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VOIP Solution

What is VOIP? Internet Voice, also known as Voice over Internet Protocol (VOIP), is atechnology that
allows you to make telephone calls using a broadband Internet connection instead of aregular (or analog)
phone line. Some services using VOIP may only allow you to call other people using the same service,
but others may allow you to call anyone who has a telephone number - including local, long distance,
mobile, and international numbers. Also, while some services only work over your computer or a specia
VOIP phone, other services alow you to use atraditional phone through an adaptor.

Foreword

VOIP allows you to make telephone calls using a computer network, over a data network like the
Internet.VVOIP converts the voice signal from your telephone into a digital signal that travels over the
internet then converts it back at the other end so you can speak to anyone with a regular phone number.
When placing a VOIP call using a phone with an adapter, you'll hear a dial tone and dial just as you
always have. Some gateways at the recipient side can convert phonecall back into voice signal, you

need go through aVOIP to PBX gateway if you'd like the phone call from VOIP to regular phone
number.
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1. Unpacking Information

Check List
Carefully unpack the package and check its contents against the checklist.

Package Contents

® VOIP2FXSwith Router Adapter
® Diskette User Manua
® ACtoDC Power Adapter

Please inform your dealer immediately for any missing, or damaged parts. If possible, retain the carton,
including the original packing materials, Use them to repack the unit in case there is a need to return for

repair.
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2. Installation

Hardware Installation

This chapter describes how to install the VOIP and establishes network connections. You may install the VOIP

on any level surface (e.g, atable or shelf). However, please take note of the following minimum site
reguirements before

you begin.

Pre-installation Requirements

Before you start actual hardware installation, make sure you can provide the right operating environment,

including power requirements, sufficient physical space, and proximity to other network devices that are to be
connected. Verify the following installation requirement:

® Power requirements. DC12V/1A or above.

® The VOIP should be located in a cool dry place, with at least 10cm/4in of space at the front and back for
ventilation.

® Place the VOIP out of direct sunlight, and away from heat sources or areas with a high amount of
electromagnetic interference.

® Check if network cables and connectors needed for installation are available

General Rules

Before making any connections to the VOIP, note the following rules:
® Ethernet Port (RJ-45)

All network connections to the Modem Ethernet port must be made using Category 5 UTP for 100M bps;
Category 3,4 UTP for 10Mbps

No more than 100 meters of cabling may be use between the MUX or HUB and an end node.
® Phone Port (RJ-11)

All Phone set connections to the RJ-11Port made using 24~28 Gauge phone wiring.

Connecting the VOIP

The VOIP has two ETHERNET port which support connection to Ethernet operation. The devices attached to
these ports must support auto-negotiation or 10Base-T OR 100Base-TX unless they will always operate at half
duplex.

Using WAN port connect to devices such as XDSL modem or router. Using LAN connect to devise such as
NIC or switch.

The VOIP has two RJ-11 ports, which support connection to two of analog phone set.
Using Phone lor Phone 2 port to connect to analog phone set.
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Connecting the RJ-11/RJ-45 Ports

1. TheVOIP RJ11 ports support 2 of traditional analog phone set with |P voice transmissions.
Please see (Figure 1.0).

2. The VOIP RJ-45 ports support 10/100M bps auto negotiation and auto MDIX functions, one WAN
Port for connecting to XDSL Modem or Cable modem, one LAN port for connecting to PC networking
Card or switched/HUB. Please see (Figure 1.0).

Figure 1.0 VOIP use as adapter to connect RJ-11 and the LAN card inside the PC
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To 10100 Mbps networking Card or
switched/HUB

3. Do not plug aRJ11 phone jack connector into the Ethernet port (RJ-45 port). This may damage the
modem Instead; use only twisted-pair cables with RJ-45 connectors that conform to FCC standard.
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3 Hardware Description
This section describes the important parts of the VOIP. It features the front indicators and rear connectors.

3.1 Front Indicators

The following figure shows the front panel.

Figure Chapter 2.2 Front Indicators

Six LED indicators.

At a quick glance of the front panel, it will be easy to tell if the modem has power, signa from its
Ethernet RJ-45 port or there is phone line signal RJ-11port

Front Indicators

LED Description and Operation

The Modem has three LED indicators.

LEDs Status Descriptions

It will light up (ON) to show that the
Power Good Steady  |product power is good, and system reset
LED Green OK.

Steady It will light up after flashing twice, when
Green System boot OK.
Flashing
(booting)

SYSLED

Each RJ5 station port on the Ethernet i
assigned a LED light for monitoring port
Ethernet | Steady Green 1 Gooq Linkage’. LED is normally OFF
(WAN/LAN Flashing fter the power on operation, but will
LED) (LINK/ACT) Jlight up steadily to show good linkage.
IAnd Flashing to show data transmission.

RJ11 dation port on the PLP2 ig
assigned a LED light for dialing function
OK, when you pick up handset
If LED flashing indicate getting aringing

Phone set Steady Green
dialing status Flashing
(PY/P2 LED) (Ringing)
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Rear Panel

The following figure shows the rear connectors
Figure Chapter 2.3 Rear Connectors

[T 4N L [ iaidyl
L
L]

VOIP Rear Side Connectors

Connectors  Description

Type
Rest button  For reboot system push switch
Phonel/2 For connecting to the telephone RJ11
WAN For connecting to XDSL/Cable modem RJ-45
LAN

For connecting to a PC networking card or switched/HUB  RJ45
FG For connecting to AC ground or ignored Terminator Power

For connecting to DC12V/1A or above power adapter 2.0m/m plug

Power On

1. Check if the modem is properly connected
2. Verify the power LED is steadily on

Web Login information:
account : admin

Password : voip

Default Web IP address: 192.168.1.1
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Home

VoIP vO1(2FXS)
e s o o e

Welcome to the CSEZ20 VolP wU1i2F X3) download and configuration ubility
Select from the configuration options in the menu on the top

Syetern Infarmation

Spsbam Liptina 0 days, Oh 10 335

HTP Hrmi NTF Tz Mol &yl abike
LAN ¥ Address 192 V&8 1.1 {S5alic)
MAC Address COOACHS: B O S
Senal Mumikss

Serurity Fasawaned inglaled

Applicabon Code version: YR 4 18elad MSCS 17000 Busg-Dians: Oct 6 PDOS
Dowsdoadar Coda Varsion: UE 1.0Bstal (MECE YR4D )

System Uptime: specifies the amount of time, which the system has been up. This time is reset every time the
systemisreset.

LAN IP Address: indicates the IP Address of your LAN.

MAC address: MAC address is the address of your MAC.

Security: for your password, which is configured in the “ System” section.

Application Code Version: tellsthe version of the application code which you are using.

Download Code Version: tells the version of the download code which you are using.
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WAN Status

Irflerface Stalus
Enabled
Sarsie
“rofocol
rilérTate Slatus
Lins Status:

Martwnak Sartling=s
Dynamic IP Assignrment
F Address
WAL Address
Subinel Mask
Diafaill Crabes:ay
DS Addrass:
OMS Address &
Diamise Marmi
oty Tag:
Aroadiast lmit
suticas] emi

TES

Routed

Ethernat

Lip

10M bps, Full Duphsx

NG

192168, 16.250
000y Bec 0 gt
255 155 3550
192168161
g0.0.0.1

Mot set
100% (of downstrasm bit rabe)
100% {of downsineam bit rate)

_Updste |

Interface Status: these are the details of your interface’ s status.

Enabled: “Yes’, lets you know that your interface is enabled and ready to be

used.

Service: ether “Routed or Bridged”, tell you the level of your interface's

connection.

Protocol: refersto how you are transmitting data. (i.e. Ethernet)

Interface Status: either “Up” or “Down”.

Under Network Settings: these are the details of your network settings.

Dynamic IP Assignment: “Yes’ or “No", depending on whether or not you are
using adynamic IP.

IP address: your specified IP.

MAC address: Your specified MAC address.

Subnet Mask: indicates the IP address of your mask.
Default Gateway: isthe IP address of the gateway. The gateway |P could be
retrieved from DHCP offer in DHCP mode, or be set up
manually in fixed IP mode.

10
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DNS address: refersto the address of your dynamic name server, if applicable.

Priority Tag: Priority Tag value encoded in the Ethernet header in outgoing
packets.

WAN Configuration

WAN Configuration

WAN Bettings ey Chypaer atinyg e |FI:I1|'I.'-I' 'l'I

L= mmm:mﬂ h alky

= Spacily fosd WAN Configur alion
IP Address [1sz-168.16.250 |
IF Natmask [255.285 2850 |
1P ey [1sz.160.16.1 |
IF NS Garver [
IP DS Sarvera [
Hioest Hame |
Do ain Manos: |

Lipsbrsls. oot s oo
Uglink Barvdwdth [kbibs! e} I_

[T Fragmant ks priotily packels wesn bandwith is ko

Fulic-as Lanids
Broadcesd imit LDD % (af Ethemet connechion bilrae)
Migltcas! limit LD |5 (of Ethemat connachion Difrabe)

Sewm v Sengs |

1. Device Operating Mode: you choose either “Router” or “Bridged”
depending on your operation.

2. You will check either” Obtain WAN configuration dynamically” or “ Specify
fixed WAN configurationj.

When you choose “Obtain WAN configuration dynamically”, the information
is detected automatically through DHCP.

If you choose “ Specify fixed WAN configuration”, you are required to enter
the |P address, IP of the Sub mask, IP of the Gateway, and IP of the DNS

Server, if applicable.

3. Multicast Limits:
Broadcast Limit: the value specifies the maximum limit on the percentage of
broadcast packets which will be bridged to the destination

11
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interface (as a percentage of the source side bandwidth)
Multicast Limit: the value specifies the maximum limit on the percentage of
multicast packets which will be bridged to the destination
interface (as a percentage of the source side bandwidth)

WAN PPPoE Configuration

WAMN PPPoE Configuration

Enmabile PPPoE: |Hn.'- 'l

Mt hadic-ation
Lsermame: |
Pasaword: |

SaErlings
Echo Timeout: |nu SR onds
Echo Couni |.3
Save PPPOE Sattinge |

1. Enable PPPOE: “Yes’ or “N0”, to enable/disable PPPoE

2. Under “Authentication”, you enter the username and password given by
your |SP.

3. Settings:
Echo Timeout: the duration between PPP echo requests sending to server.
Echo Count: the number of unanswered PPP echo requests before PPP
connection is closed.

12
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MAC Spoofing Configuration

MALC Spoofing Configuration

Wihn MAC Address (Spoofed) |

Save MAC Spoofing Ssmngs |

MAC Speooting

WAN MAC Address (Spoofed):
Only available when devices under the router mode. The spoofed MAC
address to be used by the device’s WAN interfaces, the Ethernet address of
the outgoing packets from the WAN interface would be replaced with this
address. If blank, the WAN interfaces will use the value of MAC

LAN

LAN Status

LAN Status
LA&N Status
- Spn s Intertace Statues
J ik Enabled s

Profoc ol Efhermel
Inarface Slabis:  Up
Link Status: T0W hps, Full Duplex

Hetisork Settids
IP Addrass: 182, 168.1.1

MAL Aodress 00:05:6e:00:1 d:64
Suibeed Mask 255, 255.1550
Ciefaul Galewsy.  0.0.0.0

CIME Addnass; B00.0a

DME Address 2

Cioariain Mame

Priority Tag: ol gat

_ Upsae |

This page shows current status of LAN interface, including the | P address and other network setting
theinterfaceis currently using.

13
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LAN Configuration

LAN Configuration

LAN Seftings Matwork Sattings
IP Address:  [192. L6 1. 1

Subned Washk |2 55.255.255.0

Ehulticast Lismiis

Broadoast irmdl |LO0 % (of Elhemel connection bilrale)

MuBcast hrmit |||.'II'.I % [of Ethamed conmecon bilrate)

Y Epgqu rmiade |J|'|.|T|: Regotiation ;I

Save LA Setings |

1. Under “Network Settings”, you enter the | P address and subnet mask of
your network.

2. Multicast Limits:
Broadcast Limit: the value specifies the maximum limit on the percentage of
broadcast packets, which will be bridged to the destination
interface (as a percentage of the source side bandwidth)

Multicast Limit: the value specifies the maximum limit on the percentage of

multicast packets, which will be bridged to the destination
interface (as a percentage of the source side bandwidth)

14
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DHCP Server Configuration

OHCP Server Configuration

Server Settings
@ Enabled O Dizabled

Client |IP Address Range: 192, 166, 1. |1I2EI . I].SJ.

e Metwork Imdormation
Ciomiain Hamea |

ONG Semer 1- | 7

Siatic Adidress Assignmeans

lederilify Uﬁlr'lg Higl | de ndifier IeilErmial Addness
[Hostname =] | 192,168, 1] Add |
SaveDHCF Seftings | ViewDHCP Taie |

These configuration parameters are for the device'sinternal DHCP server.

1. Server Setting: “Yes’ or “N0”, to enable/disable DHCP
Client IP Address Range: Minimum and Maximum limit on the DHCP IP
address pool

2. Client Network Information
Domain Name: LAN domain name provided to DHCP clients during the
OFFER process.
DNS Server: This statically assigned DNS server |P address will be
provided to clients during the OFFER process.

3. Static Address Assignment

Up to eight static DHCP address assignments can be configured. To add a
static | P assignment, enter the LAN device' s host name (must be unique in the
private network) and/or MAC address. Specify the I nternal addressto be
assigned and press the "Add" button.

15
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Port Forwarding Configuration

Port Fervarding Coenfiguration

Rarseinaed Parts

L=l The following ports have baen resarved by the CPE, and may not be forsarded to the L&
Fort . 68, 506050710, 00008015, 7001-7005, B0, 23, 161, 1400-12000
Forwarding

Part Forwarding te LAN
Fart Range Protocnl  Destination Addrass

| | [Both =] 192,168, 1. aaa |

Dz Pl aioed £ oinee
Hspacified, packats which port are nod Bsted above will be forwarded fo thes DWE host

192,168, 1. |

Save MAFT Settings |

1. Under “Reserved Ports”, specified are the ports, which cannot be forwarded
tothe LAN.

2. Under “Port Forwarding to LAN", you enter the specifications, which you
will be forwarding to the LAN, including port range, protocol (Both, TCP or
UDP), and destination | P address.

Click on “Save NAPT Settings’ to save your configurations.

16
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SIP
SIP Configuration

SIFP Server Configuration

(Curmen Semer 192 16816.251 | S060 , Domain: TS2 1680168 251) (Cumeni Serves | 0, Domsin.

= Addreds |15:.lﬁﬂ.15.:51 {IF &r F Qi) = Addrass | AF o FaDN
*Pon |'|I':|:l.l " Part SO0

Do M | [T N TETEE [

T Bend Fegisiration Reguestwih Expire Time |35I' ™ Eend Regisration Regues! with Expire Trme |

DirEsan Prosy IP | (P of FQiDik) gkt und Prooy IP | P o FODM}
CiuEsdarad Piosy Pod |5EE: Ongiaind Prooy Paet |EE‘E:

IRTP Part Numibar SetgS000-65535) | . |

AT Trawmreal Setings
= ROHE
£ UPnF Contral Foinl

i GTUMN Seree IF I o ar FGDOHY  STUN Bareer Port |

etk iy S ETgs
Dial Flan: |
[ #®uee a5 @ guiek dial funcion I *uee af @ guick disl luncaon
[T Toenable # o ba rac ogniEnd as dal mumber I To enable ™ io ba rac opnized as dial numbar

Ul @ P DRk el 000 P 6T D e T IR INE BbAaEd i DHOP anien PHE

" Legwing 5 ewlEreg blonk ssll daable gurewr e dundaroy faration

Save 5P Semrgs |

1. Under “ SIP Server Settings’, you enter the server address, port, domain
name, and expiration time unit, if you choose to send registration request with
an expiration time.

2. Gateway Settings

® Dial Plan: refer to appendix D of this guide

® #Huseasaquick dial function: If this box is checked, the dialed digits
would be sent out when “#” key is pressed.

® Enable#to berecognized as dia number: allow “#’ key to be appeared in
the INVITE request URI

® Enable#toberecognized asdial number: alow “#” key to be appeared in
the INVITE request URI

17
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SIP Extensions

SIF Extensions

I Suppot PRACK methad with provsional resgorss rellabiity
F Encoss 5P LRI wiih usen parsm s

¥ Session Timer ysa UFDATE mathod

© canHol using =010 0.0 {RFC 2543) i S0OF

I ersnie Olobal NumBsr supgar (E.184)

B send HOTIFY fof FEFER reguiest

T =end Measage Wailng Indicalon (MY SUBECFIBE command
I mo fgthoiizaion Haader in re-REMSTER

B Check existerce of To Tag in INWITE Do response

SiF Timears

T Send BMTE with Time hiesder value |_ Eeconds
I SIF Sesson Timar s r_ Seionds

F Condtional Call Farsarding Timer I-"_ Sarondsy
Inter Diigit Timer I........... Eeconds

EIP T1 Tirresr IT MiligacorctE

EIF T2 Timar 4000 Hilisaconds

EIP T4 Timear |'.ZIZIII Wil Grads

Swve OF Edension Setirgs. |

This page allows specification of the SIP signaling stack behavior under certain
scenarios.

If you wish for the SIP stack implement reliable transmission of provisional responses
according to RFC 3262 (using the PRACK method), check the option “Support
PRACK method with provisional responses reliability”.

If you wish for the SIP stack to include the user parameter “user = phone” in the SIP
URI header(s), check the option “Encode SIP URI with user parameter”.

If you wish for the SIP stack to send INVITE message with “Timer” header field
present, check the option “Send INVITE with Timer header value” and enter the
Timer header value.

If you wish for the SIP stack to implement a session timer according to
“draft-sip-session-timer”, select the option “SIP Session Timer value’, and enter the
session time-out value.

Press “ Save SIP Extension Setting” to save the new values.

18
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RTP Telephone Event Configuration

RTFP Telephone Event Configuration

send DTMF Events | In-Band =]

B RFZZA33 signalling using payioad vales: |5°‘J
Q0B Signalling M Regenerate OOB DTMF fone

Save 00B Semings |

This sub-page allows configuration of the out-of-band signaling options for SIP.
Select whether OOB telephone event signaling isto be done using the SIP
INFO message, or to be done via RFC2833 RTP signaling. For additional
information please refer RFC2833.

ToS/DiffServ

ToeSiDiffSery

Call Signalling Packeds: |10 | (2 Hex digh byle valug)

RTF Packelis IH {2 Hex digit brybe valug)

ToS/DiffSery Save ToS/DiffSery Sellings |

This sub-page is used to configure the Type-of-Service/Diffserv byte values
which are to be used in the | P header of all transmitted SIP signaling packets
and RTP packets. The ToS/DiffServ byte values are entered as two-digit
hexadecimal values. If no special ToS/DiffServ valueisto be used for a
particular traffic type, enter “00” or leave the setting empty.

Press “ Save ToS/DiffServ Settings’ to save these new settings.

19
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Tone

Tone Configuratian

Dial Tore:

Ricall Dial Tand

Ring Back Tore

[
|
Corfim Tone: |
|
[

Busy Tone

Reander Tarie |
Ric@Emir- (- Haak
Toms:
Miessage-Yailing |'
Indicatar Tone

Call-¥aiting |
Indicatar Tone

Sawa Tone Seftings |

Dial Tone: The tone you hear when you pick up handset.

Recall Dial Tone: The tone when you hold caller and prepare to make another call.

Confirm Tone: The tone after you've set up some service, like DND (Do Not Disturb), Cal
Forwarding, etc.

Ring Back Tone: The audible ringing you hear before caller pick up and answer your call.

Busy Tone: The tone indicates the number you dialed isin busy now.

Recorder Tone: Thetoneyou hear if you dia an invaid number or the call is not available.
Receiver-Off-Hook Tone: The toneto alert you to place the handset on-hook.

M essage-Waiting-I ndicator Tone: The tone to notify you to call for message box.
Call-Waiting-Indicator Tone: The tone to make you aware of the second incoming call while you
arein conversations.

20
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Ring

Ring Coanfiguratian

Diedaull Ring II]H[J.I]L'II:] +IDLE (Z000) R

CalbWaiing I
Reminder Ring

Distictive Ring Configuratioin

Distnel Ring 1

Diswnct Ring 2:

Distnel Ring 3

Distnct Ring 4:

Distnict Ring &

Digtnci Ring 7

I
I
I
|
Disggncl Ring 5 |
|
I
|

Diswnct Ring 8:

Swe Bing Setings |

- Ring Configuration:
Default Ring: Default ring cadence when the phonerings.
Call-Waiting Reminder Ring: Ring cadence of Call-Waiting Reminder Ring

- Distinctive Ring Configuration:
Distinctive Ring 1-8: Ring cadences provided for distinctive function.

You may customize them according to the fixed format.
For example:
ON (500), OFF (500), R

Will cause 500 milliseconds ring on, then 500 milliseconds off, and repeat
steadily.

21
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Service Code

service Code Configuratioln

Caonditional Call Forwarding i_
Call Forwarding On
Call Forwarding Of
O Mot Dristurt On

Cro kot Dusturt OfF

Service Code

Call Transfer
Call Retum

Spid Deial

1000000

« UEE R o Fodf fonmal | os01-90

Save Service Code Settrge |

Service Code Configuration:
Conditional Call Forwarding: * 70#
Call Forward On: * 72#

Call Forward Off: # 72#

Do Not Disturb On: * 74#

Do Not Disturb Off: #74#

Call Transfer: * 98#

Call Return; * 69#

Speed Dial: * 68

Note: We recommend a general user to change the services code values only if you have meet
conflict with the setting of service provider.

22
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CODEC
Audio/CODEC Configuration

- CODECS

AudioiCODEC Configuration

CODECS:
Selecied Bilerice Suporession
Gy |I:I]'I' - |

GF11A |L'I.H‘ 'rl
™ Gres |-:ur 1-|

T G7rH |l:|1-|' vl
[T GFrx |mr '-|
Packedization |Eﬂna o |
Jitter Bamar

& adaptive Jmar Buffer |1 Iim= = ||_rn aximum plawout delay in milliseconds)

" Fixed Jar Buffer, |-f"1l='fI :l"' [fxad playoul delay n millisecondsh
I sulorealically swilch b Fisgd Jiter Buller ugoen fEadmodern bame dalecSon

S CODEC Condguration |

1. CODECS: configure the silence suppression to your desired settings.
2. Packetization: configure the packet sending increments.

3. Jitter Buffer: configure the timing of the voice buffering.

Selection between adaptive or fixed jitter buffer. Default = ADAPTIVE

Set the adaptive jitter buffer maximum playout delay. Default = 100ms

or Fixed jitter buffer playout delay. Default = 40ms

Whether or not to automatically switch from an adaptive jitter buffer to afixed
jitter buffer upon V OI P tone detection

Click on “Save CODEC Configuration” to save the configurations made.

23
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SYSTEM

Set Security Password

Set Security Password

Password is currenthy installed

Account admin

Qld password: [

Mew passward |

Confirm new password: |

Change Password |

Configure a password for the system.

Timeout

Set Web System Timeout

HTTP Authentication Timeout | (Seconds)

i:hlrmThul

In HTTP Authentication Timeout field, input timeout value you want. Then press “Change

Time" button. After HTTP Authentication timeout value expired, it will redirect to password
protected page.

24
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Localization

Localization

Courdry  [United States =
NTP Sarver |

Lacalhization

Time Zone: |{GMT-12-00) Enswetok, Keaialen =

I Adjust clock for daylight savings

Save Locsazaton Semngs |

Choose the correct country for a proper impedance match, as well asthe NTP
Server, and Time Zone. Check the “ Adjust clock for daylight savings’, when
applicable.

Click on “Save L ocalization Settings’, to save your configurations.

Handset

Media Hub Handset Configuration

Hook Flash Timear Min I Milllzeconds
Hook Flagh Timér Max I Millizseconds

"‘Please amter a mualtiple of 100 10,200 30}

Save Handset Sefings |

This page allows user to configure the hook timeinterval.

25
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SNMP Configuration

System |

SHMP Configuration

SNMP Trap Configus ation

P address | Trap Community. |
SHMP Community Configuration

Rad Community [puhllr. WTibe Cormrmundy |p1'1.1.ml:.r
SHNMP Syrstermn Configur ation

Systerm Description; |

System Object:  [as28

Save SHWP Seftings |

1. SNMP Trap Configuration
IP address: Trap host IP address
Trap Community: The community name used by the SNMP manager to
verify traps. The default valueis“ public”

2. SNMP Community Configuration
Read Community: The community name used by the SNMP manager when
reading SNMP data items from a client MIB. The default
valueis“public”
Write Community: The community name used by the SNMP manager when
setting SNMP dataitemsin aclient’s MIB. The default value
is“public”

3. SNMP System Configuration

System Description: Description of the unit (e.g. “John’s phone™)
System Object Id: A vendor’s enterprise ID

26
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Service Access Configuration

Service Access Configuration

LAM  WiEN
! HTTP (#ab access) [+
Service
fccess SMF ¥ o
TELMET = [
Save Service Access Settrgs |

Check the proper boxes enabling LAN and WAN for the HTTP, SNMP, and VOIP
Discovery.

Click on “Save Service Access Settings’, to save the configurations.

Download
Download
Wiar I|l||_|' Irpl M T de] 7 OF Ol ol DE0r] The el 000 The Gosfibissl mpodks P ol 1 Toraedd o @B TefCad (il e 0T Sl 7T W il D Crd sl

e i,

TFTP Daavvmdided e [S3le0 ramos TFTF aefvar IP addiees and llesama)

TFTF St P I

Filgnars |

St TFT¥ Cowriond |

HTTP Dusvininad it (2ol ol flenars on s 0osys e rmachine

F il aeved - |

it HTTP Cowniced |

UL Dorernioad rraheod O urmanPy Tp v, BBp T and Blad s tupponed]

LHEL

it LFL Dowricsd |

For both HTTP and TFTP methods, the device will reboot itself into the
downloader mode if the main application is executing, and proceed with the
ROM file download and permanent write of the application to the device' s flash
memory. After the download is completed, the download status page will be

displayed.
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Reset

Reset

You must reboot to make your changes actae,
Waarming! Resetting the system will teominate all netsork conneotions and resel your brossssen eonneetion,

% Reseland execule Main Applcalion

' Reset and exacuts Downloader Apolicadon

L]
Chose the “Reset and execute Main Application” option, for execution of the
main application which you have configured, once you reset the system.

Chose the “Reset and execute Downloader Application” option to
download, once you reset the system.
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Appendix A: Dial Plans

The SIP code will allow provisioning (viaweb browser) of the dial plan. A

dial plan gives the unit a map to determine when a complete number has been entered
and should be passed to the gatekeeper for resolution into an |P address. Dial plans are
expressed using the same syntax as used by MGCP NCS specification.

The formal syntax of the dial plan is described by the following notation:

Digit ::="0" | "1" |"2" |"3" [ "4" |"5" |"6" |"7"|"8" |"9"

Timer ;:="T" | "t"

Letter ::= Digit | Timer | "#" | "*" |"A" |"a"|"B" | "b" |"C" | "c"|"D" | "d"
Range::="X" | "X" -- matches any digit

|"[" Letters"]" -- matches any of the specified letters

Letters::= Sub range | Sub range L etters

Sub range::= Letter -- matches the specified letter

| Digit "-" Digit -- matches any digit between first and last

Position::= Letter | Range

String Element::= Position -- matches any occurrence of the position

| Position "." -- matches an arbitrary number of occurrences

including O

String ::= String Element | String Element String

String List::= String | String "|" String List

Dida Plan::= String | " (" String List )"

A dial plan, according to this syntax, is defined either by a (case insensitive) string or by
alist of strings. Regardless of the above syntax atimer is only allowed if it appearsin
the last position in astring (12T3 is not valid). Each string is an alternate numbering
scheme. The unit will process the dial plan by comparing the current dial string against
the dial plan, if the result is under qualified (partial matches at |east one entry) then it
will do nothing further. If the result matches or is over-qualified (no further digits could
possibly produce a match) then send the string to the gatekeeper and clear the dia string.
The Timer T is activated when it is all that is required to produce a match. The period of
timer T is 4 seconds. For example adial plan of (xxxT|xxxxx) will match immediately
if 5digits are entered, it will also match after a 4-second pause when 3 digits are
entered.
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® Sample Dial Plans

Simple Dial Plan

Allows dialing of 7 digit numbers (e.g. 5551234) or an operator on 0. Dial planis
(OTXXXXXXX)

Non-dialed Line Dial Plan

As soon as handset islifted, the unit contacts the gatekeeper (used for systems where
DTMF detection is done in-call). Dia planis (x.) i.e. match against O (or more) digits.
Note: thedot ‘.’

Complex Dial Plan

Local operator on 0O, long distance operator on 00, four digit local extension number
starting with 3,4 or 5, seven digit local numbers are prefixed by an 8, two digit star
services (e.g. 69), ten digit long distance prefixed by 91, and international numbers
starting with 9011+variable number of digits.

Did plan for thisis:

(OT|OOT [ 3-5] XXX BXXXXXXX[* XX|QLXXXXXXXXXX|9011X. T)
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Appendix B: Cable Requirement

A CAT 3,4 or 5 UTP (unshielded twisted pair) cable istypically used

To connect the Ethernet device to the modem.

A 10Base-T cable often consists of four pairs of wires, two of which are used for transmission. The connector at the
end of the 10Base-T cable is referred to as an RJ-45 connector and it consists of eight pins.

The Ethernet standard uses pins 1,2,3 and 6 for data transmission purposes.

Table RJ-45 Ethernet Connector Pin out Assignments

PIN MNEMONIC FUNCTION

1 TX+ Ethernet differential Transmit signal(+)
2 TX- Ethernet differential Transmit signal(-)
3 RX+ Ethernet differential receive signal(+)
4 NC Unused

5 NC Unused

6 RX- Ethernet differential receive signal(-)

7 NC Unused

8 NC Unused

Standard telephone wire of any gauge or type-flat, twisted or quad is used to connect the Modem to
the telephone network. A telephone cable typically consists of three pairs of wires, one of which is
used for transmission. The connector at the end of the telephone cable is called RJ-11 connector
and it consists of six pins. POTS (plain old telephone services) use pins 3 and 4 for voice
transmission. A telephone cable is shown below.

Figure Telephone cable

AED
BB

The A and B connectors on the rear of the modem are RJ-11 connectors. These connectors are
wired identically. The RJ-11 connectors have six positions, two of which are wiring, The Modem
uses the center two pins. The pin out assignment for these connectors is presented below.

Table RJ-11 Pin out Assignments
Pin# MNEMONIC FUNCTION

1 NC Unused

2 NC Unused

3 TIP POTS

4 RING POTS

5 NC Unused

6 NC Unused_

31



VOIP Users Manual B5
Appendix C: Product Specification

Product Name OVOIP with Router Adaptor
Application Home networking solution

Product Specification

® Hardware

Digital Signal Processors & Control Processor

System On Chip (SOC) for Network Processing and DSP Application
MIPS-X5 unified RISC and DSP core (up to 180 DSP MIPS)

384K hytes on-chip RAM, 16-way interleaved with single cycle access
16-K byte cache

L ow power, 1.8V corevoltage, 3.3V 1/0 voltage

2M bytes flash memory

/O

2 Standard 10/100 Base-TX RJ 45 interface for 2 FXS model
2RJ 11 Loop Start interfacesfor FXS

M echanical, Environment & Power

Dimension: L x W x H = 176mm x 143mm X 27mm

Operating temperature: 0°C to 50°C (32to 122 F)

Operating humidity: 10% to 95% (non-condensing)

Storage temperature: -10 to 60°C (14 to 140F)

AC-to-DC power supply (12VDC, 120 VAC, 60 Hz. For US or 12VDC,
230VAC,50Hz for Europe)

Power consumption: 3.5 watt (Typical)

Compliant

CE
FCC part 15A

Software

Compression algorithms: ITU G. 711, G.723, G726, G.729A/B Hybrid echo cancellation G.168 (16 ms)
DTMF tone detection/r egener ation

Comfort Noise Generation (CNG)

User programmable Call Progress detection/gener ation

Voice Activity Detection (VAD)

Management Tools

HTTP Server
TFTP and flash memory for remote softwar e download and upgrade

SIP Protocol Stack
- Compliant with SIP v2.0 (RFC 3261)
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® M GCP Protocol Stack

Compliant with MGCP protocol specifications (RFC 3435)

e Lan/Wan Functions

Tagging VLAN(IEEE802.1q)
QOS (IEEE802.1p)

DHCP Server

PPPOE

NAT

Firewall

SNMP(V1/V2)
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Appendix D: Troubleshooting

® Diagnosing the VOIP’s Indicators

The VOIP can be easily monitored through its comprehensive panel indicators. These indicators assist the
network manager in identifying problems the hub may encounter. This section describes common problems
you may encounter and possible solutions
1. Symptom: Power LED indicator does not light up (green) after power on.
Cause: Defective External power supply
Solution: Cheek the power plug by plugging in another that is functioning properly. Check the power cord
with another device. If these measures fail to resolve the problem, have the unit power supply
replaced by a qualified distributor.
2. Symptom : WAN/LAN LED indicator does not light up (green) after making a connection.

Cause: Network interface (e.g, a network adapter card on the attached device), network cable, or switch port is

defective.
Solution:
2.1 Power off for the VOIP.
2.2 Verify that the switch and attached device are powered on.
2.3 Be sure the cableis plugged into both the switch and corresponding device.
2.4 Verify that the proper cable type is used and its length does not exceed specified limits.
2.5 Check the VOIP on the attached device and cable connections for possible defects.
2.6 Replace the defective VOIP or cable if necessary.
3. Symptom : Phone 1/2 LED indicator does not light up (green) after making a connection.
3.1 Be sure the phone wireis plugged into both the VOIP and phone set.
3.2 Be sure the phone set is analog type and on hang on status
3.3 Check the VOIP on the phone set and cable connections for possible defects
3.4 Replace the defective VOIP or phone set if necessary
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® System Diagnostics

Power and Cooling Problems

If the POWER indicator does not turn on when the power cord is plugged in, you may have a problem with the
power outlet, power cord, or internal power supply as explained in the previous section. However, if the unit
power is off after running for awhile, check for loose power connections, power lost or surges at the power outlet,
and verify that the fan on back of the unit is unobstructed and running prior to shutdown. If you still cannot isolate
the problem, then the internal power supply may be defective. In this case, contact your dealer.

Installation

Verify that al system components have been properly installed.  |f one or more components appear to be
malfunctioning (e.g., the power cord or network cabling), test them in an alternate environment where you
are sure that all the other components are functioning properly.

Transmission Mode

The default method of selecting the transmission mode for RJ-45 ports is 10/100 Mbps ETHERNET, for RJ-11
port are Voice, Therefore, if the Link signal is disrupted (e.g., by unplugging the network cable and plugging it
back in again, or by resetting the power), the port will try to reestablish communications with the attached device
viaauto-negotiation. If auto-negotiation fails, then communications are set to half duplex by default. Based on
this type of industry-standard connection policy, if you are using a full-duplex device that does not support
auto-negotiation, communications can be easily lost (i.e., reset to the wrong mode) whenever the attached device
isreset or experiences a power fluctuation. The best way to resolve this problem is to upgrade these devicesto a
version that supports Ethernet and anal og phone set.

Physical Configuration

If problems occur after altering the network configuration, restore the original connections, and try to track the
problem down by implementing the new changes, one step at atime. Ensure that distance of cable and other
physical aspects of the installation do not exceed recommendations

System Integrity

Asalast resort verify the switch integrity with apower-onreset. Turn the power off and then on several times.
If the problem still persists after you have completed all the preceding diagnoses, contact your dealer
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Appendix E Compliance and Safety Information

FCC Radio Frequency Interference Statement

This equipment has been tested to comply with the limits for a computing device, pursuant to Part 15 of FCC rules.
These limits are designed to provide reasonable protection against harmful interference when the equipment is
operated in a commercial environment. This equipment can generate, use and radiate radio frequency energy and,
if not installed and used in accordance with the instructions, may cause harmful interference to radio
communications. However, there is no guarantee that interference will not occur in a particular installation. If this
equipment does cause harmful interference to radio or television reception, which can be determined by turning the
equipment off and on, the user is encouraged to try to correct the interference by taking one or more of the
following measures

1. Reorient or relocate the receiving antenna.

2. Increase the distance between the equipment and receiver.

3. Theequipment and the receiver should be connected to outlets on separate circuits.

4. Consult the dealer or an experienced radio/television technician for help.

Changes or modifications not expressly approved by the party responsible for compliance could void the user’'s
authority to operate the equipment.

If this telephone equipment causes harm to the telephone network, the telephone company will notify you in
advance that temporary discontinuance of service may be required. But if advance notice isn't practical, the
telephone company will notify the customer as soon as possible. Also, you will be advised of your right to file a
complaint with the FCC if you believe it is necessary.

The telephone company may make changes in its facilities, equipment, operations or procedures that could affect
the proper functioning of your equipment. If they do, you will be notified in advance in order for you to make
necessary modifications to maintain uninterrupted service.

This equipment may not be used on coin service provided by the telephone company. Connection to party lines is
subject to state tariffs.

Important Safety Instructions

Caution Thedirect plug-in wall transformer serves as the main product for disconnecting. The socket outlet shall
beinstalled near the product and be readily accessible.

Caution Use only the power supply included with this product. In the event the power supply islost or damaged
In the United States, use only with CSA certified or UL listed Class 2 power supply, rated 5Vdc 1A or above.

IN Europe, use only with CE certified power supply, rated 5Vdc 1A or above.

Do not use this equipment near water, for example in awet basement.

Avoid using atelephone during an electrical storm. There may be aremote risk of electrical shock from lightning.
Do not use the telephone to report a gas leak in the vicinity of the leaking area.

If you experience trouble with this unit, please contact customer service at the address and phone listed below. DO
NOT DISASSEMBLE THIS EQUIPMENT. It does not contain any user serviceable components.

FCC Warning

This equipment has been tested 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 can generate, use, and radiate radio
frequency energy and, if not installed and used in accordance with the instruction manual, may cause harmful
interference to radio communications. Operation of this equipment in aresidential areais likely to cause harmful
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interference in which case the user will be required to correct the interference at owner’s expense.

CE Mark Warning

Thisis a CE class A product. In a domestic environment, this product may cause radio interference in which case
the user may be required to take adequate measures.

Warranty

The original owner of this package will be free from defects in material and workmanship for one-year parts after
purchase. For the warranty to apply, you must register your purchase by returning the registration card indicating
the date of purchase.

There will be a minimal charge to replace consumable components, such as fuses, power transformers, and
mechanical cooling devices. The warranty will not apply to any products which have been subjected to any misuse,
neglect or accidental damage, or which contain defects which are in any way attributable to improper installation
or to alteration or repairs made or performed by any person not under control of the original owner.

THE ABOVE WARRANTY IS IN LIEU OF ANY OTHER WARRANTY, WHETHER EXPRESS, IMPLIED,
OR STATUTORY, INCLUDING BUT NOT LIMITED TO ANY WARRANTY OF MERCHANTABILITY,
FITNESS FOR A PARTICULAR PURPOSE, OR ANY WARRANTY ARISING OUT OF ANY PROPOSAL,
SPECIFICATION, OR SAMPLE. SHALL NOT BE LIABLE FOR INCIDENTAL OR CONSEQUENTIAL
DAMAGES. WE NEITHER ASSUMES NOR AUTHORIZES ANY PERSON TO ASSUME FOR IT ANY
OTHER LIABILITY.

Note: Please do not tear off or remove the warranty sticker as shown, otherwise the warranty will bevoid

TR ETH
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