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@ Safety Notices

Please read the following safety notices before installing or using this phone. Thaycak
for the safe and reliable operation of the device.

Please use the external power supply that is included in the package. Other power
supplies may cause damage to the device, affect the behavior or induce noise.

Before using the external powerpgly, please be sure it is for use with your power
voltage. Incorrect power voltage may cause fire and damage.

Please do not damage the power cord. If the power cord or plug is damaged, do not use it.
This may cause fire or electric shock.

The power plig should be accessible at all times because this is the only way to remove
power from the device.

Handle the phone carefully. Do not drop it or shake it. Rough handling can cause internal
damage.

Do not install the device in direct sunlight. Also do pot the device on carpets or
cushions, or other poorly ventilated locations. This may cause fire or overheating.

Avoid exposure to temperatures abovél4®elow N or high humidity. Avoid wetting
the unit with any liquid.

Do not use harsh chemicalseahing solvents, or strong detergents to clean the device. If
cleaning is necessary use a soft cloth that has been slightly dampened in a mild soap and

water solution.

Do not touch the power cord or network cable during a thunderstorm. There is a slight
risk of electrical shock.

Do not attempt to open the device. Consult your authorized dealer for repair.



11
1.2
13
1.4
15
1.6
16.1
1.6.2
1.6.3
1.6.4
1.6.5

2.1
2.2
221
222
2.23

3.1
3.1.1
3.1.2
3.2
3.3
3.4
3.5
36
3.7
3.8
3.9
391
3.9.2
3.9.3
3.10
3.11

4.1
4.2
4.3

Table ofContents

INTRODUCING C58/C58P VOIP PHONE ......cuttiiiiiiiiiiiiiieeeecceetieeieeeee e ee e e e e 7
THANK YOU ..etttiieeeeiiie e e e eeiie e e eeeee e e aata e e e e e aat e e e e es b aaa s e e e e es b eeeees b seesssnmmnsenneeeeesnnnaanens 7
2T 00N 1 =1 T PSP V¢
07 1Y o PRSP 4
INPUT/OUTPUTPORTS. .. ..ottt it e e eeeeiie s e e e e e e e et e ettt mmme e e e s e e e e e e e e e eeaannneaees 8
ICONINTRODUGCTION. ... tttttttieeeeetiteeesesimmmssteeeeesstseeesstan e aaaaessessanaaesestanseesesssnmsneaees 9
LED INTRODUCTION ... .ittttitieetettiieeeeesimmmsasaeeeesasteseaesstnseaaeneessssnaaesastnnsaesessnnansees 10
Programmable key LEDS fOr BLE............ouiiiiiiiiieeeiecce e 10
Programmable key LEDS fOr PreSENCE........coiiuuiiiiiiiiieeeeiieee e rmmee e 10
Programmable KEKEDS fOr MWI ........coooiiiiiiiiiiiieeeie e 10
Power Indication LED (Power Light Enabled).............coooiiiiieeciiiee i 10
Power Indication LED (Power Light Disabled)...........cooouiiiiiiiicciiiiee e 10
INITIAL CONNECTION A ND SETTING ......cooiiiiiineieveeee s 10
CONNECTING THE PHONE. .. cetttuuieeeiitieeeeettimmtnseeseataseessattnaessennsestansaesestnnaesessnnsannes 10
NETWORK SETTINGS ... etittiueeeettiieeseatimmmtenseesestanaessattaaesseaneestanaesestnnaeseesnnsaaansaeseen 11
PPPOE MOUE.... ...ttt eeee ettt e e e e e e emnen e e s e e e eeaaaaeens 12
SEALIC IP MO, e e e e e e e e e e e et e nne e e e e aeeaaaaaas 12
DHCP MO .. et e et eeee e e e e e e ettt e e e e e e e emaenaeseaeeeaaaaeens 13
BASIC FUNCTIONS ...ttt eee e e e ae e e s 14
IMIAKING A CALL e.vvttutuuieieeeeeeeeeeeeetieeaeeeeeeeesetata e e s eeeesaaaasaseaaeaaasesessssssasnnn smnssrnsannnnses 14
(O 1| I D11V (o PO PSSP 14
Call MEINOAS........ooeeeieece e e e e e e e e e e e e ne e e e e e e aevsaaaaas 14
ANSWERING A CALL. .. .eeeieiieeeetiett e s et e e s e e e e e e e e e eeeess e aneeeeeeaesbaba e e eaeeesanansaeaeens 14
DONOTDISTURB (DND) ....ctiiiieiiiiiiite ettt ettt e e e 15
(O I 0] = 3 15
L I - [ 1 o N 15
(O I VY1 i [N TSRS 15
CALL WAITING TONE-. . .ettuuieieeitiie e e ettt aeeeseeeeetataeeeeastaseesssemmsesa e eesasannseeeastnnseanneeeenes 15
O P 16
(O I =N N ] = = PP 16
2 [T a T I = 101 (=T SO U O UUPPPRRR 16
P (=] Lo L= I I = T 1S (=T PO O OO PO 16
SEMIALENAE TrANSTEL. ...ttt e eee et 16
3-WAY CONFERENCE CALL. .. .ettttuuieeeeeiuueessssimmmteneeeestnnaseessnneeeseensesssnneeeessnneeeeessnnnns 16
IMULTIPLE=WAY CALL 11ttutueieeeeeieeeeeeettttaimmmsessatsasanseseaeaesessssrnaeeesessssssstssannseeeeenannaess 16
ADVANCED FUNCTIONS ..ottt e e 17
(O I =101 2 17
JOIN CALL 1uuuteiieeeeeeee ettt et e e s e e e e e e e e e e e eeetenaeesee e e e sebbab e seeeeesaanaasasaeaaaseseensreres 17
REDIAL / UNREDIAL ....iieieeieeeeeeeietite sttt a e e e e e e e e e eeeeeasbenneeseesessabaaa e eseeeessaaeaesens 17



4.4
4.5
4.6
4.7
4.8
4.8.1
4.8.2
4.8.3
4.8.4
4.9
4.9.1
4.9.2
4.9.3
4.9.4
4.9.5
4.9.6

51
5.2
53
54
5.5
5.6
5.7
5.8
5.9
5.10
511
5.12
5.13
5.14

6.1
6.2
6.3
6.3.1
6.3.2
6.4
6.5
6.6
6.7

CLICK TO DIAL .ttt et e e et ettt e ee e et e e e et te et a s e e e e eaea s e e e e e aeeeeeeeetnbbasnmmmeeebnbnannaas 18
CALL BACK ittt e ettt ettt oo oo 22 e e e e ettt teeeeeeeeeeeae b bbb e e e e e e e aaaaaaeeeaeaeaaeeeeanes 18
AUTO ANSWER ...ttt et a e e e e e e e e e et et et ettt mmme e e b bt baa e e e e e e aeaeeeeennneeeaaaeeeennne 18
HOTLINE/MVARMLINE ...cettttteiieeee e e e e e e e st e e e e e e e e e e e e e e e e e e e e s s e s s et beneeeeeennssnnns 18
F N o I o7y o ] N PSP 18
RS TSP PPRP: 18
1T 0 o TP PUTPPPRPRN 18
VOICE MAUL..cciiiieeeeee ettt e e e e e 18
1T PP PPTP PP 19
PROGRAMMABLE KEY CONFIGURATION. .....citttttttttuuaaaeeeaaaaaaaaseeaaeeeeessssssnnnnssamessnnnnns 19
MEMOIY KBY...iiiiiiie ittt r e e et e e e e ennr e e e e e e e e s 19
LTI ettt et et e e e e e e e et e e e e e ———r e e e e e e e e e e s aa e nnnaaereaeaes 19
KBY EVENL... .t eree e e e e eenne 19
D I PPN 20
0 ST 20
N[0 o PO P T PPPPPPPPRPRPNE 20
OTHER FUNCTIONS ...oiiiiiiiiiiiee ettt ettt e st a e e e st e s e 20
AUTO ANSWER. ...ttt ettt e ettt e e eee et e ettt s e e e e et smee s e et eeban e e e teeban s e e e eebmmmebna e eaeeenns 20
AUTO HANDDOWN ..ottt eee ettt ettt e et e e et e e e e e e et e e e s eenneernnnns 21
BAN ANONYMOUS CALL ..iiiiiiiiiiiiiiiiie st a e s e e e e e e e e e eeeeabsbemneeeeesbabbsn s e e e eeaeeeanas 21
=Y N @ 8y cTe ] N ST 21
[V Y SR 21
DIAL PEER. ¢ttt e e e e e ettt tee e e e et et ettt e e e e e e e eaaaa e e e e e e eeaeaeaeeanae 21
INTERCOM. ..ttt ettt e ettt e e e e et e e e et e et e e et ee b s e eaneeeeesbn e e e eeeannes 21
AUTO REDIAL ..ttt eee e e e e et e e e e e ebb e e e et enb e e e eenaa e as 22
(O NI o0 Y 1 1 = N R 22
RING FROMHEADSET ...ttt ettt ettt ettt seeee s e e e et s e et et e e e eebmmmeaans 22
POWER LIGHT ..ttt ettt e et e et e et e e e e et e e e et enb s eeaeeeeeeban e eaeees 22
HIDE D TIME ..ottt e e e e e e e e e e e e e eeanaaeeeeeeeeaesnnnnnnn 22
PASSWORDDIAL ...ccvtteeeeette et ettt e e et emme e e ettt e e e e e aab e aea e e e e eba s 22
PREDIAL ..ttt ettt ettt ettt e et e e et nene e et e eeee e e e eee 23
BASIC SETTING ..ottt ettt ettt e e smne e s sttt e e e e e s st e e e e e samneeeeane 23
KIEYBOARD ... etttti ettt e e et ee e ettt s e e et e b r e e eeeee e e et e e et e e b e e ettt rmna e e e e e ta e aeeaaas 23
SCREENSETTINGS ... it eetettieeeeittete e s saemtsteaa s e e s eeeeeeeeeeeasennneeeeeeeansssnnn i aeeeeeeeannnsseeeeeees 23
1N LTS = 1 24
RING VOIUME. ...ttt et s re e e e e e s aaees 24
Lo T 1Y 1= P PPPPOTPPRPR 24
VOICEV OLUME ...ttt ettt ettt e e et s e e e ettt s e e et eemme e e e e ettt e e et e et s e eaneeeeeeannneeeen 24
TIME & DATE ittt ettt e e e e et e e e e e et e e e e e e b b e e e b 24
GREETINGWORDS. ... e cieieeeeeiieiet s s st s s s e e e e e e e e e eeeeaenmneeeeeeeansnsnnanaaeeeeeeannnseeeeeees 25
LANGUAGE ...ttt ettt e ettt ettt e ettt b e e teeee e e et s e et e et r e e e et b smee s e e e e eaaa e e e eenaen 25
ADVANCED SETTINGS ....oiiiiiiiiiiiie ettt teeeiee et e e anetae e e e e s anebeeaaeesnnnees 25



7.1
7.2
7.2.1
7.2.2
7.2.3
7.3
7.4
7.5
7.6

8.1
8.1.1
8.1.2
8.2

8.3

8.3.1
8.3.11
8.3.1.2
8.3.1.2.1
8.3.1.2.2
8.3.1.2.3
8.3.1.2.4
8.3.1.3
8.3.14
8.3.2
8.3.21
8.3.21.1
8.3.2.1.2
8.3.2.1.3
8.3.2.2
8.3.2.3
8.3.24
8.3.25
8.3.2.6
8.3.3
8.3.31
8.3.3.2
8.3.3.3
8.3.34
8.3.4
8.34.1
8.3.4.2
8.3.4.3
8.3.4.4

GEINERAL. .ttt e e ettt te e et ettt ettt et e e 4o 2422 22aaa s e o e e e e e eeeeeeeeebabanamn e e b e e e e e e e e aees 25
A CCOUNT Lttt et oo oo oo e e et e ettt e e ee e e et eeebe bt bb e e e e e e e aaaaa e e e e eaaaaaeeeeernre 25
BaSIC SOIINGS.....eteeeiiee ittt ettt et 25
ATVANCEA SELLNGS. ....oeeeeieie ettt ettt eeame e et e e e e s sbb e e e e esameeeeeaae 26
SEIVICE COUEB....eeiiiiiiiieie e teee ettt e e e s s nnnrannbeeee 26
INETWORK. ...ttt ettt eeee e e e oo e e e et e ettt beb e emmme e bt bb s e e e e e e e et e eeeetnneeeeeeeeesnbbnbnnnnnas 26
SECURITY .ttt oottt et ettt ettt e e oo e 2 e ae e e oo e e e e e e e e e eetebebbas e e bebn e e e e e e e aeeas 26
IVAINTENANGCE ...ttt eeeettttt e et e e oo e e e e et e ettt et e b et e ee s baba e s e e e e e aaaeeeannneeaaaeeeennnns 26
A CTORY RESET ...ttt ittt oottt ettt e e eeaea s e e e e e e e et e eeeebbab s smmen bt as 27
WEB CONFIGURATION .ottt eitiiresiie et e e et enestseee e e e s snnbneeeaeeanes 27
INTRODUCTION OF CONFBURATION .....uuiieeeeeieieeeititstimmmeeesssssnnaaeeeeaeaeesannnsaaasaeseeenns 27
Configuration MEtNOUS..........coiiiiiiiiii e 27
Password CONfIQUIALION. ...........eiiii ittt 27
SETTING VIAWEB BROWSER ....eiiiiiiiiitttitii e eeeasis s e s e e e eaeaeeeesssbesmmmeesesbsbasaaaeaeeeeeeas 27
CONFIGURATION VIAWEB ......utiiiiiiiie ettt 28
BASIC .. r—— et e e e ana—— e e e e e e e e e e nnnres 28
T = LU TSSO TUPTPPRS 28
LAY o P EUUPPRRRRR 29
53 = LT o 1 S PPPERERRT 30
D T PRSPPI 30
e 0 PPN 30
QUICK SIP SEIINGS. .. eettieiiiiiiiiee et e ettt e et e s et e e e e e ne e eenes 31
(0= 1| I o o T PSPPSRI 32
LANQUAGE. ......eeeeeeeiritee ettt e e e e et e e e r e e e et e e e s 32
N = Y PSP 33
WAN CONFIG .ttt ettt e et e b e e e e e snnbeeas 33
53 = LT o 1 PP 34
] o [ P 34
e 0 34
LAN CONTIg . ettt ettt ettt 35
QOS & VLAN CONFIG.cttiiiitiiiiiie ittt 35
Y= Vo= TN = o o SRR 38
D] o O ] o 8 U 39
[ | 41
SIP CONfIQUIALION. ......eeiiiiee it smmee e 41
LA K 2 e ———r et e e et e e eetn————— e eraa e aran e 46
Y I8 1IN O] | o PP PP P RRTPPRPRRIY ¥ 4
D I el P 48
L 70 1= TSR 51
2L 1 10 PP 51
e N S 53
D I T | S 56
(L@ ] N 7Y 58



8.3.45
8.3.4.6
8.3.5

8.3.5.1
8.3.5.2
8.3.6

8.3.6.1
8.3.6.2
8.3.6.3
8.3.6.4
8.3.6.5
8.3.6.6
8.3.7

8.3.7.1
8.3.7.2
8.3.7.3
8.3.7.4
8.3.75
8.3.8

9.1
9.1.1
9.1.2
9.13
9.14
9.2

REMOTE CONTACT . ... ttii ettt ettt reee ettt e sttt e e s eessbeaesbbeeesnnneaesnnbeesnee e 60
WWEB DIAL ..ttt ettt ettt sttt e et e s st e e e kbt e s smme bt e e e enbee e e snees 60
FUNCHON KEY.... ettt ettt et e e beenab e e e e e e nnees 61
FUNCHON KEYS......itiiiiieeitt ettt snmme e s ennnnee e 61
0] 11205 £ PP T PP PO PUPUUPPPPPPPPIPIY 62
Y= U g1 (=T o= g Lo T RPN 63
AULO PrOVISION. ..ottt e ettt e eeaesssebbebbeseeeeeeeeeeeeeeseessseseeeeeneesd 63
)] (o U PP UTTP O PP PPPPPRPPPPPRPTN 65
CONTIG SEIING. ..eeee ittt eeeer e e b eneree e e e s e nanned 67
UPAALE... ettt e et e e r e b e e e e nn e e e e 68
oo TSSO PP PUUUPPPPUPPTTPPRPRRRRRROY 4 O
=] oo o) A URTPRPRRY 41 |
S T=Tol 0 1 SO PP PO PPPP PP 71
WEB FILTER ...ttt eeet ettt sme e et e et e e sa b eeme e snee e e s anneeas 71
12300 || PP R 12
Network Address Translation (NAT)........oeiiiiiiiiireei e 73
Y4 2 PSPPSR 75
S T=Tol 0 1 SO PP PO PPPP PP 16
oo o 11 | SO PP PPTOPPPPPPPPPPPPPRRY 4 o
SPECIFICATION .. 1tttttteeett ettt e e e e e e e e et sttt et e e e e e e e e e e e s e s s e e ee e e e e e e s e e s s a e r e s e e e s sannnnrnne 7
[ F= L0 AT T P UEUR PP 77
VOICE FRAIUIES.....coiiiiiiie ettt r e e e e nnnnenes 17
NEIWOIK FEALUIES... ...ttt e e e e e e eeeens et ee e e e e e eeeeeeeeeeseseeeeeees 79
Maintenance and MaNAgEMENL . .........uuuiiiieiiiiereiie ittt re e e e e seeeeeeeas 80
DIGIT-CHARACTER MAP TABLE ......utttieiiittiteeeesaiieeeitsseeeesssntstseeaessasiennsssseeeeesannnsseeeas 81



1 Introducing C58/C58PVolP Phone

1.1 Thank you

Thank you for purchasing the58/C58Pvoice Over Internet Protocol (VolP) telephone.

The C58/C58Hs a fully featured telephone that provides voice communication over the data
network. This phone has all the features of a traditional telephorgivaaséccess to many

data service featurehe CB and CBP are identical except that th&& can be powered

via Power over Ethernet (PoBhis guide will help you easily use the various features and
services available on your phone.

1.2 Box Contents

The following items should be packed with your telephone. Please contact your dealer if
any of them are missing.

Telephone (Main body) with display and keypad

Handset

Handset cord

Power supply

Ethernet cable

1
1
1
1
1

1.3 Keypad

Key Key name Function Description
These keys are used in many areas of phone operation.
Depending on the applicat they will have different

S -
N t
' [ oK | ‘ avigation functions.
hC - They may be configured through the web page.

Use this key to access tphone book Records may then

Directory be displayed, edited or deleted. New records may also
added. To exit Phone Book mode, press atd this key.

Mute During a call press this key to prevent the distant party fr
hearing the conversation. The distant party will still be

7



heard.

B \olume-/+  Adjustthe volume by pressing these two keys

Redial L
edia When off hook, this will dial théast called number.

In standby mode,it will check the Outgoingall.

Speaker :
P Activate speakerphone made
phone

Indicata
light This light blinks to ndicatea missed call

CI D D G Various functions depending on the phone mode.

Description will be sﬁown ir?LCD i
Soft key1/2/34 '
History View MissedCalls, Incoming Cak and Outgoing Cadl
B Keyboard Dial phone numbers
#SEND
Various functions which can be configured in the web
DSS keys _ .
- s interface. See Section 8.3.5.

1.4 Input/Output Ports

Port Port name Description

Power switch Input: 5V AC, 1A

. WAN 10/100M Connecto Network




LAN 10/100M Connecio PC

Headset Pat type: RJ9 connector
-
Ill Handset Port type: RB connector
|
1.5 Icon Introduction
Icon Description
P Call out
Y _ SN Call in
Ka>
Call hold

Auto answer

Call mute

Contact

DND(Do not Disturb)

gr=me

In hand freeamode

-
2l
—

In handset mode

In headset mode

SMS

Missed call

Call forward

3G [ 2"




1.6 LED Introduction

1.6.1 Programmable key LEDsfor BLF

LED Status Description

Steady green The objecis idle.
Slow blinking red The objects ringing
Steady red The object is active.
Fast blinking red The objechasfailed.
off Not subscribel.

1.6.2  Programmable key LEDsfor Presence

LED Status Description

Steady green The objecis online.
Slow blinking red The objects ringing
Steady red The object is active.
Fast blinking red The objechas failed.
Off Not subscribe.

1.6.3 Programmable key LEDsfor MWI

LED Status Description
Blinking Green There are new voice mails
Off There is no new voice mail.

1.6.4  Power Indication LED (Power Light Enabled)

LED Status Description

Steady red Power on.

Blinking red There is an incomingall.
Off Power off.

1.6.5 Power Indication LED (Power Light Disabled)

LED Status Description
Blinking red There is an incoming call
2 Initial Connection and Setting

2.1 Connecing the phone

1. Connect to the network. Use the Ethernet cable in the package to citneni&&N port

10



on the back of your phone to an Ethernet port. The following two figures show
connection options.

a. Direct network connecti@h This method requires at least one available Ethernet port.
Connect the WAN port on the back of your phone to therBéteort. Since the phone
has a builin router, it can be connected directly to the network.

b. Shared network connectidnJse this method if you have a single Ethernet whith is
already in use. Bconnect the Ethernet cable from Eihernet port ad attach it to the
WAN port on the back ahe phone.Thenuse the Ethernet cable in the package to
connecthe LAN port on the back athe phone tahe other devicerhelP Phonenow
shares a network connection

; Internet @ H
W ADSL / Cable

Modem

S

Internet _ %
W ADSL /7 Cable

Modem C58

2. Connect the handset to the handaekjusing the handset cable in the package.

3. Connect the power supply to the DC port on the back of the phone. Connect the
power supply to a standard power outlet. Note that the power supply will not be
needed if your network provides Power over EtherneEjP

4. The phoneds L CINITSAEIZIMGON. dLi astpdra,ysa fir eady scr e
the date, time and current network mode.

If your LCD screen displays different information from the abowereinformation may
need to be entered Please refer to thaext section. If your phone registers into your IP
telephony Server, it is ready to use. If not, continue to read for more configuration
information.

ADSL / Cable Broadband
Modem Router

2.2 Network Settings

DHCP is supported by default. This allows the phone to receive an IP addresseand
networkrelated settings (Netmask, IP gateway, DNS server) from the DHCP servea If

DHCP server is available, tmetwork connection settingsust be changed Follow the
11



instructions below to change to either PPPOE or static IP.

2.2.1 PPPoEMode

Presghe MENU softkey.
Scroll down tofi3. Settingd
Press OK.
Scroll down tofi2. Advanced Settings.
Press OK.
The LCD will di splay Al NPUT PASSWORDOG.
Input the password (default value is 123).
Press ENTER.
Scroll down toi2. Networko
. Press OK.
. Press OK to select WAN Settings.
. Scroll down taf4. PPPoE Settings.
. Press OK.
. Use the keypad to enter the User Name.
. Press SAVE softkey.
. Press DOWN ARROW.
. Use the keypad to enter the Password.
. Press SAVE softkey.
. Press DOWN ARROW.
. Use LEFT ARROW oRIGHT ARROW to enable PPPoE.
. Press SAVE softkey.
. Press BACK softkey to return to the WAN Settings screen.
. Press UP ARROW or DOWN ARROW to scrollfib. Connection Mode.
. Press OK.
. Use LEFT ARROW or RIGHT ARROW to sele?PPoED
. Press SAVE softkey.
. Press BACK or EXIT 6 times to return to idle screen.
. Disconnect and reconnect the power supply so the phone will reboot and apply the new
settings.

© o Nk wWDdDE

NNRNNNNNNNRRRRRRERRRRPR
0 ~NOoOUAsNWNRPEPOOONOOUMWNLERDO

2.2.2 Static IP Mode

Presgshe MENU softkey.

Scroll down tofi3. Setting

Press OK.

Scroll down tofi2. Advanced Setting8s.

Press OK.

The LCD will display Al NPUT PASSWORDO.
Input the password (default value is 123).

Press ENTER.

Scroll down tai2. Networko

© 0Nk WD
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10.
11.
12.
13.
14.
15.
16.
17.
18.
19.
20.
21.
22.
23.
24.
25.
26.
27.
28.
29.
30.
31.
32.
33.
34.

Press OK.

Press OK to select WAN Settings.

Scroll down tofi 2Static IPSettingso

Press OK.

Use the keypad to enter tHeAddress

Press SAVE softkey.

Press DOWN ARROW.

Use the keypad to enter tBebnet Mask
Press SAVE softkey.

Press DOWN ARROW.

Use the keypad to enter tBateway Address
Press SAVE softkey.

Press DOWN ARROW.

Use tle keypad to enter tHeNS 1 Address
Press SAVE softkey.

Press DOWN ARROW.

Use the keypad to enter tB&S 2 Address if desired
Press SAVE softkey.

PresBACK softkey.

Press UP ARROW or DOWN ARROW to scrollfib. Connection Modé.
Press OK.

Use LBFT ARROW or RIGHT ARROW toselet St adbi ¢ | P

Press SAVE softkey.

Press BACK or EXIT 6 times to return to idle screen.

Disconnect and reconnect the power supply so the phone will reboot and apply the new
settings.

2.2.3 DHCP Mode

© 0Nk WD

e el e ol =
O N WNEREO

Press the MENU softkey.
Scroll down tofi3. Setting

Press OK.

Scroll down tofi2. Advanced Settings.

Press OK.

The LCD will display Al NPUT PASSWORDO.

Input the password (default value is 123).
Press ENTER.
Scroll down tofi2. Networko

. Press OK.

. Press OK to select WAN 8mgs.

. Scroll down tofi 3DHCP Settingso

. Press OK.

. Use LEFT ARROW or RIGHT ARROW tenable or disable DHCP DNS.
. Press SAVE softkey.

. Press DOWN ARROW.

13



17. Use LEFT ARROW or RIGHT ARROW tenable or disable DHCP Time.

18. Press SAVE softkey.

19. PresBACK softkey.

20. Press UP ARROW or DOWN ARROW to scrollfib. Connection Mode.

21. Press OK.

22.Use LEFT ARROW or RIGHT ARROW to selet@tD H © P

23. Press SAVE softkey.

24. Press BACK or EXIT 6 times to return to idle screen.

25. Disconnect and reconnect the power supply sotioag@will reboot and apply the new
settings.

3 Basic Functions
3.1 Making a call

3.1.1 Call Device

Calls can be made using three different devices:

1. Handset Pick up the handset The & icon will be show on the LCDscreen.

2. SpeakerphonePress the Speaker buttonThe i icon will be show on theLCD
screen.

3. Headset Press the Headset buttdrheicon iy will be shownin theLCD
screen.

The number may also be dialed first. Then the method of speaking can be chosen.

3.1.2 Call Methods

Press aravailableline buttonthenuse me of the following methods to place a call.
1. Dial thedesiredhumberusing the keypad
2. PresgheHistory softkey Use the navigation buttons to highlighe number to call.

Use theLEFT ARROW or RIGHT ARROWo choose Missed Calls, Incoming Calls and

Outgoing Calls.
3. Press the RDIAL button toredialthe last number called.
4. Pressaprogrammable key whichas been configuremsa speed dial button.
5. Press he Dialsoftkey to make the call if necessary.

3.2 Answering a call

If the phone is idldijft the handsg pressthe Speakebuttonor Answer softkey to answer
using thespeakephone or press the headset button to ansugengthe headset.

If the phone is in us@ress the answer softkey.

During the conversation, you can alternate betwmeamsetHandseand Speaker phone by
pressing the corresponding buttons or picking up the handset.
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3.3 Do Not Disturb (DND)

Presshe DND softkey to active DND Mode. Newincoming calls will be rejected and the
displaywill show: EHO icon. Presshe DND softkey twice to deactate DND mode.
Incoming calls will be stored in theall History.

3.4 Call Forward

This feature allows forwaidg an incoming call to another phone number. The display show

L_" icon.

The following call forwarding events can be configured:

Off: Call forwarding is deactivated by default.

Always: Incoming calls are immediately forwarded.

Busy: Incoming calls are immediately forwarded when the phone is busy.
No Answer. Incoming calls are forwarded when the phone is not answered
after a specific perih

To configure Call Forward via Phone interface:

1. Press Menu>Features>OK>Call Forwardng->OK.

2. Select the line to be forwarded.

3. Use LEFT ARROW or RIGHT ARROW to selebisabled Always, Busyor No Answer.

4. After choosing a mod@except Disabled pressDOWN ARROW and theenter the
phone numbefor forwarding.

5. Press Save to save the changes.

3.5 Call Hold

1. Press the Hold softkey to pilite active call on hold.

If there is only one call on hold, press theld softkey to retrieve the call.

3. If thereis morethan one call on hold, press the line button, and the Up/Down button to
highlight the call, then press tiResumebutton to retrieve the call.

N

3.6 Call Waiting

1. Press Menu>Features>Enter>Call Waiting>Enter.
2. Use the navigation keys to adieor deactivatecall waiting.
3. Press BVE to save the changes.

3.7 Call Waiting Tone

1. Press Menu>Features>Enter>Call WaitingTone>Enter.
2. Use the navigation keys to adteor deactivatecall waitingtone
3. Press BVE to save the changes.
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3.8 Mute

When theMute buttonis presedduringa conversationthe L icon will be show in the

LCD. Thedistant party will not hear the party on t68/C58Pbut the distant party can
still be heard
PresdMiute again toreturn tonormal conversation.

3.9 Call transfer

391 Blind Transfer

During a onversation, mss theXFER key dial the numbeto which the call is to be
transferred followed by#"' and then hang up

3.9.2 Attended Transfer

During a conversation, predge XFERkey, dial the numbeto which the call is to be
transferred followed by#"' and pres$end After the third party answers, pre3$-ER to
complete the transfer.

NOTE: Call waiting and all transfemrmust be enabled.

NOTE: The SIPservermust support RFC3515

3.93 Semi-Attended Transfer

During a conversation, predse XFERkey, dial tle humber to which the call is to be
transfered Then press the Sendftkey. When the third party phone begins to ripgess
XFERto complete the transfer.

NOTE: Call waiting and all transfermust be enabled.

3.10 3-way conference call

Presshe QONF sdtkey during an active call.

The first callwill be placed on hol@nd dial tone will be heard.

Dial the number tde added to theonference

Press Send.

When the call is answered, preSSNXIFto add the caélrto the conference.
To release the conferengeess BLIT.

R o

3.11 Multiple -way call

To add a fifth party to four active calls
1. PressCONF oftkey or XFERsoftkey
2. pPressOK
3. Enter the number
16



4. Press Send and wait for the other partanswer.
5. Usethe arrow keys to select a call.

4 AdvancedFunctions

4.1 Call pickup

This allows a third party to answer a call by dialing a code. For exafpéls B, but
there isno answer C can go off hoald i a | a code plus B6és number, a
The following chart shows how to configuigs in the dial peer scree

Humber Destination Port Mode Alias Suffix Deleted Length
*1*T 0.0.0.0 5060 SIF rep:pickup no suffix 3

*1* is thecode After savingthe above configuration, C calial *1* plus B phone number
to pick up As call. The prefix can be set to anything the user desires that does not interfere
with other dialing rules.

4.2 Join call

This allows a third partto join an existing call. For example:Bfand C are on a caly can
join by dialing a code plus the number for B or C. This assumes that B or C also support
Join Call.

The following chart shows how to configutes in the dial peer screen.

Murnber Destination Paort Mode Alias Suffix Deleted Length
woET 0.0.0.0 5060 SIP rep:joincall o suffis ]

*2* is thecode After savingthe above configuration, A catial *2* plusthe number foB or
Cto join B and @ call.The prefix can be set to anything the user desires that does not
interfere with other dialing rules.

4.3 Redial / Unredial

If B is on a call when Aalls A will get busy tone. If Awantsto connecto B as soon as B

is available he can uséheredial function To use this featur e, A di al s
number

When the redi al function i s actOisecantse d, A wil |l

When B is available, Abds phone wil/l ring. Wh e

automatically. If A does not want to call B, the redial function can be cancelled by dialing a
prefix plus B6s number.

MNumber Destination Port Mode Alias Suffix Deleted Length

*A*T 0.0.0.0 S060 SIF rep:redial no suUffix el

FAFT 0.0.0.0 5060 SIF rep:unredial no suUffix 3
*3* is the redial prefix code. Axn di al *3* plus BO&s phone numbe.
function.

*4* is the unredial prefix code. A can dial *4* to cancel the redial function.
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The user can select any prefix as long as it does not interfere with dialing rules.

4.4 Click to dial

If User Abrowses 0 User B&6s phone number or SIP address
User Ads p h oAfter hewoek dff hagkhe pdnonewill call UserB.
Noté Thisfeaturerequires that the PBX support click to dial

4.5 Call back

This functionwill redial the last received call

4.6 Auto answer

If this feature is activated, the phone will answer incoming calls after a programmable delay.

4.7 Hotline/Warmline

This featurewill cause the phone to place a call to a programmed number whenever it goes
off-hook. A different hotline number can be set for each SIP line.

4.8 Application

48.1 SMS

1. Press Menu>Applications>Enter>SMS->Enter.

2. Use the navigation keys to highlight the optiai®ssage can be reaith the
Inbox/Outbox.

3. Press Reply to replio amessage Usethe 2aB softkey to change the Input Method
After entering the replypress OKuse the navigation keys to select the line from which
you want to send, thegressSend.

4. Towrite anewmessage, press Nelsethe 2aB softkey to change the Input Method
After entering the replypress OKuse the navigation keys to select the line from which
you want to sendandpressSend.

5. To deleteamessage, press DelYou have three djns to choose: Yes, All, No.

4.8.2 Memo

Memos can be recorded in the phone as reminders.

Press MemnwrApplicationr>Memo->Enter>Add.

Options for Mode, Date, Time, and Ring Tone can then be configured. The reminder text
can also be enteredWhen the configurain is completed, press Save.

4.8.3 Voice Mall

1. Press MemrApplication>Voice Mail->Enter.
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2. Use the navigation keys to highlight the line for which you want teceemail.

3. Press Edit

4. Usethe navigation keyto enable voicemail.

5. Input thenumber. PresgaB sofkey if necessaryo changethe input method.

6. PressSave to save the change.

7. Tohear anew voicemailpressthe Voicemail softkey. Then pess Dial It may then be
necessary to enter a password.

4.8.4 Ping

1. Press MemnwApplication>Ping>Enter.

2. Enter the IP Addrss to be pinged.

3. Press Start

4. Di splay will show APing | P Addresso

5. After approximately 5 seconds, the display wi
AFailedd is the ping is unsuccessful

4.9 Programmable Key Configuration

The phonéhas4 programmable keywhich can be set to various functioi$ie functionsare
discussed in the following sectionsThe default configuration for each keyNsnewhich
means the key hamwt been set for any function.

To configure any function

1. Press MemwrSettings>Basic ®ttings>Keyboard>DSS KeySettings
2. Choose Lin&Key Settings or Function Key Settings

3. Use the UP ARROW or DOWN ARROW to choose the key.

4. Use LEFT ARROW or RIGHT ARROW to choose the function

49.1 Memory Key

1. Use the UP ARROW or DOWN ARROW keys to move th Te
2. Enter the number to be stored.
3. Press SAVE.

4.9.2 Line

Access a SIP or IAX2 line registered to the phone.

1. Use the UP ARROW or DOWN ARROW keys to move to Line.
2. Use LEFT ARROW or RIGHT ARROW to select the Line.

3. Press SAVE.

49.3 Key Event
This subtype has many amts. They are listed below along with brief explanations.
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None

F_MWI i Message Waiting

F_DND7 Do Not Disturb

F_HOLDT Hold

F_B_TRANSFER Blind Transfer
F_PBOOKi Phonebook

F_REDIALT Redial

F_PICKUPI Call Pickup

F_JOINT Join a call

F_AUTOREDIALT Auto Redial On
F_UNAUTOREDIALT Auto Redial Off
F_CFWD:i Call Forward

F_CALLERSI CallList

F_FLASHT Flash

F_MEMOT Memo

F_RELEASE Releasé Drop call
F_LOCKI Locksthe keyad

F _SMSi Send SMS

F_HEADSETI Activate HeadseMode
F_LORI Call Back

F _POWERT Turn Power LED On or Off
F_SDTMFi Send DTMF

F_PREFIXi Enter prefix to be dialed. Ex: Access Code for outside line.
F_HOTDESKINGI Clearsall SIPinformation and registernew SIRnformation.

=4 =4 4 8 8 -8 -8 -8 -8 -8 -8 _2 _8 -2 -9 -9 -9 -9 -9 -9 -9 -9 -9 -2

494 DTMF

Dials a programmed number.

495 URL

Directly accessesr@mote XML phonebook.

4.9.6 None

No function.

5 Other Functions

51 Auto Answer

If this feature is enabled, the phone will answer a ringing line after a specified time.
1. PresdMenu->Feature-> Enter>Auto Answer> Enter.
2. Use UP ARROW or DOWN ARROW teelect line
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3. Use LEFT ARROW or RIGHT ARROW to Enable.
4. Use UP ARROW or DOWN ARROW to access time setting.
5. Use keypad to enter time in seconds

5.2 Auto Handdown

This is the time after a call ends before the phone returns to the idle state.
1. PresdMenu->Feature-> Enter>Auto Handdowr> Enter.

2. Use LEFT ARROW or RIGHT ARROW to Enable.

3. Use UP ARROW or DOWN ARROW to access time setting.

4. Use keypad to enter time in minutes

5.3 Ban Anonymous Call

If this function is enabled, the phone will block calls with no Caller ID information.
1. PresdMenu->Feature-> Enter>Ban Anonymous Calb Enter.

2. Chooséhe SIP Account from which tBan Anonymous Call

3. Press OK

4. Use LEFT ARROW or RIGHT ARROW to Enable.

54 Ban Outgoing

If this functionis enabledthe phone cannot make outgoing calls
Press Men ->Features> Ban Outgoing> Enter.

55 Dial Plan

1. PresdMenu->Feature-> Enter>Dial Plan> Enter.

2. The followingitems in the dial plan can be enabled or disalfedss # to Send, Timeout
to Send, Timeout, Fixed Length Number, Press # to Do BXFER, BXFEGrBnok,
AXFER On Onhook.

Note: It is recommended that Dial Plan be configured from the web interface.

5.6 Dial Peer

1. PresdMenu->Feature-> Enter>Dial Peer> Enter.

2. SelectAdd to enter the Edit interfacandinput information.

Note: It is recommended thdial Peerbe configured from the web interfaceRefer to
Section 8.3.3.4.

5.7 Intercom

Enables/Disables Intercom calls
Press Menu>Features> Enter>Intercom> Enter.
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5.8 Auto Redial

If Auto Redial is enabled, the phone will continue to retry a busy call. u$éesets the retry
interval and the number of times to redial. The user is also given the option to activate this
feature on each busy call.

1. Press Menu>Features> Enter>Auto Redial> Enter.

2. Use LEFT ARROW or RIGHT ARROW to Enable.

3. UseUP ARROW orDOWN ARROW toselect Interval and Times.

4. Press Save.

5.9 Call completion

This is similar to Auto Redial except that it detects the state of the called number before
making a new call attempt.

1. Press Menu>Features> Enter>Call Completior> Enter.

2. Use LEFT ARROWor RIGHT ARROW to Enable.

3. Press Save.

5.10 Ring from Headset

When this function is enabled, ring sound will be passed to a connected headset.
Press Menu>Features> Enter> HeadseRing -> Enter.

5.11 Power Light

This feature enables the power light at the ottd the phone.
Press Menu>Features> Enter>Power LED-> Enter.

5.12 Hide DTMF

This feature sets how DTMF digits are displayed after a callpsogress. For example,
dialing a PIN code to access banking information.
1. Press Menu>Features> Enter>Hide DTMF-> Enter.
2. UseLEFT ARROW or RIGHT ARROWo select one of the following 4 choices.
a) Disabledi All the digits will be shown on the LCD.

b) AliNone of the digits wild.l be shown on
c) Delayi The last digit entered will be shovior a short time and then replaced by
A*. o0
d) Last Show Thelast digit entered will be shown. Previous digits are replaced by
A*. o0

5.13 PasswordDial

This feature controls the display of dialed digits. When enabled, a password and length can
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be set.

ExampleA call is placed to 6625551212. Password is set to 662 and length is set to 3.
Display will show 662***1212.

Press Menu>Features> Enter>Passwd Diab Enter.

UseLEFT ARROW or RIGHT ARROWo enable the feature.

Use UPARROW orDOWN ARROW to move to Pefix.

Use keypad to enter prefix.

Use UPARROW orDOWN ARROW to move to Length.

Use keypad to enter Length.

Use BACK or EXIT to return to idle screen.

No ok wdhpE

5.14 PreDial

If this feature is enabled, digits dialed-baok will be transmitted when the phone goes
off-hook
Press Menu>Features> Pre Diat> Enter.

6 Basic Setting

6.1 Keyboard

=

Press Menu>Settings> Enter>Basic Setting> Enter>Keyboard>Enter.

There are fousets of keys which can be configured.

a) DSS Kewi Keys on the right side of the phone beside the Syphkne button or
Line Keys.

b) Programmable KeysArrow keys and OK key

c) DesktopLongPressed Action to take when Programmable Key is pressed and
held.

d) Soft Keyi Keys under the display

Use UP ARROW or DOWN ARROW andhEer toselect the key.

Use LEFT ARROW or RIGHT ARROW to select the function.

PressOK to save.

Use BACK or EXIT to return to idle screen.

N

ook W

6.2 Screen Sdings

1. PresdMenu->Settings> Enter>Basic Settings> Enter>Screen SettingsEnter.
2. The following items can be set.
a) Contrast Set the contrst of the LCD.
b) Contrast Calibratioi Set the level of contrast that the current contrast setting
provides.
c) Backlighti Enable or disable LCD backlight.
3. Press OK to save.
4. Use BACK or EXIT to return to idle screen.
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6.3 Ring Sdtings

6.3.1  Ring Volume

1. PresdMenu->Sdtings> Enter>Basic Settings> Enter>Ring Settings>Enter>Ring
Volume->Enter

2. Use LEFT ARROW or RIGHT ARROW to select the desired ring volume from the 9
choices. The phone will ring at the selected volume shortly after it is selected.

3. Press Save.

4. UseBACK or EXIT to return to idle screen.

6.3.2 Ring Type

1. PresdMenu->Settings> Enter>Basic Settings> Enter>Ring Settings>Enter>Ring
Type>Enter

2. Use LEFT ARROW or RIGHT ARROW to select the desired ring type. There are 9
standard types arluser types. Tdauser type can be configured from the web interface.
The phone will ring at the selected type shortly after it is selected.

3. Press Save.

4. Use BACK or EXIT to return to idle screen.

6.4 Voice Volume

1. PresdMenu->Settings> Enter>Basic Settingz Enter>\Voice Vdume->Enter.

2. Use LEFT ARROW or RIGHT ARROW to select the desired voice volume from the 9
choices.

3. Press Save.

4. Use BACK or EXIT to return to idle screen.

6.5 Time & Date

1. PresdMenu->Settings>Enter>Basic Settings Enter>Time & Date>Enter.
2. Use LEFT ARROWbr RIGHT ARROW!to choose Aut@or Manual If Auto is chosen,
the phone will get date and time information from a time server. The IP address of this
server may need to be entered. If Manual is chosen, the date and time must be entered.
3. Use UP ARROW or DOW ARROW to move to the following items. Use LEFT
ARROW or RIGHT ARROW to make selection.
a) SNTP Servei Time Server IP addre$sThis is the only item that must be
configured if auto is chosen.
b) Time Zone This is shown as an offset from GMT.
c) Formati DateDisplay format.
d) Typei Character used as delimiter in date display.
e) 12 Hour Clock If disabled, clock is 24 hour.
f) Daylight Saving Time
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4. Press Save.
5. Use BACK or EXIT to return to idle screen.

6.6 Greeting Words

This feature shows the words displayed in thesupgft of the LCD. Default

is VOIP PHONE.

1. PresdMenu->Settings> Enter>Basic Settings> Enter>Greeting Wore>Enter.

2. Enter the messagesing the keypad. It may be necessary to change the input mode
using the soft keys. Use DELETE to remove charaetedsO for space. Maximum
message length is 12 characters.

3. Press Save

4. Use BACK or EXIT to return to idle screen.

6.7 Language

PresdMenu->Settings> Enter>Basic Settings Enter>LanguageSet->Enter.
Use LEFT ARROW or RIGHT ARROW to choose English orrigisie

Press Save

Use BACK or EXIT to return to idle screen.

rowbdpE

7 AdvancedSettings

7.1 General

For all the items in this sectioRress Ment>Settings>Enter>Advancedsettings>Enter
and therenterthe password The default password is 128can be changed ihe web
interface.

7.2 Account

This dlows configuration of SIP account parameters. After selecting one of the three
available accounts, the following items may be configured.

7.2.1  Basic Settings

DisplayNamei Name send in Caller ID

Outbound Proxy SIP Outlmund Proxy IP Address
Registratiori Enable or disable registration for this account.
ServerAddress’ SIPServerlP Address

ServerPortT SIP Porti Default 5060

SIP Useri SIP User name

Auth Useri User namdor authentication

Auth Password Passwordor authentication

© No bk whpRE
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7.2.2  Advanced Settings

1. DomainRealmi SIP Domain

2. Dial Without Regsteredi Enable or disable dialing with no SIP registration

3. Anonymous’ Privacy Support. Choose RFC3323, RFC3325 or None

4. DTMF Modei Choose RFC2833, SIP_Info,-band, or Auto

5. Use STUNI Enable or disable use of STUN Server. If enabled, the IP address of the
STUN server must be entered.

6. Local Porti Local SIP Port Default 5060

7. Ring Typei Select ring type for this account. See Section 6.3.2.

8. MWI Numberi Number for Message Wang

9. Pickup Numbei Code for call pickup

10. Park Numbei Code for call park
11. Join Call Numbef Code to join a call
12. Missed Call Logi Enable or disable

7.2.3 Service Code

Sets the codes to be dialed to an IP PB¥ntableor disable the following functions
Modei Selects whether or not all these codes are active.

DND

Always CFWi Always Call Forward

Busy CFW- Call Forward Busy

No Answer CFW Call Forward No Answer

Anonymous

o gk wnNPRE

7.3 Network

Enter Network settings as discussed in Section 2.2.

7.4 Security

1. Menu Password Password to enter configuration menu.

2. KeyboardPassword If this feature is enabled, this password must be entered whenever
the keypad is used.

3. KeyboardStatusi Enable or disable key lock as described above.

7.5 Maintenance

See Section 8.3.6 for a detailegpkanation of each option. It is recommended that these
features be accessed through the web interface.

1. Auto Provisioni Select DHCP OptignPlug and Play, or Phone Flasin autoprovision.
2. TRO69i Enable or disable configuration via TR069.

3. Backupi Sekct Config Phoneboolor nonefor backup. File name must be entered.
4. Upgrade Select Image, MMI Set, BMF, Ring, Config, Bhonebookor upgrade. File
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name must be entered.

7.6 Factory Reset

Choose Yes toeturn the phone to factory defagéttings

8 Web Configuration
8.1 | ntroduction of configuration

8.1.1  Configuration Methods

There are three methods which can be used to configure this phone:
Phone keypad As discussed in previous sections
Web browser Recommenddway
Telnet with CLI command

8.1.2 Password Configuraion

There are two levelsf accessroot level and general level A user with root levelccess
can browse and set all configuration parameters, whiker with general level can set all
configuration parameters exceggtrver parameters f&P or IAX2

1 Default user with general level
A Usernameguest
A Passwordguest
1 Default user with root level
A Usernameadmin
A Passwordadmin

The default passworfdr thephone screen menu is 123.

8.2 Setting via web browser

Enter the phoneds | drofthevwkeb @avser. This assumeéshhatthapcd r e s s
and the phone are on the same subnet. Note: Internet Explorer, Firefox, Chrome, or Safari
are supported browsers.

If the P addresgs notknowni t can be di splayed on the phoneds

Menu->Status.

After enteing the IP addresshe following screen is displayed
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User:
Password:

Language: English

-

Logzon

vy

After configuring thdP phone remember to click SAVE under the Maintenance tab. If this
is not done, the phone will lose the maodifications when it is rebooted.

8.3 Configuration via WEB

8.3.1 BASIC

8.3.1.1 Status

STATUS

CALL LOG

Network

VAR

Connection Mode
MaC Address

IP Address

IP Gateway

Accounts
SIP Line 1

SIP Line 2
IAX2

OHCP
00:38:59:c5:1f:80
192.168.1.30
192,168.1.1

2201@192,168.1.2:5060
4143@192,168.1.4:5060
@:4569
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IP Address 192.1658.10.1
DHCP Service Enabled
Bridge Mode Enahled

Registered
Registered
Unapplied



Field Name Explanation

Network Shows the configuration information for WAN and LAN port,
including connection mode of WAN port (Static, DHCP, PPPoE),
MAC address, IP address of WAN port and LAN port, DHCP sery
status for LANport (ENABLED or DISABLED).

Accounts Shows the phone numbers and registration status f@ 3ie LINES
andl1 IAX2 server.

8.3.1.2 Wizard

WIZARD CALL LOG LAMGLIAGE

®
O
O

Network Mode

Static IP Mode
DHCP Mode
PPPoE Mode

Select the appropriate network modd he phone supports three network modes:

1 Static:The parameters of a StaticédBnnection must be provided by your ISP.

2 DHCP: In this modenetwork parameter information will be obtained automatically from a
DHCP server.

3 PPPoE: In this mode, you muestteryour ADSL account and password.

Refer to Section 2.2 for detailed informatiabout configuring the network parameters.
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8.3.1.2.1 StaticIP

If Static IP is selected, this screen will be displayed. Information provided by the ISP should k
entered.

STATUS WIZARD CALL LOG LANGUAGE

Static IP Settings

IP Address 192.1568.1.179
Subnet Mask 255.255.255.0
IP Gateway 192.168.1.1
DNS Domain
Primary DNS 202.96.134.133
Secondary DNS 202.90.128.08
Back Next

Click Back to return to the Wizard screen. Click Next to go to Quick SIP Settings
8.3.1.2.2 DHCP

After selecting DHCP and clicking NEXT, the Quick SIP Settings screen will appear. Click Ba
return to the Wizard screen. Click Next to go to the Summary screen.

8.3.1.2.3 PPPoE

If PPPOE is selected, this screen will appear. Enter the information providied ISP.

WIZARD

PPPoE Settings

Service Mame SN
User userlz3
Password TTITIIL
Back Mext

Click Back to return to the Wizard screen. Click Next to go to Quick SIP Setting.
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8.3.1.2.4 Quick SIP

Settings

WIZARD

Quick SIP Settings

Display Mame

Server Address 192.168,1.2
Server Port S0a0
Authentication User 2201
Althentication eene
Password
SIP User 8201
Enable Registration
Back Mest
Field Name Explanation
Display Name The name shown in caller ID.
Server Address SIP server address either |IP address or URI.

Server Port

SIP server port (usually 5060).

Authentication User

Login name or Authentication ID.

Authentication Password SIP password.

SIP User

Phone number.

Enable Registration

Submits registration information. Normally checked.

Click Back to return to the IRddress screen. Click Next to see summary screen.

WIZARD CALL LOG

WM
Connection Mode Static [P
Static IP Address 192.168.1.179
IP Gateway 192.1658.1.1
SIP
Server Address 192.168.1.2
Account 2201
Phone Mumber 8201
Registration Enahbled
Back Finish

Click Finishbuttonto save settings and rebootAfter thereboot,SIP calls can be made.

31



8.3.1.3 Call Log

Outgoingcall logscan be seen on this page.

Call Information

Start Time Duration Dialed Calls
Field Name Explanation
Start Time Start time of theutgoing call
Duration Durationof the outgoing call.
Dialed Calls Account protocol andline of the outgoing call.

8.3.1.4 Language

Language

Language Selection

Greeting Words

Greeting Words

English «

WOIP PHOME (0-12 character(s))

Apply |
Field name Explanation
Language Set the language of phaneEnglish is default.
GreetingWords The greetinglisplayed orLCD when phone iglle. It has a

maximum of P charactersDefaultis VOIP PHONE.
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8.3.2 Network

8.3.2.1 WAN Config

. WAN “ QoSE&VLAN ‘ SERVICE PORT ‘ DHCP SERVICE ‘ TIMEE&DATE I

WAN Status
Active IP Address 192.168.250.159
Current Subnet Mask 255.255.255.0
Current IP Gateway 192.168.250.9
MAC Address 00:a8:59:c6:05:e4
MAC Timestamp 20120220

WAN Settings

Obtain DNS Server Automatically Enabled [v]
Static IP () DHCP ® PPPoE O
802.1X Settings
User admin
Password senee
Enable 802.1X% O
Field Name Explanation
Active IPAddress The current IP address of the phone.
CurrentSubnet Mask The current Subnet Mask.
CurrentlP Gateway Thecurrent Gateway IP address.
MAC Address The MAC address of the phone.
MAC Timestamp Time the MAC address was obtained.

WAN Settings
The phone supports three network modes. These are also discussed in Section 2.2.
i Static: Network parameters must beéezad manually and will not change. All
parameters are provided by the ISP.
1 DHCP: Network parameters are provided automatically by a DHCP server.

1 PPPoE: Account and Password must be input manually. These are provided by
ISP.
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8.3.2.1.1 Static IP

If Static IP is chosen, the screen below will appear. Enter values provided by the ISP.

WAN Settings

Static IP ®
IP Address
Subnet Mask

DHCP O
192.168.1.179
255.255.255.0

IP Gateway 192.168.1.1
DNS Domain
Primary DNS 202.96.134.133

Secondary DNS

202.96.128.68

PPPoE O

Apply

8.3.2.1.2 DHCP

If DHCP is chosen, all configuration information will be provided by a DHCP server. Contact
the ISP to determine if DHCP is used.

8.3.2.1.3 PPPoE

If PPPoE is chosen, the scrdmiow will appear. Enter the information provided by the ISP.

WAN Settings

Obtain DNS Server Automatically Enabled [ v|

Static1p O DHCp O PPPOE ®
Service Name ANY

User userlz23

Password sssssess

Apply

Service Name IP Address or name of DSL Server
User DSL User Name or Login ID
Password DSL Password

After entering the new settings, click the APPLY button. The phone will save the new

settings and apply them. If a new IP address was entered for the phone, it must be used to
login to the phone after clicking the APPLY button.
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8.3.2.2 LAN Config

Im‘ LAN ‘ QOoSE&VLAN ‘ SERVICE PORT ‘ DHCP SERVICE ‘ TIMERDATE I

LAN Settings 0

IP Address
Subnet Mask
DHCP Service
MAT

Port Mirror

192.168.10.1
255.255.255.0
(Only works in the bridge mode!)

Enable Bridge Mode O
Field Name Explanation
IP Address LAN static IP.
Subnet Mask LAN Subnet Mask.

DHCP Service

Activate DHCP servefor LAN port. The phone must be reboote
for the DHCPserver settingo take effect.

NAT

Enable NAT operation

Port Mirror

Port Mirrorcan only be activateid bridge mode If activated, the
data stream from the WAN pag copiedto the LAN port of the
phone.

EnableBridge Mode

If Bridge Modeis activatedthe phone will nbprovide anP address
for the LAN port. Instead, theAN and WAN will be part othe
same network. If this is activated, clicking\pply, will causethe
phone wil reboot.

Note: WhenLAN IP or bridge mode status ishangedthe system will rebobt If bridge
mode is choserstaticLAN configuration will be disabledutomatically

8.3.2.3 Qos& VLAN Config

Thephonesuppors 802.1Q/P protocol and DiffServ configuratidsse of a VirtuaLAN
(VLAN) allows voice and data traffic to be separated.
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No VLAN

Network 1 2 3 4 :;Mad S\:::dw ntrans"mlts
Switch ~ cast frames to a
ITJ Lr] L\J ITI ports except the sending
port
Broadcast
Frame

& &

Chart 1

Chart 1 shows a network switch with no VLAN. Any broadcast frames will be transmitted
to all other ports. For example, and frames broadcast from Port 1 will be Pemts@, 3,
and 4.

Network switch
VLAN 2 retransmits frames
Network " S }”_‘4\ ———— only to ports on
Swltd) A ! i the same VLAN
d , with the sending

port

Broadcast
Frame

Broadcast
Frame

Broadcast
Domain

Chart 2 shows an example with two VLANSs indicated by red and blue. In this example,
frames broadcast from Port 1 will only go to Port 2 since Ports 3 and 4 are in a different
VLAN. VLANSs can be used to divide a network by resinigtthe transmission of broadcast
frames.

Note:In practiceVLAN s are distinguished by the usevifAN IDs.
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QoSaNLAN

Link Layer Discovery Protocol {LLDP) Settings

Enable LLDP

Enable Learning Function

Quality of Service (Qos) Settings

Enable DSCP
Audio RTP DSCP

WAN Port YLAN Settings

Enable WaAN Port WLAN
SIP 202.1P Priority

LAN Port VLAM Settings

LAM Port YLAN Mode

| Packet Interval{1~32600) 60 second(s)
=

] SIP DSCP 46 (0~53)
46 (0~53)

1] WAN Port WVLAN 1D 256 (0~4095)
1] {0~7) Audio 802.1P Priority 0 {0~7)
Follaw WAN - LAM Port WLAN 1D 254 (0~4095)

| Apply

Field Name

Explanation

Enable LLDP

Enable or Disable Link Layer Discovery Protocol (LLDP)

Packet Interval

The time intervafor sending LLOP Packed

Enable Learning Function

Enables the telephone to synchronize its VLAN data with the
Network Switch. The telephone will automatically synchroniz
DSCP, 802.1pandVLAN ID values even if these values diffe
from those provided by tHd_DP serve.

Enable DSCP Enableor Disable Differentiated Services Code Point (DSCP,
SIP DSCP Specify the value of the SIP DS@Pdecimal
Audio DSCP Specify the value of the Audio DSG@fdecimal

Enable WAN Port VLAN

Enableor Disable WAN Port VLAN

WAN Port VLAN ID

Specify the value of the WAN Port VLAN LD Range is
0-4095

SIP 802.1P Priority

Specify the value of the voice 8Qp priority. Range is 67

Audio 8021P Priority

Specify the value of the signal 8021.p priarityRange is 67

LAN Port VLAN Mode

Follow WAN: LAN Port ID is same ag/AN ID

Disable: Disable Port VALN

Enable:Specify a VLAN ID for the LAN port which iglifferent
from WAN ID

LAN Port VLAN ID

Used when the VAN ID is different from WAN ID. Range is
0-4095
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8.3.2.4 Service Port

Set the port Vaes for Elnet/HTTP/RTRon thispage.

Service Port Settings 0

Weh Server Type
HTTF Port

HTTFS Port

Telnet Port

RTF Fort Range Start
RTP Port Quantity

HTTF -
a0

443

23

10000
130

Apply— |
Field Name Explanation

Web Server Type Specify Web Server TygeHTTPor HTTPS

HTTP Port Port for web browser access. Default value is 80. To enhance
security, change this from the default. Setting this portvdlO
disable HTTP access.
Example: The IP address is 192.168.1.70 and the port value is §
the accessing addressitp://192.168.1.70:8090

HTTPS Port Port for HTTPS access.Before using httpsanhttps authatication
certificationmust be downloadedto the phone
Default value is 443. To enhance security, change this from the
default.

Telnet Port Port for Telnet access. hé& default is 23.

RTP Port Range Start

Set thebeginning value foRTP Pors. Pors aredynamially
allocated

RTP Port Quantity

Set the maximunguantity of RTP Pogt  The default is 200.

Notes:

1. Any changes made on this page require a reboot to become active.

2. ltis suggested that changes to HTTP Port and Telnet ports be valuestysrat24.
Values less than 1024 are reserved.

3. Ifthe HTTP port is set to 0, HTTP service will be disabled.
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8.3.2.5 DHCP SERVICE

SERVICE PORT DHCP SERVICE TIMERDATE

e [ ]

DHCP Client Table

Leased IP Address

DHCP Lease Table

Mame Start IP

DHCP Lease Table Settings

Leased Table Mame
Start IP Address
End IP Address
Leased Time
Subret Mask

IP Gateway

DMS Server Address

DHCP Lease Table Delete

Leased Table Mame

DMNS Relay

Enable DMS Relay

End IFP

Client MAC Address

Leased Time Subnet Mask IP Gateway DMS

minute(s)

| add |

|oDeletery

| Apply |

Field Name

Explanation

DHCP ClientTable

IP-MAC mapping table. If the LAN port of the phone connects to
device, this table Wishow its IP and MAC address.

Leasel Table Name

Name of the leasable

Start IPAddress

BeginninglIP address of the leassble

End IPAddress

Ending IP address of the leat#ble A device connected tie
LAN port will getanIP address betweestart IP and End IP.

Subnet Mask

Subnet Maslof the leasd¢able

IP Gateway Network Gateway of the leagable

Leasa Time Time IP address assignments will persist. Unit is minutes.
DNS Server Address | IP address 0DNS server

Add Click this buttorto add this lease table

DHCP Lease Table
Delete

Enter the table name and click the Delete button to remove a DH
lease table.

EnableDNS Relay

Activates DNS Relay in the phone. Default is enabled.

Notes:

1. The size of lease table cannot be larger tharquantity of C network IP addre#isis
recommenddto use the default lease tal@&hout modification
2. If the DHCP lease table is modifigle phone must be rebooted.
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8.3.2.6 TIME&DATE

Setthetime zone and SNTP (Simple Network Time Protocol) semwehis page Daylight
savings time configuration and manual time and date entgiswdone on this page

-“ QoS&VLAN ‘ SERVICE PORT ‘ DHCP SERVICE ‘ TIME&DATE -

Simple Network Time Protocol (SNTP) Settings

Enable SNTP
Enable DHCP Time O
Primary Server 0.us.pool.ntp.org
Secondary Server 1.us.pool.ntp.org
Timezone (GMT-06:00)Central Time(U.5. & Canada) ﬂ
Resync Period 60 second(s)
12-Hour Clock
Date Format MM DD YYYY [v]
Date Seperator / [v]
Daylight Saving Time Settings
Enable W
Offset 60 minutes(s)
Month March ﬂ October ﬂ
week 5/v] 5[v]
Day Sunday ﬂ Sunday ﬂ
Hour 2 2
Minute 0 0
Manual Time Settings
Year
Month
Day
Hour
Minute
Field Name Explanation
Simple Network Time Protocol (SNTP) Settings
Enable SNTP Enableor DisableSNTP
Enable DHCP Time If this is enabled, phoneillvsynchronize time wittDHCPserver.
PrimaryServer IP address of Primai$NTP Server
Secondary Server IP address of Seconda®NTP Server
Time Zone Local Time Zone
Resync Period Time between resync to SNTP serveef&ult is 60 seconds.
12 -Hour Clock If checked, clock is 12 hour mode. If unchecked, 24 hour mode.
Default is 24 houmode.
Date Format Specify the date formaEourteen different formats are available.
Date Separator Four date separators are available; /,, space

40



Daylight Saving Time Settings

Enable Enabledaylight saving time
Offsefminutes) DST offset. Default is 60 minutes.
Month Start and end montfor DST

Week Start and end weefor DST

Day Start and end dafor DST

Hour Sart and endhour for DST

Minute Sartand endninute for DST

Manual Time Settings
Enter the values for the current year, month, day, hour and minute. All values are requ
Note: Be sure to disable SNTP service before entering manual time and date.

8.3.3 VOIP

8.3.3.1 SIP Configuration

Configure aSIPserveron this page

SIP Line SIP 1 -

Basic Settings =

Status Registered Domain Realm

Server Address 192.168.1.2 Proxy Server Address
Server Port 5060 Prosy Server Port
Authentication User 2201 Proxy User
Authentication Password seee Proxy Password

SIP User 2201 Backup Server Address
Display Mame Backup Server Port
Enable Registration Server Mame

Codecs Settings =

Disabled Codecs Enabled Codecs

G.711A - -
G711l

G.722

G.7231

G.7E6-32

G.729AB (=] Lt
e | RS

41



Advanced SIP Settings = >

Forward Type Disabled Enahle Hotling ]
Forward Mumber Hotline Mumber
Mo Ans, Fwd Wait Time 60 (O~120secondis) \Warm Line Wait Time u] (0~ second(s)
Transfer Timeout 0 second(s)
SIP Encryption = Enable Auto snswer =
SIP Encryption Key AUto Answer Timeout G0 second(s)
RTP Encryption = Enable Sessian Timer =
RTP Encryption Key Session Timeout u] second(s)
Subscribe For MWI = Conference Type Lacal -
MW Mumber Conference Mumber
Subscribe Period 3600 second(s) Reqgistration Expires 3600 second(s)
Enable Service Code =
DND On Code DHD Off Code
Always CRwd COn Code Always CRwd Off Code
Busy CPwd On Code Busy CRwd Off Code
Mo ans, CRwd On Code Mo ans, CRwd Off Code
Anonymous On Code Anonymous Off Code
Keep Alive Type SIP Option Keep alive Interval &0 second(s)
Llzer Agent Server Type COMMON -
DTMF Type RFCZE33 - RFC Protocol Edition RFC3261 -
Local Port: 5060 Transport Protocol DR -
Ring Type Default - snonymous Call Edition Mone -
Enable Rport = Keep Authentication =
Enable PRACK = 4ans, With a Single Codec =
Enable Long Contact [} auto TCP [}
Convert URI Enable Strict Prasy =
Dial Without Registered [} Enahble GRUU [}
BEan Anonymous Call = Enable Displayname Quote =
Enable DMS SRV [} Enable user=phane
Enable Missed Call Log Click To Talk =
BLF List Number Enable BLF List =
spply |
SIP Global Settings >
Strict Branch 1] Enable Group 1]
Registration Failure Retry Time |32 second(s)
spply |
Field Name \ Explanation

Choose the sip line wonfigured (SIP 1 SIP2).

Click the dropdown arrow to select the lif

Status

or

Showsr egi strati on

AUnappl i eeddo i f

status.
not

Wi
regi st

Server Address

SIP serveiP addres®r URI.

Server Port

SIP server poriDefault is 5060.

Authentication User

SIP account nam@ogin ID).

AuthenticationPassword

SIP registratiopassword.

SIP User

Phone number assigned by VolP service proviBdone will not
register if there is no phone number configured.
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Display Name

Set the display name.This hame is shown on Caller ID.

Enable Registration

Check to submit registration information.

Domain Realm

SIP Domain if different than the SIP RegistServer.

Proxy Server Address

SIPproxy server IP address URT This is normally the same &
the SIP Registrar Server)

Proxy Server Port

SIP Proxy server portNormally 5060.

Proxy User

SIP Proxy server account.

Proxy Password

SIPProxyserver passord.

Backup Server Address

BackupSIP Server Addressr URI (This server will be usedithe
primary server is unavailable

Backup Server Port

BackupSIP Server Port

Server Name

Name of SIP Backup server

Codecs Settings

Click on the desired codec select it.
Enabled or Disabled List.

Then use the Left/Right arrow keys to move to the
Use the Up/Down arrow to change the priority of enabled co

Advanced SIP Settings

Forward Type

There are 3 call forwarding modes plus Disabled.

Disabled No call forwardingi Default mode

Busy If the phone is busy, incoming calls will be forwarded.
No answer If there is no answer, incoming calls will be forwarg
after a specified time.

Always All incoming calls will be forwarded

Forward Number

Number © which calls are to be forwarded.

No Ans. FwdWait Time

Used in conjunction with Call Forward No Answer. Wait time

seconds before call is forwarded.

Transfer Timeout

Timei nt er val b e t wmessagarsdehanding g
after the phone transtea call.

Enable Hotline

Activate Hot Line feature. Automatically call a number by go
off hook.

Hotline Number

Number to be called in Hot Line Mode.

Warm Line Wait Time

Used in Hot Line Mode. Time the phone waits after off hook
before dialing thénot line number.

SIP Encryption

Enable/Disabl&IP Encrypion.

SIP EncryptiorKey

SIP Encryption key

RTP Encryption

Enable/Disable RTP Encryipt.

RTP Encryptiorkey

RTP encryptiorkey

Enable Auto Answer

Activate Auto Answermode. If activated, pmee will
automatically answer an incoming call.

Auto Answer Timeout

Used in conjunction with Auto Answer. The phone will answg
anincoming call aftethe Auto Answer Timeut

Enable Session Timer

If enabled, this will refresh the SIP session timer peC&J28.

Session Timeout

Refresh interval if Session Timer is enabled.
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Subscribe For MWI

If enabledthe phone will senilessage Waiting Indication
(MW]I) Subscribe message to the SIP Server

MW!I Number

Specify the number to call to retrieve Voice Messages.

Subscribe Period

Time interval between MWI Subscribe Messages

Conference Type

ChooseConference Typegitherlocal or network

Conference Number

Number to dial to access network conference server. Not ne

if Local conference mode is chosen

Registation Expires

SIP reregistration time. Bfault is3600 seconds. If the server
requests a different time, the phone will change to that value.

Enable Service Code

Enables or disables the services described below. These co
will be sent to the SIP sezr to activate or deactivate the service

DND On Code

Do Not Disturb DND) i When thishot keyis pressegdall calls to
the extensiomo berejected by the server The incoming call
record will not be displayed in the Call History.

DND Off Code

DisableServer DND as described above.

Always CFwd On Code

Always Call Forward Ofi When this function is enabled, the
server will forward all calls to a designated numberhe T
incoming call record will not be displayed in the Call History.

Always CFwd Off Coé

Disable ServeAlways CRvd as described above.

Busy CFwd On Code

Busy Call Forward OrWhen this function is enabled, the serve
will forward all calls to a designated number if the telephone ig
busy. The call record will not be displayed in Call Histo

Busy CFwd Off Code

Disable Server BusgFwd as described above.

No Ans. CFwdOn Code

No Answer Call Forward OaWhen this function is enabled, thg
server will forward all calls to a designated number if there is 1
answer within a designated timendincoming call record will no
be displayed in the Call History.

No Ans. CFwdOff Code

Disable Server No Ans.Fvd as described above.

Anonymous On Code

Anonymous O When this function is enabled, the server will
allow the phone to make anonymouds<al In other words
AAnonymouso will be transmidt

Anonymous Off Code

Disable Anonymous Calling function described above.

Keep Alive Type

Specifesthe NAT keep alive typelf OPTION is selectedhe
phone will sendDPTIONsip messageto theserver every NAT
Keep Alive PeriodThe servewill then respoml with 2000K.

If UDP is selectedthe phone will send UDP messageo the
server every NAT Keep Alive Period.

Keep Alive Interval

Setthe NAT Keep Alive Interval. Bfault is 60 secorsd

User Agent

SetSIP User Agent value.

DTMF Type

DTMF sending modeThere ardour modes:
In-band (Relay)

RFC2833

SIP_INFO

AUTO

5

5

5
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Different VolP Service providers magquiredifferent modes.

Local port

SIP port. Default is 5060.

Ring type

Setring bne. There are 9 standard options and 3 user option

Enable Rport

Enable/Disablesupport for NAT traversal viRFC3581(Rport).

Enable PRACK

Enable or disable SIP PRACK functidbefault is OFF. It is
suggested this be used.

EnablelLong Contact

Allow more parameters in contact figgedr RFC 3840

Convert URI

Convers # to %23 when semug URI information

Dial Without Registered

Allow outgoing callswithout registration

Ban Anonymous Call

RefuseAnonymous Cal

Enable DNS SRV

Enables use of DNSR8/ records

Enable Missed Call Log

If enablad, the phone will save missed clito the call history
record.

BLF List Number

BLF List allows one BLF key to monitor the status of a group.
Multiple BLF lists are supported.

Enable BLF List

Enable/Disal# BLF List

Server Type

Configures phone for unigue requirements of selected server.

RFC Protocol Edition

Select SIP protocol versidRFC3261 or RFC2543. Default is
RFC3261. Used for servers which only support RFC2543.

Transport Protocol

Set transpdrprotocol TCP, UDP or TLS.

Anonymous Call Edition

Setprivacy supporRFC3323 RFC33250r none

Keep Authentication

Enable /disable registration with authenticatiort will usethe
last authentication field which passadhentication by server
This will decrease the load on the server if enabled.

Ans. With a Single Code

If enabled phone will respond to incoming calls with only one
codec.

Auto TCP

Force the use AFCP protocol to guarantee usability of transpor
for SIPmessageabove 500 bytes

Enable Strict Proxy

Enables the use of strict routing. héhthe phone receives
packetdrom theserver it will use the source IP address, not th
address in via field.

Enable GRUU

Support for Globally Routable Us#&gent URI (GRUU)

Enable Displayname
Quote

Puts quotation marks around the dispteyme in SIP messages.
For servers that require this.

Enable user=phone

Sets user=phone in SIP messages.
that require this.

For compatibility with se

Click to Talk

Set click to Talk (neexlsupport from serveér

SIP Global Settings

Strict Branch

Enable Strict BranchThe value of the branch musa after
fiz9hG4h K o the VIA field of theINVITE message received, o
the phonewill not respondo thelNVITE.

Note: This will affectall lines

Enable Group

EnableSIP GroupBackup. This will affect klines
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Registration Failure Retr] Registratiorfailure retry timei' If registrationfails, the phone will
Time attempt taregister again after registration failure retry time.
This will affect dl lines

8.3.3.2 |AX2

IAX2
Status Linapplied
Server Address
Server Port 4569
Account
Password

Phone Mumber

Local Port 455649

Woice Mail Wumber 0

Vaoice Mail Text il

Echo Test Mumber 1

Echo Test Text echo

Refresh Time G50 second(s)

Enable Registration [l

Enable G.7204B [l

Apply |
Field Name Explanation
Status Showsr egi stration status. avi
or fAUnappliedo if not regi st

Server Addess IAX2 server address.
Server Port IAX2 server portDefault is 4569.
Account IAX2 account naméor registration
Password IAX2 registration password.
Phone Number IAX2 phone number (usualthe sameasIAX2 account name).
Local Port IAX2 local port Default is 4569.
Voice Mail Number | Voice mail number.
Voice Mail Text Voice mail name.
Echo Test Number | If thelAX2 server supports echo test ahe echo test number is
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nort numeric,this number can besed toreplace the echo test
text. This allows dialing a number to perform echo voice test.
This function is providedb test whether communication through

the server
Echo Test Text Echo test text
Refresh Time Expirationtime of IAX2 server regisétion. Allowed values are

betweert0 and 3600 seconds.
Enable Regisation | Enable/DisabléAX2 registration
Enable G.728B EnabléDisable G.72%odec

8.3.3.3 STUN Config

STUN support is configured in this page.

STUNi Simple Traversal of UDP through NATA STUN servemllows aphone ina private
networkto know its public IP and port as well dettype of NATbeing usedThe phonean

then use this information tegister itself taa SIP server so that it can make and receive calls
while in aprivate netwak.

-

Send request to NAT

STUN Server Mapping
. from Port 5060 Port
12345

STUN Server tells
customer public
IP and Port
12345

| Wants to receive i
| dataon Port
| 5050

Public Network

Gateway NAT STUN Server
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SIP IAX2 STUN DIAL PEER

Simple Traversal of UDP through NATs (STUN) Settings

STUN NAT Traversal FALSE
Server Address P
Server Port 3478
Binding Period 50 | second(s)
SIP Waiting Time ls00 | millisecond(s)
Local SIP Port 5060 ]
([ _apply |
SIP Line Using STUN
[s1P 1 [~]
Use STUN ]
[_apply |
Field Name Explanation

STUN NAT Transversal

Showswhether or noBTUN NAT Transvesal was succefis.

Server Address

STUN Server IP address

Server Port

STUN Server Poiit Default is 3478.

Binding Period

STUN blinding period STUN packets are sent at this interv.
to keep the NAT mapping active.

SIP Waiting Time

Waiting time for SIP.  This will viey depending otthe
network.

SIP Line Using STUN

SIP Line Using STUN

Select the Line for use with STUN (SIR $1P2)

Use STUN

Enable/Disable STUN on the selected line.

8.3.3.4 DIAL PEER

Thisfeature allows the user to create rules to make dialing easibere @re several different
options for dial rules. The examples below will show how this can be used.

Example 1: Substitutioh Assume that it is desired to place a direct IP call to IP address
192.168.119. Using this feature, 156 can be substitutel®®168.1.119.

Dial Peer Table

Mumber Destination
136 192,168.1,119

Port Maode flias Suffiy Del Length
5060 gIp no alias no suffi 0

48




Example 2: Substitution To dial a long distance call to Beijing requires dialing area code
010 before the local phone number.  Using this feature 1 can be substituted for 010. For
example, to call 62213123 would only require diglir62213123 instead of 01062213123.

Dial Peer Table

Number Destination Port Mode  Alias Suffiy Del Length
1T 00,00 5080 SIP rep:010 i suuffis 1

Dial Peer Table

Number Destination Port Mode  Alias Suffix Deleted Length
13[2-9xxxxxxxx 0.0.0.3 5060  SIP add:0  no suffix 0
138 XXXXXXXX 0.0.0.3 5060  SIP add:0  no suffix 0

Example 3: Additiori Two exampes are shown. In the first case, it is assumed that 0 must

be dialed before any 11 digit number beginning with 13. In the second case, it is assumed

that 0 must be dialed before any 11 digit number beginning with 135, 136, 137, 138, or 139.

Two different special characters are used.

x T Matches any single digit that is dialed.

[] 7 Specifies a range of numbers to be matched. It may be a range, a list of ranges separated
by commas, or a list of digits.

Dial Peer Table

Number Destination Port Mode Alias Suffix Deleted Length
13[2-9 JXXXXXXKX 0.0.0.3 5060 SIP add:0 no suffix 0
138XXXXAXXXX 0.0.0.3 5060 SIP add:0 no suffix 0
156 192.168.1.24 5060 SIP no alias no suffix 0
1T 0.0.0.3 5060 SIP rep:010 no suffix 1

Add Dial Peer
Phone Number
Destination(Optional)
Port(Optional)
Alias(Optional)
Call Mode W;]
Suffix(Optional)
Deleted Length(Optional)

Apply |

Dial Peer Option

[13[2-9]x000000x ] Delete | Modify |
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Field Name

Explanation

Phone number

There are two types of matchirfgull Matchingor Prefix Matching.
In Full matching, the entirgphone numbeis entered and then
mapped per the Dial Peer rules

In prefix matchingpnly part of the number is entered followed by
T. The mapping with then take place whenever these digits ar

dialed. Prefix mode supports a maximum ofdafits.

Destination Set Destination address. This is optiof@lr apeer to peer call,
enter thedestination IP address or domain nafeuse aial rule
ontheSIP2 line,enter0.0.0.2 ForSIP3enter0.0.0.3

Port Set the Signahg port, the defaulis 5060.

Alias Setthe Alias. This isthe text to be added, replaced, or deleted. It

optional

Note: There are four types of aliases.

1) Add: xxxT xxx will be dialed before any phone number.

2) All: xxx T xxx will replacethe phone number.

3) Del: The characters will be deleted from the phone number.
4) Rep:xxx T xxx will be substituted for the specified characters.

Call Mode

SelecteitherSIP or IAX2protocol.

Suffix

Characters to be addatithe end othephone number. Hfis is

optional

Delete Length

Set the number of characters to be delefed.exampleif this is
set to 3the phone will delete the first 3 digiv$é the phone number.
This is optional.

Dial Peer Examples

Web Interface

Explanation Example

Phone Murnber
Destination (optional)
Part{optional)
Alias{optional)

Call Mode
Suffix{optional)

Delete Length (optional)

aT

EEBAEE AT 255

del
SIP -

1

Set phone number, Di al33@B8380
Destindion, Alias and Delete | The SIP2 server will
Length. receive 033
Phone number is XXXT;
Destination is 255.255.255.25
(0.0.0.2) and Alias is del.

Any phonenumberthatbegins
with XXX will be sent via
SIP2 after the first several
digits aredeleteddepending or
thedelete length.

Phone Number
Destination {optional)
Port{optional)
Alias{optional)

Call Made
Suffiz(optional)

Delete Length {optional)

all: 32334444

SIF -

This creates apeed dial Di al 20
function Diali n g wil2 6| The SIP1 server will
cause the entire alias numbel receive 33334444
to besent out.
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o Mbor - The phone will dd the alias to| Dialfi 8 3 0 9 fi
ES:{!,:SZQ;?DUWD the end of the dialed numbiér | The SIP1 server will
Alias(aatianal) add:0755 the dialed number matchesthr ecei ve £ 07
EELMM(DDZZWD = template in the Phone Numbeg
Delete Length (optional) bOX
ZZ‘;::E”;;:;’:;WD 0107 SetPhone Number, Alias and| Di a | f01062
Z.‘?ii‘if;‘il"ii — Delete Length. Phone numbe| The SIP1 server will
Call Mode s[5 is XXXT and Aliasisrep: xxx| r e ¢ e i 1W06e2 218304
Z:Z:ipf:"gat:<c>pt.ona|) 3 If thedialed phone number

starts withthe dgits in the

Phone Number box, the

matching digits will be

replaced by the alias number
e o) S If thedialed phone number | Di al fA1470
zﬁ:;;ﬂ:?) starts withthe digits in the The SIP1 server will
callMace sp v Phone Number boxhée phone|r ecei ve A 14
Eﬂ:iuf::;j)mmnau = will send outthediadled phone

numberandaddthe suffix

number.

8.3.4 Phone
8.3.4.1 AUDIO

This page configures audio parameters sualo&e codechandset volume, and ringer

volume

FEATURE

DIAL PLAM

WEB DIAL

Audio Settings

First Codec G711  w Second Codec 7110 -
Third Codec G.7Z90B W Fourth Codec Mone -
Fifth Codec Mone - Sixth Codec Mone -
Onhook Time zoo millisecond(s) Default Ring Trpe Type 1
Handset Input Yolume ] {19 Handset Output wolume Q {1~9)
Speakerphone Yolume 1 (1~9) Ring Yolume 1 {1~9)
G.7294R Payload Length Z0ms - Tone Standard China -
G.722 Timestamps 160/20ms - G.723.1 Bit Rate 6.3kbfs -
Enahble WwaDh (I} DTMF Payload Type 101 (96~127)
apply |
Field Name Explanation
First Codec The first codechoice: G.711A/uG.722, G.723, G.72%.726

The second codec choice: G.711A/u, G.722, G.723, GG 226,
None

Second Codec
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Third Codec

The third codec choice: G.711A/u, G.722, G.723, G. 12926,
None

Fourth Codec

The forth codec choice: G.711AM8,722, G.723, G.729.726,
None

Fifth Codec The fifth codec choice G.711A/u, G.722, G.723, G, @926,
None

Sixth codec The sixth codec choice G.711A/u, G.722, G.723, G.1R2926,
None

Onhook Time Time the handset must be on hook to disconnedt.abafault is

200ms.

Default Ring Type

Ring Soundi There are 9 standard types and 3 User types

Handset Input Volume

Handset Microphone volunie9 levels

Handset Output Handset receiver volumed levels

Volume

Speakerphone Volume Speaker volume in Imals free mode9 levels
Ring Volume Ringer Volume- 9 levels

G729 Payload Length

G729 Payload Length Adjusts from 10° 60 mSec

Tone Standard

Select tone plan for the country of operation

G722 Timestamps

Choices ard60/20ms or 320/20ms

G7231Bit Rate

Choices aré.3kb/s or 6.3kb/s

Enable VAD

Enable or disable Voice Activity Detection (VAD). If VAD is
enabled, G729 Payload length cannot be set greater than 20 m¢

DTMF Payload Type

The RTP Payload type that indicates DTMF. Default is 101
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8.3.4.2 FEATURE

This pageconfigures various features suchHtline, Call TransferCall Waiting

etc.

AUDIO

Feature Settings

DND (Do Not Disturb)

DIAL PLAN CONTACT REMOTE CONTAC WEB DIAL

] Ban Outgoing @

Enable Call Transfer ] Enable Call Waiting vl
Semi-Attended Transfer Fll Enable 3-way Conference [V
Enable Auto Handdown Fll Accept Any Call vl
Auto Handdown Time 3 | second(s) Enable Call Completion 0
Enable Auto Redial [ Enable Pre-Dial V]
Auto Redial Interval (15? (1~180)second  papje Gilent Mode ]
Auto Redial Times |10 (1~100) Hide DTMF lelrsarﬁlredwE]
Auto Headset | Ring From Headset [
Enable Intercom ] Enable Intercom Mute O]
Enable Intercom Tone | Enable Intercom Barge @
P2P IP Prefix _ DND Return Code :7480(7Temrporarily Not Avai]able):B
Turn Off Power Light 2] Busy Return Code 1_-‘536(5USY Heré_j = E]
Emergency Call Number 110 ' Reject Return Code 17603(”Decrli'n¢7) E]
Enable Password Dial [ Active URI Limit IP |
Password Dial Prefix L ! Push XML Server » d
Password Length ;7(7)77(0~31) Enable Call Waiting Tone @
Apply
Field Name Explanation

Do Not Disturb

If enabledthe phone will reject incoming call The callergeceive
busy tone. Outgoing calls may be made.

Enable Call Transfer

If enabled Call Transfeiis allowed

SemtAttended If enabled SemiAttended Transfeis allowed.

Transfer

Enable Auto If enabled in speakerphone mode phone willutomaticallyhang
Handdown up and return to idlevhen the distant party terminates the call. |

handset mode, it will play dial tone instead of returning to idle.

Auto Handdown Tme

Wait time before the phone performs the Auto Handdown behay
described above.

Enable Auto Redial

If enabled, the phone will automatically redial a call if a busy ton
received.

Auto Redial Interval

Wait time between auto redial attempts in seson
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