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User Manual




Key Feature
New Feature

Remote Maintenance: phone can be diagnosed and configured
by remote.

Zero Config: automated provisioning and software upgrading
even through firewall/NAT.

Centralized Management: dial plan and phone book can be
centrally managed, ideal for IP PBX.

Value-Added services: online advertisement, SMS, and voice
mail etc.

Note: these functions are available if service provider supports them.

Network Feature

Supports SIP 2.0 (RFC3261) protocol.

Supports NAT transverse: STUN mode.

IP Assignment: Static IP/ DHCP/PPPoE.

Supports in-band DTMF and out-of band RFC2833 DTMF.
Supports Proxy mode and peer-to-peer SIP link mode.
Supports standard encryption and authentication (MD5 and
MD5-sess)

Voice Feature

GIPS voice engine embedded to generate stable and clear
voice quality.

Voice Codec: G.711, G.729AB, G.726, iLBC or G.723.1.
Supports VAD, CNG, AEC, AGC and Volume adjustment.



Phone Feature
e Large graphic LCD with blue backlight supports multi-language.

e Call hold, call waiting, call forward, call transfer, 3-way
conference, auto answer and Hotline settings.

e Supports Caller ID/Name display and DND.

e Supports phone book, speed dial, call list, dial plan, volume

adjustment and rings selection.

Management Feature
e The phone can be configured via keypad, web browser or

remote.
e Firmware can be upgraded through HTTP, FTP or TFTP.

Physical Feature
e Two RJ45 ports: Dual 10M/100M auto-sensing, with router

built-in, one for internet, the other for PC

e LCD: 132 x 64 dot matrix graphic LCD with blue backlight,
supports multi-language.

e Power adaptor: Input: AC 100~240V, output: DC 5V/1A

e Operating Temperature: 0°C~40°C

e Power over Ethernet (Optional)
Note: Only the module SIP-T10P supports the POE feature.

Package Content

e One SIP phone Main Body

e One Handset

e One Handset Cable

e One Universal Power Adaptor
e One Ethernet Cable

e One User Manual



Menu Guide

IP Address Phone Number
Mac Address :cwu“trd
Firmware assNio
_—
SEED Diagnostics log Display Name
Registrar Server
= Registrar Port

User Option

SIP Account D —— : Outbound Status
ServesOption > Outbound Server

Outbound Port
STUN Status

WAN Port Option g:‘m ﬁgrr\t’er

LAN Port Option
VLAN Option DHCP IP Client
Static IP Client

Network —_—

PPPOE IP Client

Bridge
Router
Language
Ring Style VLAN Setting
Ring Volume VID Setting
< Speaker Volume Priority
Menu Phone Settings ValeelValnme) CFI
Auto Answer
call Waiting Always Forward
Call Forward —_— Busy Forward
Remote Maintence No-answer Forward
Call Pickup
Hotline
Reset to Factory Hotline Active
Messages Reboot Hotline Setting

Voice Messages

Text Messages
Edit Message
I

Outbo
utbox
Contacts View Contacts Transfer Message
View Speed-dial
\—p Add Contact
Add Speed-dial Name
Call List Delete all Contacts Private Number

Office Number

Delete all Speed-dial SIP Number

Quick Check IP Address

e Check WAN (Internet) IP address: press Menu and Enter to
check the IP address.

e Check LAN IP address: press Menu and then press ¥ twice to
go to Network, select LAN port option, go to Router to check
the IP address. The default is 10.0.0.1

Default Account and Password

User: Administrator:
Account: user Account: admin
Password: user Password: admin



Keypads

Key Description

0~9 Input numbers and alphabet

*, Input. and other special characters
#SEND Start dialing process

Menu Display main menu

Return to previous menu

V/A Adjust the volume during a call or Scroll key
Display call records

FWD Configure the call forwarding function
Move cursor left in the menu mode
CONF Start 3-way conference

Move cursor right in the menu mode
Pick up calls in the idle state

Enter Enter submenu
Confirm the configuration

DEL Delete numbers
Mute the microphone during a call
Voice mail

HOLD Hold the call during a conversation

Activate DND function in the idle

CONTACTS | Review the phone book
Switch input modes

FLASH Flash and call transfer during a conversation
Apply remote maintenance in the idle state

RD Redial

[@. Speaker (Hand free) key




Quick Install

Connecting Your Phone
Please install the phone as the connection chart below:
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Method 1:
Configuring by Phone Keypad
1. Configure Network

e Press Menu and then press ¥ twice to go to Network , then
press Enter to select, the LCD will show as below:

Metwork——12
WAk port option

L&MN port option

e Choose your WAN port (INTERNET) connection type. The
default is DHCP.



2. Register Account
Press Menu and ¥ go to Account and press Enter to select.

Setup user information

a) Enter the phone number, and then press Enter.
b) Configure account, password, display name.

c) Press Menu to return.

Note: You can get the information from your service provider. If you do not

have a display name, you can use phone number as your display
name.

Setup server information

a) Enter the Registrar Server, and then press Enter.

b) If the service provider supports Outbound, please enable
Outbound and configure outbound server information,
otherwise disable the Outbound option.

¢) Normally configure the STUN as default (=Disable).

d) Press Menu to return.

Save settings
a) Press Menu twice to exit, the LCD will show as below:

s WL AKMINQ
Setting changed
update it now?

[iCancel] [io#]

b) Press Enter to confirm.



c) Wait a moment for registering to the server. If register
successfully, the LCD will show as below:

= IF 007
rml6:H3 12

Mon Feb,26 2007

3. Make Calls
Press Speaker key or Pick up the handset, and dial the number,
then press the Send key to dial out.

Method 2:

Configuring by Webpage
1. Login the Webpage

Login via LAN port

a) Connect the PC to LAN port of phone. Default IP
address of LAN port is 10.0.0.1

b) Open web browser and input http://10.0.0.1.

c) Enter the account and password (default account and
password are admin).

Login via WAN (Internet) port

a) Connect the PC and SIP phone with router.

b) Check WAN (Internet) IP address.

c) Open web browser and input
http://WAN-ip-address.

d) Enter the account and password (default account and
password are admin).



2. Network Configuration
Select Network to configure WAN port connection type

‘WAN Port

Network

© ontain an IP Address Automatically

@ use the Following IP Address

IP Address
Subnet Mask
Default Gateway
Frimary DNS
Secondary DNS

€ Behind xDSL Modem (PPPoE)
User

Pasgword

Confirm

3. Register Account
e Setup Account Information

Account

Account |

Display Name
User Name
Register Name
Password

Status

Confirm

[loztee0ze
[psszsazamn
[lozfee0s
[mzioriozes
[oraraoanzs

—
—

Cancel

Server | Voice
sip phone
625
625

Registersd
Cancel

| PCPortLAN | VLAN

Upgrade

2 note

Obtain an IP Address
Automatically:

The unit will acquire its
IP address flam the
DHGP sener.

Use the Following IP
Adiress:

Configure the IF
address, Subnet Mask,
Default Router IP
address, Primary DNS,
Secondary DNS fields by
hand.

Behind xDSL Modem
(PPPOE):

This setting provide by
DSL.

Einote

Display Name:

SIP senice subscribers
name which will be used
far Caller ID display.

User Name:
User account infarmation,
provided by VaIP sewice
provider.

Register Name:
SIP senvice subscriners
Authenticate ID used for
authentication

You may get account information from your service provider. Press
Confirm button to save the settings.



e Setup Server Information

Yealink
= ECTTRER oo (TSN ST ST ST T

Account | Server | Voice | Advanced
SIP Server 162.1681.199  pon[5060 o
Enable Quthound Proxy Server [ Disabled ¥ e
SIP Server's IP address
Outhound Prowy Seer Port[5060 ety
- provided by ValP service
NAT Traversal Disabled .

Outbound Server:
Outhound servers IP

address or Darnain
Confirm Cancel name provided by VoIP

senvice provider.

Press Confirm button to save the settings.

Wait a moment for registering to the server, then return to Account
page to check the register status. If it displays “Registered”, you
can make calls now.



ICON on the LCD

d

Network status icon: Flash in the case of Ethernet

linking failure.

Register status icon: fail to register to the server

IG

Missed calls

[m]

All kinds of characters input mode icon, press Contacts

key to select input method

Digital input

Small letter input

[l &1 [

Capital letter input

Mute microphone

T | HE

Call held
Voice mail
= SMS
++ Always call forward
20 Busy Call Forward
i+ No-answer Forward
EE | pND (Don't disturb)
AA|l | Auto Answer
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Basic Functions

Using the Handset or Speaker
Using the handset: to place and answer calls using the handset,

simply lift the handset.
Using Speaker: to place and answer calls using the speaker, press
the Speaker key.

Making Calls
e Using one telephone number: pick up the handset or press the

Speaker, enter the phone numbers and press the Send key.

e Redial: press the RD to redial the last number called.

e Dial from phone book: press the Contact to review the phone
book, press Send to dial out the desired number.

e Dial from call list: press the A key to review call list, press
Send to dial out the desired number.

Receiving Calls
When the phone rings, pick up the handset or press Speaker key

to answer the call.

Call Hold

During a call, press Hold key to hold, and the hold icon @ will be
shown. Press Hold again to return to the call.

Call Waiting
e Press Hold key, the first call is put on hold. To reject the new call,

press the Flash key.
e Switch between the two calls, press A key.
e End the active call, hang up the phone.
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Volume Adjustment
During a call, press Y/A key to adjust the volume of earpiece or
speaker.

Ring Selection
e There are four kinds of ring styles to choose.

e To adjust the ring volume, please press ¥ /A key on the phone.

Mute the Call
During a call, press Del key to mute your microphone. To cancel
the Mute function, press the Del key again.

Call Transfer
The phone supports both Blind and Attended Transfer.
e Blind Transfer
During a call, press Flash key, dial the second person’s phone
number and then hang up to complete the transfer.
e Attended Transfer
During a call, press Flash key, dial the second person’s phone
number and press the Send key, you will talk to the second
person. Then hang up to connect this call to the first person
and complete the transfer.

3-Way Conference
During a call, press Conf key to put the call on hold, and dial the

second person’s number. When the second person accepts the call,
the three parties will be participating in a conference call
automatically.

Note: When you hang up, the other two parties will be disconnected.

12



Call Forwarding
Set the forward number and press Fwd key to launch forward

function.

Auto Answer
Activate the auto answer function, and when a call comes in, your

phone will put it through automatically.

Hotline
When you pick up the handset, your IP phone will dial the hotline
numbers out automatically.

Do Not Disturb

All incoming calls will be rejected.

e Press Hold key to start this function.

e Press Hold key or hang up to cancel this function.

Voice Mail

When the phone is idle, the icon[&2] shows you have a missed
message on the server. press DEL key on the keyboard, you can
enter voice mail system, then follow the voice prompt, you can
listen to your messages.

Note: You should get the voice mail number form your service provider.
Missed Call

When the phone is idle, the icon = shows you have a missed call.
press ENTER key on the keyboard to see the details.
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SMS
This message icon =] shows you have a short message, press

ENTER key on the keyboard to read it.

Note: The SMS function is a network service that may not be supported by
your server.

Remote Maintenance
The SIP phone can connect to remote server.

Enter the remote maintenance server in the webpage and press
Flash key to connect to the server.

Note: You should get the remote maintenance server from your service

provider.

Auto Provision
The phone can auto update and configure settings from the server.

Enter the auto provision server in the webpage and enable this

function.

Note: you should get the auto provision server from your service provider.
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Configure with Web Browser
The phone has an embedded Web server that will respond to HTTP

requests.

Login the Webpage

Method A

192.168.1.111

po to2ttsrm (][] ‘UQU’ o [

PC INTERNET DCSV
Internet 4 .uouvurnnnnnns
e <« :
- ed POWER HANDSET

WAN LAN LAN LAN

Router G C] G C]

Method B
192.168.1.111
'l o0
PC_INTERNET Desv
(6]
. Internet 4 ..
o JJ POWER HANDSET

WAN LAN LAN LAN

Router U U U U ED 192168050

Choose your LAN port connect type:

Environment LAN port type
Bridge

Office Mode
Router

Home Mode Router
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1. Have No Router
« Configure as Router
a) Connect the phone with PC in method A, and set
your LAN port as a router.
b) Configure your PC’s IP address as below:
Right click the Network of your PC and select property, then

right click local area connection icon and select property.

Access to Local Area Connection Properties window:

-L local Area Connection Properties

| General | Authentication Advanced |

Connect using:

| B8 Reatek RTLE133 Family POl Fast Ett

This connection uses the following items:
E!CIienl for Microsoft Mebwarks
v gFi\e and Printer Sharing for Microsoft Networks
v EQDS Packet 5cheduler

L | nteinet Protocol [TCPAAP)
[rescription

Tranzmission Control Protocol/Internet Protocol. The default
wide area network protocaol that provides communication
acioss diverse interconnected networks.

Show icon in notification area when connected
Molify me when this connection has limited or no connectivity

Select Internet Protocol (TCP/IP) and click Properties.

Configure your PC as below:
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Internet Protocol (TCP/IP) Properties @gj
Gereral | Altemate Configuration

*fou can get IP settings assigned automatically if your network supports
this capabilly. Dthervise, you need to ask your network admiristalor for
the apprapriaie (P seltings

O Uss thefolowing P adkrsss

(@ Dbtain DNS server address automaticaly
) Usg the fallowing DNS server addresses,

After all the settings, you could access the webpage of the phone
by the URL: http://10.0.0.1.
e Configure as Bridge
a) Connect the phone with PC in method A and set  your LAN
port as bridge.
b) Press Menu and Enter to check the IP address of Internet
(WAN) port.
c) Open web browser and input http://WAN-ip-address to access
the webpage.

2. Have Router
Connect the phone with PC in method B. Please do not configure
the LAN port. Press Menu and Enter to check the IP address

' Status 113
Ga.0,10

MAC:001565000014
Firmmaeare: 1.0.0,23
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Open web browser and input http://WAN-ip-address to access the
webpage. For example: http://192.168.0.10. You will see the login
screen as below.

Connect to 192.168.0.33

User name:  <dl| v

] remember my password

Default account and password

User: Administrator:
Account: user Account: admin
Password: user Password: admin

Check the Status
This page shows the status of the phone

Yealink
o SCTIOR ST ST T T TR

Version

=iNOTE
Firmware Version 2007
Version:
Network This option shows you
the version of firmware
\WAN Port Type Static P
WAN IP Address 192168126
Subnet Mask 255.355.240.0 Network:
This option shows you
MAC Address 00-15-65-10-C8-57 e 2
Link_Status Connscted e LR
LAN P Address 10.0.04
Device Type Bridge Account:
“This option shows you
DHCP Server Status Disabled S e
e somme mate infamation,
name 936
Server 192.468.1.1995060
Status Registered

18



Individual Account Settings

1. Set Account Information

=2 e e T S
Account | Server | Veice | Advanced

Display N h

isplay Mame sip phone ore

User i 526

oetlane Display Name:

SIP senive subscribers

e 528 name which will be used

e [T — for Caller ID display.

[Fegmmes User Name:

e At User accauntinformation,
provided by ValF senice
provider.

| @it | EE| Repistr ame:

EIP semvice subscribers
Authenticate ID used for
authentication.

The following table describes the labels in this screen.

Field Name Description

Display Name The name which will be used for Caller ID
display

User Name User account information, provided by your

VoIP service provider

Register Name Authenticate ID used for authentication.
Password Account password
Status The status of the account
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2. Set Server Information

Yeolink e R R O L
Account | Server | Voice |  Advanced
8IP Server [ieaz16871199  ponfsoen o
Enable Outhound Proxy Setver  [Disabled =] e
Outhound Proxy Server [ ponfemen S:’;Efﬂ"ﬂi‘:m?”’ess
NAT Traversal [Disanies ] Emgz? WAL
Outhound Server:
Outsound server's 1P
_Confim | _Cancel | e

service provider.

The following table describes the labels in this screen.

Field Name Description

SIP Server SIP Server's IP address or Domain name
provided by VoIP service provider

SIP Port SIP port, the default is 5060

Outbound status

Defines whether the outbound server will
be used or not. If your server provider do
not inform you Outbound server, leave it
disable.

Outbound Server

Outbound server’s IP address or Domain
name provided by VoIP service provider.

Outbound Port

Outbound port, the default is 5060

NAT Traversal

Defines the STUN server will be active or
not. If your server provider do not inform
you STUN server, leave it disable.




3. Set Voice Information
The following table describes the labels in this screen.

Yealink e (T T T T T
Account | Server | Voice | Advanced

Cadecs Priority LI HOTE
Priority 1 G TT1ALaw 7] Codecs Priority:
priorty 2 om & S
Priority 3 G711 ULaw =] fﬁ;ii‘lﬁiéﬁnﬁf’i itto
prioy 4 o & Ee
G723 & 53K C 83K

DTMF
CRTTone [ehna =]
Tyne lm

How to INFO DTMF [DTHF =
DTMF Payload 100 (scope96~255)

Echo Cancellation

Etho Canceller  [Enabled =

YAD Disabled >
CNG Enabled >

Confirm Cancel

Field Name Description

CPT Tone You could select the Ring tone standards
of your country.

Codec Priorities There are 4 types of codec. User could
select the priority of these codecs or set
it to disabled, but at least you must
select one type.

DTMF Payload Type Sets the payload type for DTMF.

DTMF Payload RTP payload for DTMF.
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4. Set Advanced Information

Account

Account

UDF Keep-alive hessate
UDF Keep-alive Interval
Login Expire

Local SIP Part

Local RTP Port

RPort

STUN Server

SIP Session Timer T1

SIP Session Timer T2

Vaice QoS

SIP Qos,

Confirm

Server | Voice

Enabled bci
30 (seconds)

3800 (seconds)

[r7iasaz onfiom
s
,4—(semnds)

10 (0~63)
10 (0~63)

Cancel

Upgrade

2 HOTE

Login Expire:
This parameter allows
userto specify the time
frequency that unit
refreshes its registration
with the specified
regisirar.

RPoit:
The parameter allows
SIP phone to tell the
proxy to only send
responses hack1 a
particular address and
port

STUN Server:

SIF Extension to notify
SIP gerverthatine unitis
behind the NATIFirewall

The following table describes the labels in this screen.
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Field Name

Description

UDP Keep-alive
Message

Whether the phone UDP Keep-alive
mechanism will be activated or not. The
default is enabled.

ubpP Keep-alive
Interval

This parameter specifies how often the
phone sends a packet to the SIP server.
Default is 30 seconds.

Login Expire

This parameter specifies the time
frequency that phone refreshes its
registration. The default interval is 3600

seconds.

Local SIP port Local SIP port. The default min value is
9060.

Local RTP port Defines the local RTP port that the phone
will listen and transmit. The default
value is 11780.

RPort The parameter allows you configuring

the proxy to send responses back to a
particular address and port. The default
is disabled.

STUN Server

SIP Extension notifies the SIP server
that the unit is behind the NAT/Firewall.

STUN Server Port

This parameter defines the STUN server
port
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Network Settings
1. Set WAN Port Information

Yealink
= [ sws ] sccort WO Prore [ Comacts | g [ seariy ] ]

WAN Port | PCPortLAN | VLAN

€ Obtain anIP Address Automatically

L2 NOTE
& Use the Following IP Address: T
Automatically:
P CaCT T — The unitwill acquire its
P address from the
Subnet htask 255.255 240.0 DIRelP Tt
Default Gateway 16216803 Use the Following IP
Address:
Frimary DNS 202.101.103.55 :;g:‘s;'s’?zzn':( S
Secondary DNg 217.97.104129 Ej;ar:‘s‘fgﬁ“;’a'; e
Secondary DNS fields by
© Behind xDSL Modem (PPPoE) Lt
Wesa Behind xDSL Modem
(PPPOE):
Password This setfing provide by
DSL

Confirm Cancel

The following table describes the labels in this screen.

Field Name Description

Obtain an IP If this mode is enabled, the phone will
address obtain its IP address from the DHCP
automatically server.

Use the following IP | If this mode is enabled, IP address,
address Subnet Mask, Default Router IP address,
Primary DNS, Secondary DNS fields will
need to be configured.

Behind xDSL To use the PPPoE function, the PPPoE
Modem (PPPoE) account settings need to be set. Please
input the Username and the Password
correctly.
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2. Set LAN Port Information

Yealink

ECmETS - BRSO TR

WANPort | PCFPort LAN | VLAN

@ As an Bridge

HOTE

€ As an Router

Bridge:

IP Address [10.0.0.1 The Bridge ltem is to
setup the SIP Phone
Subnet Mask 255.255.255.0 Bridge mode
Enable/Disable. [fyou
Enable DHCP Server | Disabled ¥ setthe Bridge On, the
‘twn Fast Ethernet ports
Starting IP Address 10.0.0.100 will be transparent.
Ending IP Address 10.0.0.200 Router:
The Router ltem is to
setup the VoIP Phane as
Confirm Cancel arouter.

The following table describes the labels in this screen.

Field Name Description

Bridge If you select the Bridge mode, then the two
Fast Ethernet ports will be transparent.

Router If you select the Router mode, the SIP
phone will work as a router

LAN IP address User could configure the LAN port IP

address

DHCP Server

If you set the DHCP server on, the device
connected to the LAN port will get the IP
address automatically between the start IP
address and the end IP address. But if you
select the bridge mode, the DHCP server
can not work
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3. Set VLAN Port Information

Yealink

VLAN

ViD

PRIORITY

CFI

WAN Port | PCPortLAN | VLAN

Disabled S HOTH
(0-4094)

Confirrn Cancel

The following table describes the labels in this screen.

Field Name

Description

VLAN

Enable or disable VLAN function

VID

VLAN ID is the identification of the VLAN,
which is basically used by the standard
802.1Q.

PRORITY

Defines user priority, giving eight (273)
priority levels. IEEE 802.1P defines the
operation for these 3 user priority bits

CFI

This parameter is used for compatibility
reason between Ethernet type network and
Token Ring type network. If a frame
received at an Ethernet port has a CFI set
to 1, then that frame should not be
forwarded as it is to an untagged port.
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Phone Settings

1. Set the Preference Settings

Phone

Preference | Function | Dialplan | SMs

L English -

anguage nglis orE

ana Jive aee - Time Zone:

Advettisernent Enabled > Choose the time zone
you live in

Time Zone [+ China, Philipines, Malaysia

NTP Server:

Speciiy he server thatis
Primary Server en.poolnta.org e e
Secondary Server en ool ntp.or Ameietunit

Update Interval:
Specifythe time

Auto Answer Enapled ¥ zr;;;;?‘?!}‘amt;mt
Dalight Saving Time  [Disabled = automatically.
Dial Tare Delay 0 (ms)

Inter Digit Time 5000 (ms)

Flash Haok Timer 300 (ms)

Update Interval 1000 (geconds)

Confirm Cancel
|

2. Set Phone Function

Preference | | Dialplan | SMs.

@ Disabled SLnote
Voice Nail Number:

€ Aways farward to 468 PULin your volce mall
number pravide by ValP

© Busy forward to 468 SBIVICE provider

€ No answerforward to 468 Programmable Keys:
FWD, CONF, HOLD and

Afterring times [5 (scape 1-20) LTIy et i

configured as
programmale keys. To

' use this function, you
Voice mail number must first choose the
radio hax in front of the

Call Waiting Disabled = blank and input the

assigned number in the

Hotline [Disabied =] blank Ifyou enable this

function, the assigned

Hotline Number 0 numberwill be dialed

out once you press this
Key, butthe primal

funetion will be lost atthe:
FitD @ Disabled i
CONF @ Disabled
HOLD @ Disabled
FLASH @ Disabled

Confirm Cancel
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Field Name

Description

Voice mail number

Dial this number to access voice mail
system. You could get this number from
your ISP.

Call Waiting

If you disable this function, the second
incoming call will be declined when you
are on the call.

Hotline When you pick up the handset, your IP
phone will dial the hotline numbers out
automatically.

Programmable These four keys can be configured as

keys: FWD, CONF,
HOLD and FLASH

programmable keys. To use this function,
you must first choose the radio box in
front of the blank and input the assigned
number in the blank. If you enable this
function, the assigned number will be
dialed out once you press this key, but the
primal function will be lost at the same
time.
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3. Set the Dial Plan
Users could edit some dial plan by themselves. There are two kinds
of rules, Replace Rule and Dial Now Rule.

Yealink
§ ] TR T T T -

Preference | Function | Dialplan | SMS
Replace Rule

Replace

i note

Replace Rule:
To tefin a rule to dial
outwith ‘Replace’
instead of Prefi’

Dial Now:
The numbers could be
dialed outimmediately

[ i) it

a3 long as itmeetthe
rule user-defined,

Prefix Replace minLength:

the minumum length of
Add Del the local number.

1

Dial Now maxLength:

3 the lacal number

[

i) i (i} 1 [ (i ()

Dial Now Rule: Add Del

Area Code
code
minLength [ aas
mar_ength i ae1s

|

For example:

e If you set prefix as 36 to replace 003136, when you press 36,
it will be replaced by 003136.

e If you set prefix as 001 to replace 002, when you press 001, it
will be replaced by 002.

e If you set dial now rule as xxxxxxxx, when you press 8
numbers such as 12345678, it will be dialed out immediately.
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e If you set dial now rule as xxxx89, when you press 123489,
234589 etc., it will be dialed out immediately.

4. Edit SMS

Preference | Function | Dialplan | Sms
2 note
SMS targat number SMS Target Number:

PUtin the phone number
thatyou are going to send
SMS messane CESCR
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Contacts

1. Edit the Contacts
el S ST R N - SR
Contactlist | Speed-dial
SIP Phone Ingwdual Phone  Business Phone ]
1 ] NOTE
2 ] Add Contact:
3 ] Putin the informations
about cantact. User
4 r
shouldnt leave 'sip
9 = phone’ number blank
(i i
5 r Delete Contact:
Selectthe confactyou
8 =] wantto delete in the arid,
g i and then press the
i r button ‘Delete*to submit
Prev [ next Del Cops
Browse Ine flle In CSV
format.
Name Export:
5P Phone T Click Expart button and
— create a file with he
Iniidual Phone EREGEIE
BusinessFhone | EawEn
Add Madify Search |mpart Export
e Add Contact

Enter the Name, Phone Num, and then press Add to submit.
You can not leave the SIP phone number blank.

Delete Contact

Select the contact you want to delete in the grid, and then
press the Delete button to submit.

Modify Contact

Click the contact information in the table, then it will be
displayed in the entry box, and then you could modify it and
click the button Modify to submit.

Delete All Contact

Click the grid in the title, and then click the Delete button to
submit.

Import Contact

Click the Browse button and select the contact you want to
import, then click the Import button.

Export Contact
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Click the Export button and name a file which you want to
restore.

2. Edit Speed Dial

S e | e oo (R e | e |
Contactlist | Speed-dial
Replace Rule
2 note
Speed Dial:

Phane number can be
specified with a speed
dial number from 0to
89, Forexample, ifyau
set speed dial number
as 1 and replace as

12345678, when you

press 1, itudll dial
Prefix Replace e

Add Del

Phone number can be specified with a speed dial number from 0 to
99.

For example:
Set speed dial number as 1 to replace 12345678, when you press
1 and Send key, it will dial 12345678 out.
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Update

1. Set Basic Update Information

== e [ e [ | o ]
Basic | Advanced
Firmware Info
NOTE
Firmware Yersion 07.048 Resetto Factory Default
This Setting will load all
W¥ehPage Version 2003 T e e
information
Reset to Factory Default Reset
Select and Upgrade
Firmware;
User should selectthe file
Reboot System Now Reboot which 15 going 1o be

uploaded and the file
Iocation in hard disk or
Select and Upgrade Firmware network

Browse...
Upgrade Cancel

The following table describes the labels in this screen.

Field Name Description

Reset to factory This Setting will load all default setting
default information.

Select and Update | User should select the file which is going
Firmware to be uploaded from his hard disk or
network

Note: Do not power off when you are updating the firmware.
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2. Set the Auto Provision Server and the Remote
Maintenance Server

Yealink

Check new config

Seheduling (Date)

Click here to autoprovision Now
Auto Upgrade when Fower On
Auto Provision Server

Remote Maintenance Server

Export/ Import Confiy

Export syster log

Confir

Basic Advanced

Disabled ¥ LT
] Auto Provision when
€130 days) Paower On:
Wihen you set yes, itwill
Autoprovision auto update the settings
when power on
Enaled v

—

[ e
Impart | Export
Export

Cancel

The following table describes the labels in this screen.

Field Name

Description

Check new config

There are three auto provision methods
to choose: power on, scheduling and
both of the two

Scheduling

You can choose the interval to update
your configuration.

Auto Upgrade when
Power On

When you set yes, it will auto update
the firmware when power on. The
default is enabled.

Auto Provision Server

Auto Provision Server’'s IP address or
Domain name provided by ISP.
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Remote Maintenance Remote Maintenance Server’s IP
Server address or Domain name provided by
ISP.

Export / Import Config | You can export your Config files to a
local disk or import it from local disk.

Export system log You can export your system log to a
local disk.
Security

Advanced user could change the login username and the password
in this page. This “Enable Change Account” parameter defines
whether enable user to change the registered account.

N S ST R e - B
UserType & user C admin Quote
Old Password
Password Type:
New Password Selectyour purview. |7
you lng in as a user, you
Confirm Password couldn't change the
administrater password.

Enable Change Account  |Enabled ¥

Confirm Cancel

If you want to configure through keypad, please check the Menu
structure at page 3 and functions of these keys listed at page 4.

Notice :

This document is subject to changes without notice. The latest
electronic version of this user manual is available to download from
the following location: http://www.yealink.com.
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Troubleshooting

I can not register to the server?
1. Check the IP address. If you set your WAN port in DHCP mode,
please make sure that your DHCP server is on.

2. Check your gateway.

3. Check your DNS server.

4. Make sure your account information is the same as you have got
from your ISP.

5. Check whether the SIP server is on.

6. Check the SIP register port, the default value is 5060.

I can’t get the IP address?
1.Make sure you have plugged the Ethernet cable into the WAN

port.

2.Make sure that the DHCP server is on, and there are available IP
addresses in the server.

3. Try to set your WAN port to static IP client mode.

During a call, I can not hear any voice?

1.Make sure Your handset is tightly connected with the phone.
2.Check whether you have muted the conversation or not.
3.Consult the outbound server details with your ISP.

Have DTMF problem?
1.Check which kind of DTMF you are using, and whether it is

compatible with the server
2.Consult the payload value with your ISP
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How to change the time?
Select the time zone on the webpage.

Note: You can’t change the time manually because that our phone will
automatically get the time from the SNTP server.

How to answer the incoming calls during a call?
If a call comes in when you are in a conversation, press the HOLD
button to answer the incoming call.

How to refuse incoming calls during a call?
You can turn off the function of call waiting, and then our phone will
refuse all the incoming calls when you are in a conversation.

How to send SMS?
You could edit the SMS in the MENU-> Messages->Text Messages.

Note: Make sure that the SIP server you have registered supports SMS
function.

How to update the firmware?
1. Update the firmware on the webpage Upgrade-> Select and

Upgrade Firmware.

2. Select the file to update.

3. Make sure that the firmware is provided by Yearlink, or the
device will probably crash after the update.

How to auto provision?
Consult the auto provision server address with your ISP.

Y-PHONE-Ver 1.5
2008-5-7
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