 10 35 R )
Channel 11 | 11 36 R
Channel 12 12 37 N !
Channel 13 13 38 N :
Channel 14 14 39 N
Channel 15 15 40 N ﬁ
Channel 16 16 41 N 7]
Channel 17 17 42 v A E
Channel 18 18 43 N : g
Channel 19 19 44 N -
Channel 20 20 45 \ % :
Channel 21 21 46 \ 2 ;
Channel 22 | 22 47 e
Channel 23 23 48 \ : :
Channel 24 24 49 N ' v

Pin 25 is not Pin 50 is not

connected. connected.

6. Console Connection (optional — not usually needed for initial setup). The Console Cable is needed at initial
setup only if your system cannot use the voip’s default IP address. In that case, the Console Cable is
needed to change the MultiVOIP’s IP address. Also, if, at a later date, you need to update the
MultiVOIP’s firmware, you will need to connect the Console Cable because it is required for that process,
as well.

If needed, connect the Console Cable (R]45 male to DB9 female) between the MultiVOIP and the control
PC. Plug the RJ-45 end of the cable into the CONSOLE port of the MultiVOIP and the DB-9 end into a
serial port on the PC.
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7.Power-Up. Turn on power to the MultiVOIP by placing the ON/OFF switch on the back panel to the ON
position. Wait for the Boot LED on the MultiVOIP to go off before proceeding. This may take a few
minutes.

With the connections made, you are ready to contact the web GUI and begin configuring the MultiVOIP.
Proceed to the MultiVOIP & Auxiliary Software chapter for considerations about the Java and browser
requirements in relation to the MultiVOIP web GUI.
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Introduction

The software (firmware) that runs the MVPFXS-8/16/24 unit resides within the unit and is contacted
through a web browser. As such, there is no MultiVOIP configuration software to install. However, the PC
operating the web browser GUI must be equipped with an up-to-date version of Java. If an up-to-date
version is not already present on the PC, it must be installed from the MultiVOIP CD or from the Java
website.

The Java software, the other auxiliary software, and the User Guide are contained on the MultiVOIP
product CD. Because the CD is auto-detectable, it will start up automatically when you insert it into your
CD-ROM drive. When you have finished loading the Java program, you can view and print the User Guide
by clicking on the View Manuals icon.

Java is necessary to operate the MultiVOIP GUI. In addition to Java, other optional 3rd-party software
packages are necessary to take advantage of certain optional auxiliary MultiVOIP functions. These include
programs for SysLog, FTP, and TFTP.

Summary

Configuring software for your MultiVOIP entails three tasks:

(1) loading an up-to-date version of Java onto the PC to enable the web-GUI to operate and, if required,
loading other auxiliary software,

(2) setting values for telephony and IP parameters that will fit your system (this is “Technical
Configuration” and it is discussed in Chapter 5), and

(3) establishing “phonebooks” that contain the various dialing patterns for VOIP calls made to different
locations (this is “Phonebook Configuration” and it is discussed in Chapter 6).
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Configuring the MultiVOIP

There are two ways in which the MultiVOIP must be configured before operation: technical configuration
and phonebook configuration.

Technical Configuration. First, the MultiVOIP must be configured to operate with technical parameter
settings that will match the equipment with which it interfaces. There are five types of technical parameters
that must be set.

These technical parameters pertain to

(1) its operation in an IP network,

(2) its operation with telephony equipment,

(3) its transmission of voice and fax messages,

(4) certain telephony attributes that are common to particular nations or regions,
(5) selecting the method by which log reports will be made accessible.

The process of specifying values for the various parameters in these seven categories is what we call
“technical configuration” and it is described in this chapter.

Phonebook Configuration. The second type of configuration that is required for the MultiVOIP pertains to
the phone number dialing sequences that it will receive and transmit when handling calls. Dialing patterns
will be affected by both the PBX/telephony equipment and the other VOIP devices that the MultiVOIP unit
interacts with. We call this “Phonebook Configuration,” and, for analog MultiVOIP units, it is described in

Chapter 6. The Quick Start Guide chapter presents additional information on phonebook setup.

Local/Remote Configuration. The MultiVOIP is configured through a web browser. The MultiVOIP is
factory configured to this IP address: 192.168.2.1.

Certain functions (like update/upgrade of firmware version) and changing the MultiVOIP’s IP address can
be done locally via a hard-wired connection between a PC serial port and the MultiVOIP’s “Console” port.
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Configuration by Web GUI

This manual primarily describes configuration of the MultiVOIP with the web GUIL.

Pre-Requisites
To complete the configuration of the

@ MultiVOIP unit, you must know several
things about the overall system.

Before configuring your MultiVOIP Gateway unit, you must know the values for several IP and telephone
parameters that describe the IP network system and telephony system (PBX or telco central office
equipment) with which the digital MultiVOIP will interact. A summary of this configuration information
appears on page 56 (“Config Info CheckList”).

IP Parameters

The following parameters must be known about the network (LAN, WAN, Internet, etc.) to which the
MultiVOIP will connect:

». | Ask your computer network | Info needed to operate:
administrator. all MultiVOIP models.

IP Network Parameters:
é@? Record for each VOIP Site
in System

o [P Address

e [P Mask

e Gateway
¢ Domain Name Server (DNS) Info

Write down the values for these IP parameters. You will need to enter these values in the “IP Parameters”
screen in the Configuration section of the MultiVOIP software. You must have this IP information about
every VOIP in the system.
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Telephony Interface Parameters

The following parameters must be known about the PBX or telco central office equipment to which the
analog MultiVOIP will connect:

» | Phone Parameters

telecom manager.

Ask phone company or

Telephony Interface Parameters:
‘-_\§77 Record for this VOIP Site

e Which interface type is to be used?
FXS Loop Start only

e If FXS, determine whether the line will be used for a
phone, fax, KTS (key telephone system), or perhaps
serve a station card on a PBX.

Config Info CheckList

Type of Configuration
Info Gathered

MultivOIP
Configuration
screen on which
to enter the Info

Info

Obtii/ned

Info

Ent\e[ed

IP Info for voip unit
o [P address
e Gateway

o DNS IP (if used)

IP Parameters

Interface Type
(FXS only *)

*In FXO/FXS systems,
channels used for phone,
fax, or key system are
FXS; channels used for
analog PBX extensions or

analog telco lines are
FXO.

Interface
Parameters.

Country Code

Regional
Parameters

Reminder: Be sure to Save & Apply after entering configuration values.
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Procedure for Configuration by Web GUI (Summary)

After the MultiVOIP configuration software has been installed in the ‘Command” PC (which is connected to
the MultiVOIP unit), several steps must be taken to configure the MultiVOIP to function in its specific
setting. Although the summary below includes all of these steps, some are optional.

1. Check Power and Cabling.

2. Start MultiVOIP web-based Configuration Program.

3. Confirm Connection.

4. Familiarize yourself with configuration parameter screens and how to access them.
5. Set IP Parameters.

6. Set Voice/Fax Parameters.

7. Set Telephony Interface Parameters.

8. Set SIP Call Signaling parameters.

9. Set Regional Parameters (Phone Signaling Tones & Cadences and setup for built-in Remote
Configuration/ Command Modem).

10. Set Log Reporting Method (GUI, locally in MultiVOIP Configuration program; or SMTP, via email).
11. View System Info screen and set updating interval (optional).

12. Set Packetization Time.

13. Save the MultiVOIP configuration.

When technical configuration is complete, you will need to configure the MultiVOIP’s inbound and
outbound phonebooks in the Phonebook Configuration chapter.

Local Configuration Procedure (Detailed)

You can begin the configuration process after assuring that an up-to-date browser and up-to-date Java
application are present on your computer. You can establish your configuration or modify it at any time by
contacting the web-GUI through a browser.

1. Check Power and Cabling. Be sure the MultiVOIP is turned on and connected to the computer via the
WAN/ Ethernet connection (this entails RJ-45 cabling between MultiVOIP and the WAN/Ethernet
network).

2. Start MultiVOIP Configuration Program. Launch the MultiVOIP program from a web browser. The
default IP address assigned to the MultiVOIP is 192.168.2.1. However, this address can be changed by
connecting the PC to the MultiVOIP’s Console port and using a communications program

<4 about:blank - Microsoft Internet Explorer

File Edit “iew Fawvortes  Toolz: Help

\_'JIBac:k e \_)I T Iﬂ IELI .;HJ

Address | 192168.2.1|

Search for "192.16

D -
y, earc

o aqn
[
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Operation of MultiVOIP through web GUI requires up-to-date version of Java. If Java has not yet been
installed, follow these instructions:

A. Install up-to-date Java program from MultiVOIP product CD (on first use only).

B. Open web browser.

C. Browse to IP address of MultiVOIP unit.

D. If username and password have been established, enter them when when prompted.

E. Set browser to allow pop-ups. The MultiVOIP Web GUI makes extensive use of pop-up windows
to access screens and commands.

3. Confirm Connection. When the PC is in communication with the MultiVOIP through the web browser,
you will see an icon for each voip channel in the lower left corner of the screen. The icon is green when
the channel is in use and red when idle.

Adess [&] hip://192.169.41.55/

hivPFS-24

o Corfiguration

o= Phane Boak

o= Gtatistics
Change Usermame f Passw
Restore Factory Defaulis
Save & Apply
Reboot Vaoip .
Logout Weh Based Configuration

o Help

y -

Multi/ 277

Woice/Fax over IP Nelworks

TEL: (T63)765-3500 FAX: (P63)745-3702
Teth Suppert: £00 972-2430
T Site: hiip /Avwavsnubi Tech . com
FTP Site: fip i oubii Tech com.
¥ Tech. Suppert: tuppertizmuliitech cermn

4. Configuration Parameter Groups: Getting Familiar, Learning About Access. The first part of
configuration concerns IP parameters, Voice/FAX parameters, Telephony Interface parameters, Call
Signaling parameters, Regional parameters, Logs/ Traces, System Information, and Packetization Time. In
the MultiVOIP software, these eight types of parameters are grouped together under “Configuration” and
each has its own dialog box for entering and viewing values.

To access the dialog box for these parameter groups, click on the name of the parameter group in the
sidebar menu of the browser.
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5. Set IP Parameters. Click on IP Parameters in the sidebar list.

WP FHS-24

¢ Configuration
P
VoicelFax
Interface

In each field, enter the values that fit your particular network.

Current Permission: Readihrite

-IP Parameters

-Diffservy Parameters
Type II |v|

Call Control PHE |34 |

VoIP Media PHB (45 |

-IP Parameters

Gateway Name InvFxS24 |
[ ] Enable DHCP
IP Address 1192.168.41.55 |
IP Mask |255.265.255.0 |
Gateway M92.168.41.1 |
-DMNS
[ ] Enable DHS

DHS Server IP Address

-FTP Server
Enable
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The IP Parameters fields are described in the tables and text passages below. Note that both DiffServ
parameters (Call Control PHB and VoIP Media PHB) must be set to zero if you enable Packet Prioritization
(802.1p). Nonzero DiffServ values negate the prioritization scheme.

IP Parameter Definitions
Description

Field Name | Values
Ethernet Parameters

Frame Type Type II, SNAP Must be set to match network’s frame type. Default is Type IL
DiffServ DiffServ PHB (Per Hop Behavior) values pertain to a differential prioritizing
Parameter system for IP packets as handled by DiffServ-compatible routers. There are 64
fields values, each with an elaborate technical description. These descriptions are found in
TCP/IP standards RFC2474, RFC2597, and, for present purposes, in RFC3246, which
describes the value 34 (34 decimal; 22 hex) for Assured Forwarding behavior (default
for Call Control PHB) and the value 46 (46 decimal; 2E hexadecimal) for Expedited
Forwarding behavior (default for Voip Media PHB). Before using values other than
these default values of 34 and 46, consult these standards documents and/or a
qualified IP telecommunications engineer.
To disable DiffServ, configure both fields to 0 decimal.
The passage following this table explains DiffServ in the context of the IP datagram.
Call Control 0-63 Value is used to prioritize call setup IP packets.
PHB default = 34
Voip Media 0-63 Value is used to prioritize the RTP/RTCP audio IP packets.
PHB default = 46
n

IP Parameter fields

Gateway alphanumeric Descriptor of current voip unit to distinguish it from other units in

Name system.

Enable DHCP | Y/N Dynamic Host Configuration Protocol is a method for assigning IP
disabled by address and other IP parameters to computers on the IP network in a
default single message with great flexibility. IP addresses can be static or

temporary depending on the needs of the computer.

IP Address 4-places, 0-255 The unique LAN IP address assigned to the MultiVOIP.

IP Mask 4-places, 0-255 Subnetwork address that allows for sharing of IP addresses

within a LAN.

Gateway 4-places, 0-255. The IP address of the device that connects your MultiVOIP to the

Internet.
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The IP Datagram with Header, Its Type-of-Service field, & DiffServ

bits=>
0 4 8 16 19 24 31
VERS HLEN TYPE OF TOTAL LENGTH
IDENTIFICATION FLAGS | FRAGMENT OFFSET
TIME TO LIVE | PROTOCOL HEADER CHECKSUM

SOURCE IP ADDRESS
DESTINATION IP ADDRESS

IP OPTIONS (if any) PADDING ...
end of header

DATA

The TOS field consists of eight bits, of which only the first six are used. These six bits are called the “Differentiated Service
Codepoint” or DSCP bits.

The Type of Service or “TOS” field

0 1 2 3 4 5 6 7
[ PRECEDENCE | D | T | R | unused |

three precedence have eight values, 0-7, ranging from “normal” precedence (value of 0) to “network control” (value of 7).
When set, the D bit requests low delay, the T bit requests high throughput, and the R bit requests high reliability.

Routers that support DiffServ can examine the six DSCP bits and prioritize the packet based on the DSCP value. The
DiffServ Parameters fields in the MultiVOIP IP Parameters screen allow you to configure the DSCP bits to values supported
by the router. Specifically, the Voip Media PHB field relates to the prioritizing of audio packets (RTP and RTCP packets)
and the Call Control PHB field relates to the prioritzing of non-audio packets (packets concerning call set-up and tear-down,
gatekeeper registration, etc.).

The MultiVOIP Call Control PHB parameter defaults to 34 decimal (22 hex; 100010 binary — consider vis-a-vis TOS field
above) for Assured Forwarding behavior. The MultiVOIP Voip Media PHB parameter defaults to the value 46 decimal (2E
hex; 101110 binary — consider vis-a-vis TOS field above). To disable DiffServ, configure both fields to 0 decimal.

IP Parameter Definitions (cont’d)

Field Name Values Description

DNS Parameter fields

Enable DNS Y/N Enables Domain Name Space/System function where computer
Default = disabled | names are resolved using a worldwide distributed database.

DNS Server IP | 4-places, 0-255. IP address of specific DNS server to be used to resolve Internet

Address computer names.

FTP Parameter fields
FTP Server Y/N MultiVOIP unit has an FTP Server function so that firmware and
Enable Default = enabled | other important operating software files can be transferred to the

See “FTP Server | voip via the network.
File Transfers” in
Operation &
Maintenance
chapter.
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8. Set Voice/FAX Parameters. Click on Voice/FAX in the sidebar list.

In each field, enter the values that fit

Current Pern

PFXS-24
¢ Configuration

I
VioicelFax
Interface

your particular network.

rYoice/Fax Parameters

Select Channel : |Channe| 01 | - |
F\oice Gain -Fax
mput [0 [~] a8 output [0 [+] 8| | [JFax Enable
rDTMF
Duration ms
Jitter value ms
DTMF: [out of Band [~]
Out Of Band Mode Ric2833 ||
-rCoder rAdvanced Features
® Manual 2 Automatic Silence Compression
Selected Coder [.723.1 audio [~] T ETr TR
Max handwidth kbps [ Forward Error Correction
FAute Call
Auto Call None [~]
Phone Humber
-Dynamic Jitter Buffer
Minimum Jitter Yalue |20 ms
Maximum Jitter Value (200 ms
Initial Jitter Value 20

FAutomatic Disconnection
[ Jitter WYalue

[] call Duration

ms [_| Consecutive Packets Lost

300 SBCs

SBCs Metwork Disconnection
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Note that Voice/FAX parameters are applied on a channel-by-channel basis. However, once you have
established a set of Voice/FAX parameters for a particular channel, you can apply this entire set of
Voice/FAX parameters to other channels by using the Copy Channel button and its dialog box.

MYFPF<5-24- Yoice/Fax - Copy Channel |
rCopy Channels
Copy from Channel 01 Copy to Channel(s)
Channel : ﬂ Channel 02 il
Channel 03 =
n Channel 04
Channel 05

1]

Channel 06

=]

Java Applet Window

The Voice/FAX Parameters fields are described in the tables below.

Voice/Fax Parameter Definitions
Field Name | Values | Description
Default - When this button is clicked, all Voice/FAX parameters are set
to their default values.
Select 1-24 Channel to be configured is selected here. The “-24” unit has
Channel 1-16 24 channels, the “-16” unit has 16 channels, and the “-8” unit
1-8 has 8 channels.
Copy - Copies the Voice/FAX attributes of one channel to another channel.
Channel Attributes can be copied to multiple channels or all channels at once.
Voice Gain -- Signal amplification (or attenuation) in dB.
Input Gain +31dB to | Modifies audio level entering voice channel before it is sent over the
-31dB network to the remote VOIP. The default & recommended value is 0 dB.
Output Gain | +31dB Modifies audio level being output to the device attached to the voice
to channel. The default and recommended value is 0 dB.
-31dB
DTMF Parameters
Duration 60 - When DTME: Out of Band is selected, this setting determines how
(DTMEF) 3000 ms | long each DTMF digit ‘sounds’ or is held. Default =100 ms.
DTMF Out of When DTMF Out of Band is selected, the MultiVOIP detects DTMF
In/Out of Band, or | tones at its input and regenerates them at its output. When DTMF
Band Inband | Inband is selected, the DTMF digits are passed through the
MultiVOIP unit as they are received.
Out of Band | RFC RFC2833 method. Uses an RTP mode defined in RFC 2833 to
Mode 2833, transmit the DTMF digits.
SIP Info | SIP Info method. Generates dual tone multi frequency
(DTMF) tones on the telephony call leg. The SIP INFO
message is sent along the signaling path of the call.
You must set this parameter per the capabilities of the remote
endpoint with which the voip will communicate. The
RFC2833 method is the more common of the two methods.
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Voice/Fax Parameter Definitions (cont’d)

Coder Parameters

Coder Manual or | Determines whether selection of coder is manual or
Auto- automatic. When Automatic is selected, the local and
matic remote voice channels will negotiate the voice coder to be

used by selecting the highest bandwidth coder supported by
both sides without exceeding the Max Bandwidth setting.
G.723, G.729, or G.711 are negotiated.

Selected G.711 a/u | Select from a range of coders with specific bandwidths. The
Coder law 64 higher the bps rate, the more bandwidth is used. The
kbps; channel that you are calling must have the same voice coder
G.726, @ selected.
32 kbps;
G.7231 @ | Default = G.723.1 @ 6.3 kbps. Here 64K of digital voice are
6.3 kbps; compressed to 6.3K, allowing several simultaneous
G.729, conversations over the same bandwidth that would
8kbps; otherwise carry only one.

To make selections from the Selected Coder drop-down list,
the Manual option must be enabled.

Max 11-128 This field lets you specify the maximum bandwidth allowed
bandwidth | kbps for this channel.
(coder) If coder is to be selected automatically (“Auto” setting),

then enter a value for maximum bandwidth.

AutoCall Parameters

Auto Call AutoCall | The AutoCall option enables the local MultiVOIP to call a remote
MultiVOIP without the user having to dial a Phone Directory
Database number. As soon as you access the local MultiVOIP
voice/fax channel, the MultiVOIP immediately connects to the
remote MultiVOIP identified in the Phone Number box of this
option.

This function applies on a channel-by-channel basis. It would not
be appropriate for this function to be applied to a channel that
serves in a pool of available channels for general phone traffic.
This function requires an entry in the Outgoing phonebook of the
local MultiVOIP and a matched setting in the Inbound Phonebook
of the remote voip.

Phone - Phone number used for Auto Call function or Offthook Alert Timer
Number function. This phone number must correspond to an entry in the
Outbound Phonebook of the local MultiVOIP and in the Inbound
Phonebook of the remote MultiVOIP (unless a gatekeeper unit is
used in the voip system).
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Voice/Fax Parameter Definitions (cont’d) )

Field Name | Values Description

Dynamic Jitter
Dynamic Dynamic Jitter defines a minimum and a maximum jitter
Jitter Buffer value for voice communications. When receiving voice

packets from a remote MultiVOIP, varying delays between
packets may occur due to network traffic problems. This is
called Jitter. To compensate, the MultiVOIP uses a Dynamic
Jitter Buffer. The Jitter Buffer enables the MultiVOIP to wait
for delayed voice packets by automatically adjusting the
length of the Jitter Buffer between configurable minimum
and maximum values. The length of the jitter buffer directly
effects the voice delay between MultiVOIP gateways.

Minimum 20t0 400 | The minimum dynamic jitter buffer of 20 milliseconds is the
Jitter Value | ms minimum delay that would be acceptable over a low jitter
network.
Default = 20 msec
Maximum 20t0200 | The maximum dynamic jitter buffer of 200 milliseconds is
Jitter Value | ms the maximum delay tolerable over a high jitter network.

Default = 200 msec

Initial Jitter | 20 - 200 The starting value (in ms) of the Jitter Buffer. This value
Value ms will change itself from the starting value depending on the
default = | heeds of the jitter buffer. For example, if you set the initial
20 ms value at 100, it may end up scaling itself down to 20 or up to
200 to meet the needs of operating conditions.

65



Technical Configuration

MultiVOIP FXS User Guide

Voice/Fax Parameter Definitions (cont’d) )

Field Name

Values

Description

Auto Disconnect

Automatic - The Automatic Disconnection group provides four options
Disconnect- which can be used singly or in any combination.
ion
Jitter Value | 1-65535 The Jitter Value defines the average inter-arrival packet
milli- deviation (in milliseconds) before the call is automatically
seconds disconnected. The default is 300 milliseconds. A higher
value means voice transmission will be more accepting of
jitter. A lower value is less tolerant of jitter.
Inactive by default. When active, default = 300 ms.
However, value must equal or exceed Dynamic Minimum
Jitter Value.
Call 1-65535 Call Duration defines the maximum length of time (in
Duration seconds seconds) that a call remains connected before the call is
automatically disconnected.
Inactive by default.
When active, default = 180 sec.
This may be too short for most configurations, requiring
upward adjustment.
Consecutive | 1-65535 Consecutive Packets Lost defines the number of consecutive
Packets Lost packets that are lost after which the call is automatically
disconnected.
Inactive by default.
When active, default = 30
Network 1to 65535 | Specifies how long to wait before disconnecting the call
Discon- seconds; when IP network connectivity with the remote site has been
nection Default = | lost.
300 sec.
Advanced Features
Silence Y/N Determines whether silence compression is enabled (checked) for
Compression this voice channel.
With Silence Compression enabled, the MultiVOIP will not
transmit voice packets when silence is detected, thereby reducing
the amount of network bandwidth that is being used by the voice
channel.
Default = on.
Echo Y/N Determines whether echo cancellation is enabled (checked) for this
Cancellation voice channel.

Echo Cancellation removes echo and improves sound quality.
Default = on.
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7. Set Telephony Interface Parameters. Click on Interface in the sidebar list.

MWPFHS-24

¢ Configuration
I
WoicelFax

Call Signaling

In each field, enter the values that fit your particular network.

rInterface Parameters

Select Channel: [Channel01 |w|  Interface Type  |FXS (Loop Start) | v |
-FXS Optiens -FX0 Options
Ring Count ’87 Ring Count
[] Current Loss Mo Response Timer SeCS
Flash Detection Range Flash Generation e

Min 100 ms

Max 1000 ms

rCaller ID
Tvpe: BellCore ﬂ
[_|Enable

-Disconnect Options
[¥] Current Loss

[J DTMF Tone

[ silence Detection

Sequence |

Current Loss Timer

[=] |

SECS

-Dialing Optiens

Regeneration
|- ) Pulse ® DTMF
Inter Digit Timer 2 SBCS
Inter Digit Regeneration Timer 100 ms

Cancel

Copy Channel

The kinds of parameters for which values must be chosen depend on which type of telephony supervisory
signaling or interface is used (only FXS Loop Start is supported in the MVPEXS units). The parameters for
the FXO interface are grayed out on the MultiVOIP web GUI screen and are not discussed further in this
manual.
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Note that Interface parameters are applied on a channel-by-channel basis. However, once you have
established a set of Interface parameters for a particular channel, you can apply this entire set of Interface
parameters to other channels by using the Copy Channel button and its dialog box.

MYPFx5-24 -Interface - Copy Channel |

rCopy Channels

Copy from Channel 01 Copy to Channelis)
Channel : Channel 09 % Channel D4 =
E:annel 10 | ﬂ Channel 05 ]
annel 11 Channel 06 =
Channel 12 Channel 07
Channel 13 - Channel 08 -

Send

Java Applet Window
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FXS Loop Start Parameters. The parameters applicable to FXS Loop Start are shown in the figure below
and described in the table that follows.

rinterface Parameters
Select Channel: [Channel01 |w|  Interface Type  |FXS (Loop Start) |« |
rFXS Options rFX0 Options
Ring Count a
[] Current Loss
Flash Detection Range
Min 100 ms
Max 1000 ms
~Caller ID
Type: Beticore |~ |
[] Enable rDialing Options
Regeneration
| .
Inter Digit Tirmer 2 SECS Copy Channel
Inter Digit Regeneration Timer 100 ms -
Default
FXS Loop Start Interface: Parameter Definitions
Field Name Values Description
Select Channel | 1-8 (MVPFXS-8); Indicates the voip channel to which parameter values will be assigned.
1-16 (MVPFXS-16);
1-24 (MVPFXS-24)
Interface Type | FXS Loop Start The value of this field determines whether this channel uses the FXS

Loop Start interface type or the FXO interface type. We are here
discussing the FXS Loop Start option.

FXS Options fields

Ring Count, 1-99 Maximum number of rings that the MultiVOIP will issue before giving
FXS up the attempted call.
Current Loss Y/N When enabled, the MultiVOIP will interrupt loop current in the FXS

circuit to initiate a disconnection. This tells the device connected to the
FXS port to hang up. The Multi-VOIP cannot drop the call; the FXS
device must go on hook.

Flash Detection Range fields

Min/Max

for Min. and Max., 50
- 1500 milliseconds

For a received flash hook to be regarded as such by the MultiVOIP, its
duration must fall between the minimum and maximum values given
here.
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FXS Loop Start Interface: Parameter Definitions (cont’d)

Field Name

Values

Description

Caller

ID fields

Type

Bellcore

The MultiVOIP currently supports only one implementation of Caller ID.
That implementation is Bellcore type 1 with Caller ID placed between the
first and second rings of the call.

Enable

Y/N

Caller ID information is a description of the remote calling party received
by the called party. The description has three parts: name of caller,
phone number of caller, and time of call. The ‘time-of-call’ portion is
always generated by the receiving MultiVOIP unit (on FXS channel)
based on its date and time setup.

In general, the forms of the ‘Caller Name” and ‘Caller Phone Number’
differ depending on the IP transmission protocol used (H.323, SIP, or
SPP) and upon entries in the phonebook screens of the remote (CID
generating) voip unit. For MVPFXS units, only the SIP-related Caller ID
options are available. The CID Name and Number appearing on the
phone at the terminating FXS end will come either from a central office
switch (showing a PSTN phone number), or the phonebook of the remote
(CID sending) voip unit.

Dialing O

ptions fields

Regeneration

Pulse, DTMF

Indicates which type of dialing must be regenerated, either pulses or
DTMEF. For MVPEXS units, DTMF is always used.

Inter Digit
Timer

1 -10 seconds

This is the length of time that the MultiVOIP will wait between digits.
When the time expires, the MultiVOIP will look in the outbound
phonebook for the number entered and place the call accordingly.

Default = 2.

Inter Digit
Regeneration
Timer

in milliseconds

The length of time between the outputting of DTMF digits.
Default = 100 ms.

The Caller ID feature has dependencies on both the telco central office and the MultiVOIP phone book. See
the diagram series after the FXO Parameters section below.
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The Caller ID feature has dependencies on both the telco central office and the MultiVOIP phone book. See
the diagram series below.

<«—CID Flow

Call i}S1 received Call originates here
ere. CID CID at 1:42pm, May 31.
Terminating Generating J Central Office g "
VolP VolP FXO with
standard telephony
(él%c:lk —\ Caller ID service
Display shows: 1:42pm N\ izt O
Prg‘t'fcol Melvin Jones
CID Number: 763-555-8794 763-555-8794

CID Name: Melvin Jones

Time Stamp: Date: 05/31
Time:1:42pm

Figure 5-1: Voip Caller ID Case #1 — Call, through telco central office with standard CID, enters

voip system
. . <«—CID Flow
Call is received Call originates here
here. CID CID |, FXS at 4:51pm, Oct 3.
Terminating Generating p——n—————
VolP Volp ~ [401
B hone of: N
Clock: chazam\ P * Nigel Thurston
10/03, 4:51pm Cha 763-555-9401
Display shows: 404\

v

~Phone Book Configuration
Gateway Name: |Anoka—the—VP3

CID Number: 423
CID Name: Anoka-Whse-VP3
Time Stamp: Date: 10/03

Time: 4:51pm |—Q.931 Parameters —{~nbound Phone Book {Channel 1}
Remove Prefix  Add Prefix _Forward/Addr|
Gatekeeper RAS Paranf
[ 423
748

Figure 5-2: Voip Caller ID Case #2 — Remote FXS call on SIP voip system
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8. Set Call Signaling Parameters. Click on Call Signaling in the sidebar list.

MWPFXS-24

¢ Configuration
IF
WoiceSFax
Interface
Call Signaling |
Fedgional

Current Permission: Readhy

-Call Signalling Configuration
-SIP Parameters
Signaling Port a060
[ use SIP Proxy
-Proxy Parameters
Prozy Domain Name /IP Address

[]1 append SIP Proxy Domain Name in User ID
Port Humber

UserName

Password

Re-RegistrationTime SECS
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The table below describes all fields in the Call Signaling screen.

Call Signaling Parameter Definitions
Field Name Values Description

SIP Parameters

Signaling Port | numeric Port number on which the MultiVOIP UserAgent software module will
be waiting for any incoming SIP requests. Default = 5060
Use SIP Proxy | Y/N Allows the MultiVOIP to work in conjunction with a proxy server.
Proxy Parameters
Proxy Domain | n.n.n.n Network address of the proxy server that the voip is using.
Name / IP where
Address n=0-255
Append SIP YIN When checked, the domain name of the SIP Proxy serving the MultiVOIP
Proxy Domain gateway will be included as part of the User ID for that gateway. If
Name in User unchecked, the SIP Proxy’s IP address will be included as part of the User
ID ID instead of the SIP Proxy’s domain name.
Port Number Logical port number for proxy communications.
User Name Values: alphanumeric

Description: Identifier used when proxy server is used in network. If a proxy server is
used in a SIP voip network, all clients must enter both a User Name and a Password
before being allowed to make a call.

Password Values: alphanumeric

Description: Password for proxy server function. See “User Name” description above.

Re- Values: numeric (in seconds)
Registration Description: This is the timeout interval for registration of the MultiVOIP with a SIP
Time

proxy server. The time interval begins the moment the MultiVOIP gateway registers
with the SIP proxy server and ends at the time specified by the user in the Re-
Registration Time field (this field). When/if registration lapses, call traffic routed
to/from the MultiVOIP through the SIP proxy server will cease. However, calls in

progress will continue to function until they end.
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9. Set Regional Parameters (Phone Signaling Tones & Cadences).
Click on Regional in the sidebar list.

MWPFxS-24
¢ Configuration
IP
WoicelFax
Interface
Call Signaling

Logs S Traces

The Regional Parameters screen will appear. For the country selected, the standard set of frequency pairs
will be listed for dial tone, busy tone, ‘unobtainable” tone (fast busy or trunk busy), ring tone, and other,
more specialized tones.

Current Per
rRegional Parameters
CountryRegion : |USA |V|
Twpe Fregl |Freg2 | Cadencelims)|Cad2|Cad3|Cadd | Gain 1 Gain 2
Dial Tane 350 440 a 0 0 a -16 -16
Busy Tone 480 620 500 500 (500 |5000 |16 16 Fr——
Ring Tone 480 440 2000 4000|2000 (4000 |16 -16
Unohtainable Tone 480 620 0 ] ] 0 -16 -16
Survivahility Dial Tone  |650 640 0 ] ] 0 -16 -16
Rearder Tane 480 620 250 250 |0 1} -16 -16 L
] li [ [»]

In the Country/Region field, select the option that fits your particular system. When you choose a Country,
you choose an entire set of tones and those tones cannot be altered. To create a nonstandard set of tones,
use the “Custom” option.
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The Regional Parameters fields are described in the table below.

“Regional Parameter” Definitions

Field Name Values Description
Country/ Australia, Name of a country or region that uses a certain set of tone pairs for
Region Central America, | dial tone, ring tone, busy tone, unobtainable tone (fast busy tone), and
Chile, Europe, re-order tone (a tone pattern indicating the need for the user to hang
France, Japan, up the phone).
UK, USA, In some cases, the tone-pair scheme denoted by a country name may
Custom also be used outside of that country. The “Custom” option (button)
assures that any tone-pairing scheme worldwide can be
accommodated.
Standard Tones fields
Type column dial tone, Type of telephony tone-pair for which frequency, gain, and cadence
ring tone, are being presented.
busy tone,
unobtainable
tone (fast busy),
survivability
tone,

re-order tone

Frequency 1 freq. in Hertz Lower frequency of pair.

Frequency 2 freq. in Hertz Higher frequency of pair.

Cadence n/n/n/n On/ off pattern of tone durations used to denote phone ringing,

(msec) On/Off | four integer time | phone busy, connection unobtainable (fast busy), dial tone (“0”
values in indicates continuous tone), survivability, and re-order. Default
milli-seconds; values differ for different countries/regions. Although most
zero value for cadences have only two parts (an “on” duration and an “off”
dial-tone duration), some telephony cadences have four parts. Most cadences,
indicates then, are expressed as two iterations of a two-part sequence.
continuous tone | Although this is redundant, it is necessary to allow for expression of

4-part cadences.

Gain 1 gain in dB Amplification factor of lower frequency of pair.
+3dB to -31dB This applies to the dial, ring, busy and ‘unobtainable” tones that the
and “mute” MultiVOIP outputs as audio to the FXS or FXO0 port. Default: -16dB
setting

Gain 2 gain in dB Amplification factor of higher frequency of pair.

+3dB to -31dB
and “mute”

setting

This applies to the dial, ring, busy, and “unobtainable’ (fast busy)
tones that the MultiVOIP outputs as audio to the FXS or FXO port.
Default: -16dB
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After selecting the appropriate Country/Region for your system, click OK. A screen will appear
confirming that the configuration has been updated.

MVYPFx5-24 - Region Setup

® Data has heen updated successiully

OK

Java Applet Window

You must select Save and Apply in the sidebar menu to make the change permanent.

10. Set Log Reporting Method. The Logs screen lets you choose how the VoIP administrator will receive
log reports about the MultiVOIP’s performance and the phone call traffic that is passing through it. Log
reports can be received in one of two ways:

A. as Console Messages accessible through a telecommunications program like HyperTerminal,
or

B. through a SysLog Server program.

Click Logs/Traces on the sidebar menu to access the Logs/Traces screen.

W PFHS-24

¢ Configuration
IP
VoicelF ay
Interface
Call Signaling
Fegional

Lngs ITraces|

Systerm Information
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The Logs/Traces screen will appear.

Currernt Par

-Logs
-Console Message Settings
Enahle Console Messages

Filters

-SysLog Server
[ ] Enable

Server IPAddress

Port Humber

Online Statistics Updation Interval |5 sec

If you enable console messages, you can customize the types of messages to be included/excluded in log
reports by clicking on the “Filters” button and using the Console Messages Filter Settings screen (see
subsequent page). If you use the logging function, select the logging option that applies to your VoIP
system design. If you intend to use a SysLog Server program for logging, click in that Enable check box.
The common SysLog logical port number is 514.

“Logs” Screen Definitions

Field Name Values | Description

Enable Y/N Allows MultiVOIP debugging messages to be read via a basic terminal program like
Console HyperTerminal ™ or equivalent. Normally, this should be disabled because it uses
Messages MultiVOIP processing resources. Console messages are meant for tech support personnel.
Filters (button) Click to access secondary screen on where console messages can be included/excluded by

category and on a per-channel basis. (See the Console Messages Filter Settings screen on
subsequent page.)

SysLog Server | Y/N This box must be checked if logging is to be done in conjunction with a SysLog Server
Enable program. For more on SysLog Server, see Operation & Maintenance chapter.
IP Address n.n.nn IP address of computer, connected to voip network, on which SysLog Server program is
for n= running.
0-255
Port 514 Logical port for SysLog Server. 514 is commonly used.
Online Statistics | integer Set the interval (in seconds) at which logging information will be updated.
Update Interval
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To customize console messages by category and/or by channel, click on “Filters” and use the Console

Messages Filters Settings screen.

DEM
MCM
PSTHIF

Trace Off for Channels

CTTaTmeT oo
Channel 07
Channel 08
Channel 09
Channel 10
Channel 11
Channel 12

F

rConsole Messages Filter Settings
Trace Off for Functions

MYPFX5-24 -Logs - Conzole Mezzages Filter Settings

Trace On for Functions

DIFFSERW
FTP

PIL

POTS
PSTH

=P

-

Trace On for Channe

Is

Channel 13
Channel 14
Channel 15
Channel 16
Channel 17
Channel 18

Fad | LA

1]

Java dpplet Wwindow
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11. View System Information screen and set updating interval (optional).

To reach this dialog box, click System Information in the sidebar menu.

MPFHS-24

& Coanfiguration
IF
WYoicelFax
Interface
Call Signaling
Fegional
Logs S Traces
Systern Information|
Facketization Time

This screen presents vital system information at a glance. Its primary use is in troubleshooting.

Currert Perrission: Readfbrite

-System Information

-Wersion Information
Boot VYersion 0.2.08
Firmware Yersion 13.01.11

Configuration Yersion 12.01.01

Phone Book VYersion 12.01.M
MSP Version 5.03
Kernel Yersion W2 17 1.0
MAC Address N0:BECHDEEREE
Uptime 01:02:23:41
Exit

System Information Parameter Definitions

Field Name | Values | Description

Boot nn.nn Indicates the version of the code that is used at the startup (booting)

Version of the voip. The boot code version is independent of the software
version.

Firmware alpha- Indicates version of MultiVOIP firmware.

Version numeric

79



Technical Configuration MultiVOIP FXS User Guide

System Information Parameter Definitions (cont’d)

Field Name | Values | Description
Configur- nn.nnnn. | Indicates version of MultiVOIP Configuration software (which
ation nn includes screens for IP Parameters, SMTP Parameters, Regional
Version alpha- Parameters, etc.).
numeric
Phone Book | numeric | Indicates the version of the inbound and outbound phonebook
Version portion of the MultiVOIP software.
MSP nn.nn Version of DSP (digital signal processor) software used in MultiVOIP.
Version alpha-
numeric
Kernel Vn_nn_ | Linux kernel version used in MultiVOIP.
Version n.n
Mac alpha- Denotes the number assigned as the voip unit’s unique Ethernet
Address numeric | address.
Up Time days: Indicates how long the voip has been running since its last booting.
hours:
mm:ss

The frequency with which several administrative screens are updated (the System Information, Call
Progress, and IP Statistics screens) is determined by a setting in the Logs/Traces screen.

Currert Permission: Readihrite

rLogs
-Console Message Settings
Enable Console Messages

Filters

-SysLog Server
[_| Enahle

Cancel

Server IPAddress

Port Number

pam B AR R ke .,

I:‘Online Statistics Update Interval |5 SeC

ad
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12. About Packetization Time.

You can use the Packetization Time screen to specify definite packetization rates for coders selected in the
Voice/FAX Parameters screen (in the “Coder” group of fields). The Packetization Time screen is accessible
in the sidebar list of the main voip software screen. In dealing with RTP parameters, the Packetization
Time screen is closely related to both Voice/FAX Parameters and to IP Statistics.

P FHE-24
¢ Configuration
P
WoicelFax
Interface
Call Signaling
Fegional
Logs /i Traces
Systemn Information
Packetization Tirme |
o= Phone Book

Packetization Time Screen

Current Perrission: Readfirite

-Packetization Time

Select Channel :  |Channel 01 v

-Packetization Rate (msec per packet)

G711 Alaw 6.726-32 audio
6711 U-law 6.729A audio 20 |+

G.723.1 audio

Copy Channel
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Packetization rates can be set separately for each channel.

The table below presents the ranges and increments for packetization rates.

Packetization Ranges and Increments
Coder Types Range (in ms); Increments (in ms)
{default value}
G711 A-law 5-30 {30} 5
G711 u-law 5-60 {60} 10
G723 30-60 {60} 10
G726 5-60 {60} 10
G729 10-80 {80} 20

Once the packetization rate has been set for one channel, it can be copied into other channels by using the Copy Channel

screen.

MYPFX5-24- Packetization Time - Copy Channel

-rCopy Channels

Copy from Channel 01 Copy to Channel(s)

Channel Channel 09 [~ =
Channel 10 E ||
Channel 11 3
Channel 12 1
Channel 13 - |

Jawva Applet Window
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13. Saving the MultiVOIP Configuration. When values have been set for all of the MultiVOIP’s various
operating parameters, click on Save & Apply in the sidebar.

MYPFHS-24

o= Configuration

o= Phone Book

o= Statistics
Change Username [ Passw
Restare Factory Defaults
RehoaotYaip
Logout

o= Help

Configuration will be saved. Do you want to continue 7?2

Cancel

NOTE: It is possible to return all parameters to their factory default values by using the Restore Factory
Defaults command. By restoring factory-default values, this command will negate all configuration

work that has been done.

83



Chapter 6: Phonebook Configuration

84



Phone Book Configuration MultiVOIP FXS User Guide

Configuring MultiVOIP Phonebooks

When a VoIP serves a PBX system, it’s important that the operation of the VoIP be transparent to the
telephone end user. That is, the VolP should not entail the dialing of extra digits to reach users elsewhere
on the network that the VolP serves. On the contrary, VOIP service more commonly reduces dialed digits
by allowing users (served by PBXs in facilities in distant cities) to dial their co-workers with 3-, 4-, or 5-digit
extensions as if they were in the same facility.

Furthermore, the setup of the VolIP generally should allow users to make calls on a non-toll basis to any
numbers accessible without toll by users at all other locations on the VolIP system. Consider, for example, a
company with VOIP-equipped offices in New York, Miami, and Los Angeles, each served by its own PBX.
When the VOIP phone books are set correctly, personnel in the Miami office should be able to make calls
without toll not only to the company’s offices in New York and Los Angeles, but also to any number that’s
local in those two cities.

To achieve transparency of the VoIP telephony system and to give full access to all types of non-toll calls
made possible by the VOIP system, the VolP administrator must properly configure the “Outbound” and
“Inbound” phone-books of each VoIP in the system.

The “Outbound” phonebook for a particular VolP unit describes the dialing sequences required for a call to
originate locally (typically in a PBX in a particular facility) and reach any of its possible destinations at
remote VolP sites, including non-toll calls completed in the PSTN at the remote site.

The “Inbound” phonebook for a particular VolP unit describes the dialing sequences required for a call to
originate remotely from any other VOIP sites in the system, and to terminate on that particular VOIP.

Briefly stated, the MultiVOIP’s Outbound phonebook lists the phone stations it can call; its Inbound phonebook
describes the dialing sequences that can be used to call that MultiVOIP and how those calls will be directed. (Of
course, the phone numbers are not literally “listed” individually, but are, instead, described by rule.)

Consider two types of calls in the three-city system described above: (1) calls originating from the Miami
office and terminating in the New York (Manhattan) office, and (2) calls originating from the Miami office
and terminating in New York City but off the company’s premises in an adjacent area code, an area code
different than the company’s office but still a local call from that office (e.g., Staten Island).

The first type of call requires an entry in the Outbound PhoneBook of the Miami VOIP and a coordinated
entry in the Inbound phonebook of the New York VOIP. These entries would allow the Miami caller to dial
the New York office as if its phones were extensions on the Miami PBX.

The second type of call similarly requires an entry in the Outbound PhoneBook of the Miami VOIP and a
coordinated entry in the Inbound Phonebook of the New York VOIP. However, these entries will be longer
and more complicated. Any Miami call to New York City local numbers will be sent through the VOIP
system rather than through the regular toll public phone system (PSTN). But the phonebook entries can be
arranged so that the VOIP system is transparent to the Miami user, such that even though that Miami user
dials the New York City local number just as they would through the public phone system, that call will
still be completed through the VOIP system.

This PhoneBook Configuration procedure is brief, but it is followed by an example case. For many people,
the example case may be easier to grasp than the procedure steps. Configuration is not difficult, but all
phone number sequences and other information must be entered exactly; otherwise connections will not be
made.

85



Phone Book Configuration

MultiVOIP FXS User Guide

Phonebook configuration screens are accessed using the sidebar menu.

MWPFHS-24
o= Canfiguratian
¢ Phone Book
¢ Dutbound Phone Book|
List Entries
Add Entry
Edit Entry
&= |Inbound Phone Book

1. Select Outbound Phone Book/List Entries.
Fields in the “Details” section describe various SIP parameters.

Current Permission: ReadMrite

rOutbound Phone Book

Destination Pattern

| IP Address | Protocol | Description

Any Mumber

243 .4 14 .72 SIP voip-remaotel

1]

1]

i [*]

Number of Entries

rDetails

Remove Prefix
Add Prefix

SIP Proxy Server
SIP port

Transport Protocol

SIP URL

Add

Edit

not used

Delete

5060

TCF

Click Add.
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2. The Outbound Phone Book Add Entry screen appears.

Current Permission: Readfrite

rOutbound Phone Book Add Entry

-Phone Number Details
[] Accept Any Number

Destination Pattern | 365

Total Digits

Remove Prefix |

Add Prefix |

IP Address |

Description |

-SIP
O use Proxy
Transport Protocol
& TCP ) uDP

SIP Port Number  |5060 |

SIP URL | |

Enter Outbound PhoneBook data for your MultiVOIP unit.
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The fields of the Outbound Phone Book Add Entry screen are described in the table below.

Outbound Phone Book Add Entry screen: Field Definitions
Field Name | Values Description
Accept Any Y/N When checked, “Any Number” appears as the value in the Destination Pattern
Number field.
The Any Number feature works differently depending on whether or not an
external SIP Proxy routing device is used.
When no external routing device is used. If Any Number is selected, calls to
phone numbers not matching a listed Destination Pattern will be directed to the
IP Address in the Outbound Phone Book Add Entry screen. “Any Number” can
be used in addition to one or more Destination Patterns.
When external routing device is used. If Any Number is selected, calls to phone
numbers not matching a listed Destination Pattern will be directed to the external
SIP proxy routing device. The IP Address of the external routing device must be
set in the Phone Book Configuration screen.
Destination prefixes, Defines the beginning of dialing sequences for calls that will be connected to
Pattern area codes, another VOIP in the system. Numbers beginning with these sequences are
exchanges, diverted from the PTSN and carried on Internet or other IP network.
line
numbers,
extensions
Total Digits as needed This field currently disabled.
Number of digits the phone user must dial to reach specified destination.
Remove Prefix | dialed digits | Portion of dialed number to be removed before completing call to destination.
Add Prefix dialed digits | Digits to be added before completing call to destination.
IP Address n.n.n.n The IP address to which the call will be directed if it begins with the destination
for pattern given.
n = 0-255
Description alpha- Describes the facility or geographical location at which the call will be completed.
numeric

88




MultiVOIP FXS User Guide Phone Book Configuration

Outbound Phone Book Add Entry screen: Field Definitions (cont’d)

Field Name Values Description
SIP Fields
Use Proxy Y/N Select if proxy server is used.
Transport TCP or Voip administrator must choose between UDP and TCP transmission protocols. UDP is a
Protocol UDP high-speed, low-overhead connectionless protocol where data is transmitted without
acknowledgment, guaranteed delivery, or guaranteed packet sequence integrity. TCP is
slower connection-oriented protocol with greater overhead, but having acknowledgment
and guarantees delivery and packet sequence integrity.
SIP Port 5060 or other | The SIP Port Number is a UDP logical port number. The voip will “listen” for
Number SIP messages at this logical port. If SIP is used, 5060 is the default, standard, or
*Gee RFC 3087 | “well known” port number to be used. If 5060 is not used, then the port number
(“Control of used is that specified in the SIP Request URI (Universal Resource Identifier).
Service
Context using
SIP Request-
URIL,” by the
Network
Working
Group).
SIP URL sip.userphone | Looking similar to an email address, a SIP URL identifies a user's address.
@ In SIP communications, each caller or callee is identified by a SIP url:
hostserver, sip:user_name@host name. The format of a sip url is very similar to an email
where address, except that the “sip:“ prefix is used.
“userphone”
is the
telephone
number and
“hostserver”is
the domain
name or an
address on the
network
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3. Select Inbound PhoneBook | List Entries.

Current Permission: Readfirite

-Inbound Phone Book

Femove Prefix Add Prefix
181 %
182 |
234 3] =]
Humber of Entries Add
Channel No 1
Description Delete

-Registration Options
Register With SIP Proxy - Disabled

Click Add.

4. The Inbound Phone Book Add Entry screen appears.

Current Permission: Readfhrite

[ ]dccept Any Number

rinbound Phone Book Add Entry

Remove Prefix |

Add Prefix |

Channel Number |Hurrting

Description |

Cancel

Registration Options
[ [] Register With SIP Proxy
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Enter Inbound PhoneBook data for your MultiVOIP. The fields of the Inbound Phone Book Add Entry
screen are described in the table below.

Inbound Phone Book Add Entry screen:

Field Definitions

Field Name Values Description
Accept Any Values: Y/N
Number

Description: When checked, “Any Number” appears as the value in the Remove Prefix field.

The Any Number feature of the Inbound Phone Book does not work when an external
routing device is used (Proxy for SIP protocol).

When no external routing device is used. If Any Number is selected, calls received from
phone numbers not matching a listed Prefix (shown in the Remove Prefix column of the
Inbound Phone Book) will be admitted into the voip on the channel listed in the Channel
Number field. “Any Number” can be used in addition to one or more Prefixes.

Remove Prefix | dialed digits | portion of dialed number to be removed before completing call to destination
Add Prefix dialed digits | digits to be added before completing call to destination
Channel 1-24, or Channel number to which the call will be assigned as it enters the local
Number “Hunting” telephony equipment . “Hunting” directs the call to any available channel.

or 1-8

or 1-16

depending

on model
Description - Describes the facility or geographical location at which the call originated.
Register with | Y/N When checked, the value in the Remove Prefix field will be registered with
SIP Proxy . the external SIP proxy routing device. The IP address of the external routing

Must be ) . . .
. device must be set in the Phone Book Configuration screen.

enabled in

Call In a SIP voip system, gateways can register with the SIP Proxy.

Signaling

Configuration

screen.
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5. When your Outbound and Inbound PhoneBook entries are completed, click on Save and Apply in the

sidebar menu to save your configuration.

You can change your configuration at any time as needed for your system.

There are two “Edit Entry” screens for revising outbound and inbound phone book entries.

Current Permission: Readfirite

rOutbound Phone Book Edit Entry
-Phone Number Details
[] Accept &ny Number

Destination Pattern  |501 |

Total Digits

Remove Prefix | |

Add Prefix | |

IP Address [192.168.1.56 |

Description | |

-SiP
Juse Proxy
Transport Protocol
® TCP

) UDP

SIP Port Mumber  |5050 |

SIP URL | |

Mext Entry

Pravious Entry

The “Next Entry” and “Previous Entry” buttons allow you to go from one entry to the next without
interruption. You must click OK to confirm the change before moving on to the next entry.

Currert Permission: Readf

rinbound Phone Book Edit Entry

[l Accept Any Humber
Remove Prefix |40 | Cancel
Add Prefix | |

Mext Entry

Channel Number |Channel 01

Fravious Enfry

Description | |

Registration Optiens
|- [] Register With SIP Proxy
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Phonebook Examples

The following example demonstrates how Outbound and Inbound PhoneBook entries work in a situation
of multiple area codes (as in the Minneapolis metro area). This example also illustrates that MVPFXS voips
allow remote callers access only to specific phone stations connected to the MVPEXS voip and do not allow
remote callers access to the local PSTN in which the MVPEXS unit is located. Consider a company with
offices in Minneapolis and Baltimore. The system depicted is SIP-only. In the Minneapolis office, an
MVPFEX2-8 unit is used and it affords both FXS and FXO interfaces. By contrast, in the Baltimore office, an
MVPFXS-24 voip is used adn it offers the FXS interface only.

2 Site Example

Notice first the area code situation in those two cities: Minneapolis’s local calling area consists of multiple
adjacent area codes; Baltimore’s local calling area consists of a base area code plus an overlay area code area
code 443), but, since the voip used in Baltimore is FXS-only, it does not offer access to the local PSTN. That
is, Minneapolis voip callers can call phone stations in the Baltimore office only; they cannot call into the 410
or 443 area codes using the voip system.

Compan
VOIP/PB%I(Q‘
Site ~«_
\\\/\/) *e
NW \’_7]@1.
Suburbs St. Paul ~.
763 Mpls  |& Suburbs \\\
612 651 . m . \1:} Company Office
has MVPFXS-24 VOIP
with FXS Terminal Block
SW Suburbs
952 Balii%ore
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An outline of the equipment setup in both offices is shown below.

. Local-Call
1 Area Codes:
v 612,651, |

Company HQ.
Minneapolis
North Sub.
area 763

VolP
PBX MVPFX2-8

200.2.10.3

Q Baltimore
(] Sales Ofc.

area 410

FXS
VoIP | | Terminal

MVPFXS-24 Block |—2%

-7003

200.2.9.7 %)
I -7002
VAN

325-7001

-5174

Foo ]
= oo

~0o—~coxm
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The screen below shows Outbound PhoneBook entries for the VOIP located in the company’s Baltimore
facility.

Currert Perm

rOutbound Phone Book—— ¢ Baltimore voip unit }
Destination Pattern | IP Address | Frotocol | Description
1612 200.002.010.003 sIP Minneapolis é
1651 200.002.010.003 sIP St. Paul
1763 200002010003 siPp Minneapolis, N. Suburbs
1952 200002010003 sIP Minneapolis, 3. Suburbs
4] Il I [*]
Number of Entries 4
rDetails
Remove Prefix
Add Prefix
SIP Proxy Server not used
SIP port 4060
Transport Protocol TCP
SIP URL

The entries in the Minneapolis VOIP’s Inbound PhoneBook match the Outbound PhoneBook entries of the
Baltimore VOIP, as shown below.

Currerit Permi
rinbound Phone Book { Minneapoiis voip unit }
Remove Prefix | Add Prefix
1612 9hR12 %
1651 9551 —
1763 cl
17637175 o]
1952 9952 |
Humber of Entries 5
Channel No 1
Description
-Registration Options
Register With SIP Proxy - Disabled
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To call the Minneapolis/St. Paul area, a Baltimore employee must dial eleven digits.

If a Baltimore employee dials any phone number in the 612 area code, the call will automatically be handled
by the company’s voip system. Upon receiving such a call, the Minneapolis voip will remove the digits
“1612”. But before the suburban-Minneapolis voip can complete the call to the PSTN of the Minneapolis
local calling area, it must dial “9” (to get an outside line from the PBX) and then a comma (which denotes a
pause to get a PSTN dial tone) and then the 10-digit phone number which includes the area code (612 for
the city of Minneapolis; which is different than the area code of the suburb where the PBX is actually
located -- 763).

A similar sequence of events occurs when the Baltimore employee calls number in the 651 and 952 area
codes because number in both of these area codes are local calls in the Minneapolis/St. Paul area.

The simplest case is a call from Baltimore to a phone within the Minneapolis/St. Paul area code where the
company’s voip and PBX are located, namely 763. In that case, that local voip removes 1763 and dials 9 to
direct the call to its local 7-digit PSTN.

Finally, consider the longest entry in the Minneapolis Inbound Phonebook, “17637175. Note that the main
phone number of the Minneapolis PBX is 763-717-5170. The destination pattern 17637175 means that all
calls to Minneapolis employees will stay within the suburban Minneapolis PBX and will not reach or be
carried on the local PSTN.
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Similarly, the Inbound PhoneBook for the Baltimore VOIP (shown first below) generally matches the
Outbound PhoneBook of the Minneapolis VOIP (shown second below).

Currert Permission: Readfirite
-Inbound Phone Book { Baltimore voip unit }
Remove Prefi | Add Prefix
7001
7002
7003
7004
7005
Number of Entries 24
rDetails
Channel No 1
Description Baltimore office
-Registration Options
Register With SIP Proxy - Disabled

Add

Edit

Delete

FY
-

Each entry corresponds to a phone station of the Baltimore voip. This phonebook arrangement allows
Minneapolis users to contact Baltimore co-workers as though they were in the Minneapolis facility, using
numbers in the range 7001 to 7024.

The Outbound PhoneBook for the Minneapolis VOIP is shown below. The destination pattern, “7” lets
Minneapolis employees call Baltimore co-workers using only local-appearing extensions.

Current Permission: Readitrite

rOutbound Phone Book

{ Minneapolis voip unit }

Diestination Pattern

| IP Address | Frotocol

| Description

7

200.002.009.007  sip

Baltimore Office Extensions

I »

[4]

4]

[»]

Number of Entries

rDetails

Remove Prefix
Add Prefiz

SIP Proxzy Server
SIP port

Transport Protocol

SIP URL

not used

5060

TCFR

Add

Edit

Delete

Because the VOIP in Baltimore is FXS-only, Minneapolis VOIP users cannot call numbers in the local
Baltimore PSTN through the VOIP system. Minneapolis VOIP users can only use the VOIP system to call
Baltimore phones connected to the FXS terminal block in Baltimore.

97



Phone Book Configuration MultiVOIP FXS User Guide

Configuring Mixed Digital/Analog VOIP Systems

Analog MultiVOIP units, like the MVPFXS-8/16/24, MVPFX2-2/4/8, and the MVP-
210/410/810/410SS/810SS units are compatible with digital MultiVOIP units like the MVP2410. In many
cases, digital and analog VOIP units will appear in the same telephony/IP system. In addition to MVP-
210/410/810 MultiVOIP units (Series II units), legacy analog VOIP units (Series I units made by MultiTech)
may be included in the system, as well. When legacy VOIP units are included, the VOIP administrator
must handle two styles of phonebooks in the same VOIP network. The diagram below shows a small-scale
system of this kind: one digital VOIP (the MVP2410) operates with a Series II analog VOIP (an MVP410),
and two Series I legacy VOIPs (two MVP200 units) and an MVPFXS-24.

EXAMPLE:
Digital & Analog VOIPs Site D:
in S Svystem Pierre, SD
1n Same oy Area Code 615
_ _ - - - -~
-
Rad 200.2.9.9 PBX
4 Digital |T1
/ VolP | —]
I MVP2410 B 1
\ SR Other extensions

x3101 - x3199

-
—— i ———

Site E:

Cheyenne, WY Site A:
Area Code 307 Bismarck, ND
—————————————————— Area Code 701
200.2.9.6 FTTTmTEEET T

1
1
! I ["Series #1 Analog MultiVOIP
Analog MultivVOIP :

! (Server/Client Phonebook)
M

i
|
! I
I
|
: MVPFXS-24 ! VP200 |
444 Unit |
: - B— Q!ﬂ24 #200 cn1 1258 1
TN A e ?Hl 200.2.9.7 201 |
I LAY Client |
: a2 L/ p |\ TTTTTTTTTTTE TS
b e e e e
Site F: Site B:

< Lincoln, NE R M
- H ~ ochester, MN
” .
, Area Code 402 N Area Code 507

Vs 200295 00 N/ T\ mememmm e m e m e e e - —— I

Series #1 Analog MultiVOIP %

(Server/Client Phonebook) __/_102 :
MVP200 cH2

Unit s I

#100 CH1

Series #2 Analog MultiVOIP
MVP410

/
1 FXS Port FXS Ports

200.2.9.8

\
\
CO Port CO Ports 1 Host
| (Holds phonebook for both
Key I Series #1 analog VOIPs.)
\‘ 7® System| ll ——————————————————
O(\her extensions I I [I
X7401 - x7429 %@ 7
\\ //
N 402-263-7400 Vs
N ’
~ P
S _’

N ————

507-717-5792

Site C:
Suburban Rochester

The Series I analog VOIP phone book resides in the “Host” VOIP unit at Site B. It applies to both of the
Series I analog VOIP units.

The Series II analog MultiVOIP (the MVP410) requires its own inbound and outbound phonebooks. The
MVP2410 digital MultiVOIP requires its own inbound and outbound phonebooks, also, as does the
MVPFEXS-24 unit.
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These seven phone books are shown below.

Phone Book for Series | Analog VOIP Host Unit (Site B)

VOIP Dir# | IP Address | Channel | Comments
-OR-
Destination
Pattern
102 200.2.9.8 2 Site B, FXS channel.
101 200.2.9.8 1 Site B, FXO channel.
4xx 200.2.9.6 1 Site E FXS channel.
201 200.2.9.7 1 Site A, FXS channel.
1615 200.2.9.9 0 Gives remote voip users access to local PSTN
XXX (Note 2.) | of Site D (Pierre, SD, area code 615).
XXXX
3xxx 200.2.9.9 0 Allows remote voip users to call all PBX
extensions at Site D (Pierre, SD) using only
(Note 1) four digits.
1402 200.2.9.5 0 Gives remote voip users access to local PSTN
XXX of Site F (Lincoln, NE; area code 402).
XXXX
(Note 1.)
140226374xx | 200.2.9.5 0 Gives remote voip users access to key phone
(Note 1) system extensions at Site F (Lincoln).
(Note 3)

Note 1. The “x” is a wildcard character.

Note 2. By specifying “Channel 0,” we instruct the MVP2400/2410 to choose any
available data channel to carry the call.

Note 3. Note that Site F key system has only 30 extensions (x7400-7429). This
destination pattern (140226374xx) actually directs calls to 402-263-7430 through
402-263-7499 into the key system, as well.

This means that such calls, which belong on the PSTN, cannot be completed.
In some cases, this might be inconsequential because an entire exchange (fully
used or not) might have been reserved for the company or it might be
unnecessary to reach those numbers. However, to specify only the 30 lines
actually used by the key system, the destination pattern 140226374xx would
have to be replaced by three other destination patterns, namely 1402263740xx,
1402263741xx, and 1402263742xx. In this way, calls to 402-263-7430 through
402-263-7499 would be properly directed to the PSTN. In the Site D outbound
phonebook, the 30 lines are defined exactly, that is, without making any
adjacent phone numbers unreachable through the voip system.
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Outbound Phone Book for MVP2410 Digital VOIP
(Site D)

Destin. | Remove | Add IP Comment

Pattern | Prefix Prefix | Address

201 200.2.9.7 | To originate calls to Site A (Bismarck).

1507 1507 101# | 200.2.9.8 | To originate calls to Rochester local

Note 3. PSTN using the FXO channel (channel

#1) of the Site B VOIP.

102 200.2.9.8 | To originate calls to phone connected to
FXS port (channel #2) of the Site B VOIP.

4 200.2.9.6 | Calls to Site E (Cheyenne).

1402 200.2.9.5 | Calls to Lincoln area local PSTN (via
FXO channel, CH4, of the Site F VOIP).

1402 200.2.9.5 | Calls to extensions (thirty) of key system

263 at Site F (Lincoln). Human operator or

740 auto-attendant is needed to complete

1402 200.2.9.5 | these calls.

263

741

1402 200.2.9.5

263

742

Note 3. The pound sign (“#”) is a delimiter separating the VOIP number from the

standard telephony phone number.

Inbound Phonebook for MVP2410 Digital VOIP (Site D)

Remove | Add Channel | Comment

Prefix Prefix | Number

1615 9, 0 Allows phone users at remote voip sites to call non-toll
Note 4. | (hunting) numbers within the Site D area code (615; Pierre, SD)
Note 5. over the VOIP network.

1615 31 0, Allows voip calls directly to employees at Site D (at

49231 (hunting) | extensions x3101 to x3199).

Note 4. “9” gives PBX station users access to outside line.

Note 5. The comma represents a one-second pause, the time required for the user

to receive a dial tone on the outside line (PSTN). The comma is only
allowed in the Inbound phonebook.
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Outbound Phone Book for MVP410 Analog VOIP
(Site F)
Destin. | Remove | Add IP Comment
Pattern | Prefix Prefix | Address
201 200.2.9.7 | To originate calls to Site A (Bismarck).
1507 1507 101# | 200.2.9.8 | To originate calls to any PSTN phone in
Note 3. Rochester area using the FXO channel
(channel #1) of the Site B VOIP.
102 200.2.9.8 | To originate calls to phone connected to
FXS port (channel #2) of the Site B VOIP
(Rochester).
4 200.2.9.6 | Calls to Site E (Cheyenne).
1615 200.2.9.9 | Calls to Pierre area PSTN via Site D PBX.
31 1615 200.2.9.9 | Calls to Pierre PBX extensions with four
492 digits.
Note 3. The pound sign (“#”) is a delimiter separating the VOIP number from the
standard telephony phone number.

Inbound Phonebook for MVP410 Analog VOIP (Site F)
Remove | Add Channel | Comment
Prefix Prefix | Number
1402 4 Access to Lincoln local PSTN by users at remote VOIP

locations via FXO port at Site F.

1402 740 0 Gives remote voip users access to extension of key phone
263740 (hunting) | system at Site F (Lincoln). Because call is completed at
1402 741 0 key system, abbreviated dialing (4 digits) is not
263741 (hunting) | workable. Human operator or auto-attendant is
1402 742 0 needed to complete these calls.
263742 (hunting)
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Outbound Phone Book for MVPFXS-24 Analog VOIP
(Site E)
Destin. | Remove | Add IP Comment
Pattern | Prefix Prefix | Address
201 200.2.9.7 | To originate calls to Site A (Bismarck).
1507 1507 101# | 200.2.9.8 | To originate calls to any PSTN phone in
Note 3. Rochester area using the FXO channel
(channel #1) of the Site B VOIP.
102 200.2.9.8 | To originate calls to phone connected to
FXS port (channel #2) of the Site B VOIP.
1402 200.2.9.5 | Calls to Lincoln area PSTN (via FXO
channel, CH4, of the Site F VOIP).
7 1402 200.2.9.5 | Calls to Lincoln key extensions with four
263 digits.
1615 200.2.9.9 | Calls to Pierre area PSTN via Site D PBX.
31 1615 200.2.9.9 | Calls to Pierre PBX extensions with four
492 digits.
Note 3. The pound sign (“#”) is a delimiter separating the VOIP number from the
standard telephony phone number.

Inbound Phonebook for MVPFXS-24 Analog VOIP (Site E)
Remove | Add Channel | Comment
Prefix Prefix | Number
421 1
422 2
423 3
424 4
425 5
426 6
427 7
428 8
429 9
430 10
431 11
432 12
433 13
434 14
435 15
436 16
437 17
438 18
439 19
440 20
441 21
442 22
443 23
444 24
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Call Completion Summaries

Site A calling Site C, Method 1

1
2
3.
4

Dial 101.
Hear dial tone from Site B.
Dial 7175792.

Await completion. Talk.

Site A calling Site C, Method 2

1. Dial 101#7175792

2. Await completion. Talk.

Note: Series I analog VOIP gateways will allow completion by Method 2.
Others will not.
Site C calling Site A

1. Dial 7175000.

2. Hear dial tone from Site B VOIP.

3. Dial 201.

4. Await completion. Talk.

Site D calling Site C

1. Dial 915077175792.

2. 9" gets outside line. On some PBXs, an “8” may be used to direct calls to the VOIP, while “9”
directs calls to the PSTN. However, some PBX units can be programmed to identify the destination
patterns of all calls to be directed to the VOIP.

3. PBXatSite D is programmed to divert all calls made to the 507 area code and exchange 717 into the
VOIP network. (It would also be possible to divert all calls to all phones in area code 507 into the
VOIP network, but it may not be desirable to do so.)

4. The MVP2410 removes the prefix “1507” and adds the prefix “101#” for compatibility with the
analog MultiVOIP’s phonebook scheme. The “#” is a delimiter separating the analog VOIP’s phone
number from the digits that the analog VOIP must dial onto its local PSTN to complete the call.
The digits “101#7175792” are forwarded to the Site B analog VOIP.

5. The call passes through the IP network (in this case, the Internet).

6. The call arrives at the Site B VOIP. This analog VOIP receives this dialing string from the MVP2410:

101#7175792. The analog VOIP, seeing the “101” prefix, uses its own channel #1 (an FXO port) to
connect the call to the PSTN. Then the analog VOIP dials its local phone number 7175792 to
complete the call.

103



Phone Book Configuration MultiVOIP FXS User Guide

Site D calling Site F
A voip call from Pierre PBX to extension 7424 on the key telephone system in Lincoln, Nebraska.

A. The required entry in the Pierre Outbound Phonebook to facilitate origination of the call, would be 1402263742.
The call would be directed to the Lincoln voip’s IP address, 200.2.9.5.

(Generally on such a call, the caller would have to dial an initial “9.” But typically the PBX would not pass the
initial “9” to the voip. If the PBX did pass along that “9” however, its removal would have to be specified in the
local Outbound Phonebook.)

B. The corresponding entry in the Lincoln Inbound Phonebook to facilitate completion of the call would be
1402263742 for calls within the office at Lincoln
1402 for calls to the Lincoln local calling area (PSTN).
Call Event Sequence
1. Caller at Pierre dials 914022637424.
2. Pierre PBX removes “9” and passes 14022637424 to voip.

3. Pierre voip passes remaining string, 14022637424 on to the Lincoln voip
at IP address 200.2.9.5.

4. The dialed string matches an inbound phonebook entry at the Lincoln voip, namely 1402263742.

5. The Lincoln voip rings one of the three FXS ports connected to the Lincoln
key phone system.

6. The call will be routed to extension 7424 either by a human receptionist/
operator or to an auto-attendant (which allows the caller to specify the
extension to which they wish to be connected).
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Site F calling Site D
A voip call from a Lincoln key extension to extension 3117 on the PBX in Pierre, South Dakota.

A. The required entry in the Lincoln Outbound Phonebook to facilitate origination of the call, would be “31”. The
string “1615492” would have to be added as a prefix. The call would be directed to the Pierre voip’s IP address,
200.2.9.9.

B. The corresponding entry in the Pierre Inbound Phonebook to facilitate completion of the call would be
161549231.

1. Caller at Lincoln picks up phone receiver, presses button on key phone set. This button has been
assigned to a particular voip channel (any one of the three FXS ports).

2. The caller at Lincoln hears dial tone from the Lincoln voip.
3. The caller at Lincoln dials 3117.

4. The Lincoln voip adds the prefix 1615492 and sends the entire dialing string, 16154923117, to the Pierre
voip
at IP address 200.2.9.9.

5. The Pierre voip matches the called digits 16154923117 to its Inbound Phonebook entry “161549231” .
6. The Pierre PBX dials extension 3117 in the office at Pierre.

Site D calling Site E

A voip call from a Pierre PBX extension to extension 427 on the voip in Cheyenne, Wyoming.
1. Dial 8427.
2. The “8” accesses the voip network.
3. The Pierre PBX passes the digits 427 to the voip.

4. The call arrives at the Site E voip and goes to channel 7, which is extension 427.

Variations in PBX Characteristics

The exact dialing strings needed in the Outbound and Inbound Phonebooks of the MultiVOIP units will
depend on the capabilities of the PBX. Some PBXs require trunk access codes (like an “8” or “9” to access
an outside line or to access the VOIP network). Other PBXs can automatically distinguish between intra-
PBX calls, PSTN calls, and VOIP calls.

Some PBX units can also insert digits automatically when they receive certain dialing strings from a phone
station. For example, a PBX may be programmable to insert automatically the three-digit VOIP identifier
strings into calls to be directed to analog VOIPs.

The MultiVOIP offers complete flexibility for inter-operation with PBX units so that a coherent dialing
scheme can be established to connect a company’s multiple sites together in a way that is convenient and
intuitive for phone users. When working together with modern PBX units, the presence of the MultiVOIP
can be completely transparent to phone users within the company.
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Operation and Maintenance Summary

There are several groups of software screens that facilitate basic operation and maintenance of the
MultiVOIP. The following commands and functions are accessible on the sidebar menu and they allow you
to:

a) view a summary of important System Information (like software version levels),
b) track Call Progress Statistics,

(

(

(c) track IP Statistics,

(d) Change the MultiVOIP’s Username and Password,
(

e) Restore Factory Default values for most operating parameters (except the voip’s IP address and
its phonebook entries),

(f) Save & Apply new settings,
(g) Reboot the MultiVOIP, and
(h) Log out of the MultiVOIP.

Another group of operation & maintenance functions concerns the upgrading of certain important system
files that reside on the MultiVOIP. This upgrading can be done either by an FTP transfer through a
browser or by a TFTP transfer done through the MultiVOIP’s Console port.

This chapter ends with a discussion of how a SysLog application program can facilitate logging of traffic on
the MultiVOIP network.
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System Information screen

This screen presents vital system information at a glance. Its primary use is in troubleshooting. This screen
is accessibleby clicking System Information in the sidebar menu.

Current Permission: Readfirite

-System Information

-Yersion Information
Boot VYersion 0.2.08
Firmware Yersion 13.01.11
Configuration Yersion 12.01.01
Phone Book Version 12.01.01
MSP Version 5.03

Kernel Version W2 1T 1.0

MAC Address 00BE:CHDEER.EE

Uptime 01:02:23:51

Exit
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System Information Parameter Definitions
Field Name | Values | Description
Boot nn.nn Indicates the version of the code that
Version alpha- is used at the startup (booting) of the
numeric | voip. The boot code version is
independent of the software version.
Firmware nn.nn.nn | Indicates the version of the
Version alpha- MultiVOIP firmware.
numeric
Configur- nn.nn. Indicates the version of the
ation nn.nn MultiVOIP configuration software.
Version alpha-
numeric
Phone Book | nn.nn Indicates the version of the
Version alpha- MultiVOIP phone book being used.
numeric
MSp nn.nn Version of DSP (digital signal
Version alpha- processor) software used in
numeric | MultiVOIP.
Kernel Vn_nn_ | Linux kernel version used in
Version n.n MultiVOIP.
Mac numeric | Denotes the number assigned as the
Address voip unit’s unique Ethernet address.
Up Time days: Indicates how long the voip has been
hours: running since its last booting.
mm:ss
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The frequency with which several administrative screens are updated (the System Information, Call
Progress, and IP Statistics screens) is determined by a setting in the Logs/Traces screen.

Current Permission: Readiirite

rLogs
-rConsole Message Settings
Enable Console Messages

-SysLog Server
| Enable

Server IPAddress

Port Number

T L Lt T TP

I:‘Online Statistics Update Interval |5 SEeC -_'5

'

x

- ..
am .y
Y
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Statistics Screens

Ongoing operation of the MultiVOIP, whether it is in a MultiVOIP/PBX setting or MultiVOIP/ telco-office
setting, can be monitored for performance using the Statistics functions of the MultiVOIP software.

About Call Progress

Accessing Call-Progress Statistics

Channel Icons (Main Screen Lower Left)

To access the Call Progress Details screen, click on “Call
Progress” in the sidebar menu.

MW P FHE-24
o= Canfiguration
o= Phone Book
& Statistics
Call Progress|
IP Statistics
Change Lsername

Channel icons are green
when data traffic is
present, red when idle.

Call progress details can be viewed by clicking on an
icon (one for each channel) shown at the bottom of the
web-browser screen.
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The Call Progress Details Screen

Read

Currert Permission:

rCall Progress Details

ot N 1 101 -
rCall Details
Duration Bytes sent
Mode Bytes Received
Voice coder Packets Lost
Packets sent Outhound Digits
Packets Received Prefiz Matched

rFrom - To Details
From

Gateway Name
IP Address

Options

To

5C - Silence Compression

Call Status On Hook

Call Control Status

FEC - Forward Error Correction

Dizconnzct

Call Progress Details: Field Definitions

Field Name | Values Description
Channel 1-24, Number of data channel or time slot on which the call is carried. This is
1-16, or the channel for which call-progress details are being viewed.
1-8 depending
on model
Call Details
Duration Hours: The length of the call in hours, minutes, and seconds (hh:mm:ss).
Minutes:
Seconds
Mode Voice or FAX Indicates whether the call being described was a voice call or a FAX call.
Voice Coder G.723, G.729, The voice coder being used on this call.
G.711, etc.
Packet Details
Packets Sent integer value The number of data packets sent over the IP network in the course of
this call.
Packets Rcvd | integer value The number of data packets received over the IP network in the course
of this call.
Bytes Sent integer value The number of bytes of data sent over the IP network in the course of
this call.
Bytes Revd integer value The number of bytes of data received over the IP network in the course
of this call.
Packets Lost integer value The number of voice packets from this call that were lost while
traversing the IP network.
Outbound 0-9, #, * The digits transmitted by the MultiVOIP to the PBX/ telco for this call.
Digits Sent
Prefix specified Displays the dialed digits that were matched to a phonebook entry.
Matched dialing digits
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Call Progress Details: Field Definitions (cont’d)

From — To Details

Description

From field alphanumeric | Description of calling party.
string
Gateway alphanumeric | Identifier for the VOIP gateway that handled the origination of this call.
Name (from) string
IP Address X.X.X.X, IP address from which the call was received.
(from) where x has a
range of 0 to
255
Options SC Displays VOIP transmission options in use on the current call. These
may include Forward Error Correction or Silence Compression.
To field alphanumeric | Description of called party.
string
Gateway alphanumeric | Identifier for the VOIP gateway that handled the completion of this call.
Name (to) string
IP Address X.X.X.X, IP address to which the call was sent.
(to) where x has a

range of 0 to
255

Call Status fields

Silence SC “SC” stands for Silence Compression. With Silence Compression
Compression enabled, the MultiVOIP will not transmit voice packets but instead will
transmit SID (Silent Indication) packets when silence is detected. This
feature reduces the amount of network bandwidth that is being used by
the voice channel.
Call Status on-hook, active | Shows condition of current call.
Disconnect (command Disconnects the selected call in progress.
button)
Exit (command Use to exit Call Progress screen.
button)
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About IP Statistics

To access the IP Statistics screen, click on “IP Statistics” in the sidebar menu.

MW FH5-24
o= Configuration
o= Phone Book

- Statistics
Call Progress
|IF Statistics
Change Lsername |

IP Statistics Screen

Current Permission: Readiwrite

-IP Statistics

IP Address 192.168.41 .55

-Total Packets
Transmitted 2020450 Recened 202011

-UDFP Packets
Transmitted 55971 Receied A5927

Received with Errors I Exit

-TCP Packets
Transmitted 146078 Recened 146084

Retransmitted 1 Received with Errors 0

-RTF Packets
Transmitted Il Recened 0

Recemved with Errors I

-RTCP Packets
Transmitted 1] Received 1]

Recemved with Errors 0
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IP Statistics: Field Definitions

Field Values Description
Name

UDP versus TCP. (User Datagram Protocol versus Transmission Control Protocol).
UDP provides unguaranteed, connectionless transmission of data across an IP network.
By contrast, TCP provides reliable, connection-oriented transmission of data.

Both TCP and UDP split data into packets called “datagrams.” However, TCP includes
extra headers in the datagram to enable retransmission of lost packets and reassembly of
packets into their correct order if they arrive out of order. UDP does not provide this.
Lost UDP packets are unretrievable; that is, out-of-order UDP packets cannot be
reconstituted in their proper order..

Despite these obvious disadvantages, UDP packets can be transmitted much faster than
TCP packets -- as much as three times faster. In certain applications, like audio and
video data transmission, the need for high speed outweighs the need for verified data
integrity. Sound or pictures often remain intelligible despite a certain amount of lost or
disordered data packets (which appear as static).

P n.nnn IP address of the MultiVOIP. If DHCP is enabled, the address assigned by the DHCP
Address | 0-255 server will be displayed.
“Clear” -- Clears packet tallies from memory.
button
Total Packets Sum of data packets of all types.
Transmit | integer Total number of packets transmitted by this VOIP gateway since the last “clearing” or
ted value resetting of the counter within the MultiVOIP software.
Received | integer Total number of packets received by this VOIP gateway since the last “clearing” or resetting of
value the counter within the MultiVOIP software.
Received | integer Total number of error-laden packets received by this VOIP gateway since the last
with value “clearing” or resetting of the counter within the MultiVOIP software.
Errors
UDP Packets User Datagram Protocol packets.
Transmit | integer Number of UDP packets transmitted by this VOIP gateway since the last “clearing” or
ted value resetting of the counter within the MultiVOIP software.
Received | integer Number of UDP packets received by this VOIP gateway since the last “clearing” or resetting of
value the counter within the MultiVOIP software.
Received | integer Number of error-laden UDP packets received by this VOIP gateway since the last
with value “clearing” or resetting of the counter within the MultiVOIP software.

Errors

115



Operation and Maintenance MultiVOIP FXS User Guide

IP Statistics: Field Definitions (cont’d)
Field Values Description
Name
TCP Packets Transmission Control Protocol packets.

Transmit | integer Number of TCP packets transmitted by this VOIP gateway since the last “clearing” or

ted value resetting of the counter within the MultiVOIP software.

Received | integer Number of TCP packets received by this VOIP gateway since the last “clearing” or resetting of
value the counter within the MultiVOIP software.

Received | integer Number of error-laden TCP packets received by this VOIP gateway since the last

with value “clearing” or resetting of the counter within the MultiVOIP software.

Errors

RTP Packets Voice signals are transmitted in Realtime Transport Protocol packets. RTP packets are a
type or subset of UDP packets.

Transmit | integer Number of RTP packets transmitted by this VOIP gateway since the last “clearing” or

ted value resetting of the counter within the MultiVOIP software.

Received | integer Number of RTP packets received by this VOIP gateway since the last “clearing” or resetting of
value the counter within the MultiVOIP software.

Received | integer Number of error-laden RTP packets received by this VOIP gateway since the last

with value “clearing” or resetting of the counter within the MultiVOIP software.

Errors

RTCP Packets Realtime Transport Control Protocol packets convey control information to assist in the
transmission of RTP (voice) packets. RTCP packets are a type or subset of UDP packets.

Transmit | integer Number of RTCP packets transmitted by this VOIP gateway since the last “clearing” or

ted value resetting of the counter within the MultiVOIP software.

Received | integer Number of RTCP packets received by this VOIP gateway since the last “clearing” or resetting of
value the counter within the MultiVOIP software.

Received | integer Number of error-laden RTCP packets received by this VOIP gateway since the last

with value “clearing” or resetting of the counter within the MultiVOIP software.

Errors
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General Operation Functions

Several basic software functions are accessible from the MultiVoip sidebar menu, as shown below.

o= Configuration
o= Phane Book
o= Statistics tecmenn
Change Username § Passwaord
Restore Factory Defaults
Save & Apply
RebootYoip
Logaout
o= Help

---------------------

Clicking on the option will bring up the corresponding screen.
(Note that online Help has not yet been implemented.)

Change Username/Password
To access the MultiVOIP web GUI, you must set up a username and a password.

Establishing a Username and Password

1. Go to the Change Username/Password screen.

Current Permission: Readibrite

-Password Change
User Hame Hadmin

Old Password |

New Password |

Reconfirm Password | |

Originally, all four fields on the screen will be blank.

2. Enter the desired values into the fields as follows:

Field Name Your Entry Comment
User Name: 5 to 10 alphanumeric characters, case sensitive
Old Password: This will be blank at first. However, this field will
be used if/when you revise the password.
New Password: 5 to 13 characters, case sensitive
Reconfirm Password: Re-type new password exactly, letter for letter.
3. Click OK.
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About Passwords & Login/Logout from Specific Computers

The first time you access the MultiVOIP web GUI from a particular computer, you must enter the
Username and Password.

If you close the browser without logging out (by clicking on Logout and clicking Yes), you will be able to
access the MultiVOIP again for the next 15 minutes from that computer without logging in (that is, without
entering your Username and Password). Be aware of the security risk of closing the browser without logging out
of the MultiVOIP program. If other users have access to that computer and if you want to prevent them from
accessing the MultiVOIP unit, you must log out after using the MultiVOIP program.

After you log out of the MultiVOIP web GUI, you will be required to enter your Username and Password
to gain access to the MultiVOIP web GUI program.

Only one password can be assigned and it works for all MultiVOIP software functions (web browser GUI
and FTP server - only the FTP Server function requires a User Name in addition to the password). After a
password has been set, that password is required to access the MultiVOIP web browser GUL

NOTE: Record your user name and password in a safe place. If the password is lost, forgotten, or
unretrievable, the user must contact MultiTech Tech Support in order to resume use of the
MultiVOIP web browser GUL
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Logout

To log out, click on Logout in the sidebar menu and then click Yes to confirm your intention to log out of

the MultiVOIP program.

M P FRS-24
o= Configuration
&= Phone Book
o= Statistics

Save & Apphy
Rehoot Waip
Logout

o= Help

Java Applet Wwindow

Change Username f Fassw
Restare Factory Defaults

MYPFx5-24 - Logout Confirmation Message

Multi lech
Systemns

Current Permi=ssion: Readivrite

& | You will he logged out from MYPFXS-24. Do you want to continue?

Yes

Ho

After you log out, you must enter your username and password again in order to access the MultiVOIP

web GUI.

Save & Apply

After you have changed MultiVOIP parameter values, you must invoke the Save & Apply command to
make the changes permanent. When some parameters are changed, the MultiVOIP will reboot itself
automatically; for other changes the automatic rebooting is not necessary.

To invoke the Save & Apply command, click on Save & Apply in the sidebar menu. Then click OK to
confirm that you want to save the configuration.

MVPFXS-24 |
= Configuration
o= Phone Eook
o= Statistics
Change Username f Passw
Restore Factory Defaults
Rehoot voip
Logout
o= Help

Multi lech
Systems

Configuration will be saved. Do you want to continue ?
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Reboot Voip

The Reboot Voip command allows you to reboot the MultiVOIP unit on demand. In the general course of
operation, this command will not be needed. The command is included, however, to provide a remedy for
situations when, by unexpected circumstances, code becomes corrupt and normal operation goes awry.

To invoke the Reboot Voip command, click on Reboot Voip in the sidebar menu and click OK to confirm
your choice to reboot.

MWPFXS-24

o= Configuration

o= Phone Book

o= Statistics
Change Username f Passy
Restaore Factary Defaults
Save & Apply
Rehoot Yoip
Logout

o= Help Rebooting the Voip unit will disconnect any calls in progress.
Do you want to continue?

Restore Factory Defaults

This command sets many MultiVOIP parameters back to their original values, as set in the factory. In the
process of restoring factory default values, this command reboots the MultiVOIP unit. The Restore Factory
Defaults command does not alter user-specified IP Parameters settings; nor does it erase entries in the Inbound
Phone Book or the Outbound Phone Book.

To invoke the Restore Factory Defaults command, click on Restore Factory Defaults in the sidebar menu.

M PFHS-24

o= Configuration

o Phone Book

o= Statistics
Change Username [ Passw
Restare Factory Defaulis
Save & Apply
Rehoot Waoip
Logout

o= Help Restore Factory Defaults will reboot the Voip unit
and reset its current configuration te factory default values.
Do you want to continue?
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Upgrading MultiVOIP Firmware

Introduction

From time to time, a new version of the MVPFXS firmware may be issued. When a new firmware version is issued, you can
overwrite the MultiVOIP with the new code either by using a TFTP server or by using an FTP client and contacting the FTP
server that resides on the MVPFXS unit itself. It is also possible to update the firmware by a serial connection without FTP
or TFTP, but that method of transfer is extremely slow. In the sections that follow, we present updating procedures using
FTP (preferred) or TFTP.

Identifying Current Firmware Version

Use the System Information screen to identify the current version of firmware on the MultiVOIP unit.

Current Permission: Readfbfrite

-System Information
-ersion Information
Buut‘-.fers‘igr‘lu_" _______ _n_.g._n_a_________.__
1::‘f;_r:r:1;uare Version 13.01.1b .:-:_'J
Configurationversion ~ [ZOTT
Phone Book Version 12.01.01
MSP Version 5.04
HKernel Yersion W2 17 1.0
MAC Address 00:BE:CEDEEGSEE
Uptime 12:06:44:02

Obviously, if you are considering upgrading the firmware, you want to be sure that the new firmware is indeed at a higher
revision level than the firmware currently on your MultiVOIP.
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Obtaining Updated Firmware

Generally, updated firmware must be downloaded from the MultiTech web/FTP site to the user’s PC
before it can be downloaded from that PC to the MultiVOIP.

Note that the structure of the MultiTech web/FTP site may change without notice. However, firmware
updates can generally be found using standard web techniques. For example, you can access updated
firmware by doing a search or by clicking on Support.

multistech
online

search W:-

Support | Docurments | Partners
|

If you conduct a search, for example, on the word “MultiVoip,” you will be directed to a list of firmware
that can be downloaded.

=¥ Myl OIP Firrnware Find all the firmware

@ for the MultiYQIP here, (5/13/01) [2x)

If you choose Support, you can select “MultiVoip” in the Product Support menu and then click on
Firmware to find MultiVOIP resources.

uct Support

vt -
Mews

MultlFHﬂ"\.D Mews Releases IManuals are available on-line.

i Feviews
MultitdodemDSVD =] N T

Product

MultivVOIP®

Support

Product Tour 4%
H.323 Upgrade
Where to Buy

Software is available.

Solutions Read the Fals,
App Stories
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Once the updated firmware has been located, it can be downloaded from the web/ ftp site using normal
PC/Windows procedures. While the next 3 screens below pertain to the MVP3010, similar screens will
appear for any MultiVOIP model described in this manual.

File Download |

You have chosen o download a file fram this location.

MVP3000x.EXE from ftp.multitech.com

Wwhat would you like to do with thiz file?

" Bun this program fram its curent location

& Eave this program to disk

W | filways ask befare apening thiz e af file

ak. I Cancel | tare Info |

781 KB of MVP301£.EXE Copied !IEIE:!

Estimated time left: Not known (Opened so far 781 KB)
Download to: C:\VoipSystem\MVP3000\...\MVP301f.EXE

Transfer rate: 260 KB/sec l%

Saving:
MVP3000x.EXE from ftp.multitech.com

[ Close this dialog box when download completes

[Hpen [Npem Ealder | | Cancel I
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Generally, the firmware file will be a self-extracting compressed file (with .zip extension), which must be
expanded (decompressed, or “unzipped”) on the user’s PC in a user-specified directory.

Wincip Self-Extractor - MYP301F.EXE

To unzip all filez in MYP30TE.EXE to the specified

Lnzi
folder press the nzip button. e

% Run iafini
Unzip to falder: LN AN P

| C)\Acme-Inc\MVP3000-firm  Browse... Close

v DOvenarite files without prompling

Aboyt

ddi];

Help

Upgrading MultiVOIP Firmware via FTP Client and Voip’s Built-In
FTP Server Function

MultiTech has built an FTP server into the MultiVOIP unit. Therefore, file transfers from the controller PC
to the voip unit can be done using an FTP client program or even using a browser (e.g., Internet Explorer,
Netscape, or FireFox, used in conjunction with Windows Explorer).

The terminology of “downloads” and “uploads” gets a bit confusing in this context. File transfers from a
client to a server are typically considered “uploads.” File transfers from a large repository of data to
machines with less data capacity are considered “downloads.” In this case, these metaphors are
contradictory: the FIP server is actually housed in the MultiVOIP unit, and the controller PC, which is
actually the repository of the info to be transferred, uses an FTP client program. In this situation, we have
chosen to call the transfer of files from the PC to the voip “downloads.” (Be aware that some FTP client
programs may use the opposite terminology, i.e., they may refer to the file transfer as an “upload )

You can download firmware, the file system, and MSP firmware for the MultiVOIP unit with this FTP
functionality. These downloads are done over a network, not by a local serial port connection.
Consequently, voips at distant locations can be updated from a central control point.
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To transfer files using the FTP server functionality in the MultiVOIP, follow these directions.

1. Establish Network Connection and IP Addresses. Both the controller PC and the MultiVOIP unit(s)
must be connected to the same IP network. An IP address must be assigned for each.

IP Address of Control PC

IP Address of voip unit #1

IP address of voip unit #n

2. Establish User Name and Password. You must establish a user name and (optionally) a password for
contacting the voip over the IP network. (When connection is made via a local serial connection between
the PC and the voip unit, no user name is needed.)

a MVYPFXS-24 ¥13.01_24 [Firmware: Jun 21 2006] - Microsoft Internet Explorer

File Edit “iew Favortes Tool:  Help

e Back ~ O - \ﬂ @ \_;‘] ‘ ‘/_—j Search ‘E{\"( Favorites €}| <= :ﬁ |ﬁ] - J ﬁ ﬁ

Address [ &1 http://192.168 41,55/

F

MYPF#S-24

o= Caonfiguration

o= Phaone Book

o= Statistics
Change Username ! Passw
Restore Factory Defaults

Currert Permission: Readiirite
Save & Apply
Rebootoip rChange Username f Password
Logout User Hame |vc|ip1
o= Help

Old Password |

New Password |

Reconfirm Password | |

As shown above, the username and password must be set in the web GUL
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3. Install FTP Client Program or Use Substitute. You should install an FTP client program on the controller
PC. FTP file transfers can be done using a web browser (e.g., Mozilla or Internet Explorer) in conjunction
with a local Windows browser a (e.g., Windows Explorer), but this approach is somewhat clumsy (it
requires use of two application programs rather than one) and it limits downloading to only one VOIP unit
at a time. With an FTP client program, multiple voips can receive FTP file transmissions in response to a
single command (the transfers may occur serially however).

Although MultiTech does not provide an FTP client program with the MultiVOIP software or endorse any
particular FTP client program, we remind our readers that adequate FIP programs are readily available
under retail, shareware and freeware licenses. (Read and observe any End-User License Agreement
carefully.) Two examples of this are the “WSFTP” client and the “SmartFTP” client, with the former having
an essentially text-based interface and the latter having a more graphically oriented interface, as of this
writing. User preferences will vary. Examples here show use of both programs.

4. Enable FTP Functionality. Go to the IP Parameters screen and click on the “FIP Server: Enable” box.
FTP is enabled by default. You would need to re-enable it only if it had been turned off.

Current Perrission: Readfirite

-IP Parameters

-Diffserv Parameters ————————
Type |l R4
Call Control PHB |34

VolP Media PHB |46

-IP Parameters

Gateway Name IMvFxS24 |
[] Enable DHCP Cancel
IP Address [192.168.41.55 |
IP Mask |265.255.255.0 |
Gateway [192.160.41.1 |
-DNS
[_] Enable DNS
DNS Server IP Address

-FTP Server
Enable M
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5. Identify Files to be Updated. Determine which files you want to update. Three types of files can be
updated using the FTP feature.

File Type File Names Description

firmware mvpapp This is the MultiVOIP firmware file.

“bin” file Only one file of this type will be in
the directory.

file system mvpfs-img The MultiVOIP filesystem file in

which are stored the GUI and the
default values of GUI operating
parameters.

MSP firmware msp-img This is MSP firmware for the
MultiVOIP’s DSP processing unit.

6. Contact MultiVOIP FTP Server. You must make contact with the FTP Server in the voip using either a
web browser or FIP client program. Enter the IP address of the MultiVOIP’s FTP Server. If you are using a
browser, the address must be preceded by “ftp://” (otherwise you'll reach the web GUI within the
MultiVOIP unit).

£ ftp://192.168.2.200/ - Microsoft Internet Explorer

File Edt “iew Go F:

| <}: : ¥

| Address Igﬁ ftp: £/192 168 2 200/ ~| @Be

7.Log In. Use the User Name and password established in item #2 above. The login screens will differ
depending on whether the FTP file transfer is to be done with a web browser (see first screen below) or
with an FTP client program (see second screen below).

Login As

Could nat loain ta the FTP semver anonymausly. Enter a
uzer name and pazzwaord and prezs Login to continue.

FTP Server: 192.168.2.200
Uszer Mame: j

Pazsword: I

After pou login, you can return to thiz FTR server easily by
adding it ba your Favarites List.

I} Legin & nerpmans [T Save Password

| Loain I Cancel
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‘% SmartFTP v1.0 Build 969
E

TP Command:  Wiew Toolz

x|

Favorte: Window  Help

Addess (9] ~ |[8) 192168.2.200

Port |21

J
@B B stlpn @aRa@ly-| 3
J
J

[ &nonwmous

Login | uzermane Pagzzword |

I | e |

o

|~

b'd

sfers

Trans

Enter Login Information

] rvpZ8-A10S
-7 mvo24-oam

—FTFP
Login Ivnip1|
Pazsword |
— Prowy
Login |
Pazzword |
k. | LCancel

8. Invoke Download. Downloading can be done with a web browser or with an FTP client program.

8A. Download with Web Browser.

8A1. In the local Windows browser, locate the directory holding the MultiVOIP program files. The
default location will be C:\ Program Files \ Multi-Tech Systems \ MultiVOIP xxxx yyyy (where
x and y represent MultiVOIP model numbers and software version numbers).

8A2.
browser.

Exploring - Multi¥OIP
File  Edit “iew Go

G
Back Fanmard Up

Tool:  Help

%

Cut Copy

Favorites

ddress ID C:\Program Files\Multi-Tech Systerns\Multh/01F

b4

{:I Java'web Stal;l
B Microsoft Dffice
-2 MultiTech Syst
{20 Multi-Tech Sy
£ MulivolP

2 MultialPa
{20 Mulealpe
120 Multioip
H i wllm]

Drag-and-drop files from the local Windows browser (e.g., Windows Explorer) to the web

B3 ftp: /#voip1@192.168.2_200/ - Microsoft Internet Explorer

»
j File Edit “iew Go F:

mvpapp product.js

.. into browser window.

New file from PC
will averwrite old flle
on vaip unit.

»

Drag this o
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You may be asked to confirm the overwriting of files on the MultiVOIP. Do so.

Confirm File Replace

ig‘l This folder already contains a file called ‘rrvpapp’
= 2+

YWiould you like to replace the existing file

3 0 bytes [0 bytes)
Tuesday, January 07, 2007 1200 Pk

with thiz one?
J 1.79 1B [1.881.364 bytez]
tMonday, September 09, 2007 7:41 FM

e dB8 ] estodl No Cancel

File transfer between PC and voip will look like transfer within voip directories.

Copying... _ [}

- o)
Copying ‘'mvpapp’
Fraom 'C:%Program Filez\Multi-Tech Systems ' Multb/OIF FE2 13.07 to '

..........................

Before attempting to update any other files, wait at least 3 minutes (which allows time for the MultiVOIP to
reboot). (When the Boot light is off, the rebooting process is complete.) After this 3-minute wait, you can
re-connect to the MultiVOIP’s FTP server and update another file.
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8B. Download with FTP Client Program.

8B1. In the local directory browser of the FIP client program, locate the directory holding the
MultiVOIP program files. The default location will be C:\ Program Files \ Multi-Tech Systems
\MultiVOIP xxxx yyyy (where x and y represent MultiVOIP model numbers and software
version numbers).

8B2. In the FTIP client program window, drag-and-drop files from the local browser pane to the
pane for the MultiVOIP FTP server. FIP client GUI operations vary. In some cases, you can
choose between immediate and queued transfer. In some cases, there may be automated
capabilities to transfer to multiple destinations with a single command.

% SmartFTP 1.0 Build 963

J ETP Commands Wiew Tools Favortes Window Help
[eamzol~ " " aa@rMaals- o 508 m -
| Address (9] + |[8] 192 168.2 200/ [

J Login  |voipl Passward | Part |2'| [ Anonymaus

92.168.2.200 & Local Browser 1

_10] x|

192.168.2.200 O Mutila [ # Mame 4]
M :
=t ] s
M
S
>~ &

@ Bueue

Transfer

{771 Outloc™ 22
0 ey ™ il ol

Log [Total Dbyte 0012240 | || v
ﬁ192.158.2.200 | = Lacal Brawser 1
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Some FTP client programs are more graphically oriented (see previous screen), while others (like the “WS-
FTP” client) are more text oriented.

FT'"wS_FTP LE 192.168.2.200 =] 3
—Local Spstem —Remote Site
IC wProgram Files~Multi j l/ j
- | M ame IE Chaliir - | M ame | Date | ChgDiir
vpa a| ———— i .. —_—
oo bk i rrvpapp fi Lo
product j=
Wiew e
. R 7
:J Exec Erer
R | I -
Rename || — Eemanme
Delete [NE[=te
4 Refrezh % Refresh
TI I LI—I Dirlrfio F I I ﬂ Dirlnfo
A5 * Binary [ &uto
150 Here it comes... =
Received 52 byutez in 1.0 secs, [528.99 bpz), transfer succeeded [
226 Transfer OF., Clozing connection i
Cloze Cancel | Logtwnd | Help Optionz Abot E uit

9. Before attempting to update any other files, wait at least 3 minutes (which allows time for the MultiVOIP

to reboot). (When the Boot light is off, the rebooting process is complete.) After this 3-minute wait, you can
re-connect to the MultiVOIP’s FTP server and update another file.

10. Browse to the MultiVOIP’s web interface and look at the Configuration | System Information screen to
confirm that the firmware has been updated to the appropriate version.
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11. After updating the MultiVOIP’s file system image file (mvpfs-img), you must clear the Java cache of
files that pertain to the old/outdated version of the image file.

A. To clear the Java cache in Windows, go to
Start | Settings | Control Panel. Sclect Java in the list.

File Edit “iew Fawortes Toole  Help

B~ Control Panel

Fu:qu:Iers| ="

K Each = \_) - if ‘ f.- ) Search

Address {} Contral Panel

'S. Acceszhility Options @, Sounds and Audio Devices

= Add Hardweare ¢ Speech

9 Add or Femaove Programs 9) Symantec Livellpdate
A Sdrninistrative Tools 4 Spstemn
[gl Adobe Gamma E Tazkbar and Start Menu
"“ Automatic Updates 81 User Accounts

'ﬁ‘l Windows Firewall

“# Date and Time
=8 Wireless Metwork, Setup Wizard

S Digplay

ey Find Fast

|57 Folder Options
- Fonts

52 G ame Contrallers

’_5’ Interne

ﬁ- Java Plug-in 1.4.0_01

B. In the General tab of the Java program, click “Delete Files.”
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C. When the Delete Temporary Files screen appears, click OK. Then click OK again at the main Java screen.

ava Control Panel
i Update] Java] Security] .ﬁ.dvanced]
About

Wiews version information abouk Java Control Panel,

About, .,

Mebwork Settings

Metwork settings are used when making Inkernet conmections, By default, Java
will use the netwark sekkings in your web browser, Only advanced users should
modify these settings,

Metwork Settings...

Temporary Inkernet Files

Files you use in Java applications are stared in a special Folder For quick execution
laker, Only advanced users should delete files or maodify these settings.

Delete Files. .. | Settings. .. |
D elete temporary Java file
OK | Cancel | |

Delete Tempol

Delete the Following temporary files?

¥ Downloaded Applets
v Downloaded Applications
[+ Cther Files

Cancel

D. Using a new browser window, go to the IP address of the MultiVOIP. All of the new features of the updated file
system image file will now be visible.
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Upgrading MultiVOIP Firmware via TFTP using HyperTerminal

1. Before beginning this procedure, you must have a TFTP server program running on a computer that has access to the
network on which the MultiVOIP is running and the upgrade software files must be on that computer. TFTP server programs
can be downloaded for free from various Internet web sites.

2. Connect a cable between the MultiVOIP’s “Console” connector and a serial cable on the computer.

3. Launch HyperTerminal or a similar communications program.

@ Set Program Access and Defaults

|
oy

‘windows Catalog

Windows Update

a FreeHand 9

=) Macromedi

‘-": Documerits » & Intemet Explarer
Eill" Setfings . @ I ozilla Firefox 3
™) Ahead Nero 3 Y
j--) Search 3 Jﬂ Taotal Search » spstems
@ Microzoft Office 3 modem
©) Help and Suppor - Aerobat Distiler 7.0
=] FRun.. ) Free CD Ripper 3
) Jasc Software »
@ Shut Down... Jﬂ Before You Update 3
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4. Establish a ‘connection’ in HyperTerminal.

Tz New Connection - HyperT erminal
File Edit “iew Cal Transfer Help

Connection Description 2] |

Enter a name and choose an icon for the connection:

i arme:
|ger
|zan:
(=]
=1
B
Cancel |

5. Check that HyperTerminal is addressing the correct COM port.

Connect To E |

Enter detailz far the phone number that yau want ta dial;

Country/region: IUﬂitEd States 1) j

Area code; VB3

Phone number: I

Cannect using

k. I Cancel |
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6. Check that HyperTerminal’s data rate is set to 115200bps.

COM1 Properties KB
Port Settings |
Bits per second: ||LjEe]
[Data biks: IB ﬂ
Parity: INone ﬂ
Stop bits: |1 j
Flows eontrol: IHardware j

Restare Defaults |
QK. I Cancel | Apply |

7. To begin, HyperTerminal must be connected and ready.

#& gem - HyperT erminal
File Edit “iew Call Transfer Help

D[=] 23] =l

Connected 0:00:06 |Auto detect |Aut0 detect |—5

8. Reboot the MultiVOIP by turning off its power and turning it back on again.
The ARMBoot prompt will appear on the HyperTerminal screen.

#& gem - HyperT erminal
File Edit “iew Cal Transfer Help

ARMboot 8.2.08 (May 2 2006 - 17:09:45)

ARMboot code: B1fB0000 -> B1flcoak
DRAM Configuration:

Bank #0: 00000006 128 HB

Hi#Ht main_loop entered:

Press any key for manual boot
muyp-boot>_

When this screen appears, you must quickly press any key to stop the regular boot-up process (the manual boot process).

136



MultiVOIP FXS User Guide Operation & Maintenance

9. To view voip parameters, type printenv at the mvp-boot> prompt. Then press Enter.

“& gem - HyperTerminal
File Edit “iew Cal Transfer Help

Jghéﬂ_@ﬂgﬂ =01 B3 E@

ARMboot 0.2.08 (May 2 2006 - 17:09:45)

ARMboot code: 01f000BBO -> O1flchak
DRAM Configuration:

Bank #0: 000000688 128 MB

### main_loop entered:

Press any key for manual boot
mvp—boot>printenv_

10. A list of voip parameters that can be altered in the ARMBoot environment will appear.

& gem - HyperT erminal S—
File Edit Wiew Call Transfer Help
Dhﬁ @(S|ﬂﬂa Eﬂ

ARMboot code: 01f0BOBO -> B1flchak
DRAM Configuration:

Bank #0: 000000BO 128 MB

## main_loop entered:

Press any key for manual boot
myp-boot>printeny
hootargs=console=ttyCHA 115200 root=/dev/mtdblockd
hootdelay=3

baudrate=115200

netmask=255.255.255.0

serial #=000094

revision#=000000

cspname=zImage

fsname=rootfs

mpsname=MHul titechMPY_v5_03_nocdma.axf
ethaddr=00:h6:c6:d6:eb:ee

serverip=192.168.1.50 cssssvsvesssssitinssssss
filesize=21fkab
ipaddr=192.168.41 .55 «esseee-

gatewayip=192.168.41.55
mspname=hdvoice . axf

Environment size: 329765532 bytes
myp-hoot>

Carnected (101:57 [utodetect  [1752008N4 [SCROLL [CAFS [NUM [Captue [Frin echo

Kl
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11. You must change the serverip value to the IP address of the computer on which the TFTP server program is located. To
change the serverip value, type setenv serverip a.b.c.d (where a, b, ¢, and d are the four octet values for the IP address of
the TFTP server) at the mvp-boot> prompt. Then press Enter.

#g gem - HyperT erminal
File Edit “iew Call Tranzfer Help

Dlﬁ'l @l@ éééljl"@'

ARMboot code: 0100000 -> B1flchak
DRAM Configuration:

Bank #0: 00000000 128 MB

HHH main_loop entered:

Press any key for manual boot
mup—boot>printenwy
hootargs=console=ttyCHA,115200 root=/dev/mtdblock®d
bootdelay=3

baudrate=115280
netmask=255.255.255.0

serial #=000094

revisioni#=000000

cspname=zImage

fsname=rootfs
mpsname=Hul t1 techMPY w5 B3 nocdma.axf
ethaddr=00:h6:c6:db6:eb:ee
serverip=192.168.1.50
filesize=21fhat
ipaddr=192.168.41.55
gateway1p=192.168.41.55
mspname=hdvoice.axf

Environment size: 329/65532 bytes
mvp-boot>seteny serverip 192.168.1.80

Cannected 0:11:23 Autodetect 115200 8N [SCROLL [CAPS [MUM - |Capture

| Frint echo

e

Note: When using the setenv command, be careful in your spelling. If you mis-spell serverip as “seeverip” for example, the
ARMBoot program will create a new and useless variable entitled seeverip and will not change the value of the serverip

variable.
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12. To confirm that the TFTP server IP address was indeed changed to the value you want, type printenv at the mvp-boot>
prompt and then press Enter.

“& gem - HyperTerminal
File Edit “iew Cal Transfer Help

Environment size: 329765532 bytes
mvp—boot>setenv serverip 192.168.1.80

mvp—boot>printenv

bootargs=console=ttyCHB,115200 root=/dev/mtdblockd
bootdelay=3

baudrate=115208

netmask=255.255.255.0

serial H=000094

revision#=000000

cspname=zImage

fsname=rootfs

mpsname=Mul titechMPY_v5_ 03 nocdma.axf
ethaddr=00:b6:c6:d6:eb:ece
filesize=21f4at

ipaddr=192 .168.41.55
gatewayip=192.168.41.55
mspname=hdvoice.axf

serverip=192.168.1.80

&l*l

Cornected 0:15:13 |Aut0 detect |'| 15200 8-M-1 | SCROLL | CAaPS |NL|M |Eapture | Frint echo

13. If necessary, you can also change the IP address of the voip
(which is the ipaddress field in the ARMBoot environment)
and the IP address of the network gateway

(which is the gatewayip field in the ARMBoot environment)

“# gem - HyperT erminal N [=]E3
File Edit iew Cal Transfer Help

«Ichange if required -- this is volp ip address}

mvp-boot>setenv ipaddr

mup-hoot>setenv gatewavip

{change if required —— ip address of network gateway]

Conrected 0:18:11 [Autodetect  [1152008N-1  [SCROLL  [C&FS [NUM [Capiure  [Frinkecho

5
y

For ipaddr, type setenv ipaddr a.b.c.d (where a, b, ¢, and d are the four octet values for the IP address of the TFTP server)
at the mvp-boot> prompt. Then press Enter.

For gatewayip, type setenv gatewayip a.b.c.d (where a, b, ¢, and d are the four octet values for the IP address of the TFTP
server) at the mvp-boot> prompt. Then press Enter.
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14. . Type saveenv and press Enter.

#g asdf - HyperTerminal _ O] x|
File Edit View Call Transfer Help
ml[=N =]

Press any key for manual boot
mvp-boot>seteny ipaddr 192.168.41.55
myp-boot>printeny
hootargs=console=1tyCHB,115200 root=/dev/mtdblockd
hootdelay=3

baudrate=115200

netmask=255.255.255.0

serial#=000094

revision#=000000

cspname=zImage

fsname=rootfs

mpsname=Mul titechMPY_v5_03 nocdma.axf
ethaddr=00:b6:c6:d6:eb:ee
serverip=192.168.1.50

filesize=21fhat
gatewayip=192.168.41.55
mspname=hdvoice . axf
ipaddr=192.168.41.55

Environment size: 9/65532 bytes
mvp-boot>saveen
Erasing flash = 80c30000

Saving Environment to Flash...done.
mvp-boot>

Connected 0:21:14 [Autodetect  [1152008N-1  [SCAOCL  [CAFS  [NOM  [Capture  [Fiint echa

Kl

15. At the mvp-boot> prompt, type update and then press Enter.

I & gem - HyperT erminal —= II
File Edt ‘“iew Call Transfer Help

) == @lg iéDl'ﬂ

mvp-hoot>update =l
mvp-boot>update

Blkmem copyright 1998,1999 D. Jeff Di

Blkmem copyright 1998 Kenneth Albanowski

Blkmem 6 disk images:
0: 80000000-8007TTf [VIRTUAL 30000000-8007Ffff1 (RW)

80080000-801fffff [VIRTUNL 80080000-8QLfffff]l (RYW)
80200000-803fffff [VIRTUNL 80200000-8Q3fffffl (RYW)
80400000-80bffTff [VIRTUNL 80400000-80bLTffff] {EH%

(RY)

80d00000-80feffff [VIRTUNL 80400000-88feffff]
80c40000-80c4TTTf [VIRTUAL 80c40000-80ciffff]

P~ CORN =

*

= Choose The partition to flash

=0 ARMBoot *
=1 Linux -
= 2 MSP *
= 3 Root File System =
= & Application - g

I
Conrected 0:22:28 [Auodetect  [1152008N-1  [SCROLL  [CAPS  [NUM  [Captwe  [Frintecho i

A menu will appear that lists, by number, the various firmware entities (“partitions”) that could be updated with this
command. When you choose an item from this list, the update for that firmware entity will begin as soon as you enter the
number (the ‘application-update’ command is invoked without pressing Enter).
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16. At the mvp-boot> prompt, type 4 to update the application.

NOTE: The file system (the appropriate file name is “mvpfs-img” with no file extension) can also be updated at this
menu by typing 3. The MSP firmware can be updated at this menu by typing 2 .

“& gem - HyperT erminal M [=]E3 I
File Edit “iew Call Transfer Help
D|ﬁ4 §§|$ fﬂﬂE@ =
|
= 2 MSP =
= 3 Root File System =
= 4 Application =
Partition (4) has been selected
= Image ¥fer Method =
= B  None {Image already @ 0x100000) =
=1 TFIP =
= 2 Serial (Kermit) *
Connected 0:30:42 |Aulu detect |1152DU 8-M-1 |SCHDLL |CAF‘S HLIM |Captura |F'|int echo ;

17. When the Image Xfer M ethod menu appears, type 1. (Option 2 will also work, but it could take as long as 45 minutes
to accomplish the transfer by using the “Serial - Kermit” connection.)

“& gem - HyperT erminal =] E3 I

File Edit View Call Transfer Help

= 3 Root File System =

=

* 4 Application *

Partition (4) has been selected

*

Image Kfer Method »*

*
*

@ None (Image already @ 0x100000)
1 TFTP *
2  Serial (Kermit) *

*

*

Kfer Method = 1
Enter path and filename of image on server:
mvpapp I

Connected 0:32:23 |Auto detect |1152UD 2-M-1 |SEF!DLL |D5F'S ML |Eapture Frint echo o
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18. The transfer process will take a few minutes. When complete, the response “Write done !!!” will appear.

@ a - HyperTerminal g@‘

Fil= Edt Wiew Call Transfer Help

OE &3 08 &

Rfer Method = 1

Enter path and filename of image on server:

mypapp

Using IP addresses from env vars

TFTP from Server 192.168.1.50; our IP address is 192.168.1.243
Filename "mvpap

Load address: @xl@@@@@
Loading: HEHHEEEEEEFHHEESHE B EHHHEEEE BHHHEEEEEBHHEEEEEHHHEEEHH B HHE

HEHHE A A  EE
HHEHHBHHE B SR B HBHE R B B R H
idiisisiaigikigig bid G kiR iR aikigig Rigi g kA ki AiRiAiikidigikidigikigiki gihikigikidiaikidigikigiaigiginigikiniifidiail
HHH B HE R HHHE R B B HH B R
Lidigifidisitibidisinid dikidid dikiziiohidia badisikadigisinia gikidia hidizihadidigidedidikidigikidiaikidisigigisizigid dikidisi]
HHHH B HB EHEE HEE E B B H R B B

Bvtes transferred = 2230906 (220a7a hex)

Fetched the image

mup—app Mrite Doneftt ~~ =TT
mvp-boot>

Connected §:07:50 ANSTW 115200 8-N-1 UM

After the “Write done!!!” message appears, you can then update other firmware partitions (like the file
system and the MSP firmware) using the steps presented above in this procedure. When you are done
updating all of the files that need updating, reboot the voip by turning its power off and back on.

19. After updating the MultiVOIP’s file system image file (mvpfs-img), you must clear the Java cache of files that pertain to

the old/outdated version of the image file.
A. To clear the Java cache in Windows, go to
Start | Settings | Control Panel. Sclect Java in the list.

B~ Control Panel

File Edit “iew Fawortes Toole  Help

\,_,;I’ Hack - \_) - ir ‘ /-‘: Search Folders | = | B

Address '[} Contral Panel

f!',. Acceszhility Options @, Sounds and Audio Devices
= Add Hardweare ¢ Speech

9 Add or Femaove Programs 9) Symantec Livellpdate

A Sdrninistrative Tools 4 Spstemn

[gl Adobe Gamma E Tazkbar and Start Menu
"u Automatic Updates 81 User Accounts

“# Date and Time & windows Firewal

% Display =2 wireless Metwork Setup \wizard
ey Find Fast

0 Folder Options

4 Forts

52 G ame Contrallers

'9 Interne

2% Java Plug-in 1.4.0_01
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B. In the General tab of the Java program, click “Delete Files.”

C. When the Delete Temporary Filesscreen appears, click OK. Then click OK again at the main Java screen.

ava Control Panel
i Update] Java] Security] .ﬁ.dvanced]
About

Wiews version information abouk Java Control Panel,

About, .,

Mebwork Settings

Metwork settings are used when making Inkernet conmections, By default, Java
will use the netwark sekkings in your web browser, Only advanced users should
modify these settings,

Metwork Settings...

Temporary Inkernet Files

Files you use in Java applications are stared in a special Folder For quick execution
laker, Only advanced users should delete files or maodify these settings.

Delete Files. .. | Settings. .. |
D elete temporary Java file
OK | Cancel | |

Delete Tempol Files

Delete the Following temporary files?

¥ Downloaded Applets
v Downloaded Applications
[+ Cther Files

Cancel

D. Using a new browser window, go to the IP address of the MultiVOIP. All of the new features of the updated file
system image file will now be visible.
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SysLog Server Functions

MultiTech has built SysLog server functionality into the software of the MultiVOIP units. SysLog is a de
facto standard for logging events in network communication systems.

The SysLog Server resides in the MultiVOIP unit itself. To implement this functionality, you will need a
SysLog client program (sometimes referred to as a “daemon”). SysLog client programs, both paid and
freeware, can be obtained from Kiwi Enterprises, among other firms. Read the End-User License
Agreement carefully and observe license requirements. See www kiwisyslog.com. SysLog client programs
essentially give you a means of structuring console messages for convenience and ease of use.

MultiTech Systems does not endorse any particular SysLog client program. SysLog client programs by
qualified providers should suffice for use with MultiVOIP units. Kiwi’s brief description of their SysLog
program is as follows:

“Kiwi Syslog Daemon is a freeware Syslog Daemon for the Windows platform. It
receives, logs, displays and forwards Syslog messages from hosts such as routers,
switches, Unix hosts and any other syslog enabled device. There are many
customizable options available.”

Before a SysLog client program is used, the SysLog functionality must be enabled within the MultiVOIP in
the Logs menu under Configuration.

Current Perrmission: Rea

rLogs
rConsole Message Settings
Enahle Console Messages
e -..“-.
.‘ﬁ'SrysLog Server "-.\
N Enable .‘
"._ Server IPAddress 192.168.2.1] ]
.. Port Number 514 <
. .
Online Statistics Updatd fteival |5 sec

The IP Address used will be that of the MultiVOIP itself.
In the Port field, entered by default, is the standard (‘well-known’) logical port, 514.
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Configuring the SysLog Client Program. Configure the SysLog client program for your own needs. In
various SysLog client programs, you can define where log messages will be saved/archived, opt for
interaction with an SNMP system (not applicable for MVPEXS units), set the content and format of log
messages, determine disk space allocation limits for log messages, and establish a hierarchy for the
seriousness of messages (normal, alert, critical, emergency, etc.). A sample presentation of SysLog info in
the Kiwi daemon is shown below. SysLog programs will vary in features and presentation.

St Kiwi Syslog Daemon (Registered version 7.0.2)

File WView Help

B B

[ Date Time Priority Hostname Message s
I UL RSl 17:02:08 Syzlog.Warning 127.0.0.1 Thizs iz Syzlog test mezzage number 0020

09-18-2002 17:02:07 Local0.Debug 127.0.0.1 This is Syslog test message number 0019

Al [Display 00 (Defaul]  ~|

09-18-2002 17:02:06 Local5 Alert 127.0.0.1 Thiz iz Syzlog test meszage number 0018
09-18-2002 17:02:06 Systemd4 Debug 127.0.0.1 This is S5pslog test message number 0017
09-18-2002 17:02:04 Local3.Info 127.0.0.1 This is Syzlog test meszage number 0016
09-18-2002 17:02:03 Lpr.Critical 127.0.0.1 This is Syslog test message number 0015

09-18-2002 17:02:02 Systemd.Hotice 127.0.0.1 This is Syslog test message number 0014
09-18-2002 17:02:01 Systeml . Crtical 127.0.0.1 This iz Spelog test message number 0013
09-18-2002 17:02:00 UserWarning 127.0.0.1 This is Syslog test message number 0012
09-18-2002 17:01:59 Sysztem2.Info 127.0.0.1 Thiz iz Syzlog test mezzage number 0011
09-18-2002 17:01:58 Localb_Critical 127.0.0.1 This is Syslog test message number 0010
09-18-2002 17:01:57 Locald.Emerg 127.0.0.1 Thiz iz Syzlog test meszage number 0009
09-18-2002 17:01:56 UUCP.Debug 127.0.0.1 This is Syslog test message number 0008

09-18-2002 17:01:55 Locald.Info 127.0.0.1 Thiz iz Syzlog test meszage number 0007
09-18-2002 17:01:54 User.Emor 127.0.0.1 This is Syslog test message number 0006
09-18-2002 17:01:53 Locall.Motice 127.0.0.1 This is Syslog test message number 0005
09-18-2002 17:01:52 KemelInfo 127.0.0.1 This is Syslog test message number 0004
09-18-2002 17:01:51 Mews.Info 127.0.0.1 This is Syslog test message number 0003

NA- 1872007 17-01-R0  Suctom? Critical 177 N1 N1 Thic iz Soelon bael maseana numbar N007
100% &1 MPH 17:02 03-18-2002
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Limited Warranty

Multi-Tech Systems, Inc. (“MTS”) warrants that its products will be free from defects in material or
workmanship for a period of two years from the date of purchase, or if proof of purchase is not provided,
two years from date of shipment. MTS MAKES NO OTHER WARRANTY, EXPRESSED OR IMPLIED,
AND ALL IMPLIED WARRANTIES OF MERCHANTABILITY AND FITNESS FOR A PARTICULAR
PURPOSE ARE HEREBY DISCLAIMED. This warranty does not apply to any products which have been
damaged by lightning storms, water, or power surges or which have been neglected, altered, abused, used
for a purpose other than the one for which they were manufactured, repaired by the customer or any party
without MTS’s written authorization, or used in any manner inconsistent with MTS’s instructions.

MTS’s entire obligation under this warranty shall be limited (at MTS’s option) to repair or replacement of
any products which prove to be defective within the warranty period, or, at MTS’s option, issuance of a
refund of the purchase price. Defective products must be returned by Customer to MTS’s factory —
transportation prepaid.

MTS WILL NOT BE LIABLE FOR CONSEQUENTIAL DAMAGES AND UNDER NO CIRCUMSTANCES
WILL ITS LIABILITY EXCEED THE PURCHASE PRICE FOR DEFECTIVE PRODUCTS.

Repair Procedures for U.S. and Canadian Customers

In the event that service is required, products may be shipped, freight prepaid, to our Mounds View,
Minnesota factory:

Multi-Tech Systems, Inc.
2205 Woodale Drive
Mounds View, MN 55112
Attn: Repairs, Serial #

A Returned Materials Authorization (RMA) is not required. Return shipping charges (surface) will be paid
by MTS.

Please include, inside the shipping box, a description of the problem, a return shipping address (it must be
a street address, not a P.O. Box number), your telephone number, and if the product is out of warranty, a
check or purchase order for repair charges.

For out-of-warranty repair charges, go to www. multitech.com/documents/warranties

Extended two-year overnight replacement service agreements are available for selected products. Please
call MTS at (888) 288-5470, extension 5308, or visit our web site at www.multitech.com/programs/orc
for details on rates and coverages.

Please direct your questions regarding technical matters, product configuration, verification that the
product is defective, etc., to our Technical Support department at (800) 972-2439 or email
tsupport@multitech.com. Please direct your questions regarding repair expediting, receiving, shipping,
billing, etc., to our Repair Accounting department at (800) 328-9717 or (763) 717-5631, or email
mtsrepair@multitech.com.

Repairs for damages caused by lightning storms, water, power surges, incorrect installation, physical abuse,
or used-caused damages are billed on a time-plus-materials basis.
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Technical Support

Multi-Tech Systems has an excellent staff of technical support personnel available to help you get the most
out of your Multi-Tech product. If you have any questions about the operation of this unit, or experience

difficulty during installation you can contact Tech Support via the following:

Contacting Technical Support

multitechindia.com

Country | By E-mail By telephone

France support@multitech.fr | (+33) 1-64 61 09
81

India support@ (+91) 124-340778

UK. support@ (+44) 118 959
multitech.co.uk 7774

US. & tsupport@ (800) 972-2439

Canada | multitech.com

Restof | support@ (763) 785-3500

World multitech.com

Internet: http:/ /www.multitech.com/ _forms/email_tech_support.htm

Please have your product information available, including model and serial number.
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EMC, Safety, and R&TTE Directive Compliance

The CE mark is affixed to this product to confirm compliance with the following European Community
Directives:

Council Directive 89/336/EEC of 3 May 1989 on the approximation of the laws of Member States relating to
electromagnetic compatibility,

and

Council Directive 73/23/EEC of 19 February 1973 on the harmonization of the laws of Member States relating to
electrical equipment designed for use within certain voltage limits,

and

Council Directive 1999/5/EC of 9 March 1999 on radio equipment and telecommunications terminal equipment
and the mutual recognition of their conformity.

FCC Declaration

NOTE: This equipment has been tested and found to comply with the limits for a Class A digital device,
pursuant to Part 15 of the FCC Rules. These limits are designed to provide reasonable protection against
harmful interference when the equipment is operated in a commercial environment. This equipment
generates, uses and can radiate radio frequency energy, and if not installed and used in accordance with the
instructions, may cause harmful interference to radio communications. Operation of this equipment in a
residential area is likely to cause harmful interference in which case the user will be required to correct the
interference at his own expense.

This device complies with Part 15 of the FCC rules.
Operation is subject to the following two conditions:
(1) This device may not cause harmful interference.
(2) This device must accept any interference that may cause undesired operation.

Warning: Changes or modifications to this unit not expressly approved by the party responsible for
compliance could void the user’s authority to operate the equipment.

Industry Canada

This Class A digital apparatus meets all requirements of the Canadian Interference-Causing Equipment
Regulations.
Cet appareil numérique de la classe A

respecte toutes les exigences du
Reglement Canadien sur le matériel brouilleur.

FCC Part 68 Telecom

1. This equipment complies with part 68 of the Federal Communications Commission Rules. On the outside
surface of this equipment is a label that contains, among other information, the FCC registration number.
This information must be provided to the telephone company.
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2. As indicated below, the suitable jack (Universal Service Order Code connecting arrangement) for this
equipment is shown. If applicable, the facility interface codes (FIC) and service order codes (SOC) are
shown.

3. An FCC compliant telephone cord and modular plug is provided with this equipment. This equipment is
designed to be connected to the telephone network or premises wiring using a compatible modular jack
that is Part 68 compliant. See installation instructions for details.

4. If this equipment causes harm to the telephone network, the telephone company will notify you in
advance that temporary discontinuance of service may be required. If advance notice is not practical, the
telephone company will notify the customer as soon as possible.

5. The telephone company may make changes in its facilities, equipment, operation, or procedures that
could affect the operation of the equipment. If this happens, the telephone company will provide advance
notice to allow you to make necessary modifications to maintain uninterrupted service.

6.1f trouble is experienced with this equipment (the model of which is indicated below), please contact
Multi-Tech Systems, Inc. at the address shown below for details of how to have repairs made. If the
equipment is causing harm to the network, the telephone company may request you to remove the
equipment form t network until the problem is resolved.

7.No repairs are to be made by you. Repairs are to be made only by Multi-Tech Systems or its licensees.
Unauthorized repairs void registration and warranty.

8. Manufacturer: Multi-Tech Systems, Inc.

Trade name: MultiVOIP

Model number: MVPFXS-24/16/8

FCC registration number: none

Modular jack (USOC): RJ-48C (for IP link of Ethernet Port); and RJ-21 (or FXS telephony
connections)

Service center in USA: Multi-Tech Systems, Inc.
2205 Woodale Drive
Mounds View, MN 55112

Tel:  (763) 785-3500
FAX: (763) 785-9874

Canadian Limitations Notice

Notice: The Industry Canada label identifies certified equipment. This certification means that the
equipment meets certain telecommunications network protective, operational and safety requirements. The
Department does not guarantee the equipment will operate to the user’s satisfaction.

Before installing this equipment, users should ensure that it is permissible to be connected to the facilities of
the local telecommunications company. The equipment must also be installed using an acceptable method
of connection. The customer should be aware that compliance with the above conditions may not prevent
degradation of service in some situations.

Repairs to certified equipment should be made by an authorized Canadian maintenance facility designated
by the supplier. Any repairs or alterations made by the user to this equipment, or equipment malfunctions,
may give the telecommunications company cause to request the user to disconnect the equipment.

Users should ensure for their own protection that the electrical ground connections of the power utility,
telephone lines and internal metallic water pipe system, if present, are connected together. This precaution
may be particularly important in rural areas.

Caution: Users should not attempt to make such connections themselves, but should contact the
appropriate electric inspection authority, or electrician, as appropriate.
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WEEE Statement

(Waste Electrical and Electronic Equipment)

July, 2005

The WEEE directive places an obligation on EU-based manufacturers, distributors, retailers and importers to
take-back electronics products at the end of their useful life. A sister Directive, ROHS (Restriction of Hazardous
Substances) compliments the WEEE Directive by banning the presence of specific hazardous substances in the
products at the design phase. The WEEE Directive covers all Multi-Tech products imported into the EU as of
August 13, 2005. EU-based manufacturers, distributors, retailers and importers are obliged to finance the costs of
recovery from municipal collection points, reuse, and recycling of specified percentages per the WEEE
requirements.

Instructions for Disposal of WEEE by Users in the European Union

The symbol shown below is on the product or on its packaging, which indicates that this product must not be
disposed of with other waste. Instead, it is the user’s responsibility to dispose of their waste equipment by handing
it over to a designated collection point for the recycling of waste electrical and electronic equipment. The separate
collection and recycling of your waste equipment at the time of disposal will help to conserve natural resources
and ensure that it is recycled in a manner that protects human health and the environment. For more information
about where you can drop off your waste equipment for recycling, please contact your local city office, your
household waste disposal service or where you purchased the product.
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Command Cable

RJ-45 Connector

To Command
Port Connector

End-to-End Pin Info

RJ-45
PIN NO.

® N o o n o N =

DB9F
PIN NO.

4

Y

A

Y

7
8
3
2
6
1
5

CLEAR TO SEND To DTE

TRANSMITDATA  Device

Recevepata (€9 PO)

SIGNAL GROUND

RJ-45 connector plugs into Command Port of
MultiVOIP.
DB-9 connector plugs into serial port of command
PC (which runs MultiVOIP configuration

software).

Ethernet Connector

The functions of the individual conductors of the MultiVOIP’s Ethernet port are shown on a pin-by-pin basis below.

RJ-45 Ethernet Connector Pin | Circuit Signal Name
1 TD+ Data Transmit Positive
2 TD- Data Transmit Negative
3 RD+ Data Receive Positive
6 RD- Data Receive Negative

Pin Functions (FXS/FXO Interface)
FXS Pin | Description FXO Pin | Description
2 N/C 2 N/C
3 Ring 3 Tip
4 Tip 4 Ring
5 N/C 5 N/C
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RJ-21 Connector

The footprint of the RJ-21 connector is shown in the figure below and its pin-out list is presented in the

table that follows.

22
O\

30

I
)0
26

RJ-21 Connector Footprint

RJ-21 TIP: RING: < o | o
C.onnecto.r on Pins 1 - 24 RGP IELL) g & Q
Pin-Out List E E o
Wire Pairs for = 2 2
Eac?‘n Cahasnnc;l = = =
Channel 1 1 26 N v N
Channel 2 2 27 NN Y
Channel 3 3 28 NN Y
Channel 4 4 29 N v N
Channel 5 5 30 NN Y
Channel 6 6 31 N v N
Channel 7 7 32 NN Y
Channel 8 8 33 NN Y
Channel 9 9 34 v
Channel 10 10 35 v Y A
Channel 11 | 11 36 IR
Channel 12 12 37 v !
Channel 13 13 38 N :
Channel 14 14 39 N
Channel 15 15 40 R ﬂ
Channel 16 16 41 R 7]
=
Channel 17 17 42 v A | =
Channel 18 18 43 N v | S
Channel 19 19 44 NN -N
Channel 20 20 45 N 0 :
Channel 21 21 46 N 2
Channel 22 22 47 g
Channel 23 23 48 \ ; :
Channel 24 24 49 N ' v
Pin 25 is not Pin 50 is not
connected. connected.
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Well Known Port Numbers

The following description of port number assignments for Internet Protocol (IP) communication is taken from the Internet
Assigned Numbers Authority (IANA) web site (Wwww.iana.org).

“The Well Known Ports are assigned by the IANA and on most systems can
only be used by system (or root) processes or by programs executed by
privileged users. Ports are used in the TCP [RFC793] to name the ends of
logical connections which carry long term conversations. For the purpose of
providing services to unknown callers, a service contact port is defined. This list
specifies the port used by the server process as its contact port. The contact port
is sometimes called the "well-known port". To the extent possible, these same
port assignments are used with the UDP [RFC768]. The range for assigned ports
managed by the IANA is 0-1023.”

Well-known port numbers especially pertinent to MultiVOIP operation are listed below.

Port Number Assignment List

Well-Known Port Numbers

Function Port Number
tftp 69

SIP 5060

SysLog 514

http 80

157



TCP/UDP Port Assignments

MultiVOIP FX User Guide

INDEX

1,2, 3 LEDS, €C. cccoooiereieiee e 10
abbreviated dialing, inter-office..........ccccvvvvvvierveneennene. 85
Accept Any Number (inbound) ..........ccoeveverecerecienrennnnns 91
Accept Any Number (outbound) field...........ccccveeueenen. 88
accessing Call Progress (Statistics) screen.................... 111
accessing configuration parameter groups...................... 58
accessing interface parameters...........ceeceveeeveereeneeeeeene 67
accessing [P Parameters screen...........cccceecveeveneeennen. 24,59
accessing [P Statistics SCreen..........coeveveereecienieneennen. 114
accessing 10@S SCIEEN .....cc.evueeuieieieieiieeee e 76
accessing Regional Parameters............cccevveeveeveneennnnn, 74
accessing RTP Parameters screen...........oevevevevenneennenne. 81
accessing System Information screen...........ccocceeeveennenne. 79
accessing Voice/FAX Parameters screen............c..c....... 62
Add Prefix (inbound) field...........cocoeveierienieiieieeiees 91
Add Prefix (outbound) field............cccoeeevriieiieiciiicieene. 88
Advanced Features field group........ccccoevvevvvenienrene 66
AITTIOW ... 45
allowing pop-ups with Web GUI...........cccccooiiiinennnne 58
analog SIP FXS-only voip product family............cc......... 6
Append SIP Proxy Domain Name in User ID (Call

SIGNALING).c.eeveveieeeteeieeee e 73
Auto Disconnect field group.........ccceeveevveriecierceeneenenne, 66
AutoCall field ....c..eeeeieieiiiiiiieeeeen 64
Automatic Disconnection field.........cc.ccceveveninencnene. 66
bandwidth, COer.......c...ooovviiiiiiiieeeeeeee e, 64
Dattery CaAULION .......cecveeeeeieriieieee e 42
BOOt LED ..ottt 10, 50
Boot Version

System Info......cccoeviiiieiieie e 79, 109
DOOUING tIME ... 10
box contents

VETTEYINEZ. oottt 43
built-in modem

setup in Regional Parameters screen..............ccueevene... 57
Bytes Received (call progress) field .........ccccveveeenennen. 112
Bytes Sent (call progress) field..........ccoeovevvevivrcrennennen. 112
cabling procedure

MVPEXS-16 .o 47

MVPFXS-24 ..ot 47

MVPEFXS-8 ..ot 47
Cadence field .......coocoerieiieiieieeeee e 75
cadences, SIgNAaliNG .........cccooereiiiininieieee e 74
Call Control PHB field ........ccccooooiiiiiiiiiiiieeeeen 60
Call Control Status

Call Progress Details (statistics) fields...................... 113
Call Duration field .........cccecevienininiiniiineeeeeee, 66
Call Progress (StatiStiCs).......ccervereerreerveerreevenreneennens 111
Call Progress Details

from Gateway Name..........ccoeceeverienieeniieieeieseenenn 113

from IP Address......ccooeveeiienienieeeeeeeeee e 113

from OPtiONS ....eeveeeieiiee e 113

to Gateway Name ..........ccoocveeinienienieeeeeeescee 113

t0 TP Address......cooveieierieieieiee e 113

Call Progress Details (statistics) field definitions.112, 113
Call Progress Details (statistics) screen fields

Channel.........ccoooininininiineiciceeee e 112
DUIation.....c.ccoveveneneneneeeeieceresese e 112
MOAE.....oiiiiriieiicieteee e 112
V0iCE CORT ..ot 112
Packets Sent.......ccceoeeviiiiiienieeeeee e 112
Packets Received ........coooeeveeiiiiiiiieieeeeeee 112
Bytes Sent.....coceviiniiniiiieeeee e 112
Bytes Received .......oooeeviiniiiiiiiicececceee 112
Packets LOoSt....cc.coererineniririeeececeee 112
Outbound Digits .......c.cccverierieriiiieriereeneeie e 112
Prefix Matched ........cccoooeviiiiiiiiincce 112
Silence COMPIESSION ......ceeeveeveeieeereieeerreereneeees 113
Call StatuS...c.eevereeeiieeeiciccerc e 113
DISCONNECT ... 113
Gateway Name (from ........ccccevveeieioenenieneeeeeeee 113
TP Address (from .......cccecvvevieeeiieeieeie e e 113
Options (rOM .....ccceevuieriieiieieeeeeeee e 113
Gateway Name (10 ......cocerverierienerienie oo 113
TP Address (10 ....eooveeeiieniieeieeeieecee et 113
Call Signaling screen fields
Append SIP ProxXy ... .ccoceeeievieeieeienieenieeie e 73
PasSWOrd.......cocoeoierieieniniiiicee e 73
Port NUMDET ....cc.oeieiiiiiiiiceeeecee 73
Proxy Domain Name / IP Address.........c.cceccrereruennen. 73
Re-Registration Time .........cccoeveveieienieneeieeieeeenens 73
Signaling Port .........cccoeeviiiiirienieieeeeeeeeen 73
USE SIP PrOXY.....eeiieiieeiiiieeeceseeee e 73
USEr NAME ...t 73
Call Status (call progress) field..........cccoceverinencinnnns 113
Caller ID enable
FXS LoOp Start......c.ccccveeviieriieeniieeieenieesveeeee e 70
Caller ID eXamples .......cceeevevierieeniieiieieeieieeieeve e eenes 71
Caller ID fields
FXS Loop Start.......coccveevieerieeniienieeieerieeee e 70
Caller ID Type
FXS Loop Start.......cocceeviienieiniieieeieeeeee e, 70
Canadian Class A reqUirements...........cceeeerveervervenenenns 150
Canadian Limitations Notice (regulatory) .................... 151
CD, MUltiVOIP ...ttt 12
changing the IP address .........cccceeviienienieieeeeceee 19
Channel (call progress) field...........ccoceveienineniiiincns 112
channel Capacity ........cccecveriereneieeieeeeee e 7
Channel Number (inbound) field.........c..cccoeverrevennnennn. 91
channel tracing on/off (1ogging) .........ccceevvvvrvevrrecvenrennen. 78
Clear (IP Statistics) button...........ccoeeveveerreerieereseennenn, 115
coder
bandwidth, Max ..........ccccveiiiiiiiieecceee e, 64
G711 it 64
G723 s 64
G726 e 64
G729 s 64
Coder fleld......cooiiieieieeeee e 64

158



MultiVOIP FXS User Guide Index
coder options downloading firmware, machine perspective................ 124
packetization rates and............cccoeververiieniieiieienieiens 81 downloads vs. uploads (FTP) ......ccccccevvevvenieiieieeins 124
Coder Parameters field group .........cccceeevevevevcvenvenieennne, 64 DTMF In/Out of Band field.........c..cccoevvevveiveiirieinen. 63
coder types (voice/fax, RTP packetization).................... 82 DTMF inband .........cccoecuieieiienieieesie e 63
COL LED ..ottt 10 DTMEF out of band.........ccccocevenenerinieiiieninenceeneeee 63
command cable PInout.........ecceevreierienieeeeeee e, 154 Duration (call progress) field.........ccccovoevieiieiiniieens 112
command modem Duration (DTMF) field.......ccccooovieviiiiieeieceeeeeeeeee, 63
and Regional Parameters screen ............cceceveereenennne. 57 Dynamic Jitter Buffer field...........cocooveiieiiiiiiee, 65
Command Modem Dynamic Jitter field group.........coceeeeveienenencncicecnen. 65
SELUP TOT .ot 57 Dynamic Jitter fields........ccoooeveeniiiiniiniiieeieeee 65
Command PC Echo Cancellation field ..........cocooeiiniiiniiiceee, 66
COM port reqUIr€MeNt.........eeverveerreerrerreseerrenseessennns 11 €ChO, TEMOVING .....oovviiiieiieiieieeeeece e 66
non-dedicated USE Of ........ccooireiiiiirieieecee, 11 Edit Entry screen
OPErating SYSEIM ......eevveeerereeirenerenieereeeeeeeseeneeeneeens 11 INDOUN ...t 92
compatibility, H.450 with H.323, not with SIP ................ 8 OULDOUNd ... 92
COMPIESSION, SHENCE .....ovvveiieieeiieriieiieie e 66 EMC, Safety, R&TTE Directive Compliance .............. 150
COMPULET TEQUITCIMENLS ....eeveeeeeietieeeeeeeeieeseeeneeeeeeee e 11 Enable Console Messages field ..........cccoceevieiinieneennen. 77
configuration of voip Enable DHCP (IP Parameters) field ...........ccccceevennennen. 60
local Versus remote .........cceveeeveerieesieenieesieesveeeieenns 54 Enable DNS (IP Parameters) field..........c.ccccoeeeveerenennnen. 61
Configuration Parameter Groups, accessing................... 58 enabling web browser GUI..........ccccooooiiiiiiiinieieen, 58
configuration procedure ethernet cable PINOUL..........cceevvieiieieneeieeeeie e 154
detailed......oooiiiiiie 57 Ethernet interface..........coocoveieneeieieeecee e 7
configuration procedure, local European Community Directives ..........coceeveverereenens 150
SUIMIMATY ..vvvevvieereeereeeresteesseeseesesseesseesseesseessenssessaessees 57 factory repair for customers U.S. & Canada................. 147
Configuration Version FAQ for MultiVOIPS........ccccovieiieiiiiecieseeseeie e 6
System INfo......cceevieiiiiiiieee e 80 FCC Declaration.............ccceecveevereeneeneeeesee e 150
Configur-ation Version FCC Part 68 Telecom rules..........cceeeververieneenieeiieienns 150
System Information ...........ccoccevevervenienieecieeieeieeenns 109 FCC registration NUMDbET .........c.ccceeveereerieeieereeneeeeenns 151
configuration, local ..........cccoeiiiiiiieiiiee e 55 FCCrules, Part 15 .....cccoooiiieiieeeeeeeeeee e 150
configuration, phonebook ............ccceeveeririiiienieneee 85 FDX LED ..ottt 10
configuration, SAVING ........ccceeeervierieeseeienieseenee e 83 file system image file
Configuring MultiVOIP phone books, general............... 85 Java cache clearing, and ...........ccccooceveienrnenne. 132, 142
Consecutive Packets Lost field.........cccccoeneieninennnnnne. 66 Filters (Console Message Settings).........cecceevereeeereeneense. 78
Console Message Settings, Filters for...........ccccvevveenenne. 78 Filters button (Console Message Settings) ..................... 77
console messages, enabling ...........cccccevververieeeeneennennn, 77 Firmware Version
console parameters tracked............ccoevveveerieicieneenieennne, 78 System Information ............cceevveeveeverieneenieeieseene. 109
contacting technical SUPPOIt .........cceevevveriierieeieeeenen, 148 Firmware Version (System Info) .........cccccvevvecivnieninnnnen. 79
coordinated phonebook entries ...........cccceeevereereeneeennnne. 85 firmware version, identifying ..........ccoccevevevvererceennenne. 121
Copy Channel command (Interface Parameters) ............ 68 firmware, obtaining updated...........ccccceververcieriennennn. 122
Copy Channel command (Voice/Fax Parameters).......... 63 forgotten IP address
Copy Channel field.........cocooeieiieiieieeeeeee e 63 TeCOVEring frOM .....ceoviiieieiieiieieeeee e 19
Country/Region (tone schemes) field ............ccccoceenee.e 75 forgotten password .........cccoceeveerieiieieeieeeeee e 118
Current Loss field Frame Type field ......coooiiiiiiieeeeeee 60
FXS LOoOp Start ......ccccovvevieieeieciiecieeieee e 69 1€ CallS..cviiiiiiieiicie et 85
data CAPACILY ..ooververeieeieiieeieee e 7 Frequency 1 (tone pair scheme)..........ccccecuevererenencnen. 75
data COMPIESSION .....ecvvreererieieeieereeresteeaeeeeeeeesseesseenseens 8 Frequency 2 (tone pair scheme)..........ccccceveveevenvenneennen. 75
debugging MESSAZES .....ccveevverrierrieriereeiereeseesie e seee e 77 frEQUENCY, POWET ...cvieiieeiieeieeiieeiiee e 11
Default (Voice/FAX) field.....c.ccccevverieeiniiiierieieee 63 front panel..........ccceevieviiiciieiieeee e 10
delay, Packets......c.oecverieriieiieie e 65 FTP client program...........ccecceeveereeniesceesieneenee e 124
Description (callee location)..........cccceceeveeevienenencnnenne. 91 FTP client program, obtaining..........c.cccceevererererennne 126
Description (callee, outbound phonebook)...................... 88 FTP client programs
Destination Pattern (outbound) field..............ccccoeceeneeee. 88 graphic vs. textual orientation............c.cceeceevvenreennne 131
destination patterns, diSCUSSION..........ccecereeeriereenieeneene 85 FTP file transfers
Detection Range, Flash Detection Range fields using FTP client program ..........c.cceceeeeereenenenencnnene 126
FXS Loop Start .....c..cooeeiiiienieieieeieeeeeeeeee e 69 usSing Web BrowSer .........ccovveveeniiiiiiiieeeceeee 126
DiffServ and IP datagram ...........ccccccoievinenencnceienee. 61 FTP Server Enable (IP Parameters) field........................ 61
DiffServ PHB (Per Hop Behavior) value........................ 60 FTP Server function
Disconnect (call progress) field .........cccccvevvveciieiennennen. 113 as added feature ..........ocevvevieeeieecieiie e 124
DNS Server IP Address (IP Parameters) field ................ 61 ENADIING ..ooviiiieiicieciececeee et 126

159



TCP/UDP Port Assignments

MultiVOIP FX User Guide

FTP Server, contacting ...........cecveeveevereerreerveevesnennnns 127
FTP Server, invoking download/transfer

using FTP client program ..........c.cccceevevveceeecveneeennen. 130

USINg WEb DIOWSET ....ocvveeieiieiieic e 128
FTP Server, 10ggINg IN......cccoevvieciieieeiieieeeieee e 127
FTP transfers

Il EYPES cveeneeeeeeieeeee e 124, 127

SeIVer loCAtION. .....ecviiiieieeieee e 124
function tracing on/off (10gging) ......ccceecererveieeienenne. 78
FXS Loop Start

Interface TYPe....cceeeeneeniiiieeienieieeee e 69
FXS Loop Start Interface parameter definitions............. 69
FXS Loop Start Interface Parameter fields

Caller ID Enable ........ccccccoveninininininciicicccneen 70

(7111 o 1B 2 1 o TS 70

Current LOSS .o..eevveeiiiiiiiiieiiciieiceeeeeece e 69

Flash Detection Range...........cccocoevverinieniencecee 69

Inter Digit Regeneration Timer...........cocceeeerieneenne. 70

Inter Digit Timer........ccoecveieeienieieeeee e 70

Regeneration.........coeeveevieiieniinieniecce e 70

Ring Count.......cooeevieiiiiiiiiinienieeeee e 69
FXS Loop Start Parameter fields

Select Channel ..., 69
FXS Loop Start Parameters ..........coccveeveeereeecieeiiieenneens 69
G711 coders (RTP packetization, voice/fax).................. 82
G723 coders (RTP packetization, voice/fax).................. 82
G726 coders (RTP packetization, voice/fax).................. 82
G727 coders (RTP packetization, voice/fax).................. 82
G729 coders (RTP packetization, voice/fax) .................. 82
Gain 1 (tone pair SCheme)........cccceeeereereeieie e 75
Gain 2 (tone pair SCheme)........ccceveeriereeieeie e 75
Gateway (IP Parameters) field..........c.cccoeeeieienenennne. 60
Gateway Name (IP Parameters) field ...........ccccoceeenenee. 60
grounding

in rack installations .........ccceveverinenencnieeeeee 45
H.450 features, incompatible with SIP ............ccccvvevennn. 8
TANA Lo 157
identifying current firmware version ..............c.cceeeeen.e.. 121
imband, DTMF ..........coooiiiiieeeeeeeeee e 63
Inbound Phone Book Add Entry screen.............cccce....... 91

Inbound Phone Book Add Entry screen field definitions91
Inbound Phone Book Add Entry screen fields

Accept Any NUMDET .......coceeuieieiiiirieeeeceeeeeeeee e 91

Add PrefiX. oot 91

Channel NUMDET .........cccoeoiiiiiiiiiiiecceeeeeeee e 91

Description (callee location)..........cccccvevverriereneennnnne. 91

Registration Option Parameters............ccccvevvenreennnnne. 91

Remove PrefiX ...oooveveiiiiiiiieeeeccceceeeee 91
Inbound Phone Book Edit Entry screen.......................... 92
Inbound Phonebook entries, list...........ccccceoevvveeeecnneeennn... 90
inbound vs. outbound phonebooks ............cccccveevreeennenne. 85
Industry Canada requirements ............cccceeveevverveneennen. 150
info sources

IP details ..coueeeeeeeeeeceee e 55

telephony interface details ..........cccoooeneiiniinnieeene 56
Initial Jitter Value field...........cocoiiniiiiiniieeeee, 65
Input Gain field........ccccoevieeiieiiieeeeee e 63
installation

AITTIOW ... 45

inanutshell.......ocooiiiiiiiiiee 12

TN TACK .ottt 44

software (detailed) .........oceveverienieniereeeeee 52
installation prerequisites .......ccocvverereverevereereeereenenne 55, 56
installation, mechanical ..............c..ccooeveeeeiiiiiiiieeeeeeeee 7
Inter Digit Regeneration Timer

FXS Loop Start.......ccoveieeiieeieeeeeecee e 70
Inter Digit Timer (dialing) field

FXS Loop Start......c.ccccveeviienvieeniienieenieesie e 70
interface parameters, aCCESSING .......ccceververereeeereenuennnns 67
interface parameters, SEtting ...........ccccevererereeiereeseennns 67
Interface Type

FXS Loop Start.......coccveeviierieeniienieeieerieeeee e 69
inter-office dialing ...........cccevvvevieriienieieeieeeeee e, 85
inter-operation (analog)

With TI/E1 VOIPS .eevveiieieeiieriieie et 7
inter-operation with phone system............ccccocceeverenenne. 8
IP address

ChaN@ING .....ooeieiieiiee e 19
IP Address (IP Parameters) field .........c.cccoovvevievenneennnn. 60
IP Address (IP Statistics) field..........ccooceevvieveeieeniiennns 115
IP Address (outbound phonebook) ............cceeveerverennnn. 88
IP address, SySLog Server.......cccoccevvverieviieieeeeniieieennnns 77
IP datagram and DiffServ..........cccoovvvvieninnieciieieeienen, 61
IP Mask field ....ccooeeieiiiiiiieeeeeeeeeen 60
IP parameter definitions...........cccevveveeecvereenrenirenne 60, 61
IP Parameter fields

Frame TYPe.....oevvveeeeiieieieieeieeie et 60
IP Parameter screen fields

Enable DNS ... 61
IP Parameters screen fields

Call Control PHB.......ccoooiiiiiiiieeceecceeee 60

DIffSerV ..o 60

DNS Server IP Address ......c.cceeeeeeienenenencncneneenne. 61

Enable DHCP ......cccooiiiiiiiiiieeeeeeeeeeee 60

Enable SRV ..o 61

FTP Server Enable........cccccocnininininininiiicincnee, 61

GALEWAY ..ottt 60

Gateway NamE .......coocveiiiierieiniienieenieeseee e 60

IP Address ..ooeeemeeeeieieeeee e 60

TP MaSK...cuieeieiieieiee et 60

VoipMedia PHB ........ccccooiiiiieee, 60
IP Parameters screen, accessSing .........cocceveeeeeeeenenne 24, 59
IP Statistics field

TP AdAIESS ..o 115
IP Statistics field definitions...........cccovvvveevvreenneee. 115,116
IP Statistics fields

CIEAT ..ttt 115

Received (RTCP Packets).......cccevevevvervenieieeieeeene 116

Received (RTP Packets) ......ccceeveveverierienieiieeeeiene 116

Received (TCP Packets) ......ccceeevevereenienieiieieeiene 116

Received (Total Packets).....cccocveeeveeeciieecieeeiieeieenne 115

Received (UDP Packets)......ccocvveeeeeeeiieesieeeiieeieees 115

Received with errors (RTCP Packets) ...........ccue.ee.. 116

Received with errors (RTP Packets)........c..ccccevvnnnn. 116

Received with errors (TCP Packets)........c..cccevenennn. 116

Received with errors (Total Packets)...........ccouvneee. 115

Received with errors (UDP Packets) ...........ccceuvneene. 115

Transmitted (RTCP Packets).......ccccoeevveeviveiieeennnnn. 116

160



MultiVOIP FXS User Guide Index
Transmitted (RTP Packets).......cceevevevvenieerienienen. 116 System Info......coeevivieiiirieicceeeeeeee e 80, 109
Transmitted (TCP Packets).......coeevvvevverieeiennenen. 116 MAINS fTEQUENCY ....vvievieiieiieieiie e seerie e 11
Transmitted (Total Packets)........coccecevererveeencncnne. 115 Max bandwidth (coder) .......c.ccooerererieriecieniirienenencnns 64
Transmitted (UDP Packets) ........cccceceveeieienicnicnenne. 115 Maximum Jitter Value field.........cccooeveninininnnnnne. 65

IP Statistics function...........ceceeeververieneereeieeeeeeeenn 114 MDU (multi-dwelling unit) application of voip ............. 34

Java cache clearing Minimum Jitter Value field ..........ccoccovveeiiniiniieene 65
file system image file updating, and ................. 132, 142 Mode (call progress) field........cccoceveeveeniiieiieee 112
mvpfs-img file updating, and.............cccceenee.e 132,142 modem, command

Java software and Regional Parameters Country Selection............... 57
INSEAIIING ..o 52 modem, remote configuration/command

JItter DUFTRT ..o 65 SELUP FOT -ttt 57

Jitter Value field ........cccoovvevieiieiiceceeee e 66 INOUNTINE ....veevvieerieereeteeeteesteeteereeseseaeseaesseesseeseessesssesseenes 7

JItter, dyNAmIC ....cceveieeiiieieieeee e 65 mounting in rack........coceeceeiierenieniniinieeeec e 44

Kernel Version Procedure fOr ........ccevierierieieeeee e 46
System Information ...........cceccevevevverieneenerenene. 80, 109 SATELY oot 42,45

Knowledge Base (online, for MultiVOIPS) ...................... 6 MSP Version

LED definitions System Information ..........ccccoeeeeviriinienieneenenn. 80, 109
1,2,3, 024 e 10 MTU (Multi-Tenant Unit) application of voip ............... 34
BOOt ettt ettt 10 MultiVOIP FAQ (on MTS web Site) .....cccceeereveeeeeeeannne. 6
(10 OO 10 MultiVOIP general operation functions, option
BHREITIC .ot 10 deSCrIPLIONS ....ouviviieieeieiieiee et 117
FDX oottt 10 MultiVOIP software
LINK ettt ettt e et 10 MOVINE arouNd M.....cc.eeerereririneeieieeieieee e 58
POWET c.oooiiieeeee e 10 mvpfs-img file update
SPD .ot 10 Java cache clearing, and ...........ccccoocevinencnenne. 132, 142

LED indicators MVPFXS-16
channel operation............ccecceeeerieneeneeiene e 10 cabling Procedure ..........occeveuereereeniee e 47
general OPEration ..........ccoceeeverierierienese e 10 UNPACKINE ettt 43

LED indicators, aCtIVE ........c.coeeveeeeeeieeeieeeeeeeeeeeeeeeeenes 10 MVPFXS-24

LED £YPES ..vvivvveeieiereiiiereeitereeetesesesesetesese s esenns 10 cabling procedure ............cocceveveeveeiencnenennceeeeee 47

LEDs, numerical channel..............cooooooiviiiiiiciiieieeee 10 UNPACKING - e 43

lifting MVPFXS-8
precaution aboUL...........ccvevevivveieriieiericieeereieee e 42 cabling procedure ..........ccocovveieerieeeenieeeieeee e 47

limitations notice (regulatory), Canadian...................... 151 UNPACKINE ..ottt 43

limited WarTanty...........ccccoveeeeevereeeeeeeeeeeeceeeeeeeenenene 147 Netcoder coders (RTP packetization, voice/fax) ............ 82

lithium battery caution ...........coceeveevereeereneeerieeeeeeene 42 Network Disconnection field...........cccccveeveinecncncnnne. 66

LNK LED ..o 10 obtaining updated firmware..............cccoevevrerrereireiennnns 122

loading of weight in Tack .........cccceeveveveeeeeeeiereieeeeennns 45 Online Statistics Update Interval field (Logs) ................ 77

local configuration ...........occeeveeeeereeneesieeieeeceeee e, 55 operating teMpPErature ...........cvevveerveevereereeneeeeennenseennens 45

local configuration procedure out of band, DTMF .........ccoccoiiiiiiiiiiincneceees 63
SUIMIMNALY ...vveeveverereveveveteeeesessesesesesesesessssssessesesesesesenas 57 Outbound Digits Sent (call progress) field................... 112

local voip configuration.............ccceevevreieieriererererererennns 54 Outbound Phone Book Add Entry field definitions..88, 89

log reporting method, SEtting........ccccovveeivrvrierivererererennes 76 Outbound Phone Book Add Entry fields

10gEING OPLONS ...t 77 Accept Any NUmber.........ccccoviiiniiciiiciiicces 88

logging update interval ............cocveivveeiieieeeieieeeeee 77 Add Prefix oo 88

Logs screen definitions .........c.ceeveveeveeeieieeeesieeeeeeenens 77 Advanced button...........cceeveerieniieriieiecie e 89

Logs screen field definitions............cocveeeeevieieerieeenennee. 77 DESCIIPLION ..ttt 88

Logs screen parameters Destination Pattern ..........cccceoevenenenincneninceieenes 88
Enable Console MeSSages...........cevvveveereverereevererennn. 77 IP AdAIESS ....covvenieieienieeienceeeccece e 88
FAIEETS .ttt 77 Remove Prefix ..o 88
IP Address (SysLOg SErver) .......ccoevvveveveerverenenerenne 77 SIP Port NUMDET.......cccoeovinininiininecicieescnesieeieaee 89
Online Statistics Update Interval ..........cccccveerveurnnnen. 77 SIP URL ..ottt 89
Port (SYSLOZ SEIVEr) .c.vevveviieeieieieieieieieve e 77 Total DIGItS..cveeueeeeieeiieieee et 88
SysLog Server Enable...........cccccoeueeiiiviierereierenennns 77 Transport Protocol (SIP)...........cccccovviiiiiiininiinns 89

10gs SCreen, aCCESSING .......voveveieveriiierieeeiereeeeereeseeseeenns 76 Use Proxy (SIP) ....cccooeoeninininicieiciceiene e 89

long-distance call SAVINGS ...........ccoevevereeervereeerereeereenae 85 Outbound Phone Book Edit Entry screen....................... 92

lost packets, CONSECULIVE..........cceveveveereereeererererereeenenns 66 Outbound Phonebook Add Entry screen .........c.cccceueee. 87

10St PASSWOTA ... 118 Outbound Phonebook entries, list............ccccovvviiinnnn. 86

Mac Address outbound vs. inbound phonebooks .............cceevvrverrrennnn. 85

161



TCP/UDP Port Assignments

MultiVOIP FX User Guide

Output Gain field .......ccooovveeiieiirieieeee e 63
packet priority and DiffServ ..........cccoevevienieviieciieieinnns 61
packetization (RTP), ranges & increments..................... 82
packetization rates

coder options and...........cceecveeeeriieniieiieeiienee e 81
Packets Lost (call progress) field..........cccecceeeveceneennen. 112
Packets Received (call progress) field ..........ccccceeneennee. 112
Packets Sent (call progress) field..........cccecceeeveeeneennen. 112
packets, consecutive 10St.........cccoevvevieiieienrienieeieeieeinens 66
parameters tracked by console..........coceveerienieieiienenne 78
Password (Call Signaling) field ..........cccceveieniiininne, 73
password, lost/forgotten..........ccoecvevveeveeeenienieereenenenn 118
password, setting

web browser GUL........cocoeiiiiiiiiiniininenceee 118
PAtents ..o 2
PBX characteristics, variations iN..........ccccceeeeeeveunnnen.. 105
PBX INteraction .........ccceceeeuerieiieniieie e scesieeee e eieeseeens 8
personnel requirement

for rack installation ...........ccceveieiineneiieceeee 45

to lift during installation .............ccccevvereiiniinieneeee 46

to lift unit during installation ..............ccoecvevvvecirevennnnns 42
Phone Book Version

System INfO.....ccovveeiieiiiiiiiee e 80

System Information ...........ccecceeeverienienieciieiesieenns 109
Phone Number (Voice/FAX — AutoCall) field ............... 64
Phone Signaling Tones & Cadences..........ccccceeeveeevennenne. 74
phone/IP details

importance of writing dOWn..........cccecevviereenieneene. 55
phonebook configuration ............ccoeceveenieseeienieneene 54
Phonebook Configuration Procedure............ccccceenurnnenee. 85
Phonebook Configuration screen...........ccoceeeereereeneenense. 85
phonebook entries, coordinating............cceceeeeeeeeeneennene 85
phonebook, objectives & considerations ........................ 85
phonebooks, inbound vs. outbound ...........c.cccveevirriennnnns 85
pinout

command able ........c.ceeeririiiiiiiinineeen 154

ethernet cable........cocoecvevieiiinininiiincceeen 154
pop-ups

allowing with Web GUIL...........cccoooiiiiiini 58
Port field, SysLog Server........ccooeeeevienenieierieneene 77
Port Number (Call Signaling) field............ccccoenenrnnnne. 73
POWET CONSUMPLION....eeuvreeereeereeireenireenireensreesereessveensneas 11
POWEL fIEQUENCY ..ottt 11
Power LED .......oooiiiiiniiiiiiiiiienictcteeee e 10
Prefix Matched (call progress) field ..........cccccveeveeenennen. 112
prerequisites

for technical configuration.............ccecceeevevveneeneeennne. 55
PrOAUCE CD .ot 12

use in software installation ..........c..cecceceeveeiencncnennne 52
Proxy Domain Name / IP Address field.............c.c........ 73
Proxy Parameters ..........cccocvevvievieieieeeceeieieieienn 73
QUAlitY-0f-SEIVICE ... .eeiieuieeeieiieie et 8
rack mounting

IOUNAING ..ottt 45

SATELY et 42,45
rack mounting iNStruCtioNS.........cceeeeeeeienierieseerese e 44
rack mounting procedure ...........coocerereeeeeerienienese e 46
rack, equipment

weight capacity Of........ccoocvevieriiiieieeeee e, 45

rack-mountable voip models.............ccoeveerierienieriennnne. 42
Received (RTCP Packets, IP Stats) field.........c..cc.cc..... 116
Received (RTP Packets, IP Stats) field.........c..cccceeeuee 116
Received (TCP Packets, IP Stats) field............cccueeneenns 116
Received (Total Packets, IP Stats) field..............c.c...... 115
Received (UDP Packets, IP Stats) field...........cc........... 115
Received with Errors (RTCP Packets, IP Stats) field...116
Received with Errors (RTP Packets, IP Stats) field......116
Received with Errors (TCP Packets, IP Stats) field......116
Received with Errors (Total Packets, IP Stats) field.....115
Received with Errors (UDP Packets, IP Stats) field.....115
Regeneration field

FXS Loop Start.......coccveevieerieeniieieeieereeeee e 70
Regional Parameter definitions..........ccccevevevercenennennes 75
Regional Parameter fields

CadENCE ...t 75

Country/Region (tone schemes) ..........cccceeeeeveenerennene 75

Frequency 1 .....ccoooiiiiiiiiiiiicecee e 75

Frequency 2 ....oooovieieiieeeceeee e 75

GaIN | oo 75

GAIN 2 oo 75

tYPE (OF TONE) oot 75
regional parameters, SEttNg .........cccveeveevververreerverreerenennes 74
Registerwith SIP Proxy (Inbound Phone Book)............. 91
Remote Configuration/Command Modem

1110 oI (o) P 57
remote voip configuration ............cceeceeveeeveeververeenneenne. 54
Remove Prefix (inbound) field ..........ccooevvvveivnciennnen. 91
Remove Prefix (outbound) field.........c.ccccveevveiviennnnee. 88
repair procedures for customers U.S. & Canada........... 147
Re-Registration Time (Call Signaling)...........ccccceeueennee. 73
Resolutions (MultiVOIP troubleshooting).............cc.c....... 6
RFC 2833 .t 63
REFC 3087 .ttt 89
REC2474 ..o 60
REC2597 ittt 60
RFC3246.....ciiiiiiiieieiiieesceeceetceesee e 60
RFECTO8 ...t 157
RFECT93 . 157
Ring Count field

FXS Loop Start.......ccoeeieeiieeieeeeeeeee e 69
RTP packetization, ranges & increments........................ 82
RTP Parameters SCreen .......c.cceveevurreeneenieeieeienieenieennens 81
Safety Recommendations for Rack Installations............ 45
Safety Warnings ........ccoveevueeierienienieeeee e 42
Safety Warnings Telecom ............c.cccoovcennccnnnnne. 42
Save & Apply command..........ccceoeeiieiinininiiiecee 83
SaVINg CONfIGUIAtION .....eviiuieiieiieieiee e 83
Saving the MultiVOIP Configuration............c..cccevveneenn. 83
savings on toll calls.........ccoecveeiieieniieniei e 85
Select Channel

FXS Loop Start.......cocceeiieenieiiiienieeieeeeeeeeeee, 69
Select Channel field.........ccoeoinininieniniiiniiiincnencee, 63
Selected Coder field........ccccoiverererienieieninencenceee 64
Set Log Reporting Method .........cccocvveviiiieniiiere 76
Set Password (web browser GUI) , command.............. 118
Set Regional Parameters ...........cccceveeveeniiiencenieeee 74
Set Telephony Interface Parameters ...........c.ccccceveueneene. 67
Set Voice/FAX Parameters.........cccccoevereneneneeencenenne 62

162



MultiVOIP FXS User Guide Index
setting [P parameters..........ccoeveverveneenieecieeeeeieniens 24,59 TCP/UDP compared..........ccceeeveeeereeneenieeieeeeseenseenens 89
setting password IP Statistics CONEXL ....evvvevreierierererieerieeee e eeeeseeenne 115
web browser GUL.......ccoooeviiiiicienieeeeeeeeeeee 118 technical configuration
setting RTP Parameters..........cccceevevverieeienienieeee e, 81 PIErEQUISILES L0 .verueereieereeiereeieeeeieeie e eeees 55
SCLUP, SAVINIZ 1.evevreviereeieeresieseeeeeeeesseesseenseeneeesnesseensens 83 SUIMIMALY ...evveeereeereeereseeesseesseeseesesnsesssessaesseenseensennsens 54
signaling cadences .........ccoceveerieriienieeieeceee e 74 technical configuration procedure
Signaling Port (Call Signaling) field............ccccoevreiennne 73 detailed .....ooeiieie e 57
SIZNALING TONES ..veetieiieieeie e 74 101101001y AR 57
Silence Compression (call progress) field .................... 113 technical SUPPOTt......cceeevieiiiieiieieeie e 148
Silence Compression field .........c.cccveveininninecnicncens 66 telecom safety warnings..........c..cccocoeeeeneernenccnnen 42
SIP Call Signaling Parameter definitions ..........c..ccc.c.... 73 telephony interface parameters ..........coccoeeveveeerereeennenes 56
SIP Fields (Outbound Phonebook) ........c.cccecvererenennens &9 telephony interface parameters, setting ...........c..ccee..... 67
SIP incompatibility with H.450 Supplementary Services.8 telephony signaling cadences ..........c.coceeveeevereencnnencne. 74
SIP Parameters........coecveuerueerererieeeenieeeieneeeereseeaeeneneenens 73 telephony signaling tones ..........coceeeevenveereneenennecnne 74
SIP Port Number field .........ccccoevininiinininiiiiniincncnns &9 temperature
SIP port number, standard ............cccoceveeerenieerenieenenns 89 OPETALINEZ ..vevenieveieiiete ettt ettt ettt eene e 45
SIP URL field ....coocivieieiinieieirieieeneeeseeeseeee s 89 timeout interval
software configuration voips under SIP proxy Server.........cccocvevvenereneeneenn 73
SUIMIMIATY ..vvevventeveeteeeeeeeeseeneessesesessessesseeseeseensensenseneas 52 toll call SAVINES ....evvevireiiiieiieiciercerc et 85
software installation tones, SIZNAlING ........coevviririririiieieeecere e 74
detailed......cooeiieiiiieieeee e 52 Total Digits (outbound) field..........cccevvrreveirieieirenennen 88
software 10ading.........coceceviveirineenneiee e 52 trace on/off (102ZINE) ......oovvvevirireeeireeieeeeeeeee 78
software, MultiVOIP Transmitted (RTCP Packets, IP Stats) field.................. 116
MOVING arouNd IN.......cevveeirreieirieieineieeesieeeeeieneees 58 Transmitted (RTP Packets, IP Stats) field..................... 116
software, MultiVOIP Transmitted (TCP Packets, IP Stats) field .................... 116
SCTEEN-SUTING M ...evenieeiieieieiecee e 58 Transmitted (Total Packets, IP Stats) field................... 115
sound quality, iIMProOVINg ........ccceevvreeverierierieeeeeienenenne 66 Transmitted (UDP Packets, IP Stats) field.................... 115
SPD LED ..ottt 10 Transport Protocol (SIP) field .........ccccevevinininiicncnee 89
SUPETVISOTY SIZNAlING .....ccvvveieeieieieiesieeeee e 67 Troubleshooting Resolutions for MultiVOIPs.................. 6
Supplementary Services, incompatible with SIP.............. 8 Type (of tone, Regional Parameters) field...................... 75
support, technical..........coecvvireinincineneneecreene 148 Type-of-Service IP header field & DiffServ................... 61
SYSLOZ CHENt ..o 9 UDP/TCP compared..........ccoeveeeviereeneenieneseeieeeeeeeeeneas 89
SysLog client programs IP Statistics CONEXL ....ecveevrrieeieriierieeie et 115
availability ......cccoeviiiniin 144 UNPACKING vttt 43
features & presentation types........cceeeverveerveervervennn. 145 MVPEXS-16...cuoiiiiiiiieeieeee et 43
SysLog functionality..........cccceevevvieviieciiniienieseeneese e 9 MVPEXS-24 ..ot 43
SYSLOZ SCIVET ..ottt 9 MVPEXS-8 ...ttt 43
SysLog Server Enable field ...........ccccoeoeniniinicnincns 77 Up Time
SysLog Server function System Info......covevivieiiirieieiceeeeeeeee 80, 109
as added feature .........ccoceevvevierini e, 144 update interval (I08ZINEG) .....cceeveviererinininiieeieceene 77
capabilities Of........cccoveveriiieiiii 145 updated firmware, obtaining............cccceeevverveerecneennee 122
ENADIING ....veeeieieieeee s 144 uploads vs. downloads (FTP) ........cccccoeveinecrineccnnn 124
10CatioN OF ...ceiiiiiieieeee e 144 Use Proxy (SIP) field........ccccoceeirieiinininininencccecee &9
SysLog Server IP Address field..........c.cceceeeieienenencnnns 77 Use SIP Proxy field ......cccoeveveriniiieieieeeeee e 73
SysLog Server, enabling...........cccceecevereecenieienieneens 77 User Name (Call Signaling) field ..........ccccoocvecveeieciennnee. 73
System Information Parameters variations in PBX characteristics..........ccccvveevveercveennnenne 105
BOOt VEISION.....cuvieiiieiiiicieeciee et 109 VErsion, fIMWAre...........ccoeooeeeeuiiieeeeeee e 121
Configuration Version .......c..cocceeeeeeereeienienienneneennen 109 Voice Coder (call progress) field...........ccocevireninennnns 112
Kernel VErsion.......cooecuvveeeeiiieiieiieeieeeieeeeeeeeeenns 80, 109 VOICE ACIAY ...vvieeiieiietieiecie ettt 65
MaC AdAIESS ..uvevveeiiieiieieeeeeeeeeeee e 80, 109 Voice Gain fIeld .....ovvvveeiiieiiiieeeeeeeeeeeeeeeeeeeeee e 63
MSP VEISION....cciiiiiiiiiiiieeeeieeeeeeeeeeeeeeeeeee e 80, 109 voice packets, consecutive 10St........c.eceeiereeriircrennennen. 66
Phone BooK Version..........ccoceeveeveenieinrenieesieienenen, 109 voice packets, delayed..........coeveireneinennieeeeen 65
UDP TIME vttt 80, 109 voice quality, IMProving.........c.cceeeerereeerenieereeeenienens 66
System Information screen Voice/FAX Parameter AutoCall fields
for op & Maint ..........cceevveveeieieieieeece e 108 AUtO Call ..o 64
System Information screen, accessiNg .........ccceveeveeruennens 79 Phone NUMDET ........cccoivieiiiiieieeeee e 64
System Information update interval, setting ................... 79 Voice/FAX Parameter Coder Parameters
for op & MaINt .....c.ccveevveeieiieiiiiie e 110 COUET .ttt 64
table-top voip Models .........cccoovevviiiiiieiiieieieee e, 42 Max Bandwidth ..........cccooevviviiviiiiieieecececee 64

163



TCP/UDP Port Assignments

MultiVOIP FX User Guide

Selected COdEr......uvviiiiiiiiiiieeeeee e 64
Voice/FAX Parameter definitions..............cccveeeeneee.. 65, 66
Voice/FAX Parameter Definitions...................... 63, 64, 65
Voice/FAX Parameter fields

PN 1] O 1 | SR 64

AutoCall fIeldS......oeiiieiieieiieeeeee e 64

Coder Parameters........c.uueeveveevieeieeeeeeeeeeeeeeeeeee e 64

Out-of-Band Mode (DTMF)......cccceeeviiiiieiieiieeeieens 63
Voice/FAX Parameter fields

Copy Channel ..........cccoeoieieiieieiieee e 63

DEfAULL ..o 63

DTMF In/Outof Band .........cccccoovoviiiviiiiiiieeee. 63

Duration (DTMF) .....ccoevieiieiicieeeeee e 63

INPUL GAIN ... e 63

OULPUL GAIN .. 63

Select Channel .............cocooeeveieiieeiieeeeiee e 63

V0ICE GAIN ... 63
Voice/FAX Parameter fields

Dynamic Jitter Buffer ..........ccccoooiiiiniiie 65
Voice/FAX Parameter fields

Minimum Jitter Value..........ccooovvvivviiiiiiiiiieieeeeeens 65
Voice/FAX Parameter fields

Maximum Jitter Value .........ccocvvvivviiieiieieeeeeeeeen 65
Voice/FAX Parameter fields

Initial Jitter Value .......coooviiviviiiiiiiieeee e 65
Voice/FAX Parameter fields

Automatic DiSCONNECHioN .........cc.ccoeeuveeeeeveeeeeneeeennnen. 66
Voice/FAX Parameter fields

JIEr VaAlUC ..o 66
Voice/FAX Parameter fields

Call DUIAtION «.eevviiiiiiiieieeeeeeeeeeeee e 66

Voice/FAX Parameter fields

Consecutive Packets Lost .......ccccoceveninenencncncnennen. 66
Voice/FAX Parameter fields

Network Disconnection .........c..coeeevererereneeeeiennens 66
Voice/FAX Parameter fields

Silence COMPIESSION ......cceevuvereeereeeieeeeeieeeieneeeneeenens 66
Voice/FAX Parameter fields

Echo Cancellation...........ccccevvereeneenieniecieeeiecceene 66
Voice/FAX Parameters screen, accessing ............cc.e.e... 62
Voice/FAX parameters, Setting ..........cccceeererereeeeeenns 62
Voip Caller ID Case #1 —telco standard CID enters voip

1751 10 S USRS 71
Voip Caller ID Case #4 — Remote FXS call on H.323 voip

SYSLEIML ...ttt ettt ettt sttt st e st e st e s 71
Voip Media PHB field.........cccoccoviinieiieiiieeeeeeee 60
voip software

hOSt PC.eee e 11
voip system example, digital & analog, with phonebook

EtailS. .ot 98
voip system example, digital only, with phonebook details

.................................................................................... 93
Warnings, Safety ........covevieieeieieeee e 42
WATTANEY ..eevvieeniieeieeeieeeieesieeeeteesbeeebeesbeesnseesnseesnseenns 147
web browser GUI, enabling............cccoeveeveeienienieenennnnn. 58
weight loading

I TACK vttt 45
weight of unit

Lifting precatution.........oocevevereeerieeceeeieeeeeee e 42

personnel requirement ............oeceeeeeeeereeneesieeeeneenne 42
Well Known Ports ........ccooeeiieiieiiieeeceeeeee 157
well-known port, SIP........cccoooiiiiiii e 89

164



MultiTech

Systems

S000415A

165



